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Abstract

This paper discusses the function approximation properties of the �Gelenbe� random
neural network �GNN� ��� �� 	
� We use two extensions of the basic model� the bipolar GNN
�BGNN� �
 and the clamped GNN �CGNN�� We limit the networks to being feedforward
and consider the case where the number of hidden layers does not exceed the number of
input layers� With these constraints we show that the feedforward CGNN and the BGNN
with s hidden layers �total of s� � la yers� can uniformly approximate continuous functions
of s variables�

� Introduction

A novel neural network model � the GNN or �Gelenbe�s Random Neural Network� ��� �� 	

� has had signi�cant applications in various engineering areas ��� � ��� ��� ��� ��� ��� ��
�
using the network�s learning algorithm �	
 or its ability to act as an optimizing network� These
random neural network di�er signi�cantly from standard connexionist models in that information
travels between neurons in this model in the form of random spike trains� and network state is
represented by the probability distributions that the n neurons in the network are excited� These
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models have a mathematical structure which is signi�cantly di�erent from that of the sigmoidal
connexionist model� the Hop�eld model� or the Boltzman machine ��
� Thus the approximation
capability of these networks also needs to be established in a manner distinct from that of
previous models ��
� In particular� the �Gelenbe� random neural network model ��� �� 	
 does
not use sigmoid functions which are basic to the standard models� approximation capabilities�

In recent work ���
 we have studied the approximation of arbitrary continuous functions on
��� �
s using the GNN� We have shown that the clamped GNN and the bipolar GNN ��
ha ve the
universal approximation property� using a constructive method which actually exhibits networks
constructed from a polynomial approximation of the function to be approximated� However the
constructions in ���
 place no restrictions on the structure of the networks except for limiting
them to being feedforward� For instance� in ���
 we were not able to limit the size of the network
as a function of other meaningful characteristics such as the number of input variables or the
number of layers�

In this paper we will discuss the design of GNN approximators with a bounded number of
layers� In Section �� a brief introduction to the GNN and the bipolar GNN �BGNN� is given�
In Section �� we establish the technical premises for our main results� Then in Section � we
prove the universal approximation capability of the feedforward BGNN and CGNN when the
numberofhiddenla yers does not exceed the n umber of inputv ariables� The last section presents
conclusions�

� The GNN and its Extensions

Consider a GNN ��� �� 	
 with n neurons in which �positive� and �negative� signals circulate�
The i � th neuron�s state is represented at any time t by its �potential� ki�t�� which is a non�
negative integer� In the RNN �Gelenbe ��		�	�� ��� �
� signals in the form of spikes of unit
amplitude circulate among the neurons� Positive signals represent excitation and negative signals
represent inhibition� Each neuron�s state is a non�negative integer called its potential� which
increases when an excitation signal arrives to it� and decreases when an inhibition signal arrives�
An excitatory spike is interpreted as a ���� signal at a receiving neuron� while an inhibitory
spike is interpreted as a ���� signal� Neural potential also decreases when the neuron �res�
Thus a neuron i emitting a spike� whether it be an excitation or an inhibition� will losepoten tial
of one unit� going from some state whose value is ki to the state of value ki � �� In general�
this is a �recurrent network� model� i�e� a network which is allowed to have feedback loops of
arbitrary topology�

The state of the n�neuron network at time t� is represented by the vector of non�negative
integers k�t� � �k��t�� � � � � kn�t��� where ki�t� is the potential or integer state of neuron i� We
will denote by k and ki arbitrary values of the state vector and of the i�th neuron�s state� Neuron
i will ��re� �i�e� become excited and send out spikes� if itspoten tial is positive� The spikes will
then be sent out at a rate r�i� � �� with independent� identically and exponentially distributed
inter�spike intervals� Spikes will go out to some neuron j with probability p��i� j� as excitatory
signals� or with probability p��i� j� as inhibitory signals� A neuron may also send signals out
of the network with probability d�i�� and d�i� �

Pn
j�� �p��i� j� � p��i� j�
 � �� Figure ��

shows the representation of a neuron in the RNN�

Exogenous excitatory signals arrive to neuron i in a Poisson stream of rate ��i�� Similarly
exogenous inhibitory signals arrive to neuron i in a Poisson stream of rate ��i�� These di�erent
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Poisson streams for i � �� ���� n are independent of each other� To simplify the notation� in the
sequel we will write�

���i� j� � r�i�p��i� j�� ���

���i� j� � r�i�p��i� j�� ���

The state transitions of the network are represented by Chapman�Kolmogorov equations ��

for the probability distribution�

p�k� t� � Prob�k�t� � k
� ���

where k � �k�� � � � � kn� denotes a particular value of the state vector�

Let ���i� and ���i� denote the average arrival rates of positive and negative signals to
each neuron i� The key results about the GNN developed in ��� �� 	
 are summarized below�
Theorem �� �Proposition � in the Appendix of �	
� There always exists a non�negative solution

����i� � �� ���i� � �� to the equations�

���i� � ��i� �
nX

j��

qj�
��j� i�� ���

���i� � ��i� �
nX

j��

qj�
��j� i�� ���

for i � �� ���� n where

qi �
���i�

r�i� � ���i�
� ���

The next important result concerns the stationary joint probability distribution of network
state�

p�k� � lim
t��

p�k� t�� ���

Theorem �� �Theorem � of ��
� For an n neuron GNN� let the vector of neuron potentials at

time t be k�t� � �k��t�� k��t�� ���� kn�t��� and let k � �k�� k�� ���� kn� be an n�ve ctor of non�negative

integers� Then if the qi in ��� satisfy � � qi � �� thestationaryjointpr obability of network state
is given by�

p�k� �
nY

i��

��� qi�q
ki
i � ��

Note that if the conditions of Theorem � are satis�ed then the stationary probability distribution

of the state of neuron i denoted by p�ki� � lim
t��

p�ki�t� � ki�� is given by�

p�ki� � ��� qi�q
ki
i � �	�

and
qi � lim

t��
Probfki�t� � �g� ����
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��� The BGNN Model

In order to represent bipolar patterns taking values such as f�����g� and to strengthen the
associative memory capabilities of the GNN� in some early work Gelenbe� Stafylopatis and Likas
��
 extended the original model by introducing the artifact of �positive and negative� neurons�
The resulting Bipolar GNN �BGNN� can also be viewed as the coupling of two complementary
standard GNN models�

In the BGNN the two types of neurons have opposite roles� A positive neuron behaves
exactly as a neuron in the original GNN� A negative neuron has a completely symmetrical
behavior� namely only negative signals can accumulate at this neuron� and the role of positive
signals arriving to a negative neuron is to eliminate negative signals which have accumulated
in a negative neuron�s potential� A positive signal arriving to a negative neuron i cancels a
negative signal �adds �� to the neuron�s negative potential�� and has no e�ect if ki � ��

This extension is in fact mathematically equivalent to the original GNN described above�
with respect to the speci�c form taken by the stationary solution �Theorems � and ��� However
the use of both positive and negative neurons allows the BGNN to become convenient universal
approximator for continuous functions because of the possibility of using both positive and
negative valued functions of the input variables� Let P and N denote� respectively� the indeces
of the positive and negative neurons in the network� In the BGNN the state of the network is
represented by the vector k�t� � �k��t�� � � � � kn�t�� so that ki�t� � � if i � P and ki�t� � � if
i � N �

In the BGNN� the emission of signals from a positive neuron is the same as in the original
GNN� Similarly� a negative neuron may emit negative signals� A signal leaving negative neuron
i arrives to neuron j as a negative signal with probability p��i� j� and as a positive signal
with probability p��i� j�� Also� a signal departs from the network upon leaving neuron i with
probability d�i�� Other assumptions and denotations retain as in the original model�

Let us consider a BGNN with n nodes� Since negative signals account for the potential of
negative neurons� we will use negative values for ki if neuron i is negative� If we take into account
the distinction between positive and negative neurons� Theorems � and � can be summarized as
follows for the BGNN� The�o w of signals in the network is described by the following equations�

���i� � �� i� �
X

j�P

qj�
��j� i� �

X

j�N

qj�
��j� i�� ����

���i� � ��i� �
X

j�P

qj�
��j� i� �

X

j�N

qj�
��j� i�� ����

and

qi �
���i�

r�i� � ���i�
� i � P� ����

qi �
���i�

r�i� � ���i�
� i � N� ����

Using a direct extension of the results for the conventional GNN� it can be shown that a
non�negative solution f���i�� ���i�� i � �� ���� ng exists to the above equations� If the qi � ��
i � �� ���� n� then the steady�state joint probability distribution of network state is given by ��
�

p�k� �
nY

i��

��� qi�q
jkij
i � ����
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where the quantity qi is the steady�state probability that node i is �excited�� Note the jkij
exponent in the above product form� since the k�is can be positive or negative� depending on the
polarity of the i� th neuron� In the sequel we will consider how the BGNN� as well as a simpler
extension of the feedforward �i�e� non�recurrent� GNN� can be used to approximate arbitrary
continuous functions�

Another extension of the GNN � the clamped GNN �CGNN� � will be introduced in Section
����

� Approximation of Functions of One Variable by the GNN with

a Bounded Number of Layers

All feedforward models considered in this section are guaranteed to have an unique solution for
the qi�i � �� ���� n as a result of Theorems � and � of ���	
� Thus from now on we do not revisit
this issue�

Consider a continuous function f � ��� �
s �� R of an input vector X � �x�� ���� xs�� Since an
��� �
s �� Rw function can always be separated into a group of w distinct functions ��� �
s �� R�
we will only consider outputs in one dimension� The sequel of this paper is therefore devoted to
how a continuous function f � ��� �
s �� R can be approximated by neural networks derived from
the GNN model� To approximate f � we will construct s�input� ��output� L�layer feedforward
GNN�s� We will use the index �l� i� for the i� th neuron at the l� th layer� Furthermore� when
we need to specify this� we will denote by Ml the number of neurons in the l � th layer�

The network under consideration is organized as follows�

� In the �rst layer� i�e� the input layer� we set ���� i� � xi� ���� i� � �� r��� i� � �� so that
q��i � xi� for i � �� ���� s�

� In the l�th layer �l � �� ���� L�� ��l� i�� ��l� i�� and r�l� i� are adjustable parameters� and ql�i
is given by

ql�i �

��l� i� �
P

��h�l

P
��j�Mh

qh�j�
���h� j�� �l� i��

��l� i� � r�l� i� �
P

��h�l

P
��j�Mh

qh�j����h� j�� �l� i��
����

where the connection �weights� ����� �� and ����� �� are also adjustable parameters�

� In the L� th or output layer there is only one neuron� As suggested in ��
 we can use the
output function

AL�� �
qL��

�� qL��
����

whose physical meaning is that it is the average potential of the output neuron as the
output of the network� In this manner� we will have AL�� � ����	�� rather than just
qL�� � ��� �
�

��� Technical Premises

Before we proceed with the developments concerning GNN approximations we need some tech�
nical results� They are similar to some technical results used in ���
 concerning continuous and
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bounded functions f � ��� �
 �� R for a scalar variable x� The generalization to f � ��� �
s �� R is
direct and will be examined in Section �� The proofs are given in the Appendix�

Lemma �� For any continuous and bounded f � ��� �
 �� R and for any � � �� there exists a

polynomial

P �x� � c� � c��
�

� � x
� � ���� cm�

�

� � x
�m� � � x � �� ���

such that supx������ jf�x�� P �x�j � � is satis�ed�

The second technical result concerns the relationship between polynomials of the form ���
and the GNN�

Lemma �� Consider a term of the form

�
���x	v �

for � � x � �� and any v � �� �� � � �� There exists a feedforward GNN withasingleoutputneur on

�v � �� �� and input x � ��� �
 such that

qv���� � �
�

� � x
�v� ��	�

The following Lemma shows how an arbitrary polynomial oftheform���withnon�negativ e
coe�cients can be realized by a feedforward GNN�

Lemma �� Let P��x� be a polynomial of the form �	
� with the restriction that cv � ��
v � �� ����m� Then there exists a feedforward GNN with a single output neuron �O� such that�

qO �
P��x�

� � P��x�
� ����

so that the average potential of the output neuron is AO � P��x��

The fourth technical result will be of use in proving the approximating power of the �clamped
GNN� discussed below�

Lemma �� Consider a term of the form

x
���x	v �

for � � x � �� and any v � �� ����m� There exists a feedforward GNN with a single output

neuron �v � �� �� and input x � ��� �
 such that

qv���� � �
x

� � x
�v� ����

We state without proof another lemma� very similar to Lemma �� but which uses terms of
both forms of ���� �x�v and x��� � x�v to construct polynomials� It�s proof uses Lemma � and
�� and follows exactly the same lines as Lemma ��
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Lemma �� Let P o�x� be a polynomial of the form

P o�x� � c� �
mX

v��

�cv
�

�� � x�v
� dv

x

�� � x�v

� � � x � �� ����

with non�negative coe�cients� i�e� cv� dv � �� v � �� ����m� Then there exists a feedforward GNN

with a single output neuron �O� such that�

qO �
P o�x�

� � P o�x�
� ����

so that the average potential of the output neuron is AO � P o�x��

The next lemma is a technical premise of Lemma ��

Lemma �� For any � �
��x �

i �� � x � �� i � �� �� � � �� and for any � � �� there exists a function

P��x� � b� �
b�

x� a�
�

b�
x� a�

� � � � �
br

x� ar
� � � x � �� ����

where ak � �� k � �� ���� r� such that supx������ j�
�

��x�
i � P��x�j � � is satis�ed�

Proof	 We proceed by induction� For i � �� the conclusion obviously holds� Now assume it is
true for i � j� i�e�� for any � � �� there exists a

P �j	�x� � b
�j	
� �

b
�j	
�

x� a
�j	
�

�
b
�j	
�

x� a
�j	
�

� � � ��
b
�j	
m

x� a
�j	
m

� � � x � �� ����

where a
�j	
k � �� k � �� ����m� such that supx������ j�

�
��x�

j � P �j	�x�j � ��

Then for i � j � ��

�
�

� � x
�j�� � �

�

� � x
�j�

�

� � x
� � b

�j	
�

�

� � x
�

mX

k��

b
�j	
k

x� a
�j	
k

�

� � x
� ����

When a
�j	
k 
� ��

b
�j	
k

x� a
�j	
k

�

� � x
�

b
�j	
k

a
�j	
k � �

�
�

� � x
�

�

x� a
�j	
k

� ����

which is in the form of ����� When a
�j	
k � ��

�
�

� � x
�� � lim

���

�

��� 	 � x��� � 	 � x�
� lim

���

�

�	
�

�

�� 	 � x
�

�

� � 	 � x
� ���

which can be arbitrarily approximated by a function of the form �����

Therefore � �
��x�

j�� can also be approximated by a function in the form of ����� Through
mathematical induction� the conclusion holds for any i � �� �� � � �� Q�E�D�

The following lemma is the preparation for the construction of a single�hidden�layered BGNN
for the approximation of one dimensional continuous function�

Lemma 
� For any continuous function f � ��� �
 �� R and for any � � �� there exists a function

P��x� in the form of ��� such that supx������ jf�x�� P��x�j � � is satis�ed�

Proof	 This is a direct consequence of Lemma � and Lemma �� Q�E�D�
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��� BGNN Approximation of Continuous Functions of One Variable

The technical results given above now pave the way for the use of the Bipolar GNN �BGNN�
with a bounded number of layers� Speci�cally in Theorem �� we show that a BGNN with a
single hidden layer can uniformly approximate functions of one variable� The multivariable case
is discussed in Section ��

Let us �rst recall a result from ���
 concerning the case when the number of layers is not
bounded�

Theorem �� For any continuous function f � ��� �
 �� R and any � � �� there exists a BGNN
with one positive output neuron �O���� one negative output neuron �O���� the input variable

x� and the output variable y�x� such that�

y�x� � AO�� �AO��� ��	�

AO�� �
qO��

�� qO��
� ����

AO�� �
�qO��
�� qO��

� ����

and supx������ jf�x� � y�x�j � �� We will say that the BGNN�s output uniformly approximates

f�x��

Proof� The result is a direct application of Lemmas � and �� Apply Lemma � to f and express
the approximating polynomial as P �x� � P��x� � P��x� so that the coe�cients of P��x� are
nonnegative� while the coe�cients of P��x� are negative�

P��x� �
mX

i��

maxf�� cig�
�

� � x
�i� ����

P��x� �
mX

i��

minf�� cig�
�

� � x
�i� ����

Now simply apply Lemma � to obtain the feedforward GNN with an output neuron �O��� whose
value is

qO�� �
P��x�

� � P��x�
� ����

and the average potential of the output neuron is AO�� � P��x�� Similarly� using the non�
negative polynomial jP��x�j construct a feedforward BGNN which has positive neurons through�
out� except for its output neuron� along the ideas of Lemma �� It�s output neuron �O��� however
is a negative neuron� yet all the parameter values are the same as those prescribed in Lemma �
for the output neuron� as they relate to the polynomial jP��x�j� Thus the output neuron takes
the value

qO�� �
jP��x�j

� � jP��x�j
� ����

and the average potential oftheoutputneuronis� is AO�� � � jP��x�j� completing the proof�
Q�E�D�

The next theorem shows the approximation capability of a BGNN with a single hidden layer�

Theorem �� For any continuous function f � ��� �
 �� R and any � � �� there exists a BGNN
of three layers �only one hidden layer�� one positive output neuron �O���� one negative output





neuron �O���� the input variable x� and the output variable y�x� determined by ���� such that

supx������ jf�x�� y�x�j � ��

Proof	 The result is obtained by using Lemma �� Applying Lemma � to f we express the
approximating function as P��x� � P�

� �x� � P�
� �x� so that the coe�cients of P�

� �x� are non�
negative� while the coe�cients of P�

� �x� are negative�

P�
� �x� � maxf�� b�g�

rX

k��

maxf�� bkg
bk

x� ak
� ����

P�
� �x� � minf�� b�g�

rX

k��

minf�� bkg
bk

x� ak
� ����

Now construct a BGNN of three layers� one output layer with one positive output neuron
�O��� and one negative output neuron �O��� in it� one input layer with one input neuron ��� ��
in it�andonehiddenla yer with r neurons ��� ���������� r� in it� Now set�

� ���� �� � x� ���� �� � �� r��� �� � �� d��� �� � ��

� ������ ��� ��� k�� � �� ������ ��� ��� k�� � ��r�
r��� k� � ak�r� ���� k� � ak�r� ���� k� � ��for k � �� � � � � r�

� p����� k�� �O���� � p����� k�� �O���� � �maxfbk� �gr����a
�
kCMAX��

p����� k�� �O���� � p����� k�� �O���� � �jminfbk� �gjr����a
�
kCMAX��

for k � �� � � � � r� where CMAX � maxf�� jb�j�
jbkjr
a�
k

� k � �� ���� rg�

� ��O��� ���O��� � maxfb�� �g���CMAX �� r�O��� � ����CMAX ��
��O��� ���O��� � jminfb�� �gj���CMAX �� r�O��� � ����CMAX ��

It is easy to see that q��� � x� and that

q��k �
ak

ak � x
� k � �� ���� r� ���

qO�� �

P��x	
�CMAX

�
�CMAX

� P��x	
�CMAX

�
P��x�

� � P��x�
� ��	�

qO�� �

jP��x	j
�CMAX

�
�CMAX

� jP��x	j
�CMAX

�
jP��x�j

� � jP��x�j
� ����

Therefore� AO�� � P��x�� AO�� � � jP��x�j� and y�x� � P��x�� completing the proof�
Q�E�D�

��� CGNN Approximation of Continuous Functions of One Variable

We can also demonstrate the approximating power of a normal feedforward GNN by just adding
a �clamping constant� to the average potential of the output neuron� We call this extension

	



the �clamped GNN �CGNN�� since the additive constant c resembles the clamping level inan
electronic clamping circuit� Let us �rst see the corresponding result from our previous work ���
�

Theorem �� For any continuous function f � ��� �
 �� R and any � � �� there exists a GNN

with twooutputneur ons �O� ��� �O� ��� and a constant c� resulting in a function y�x� � AO�� �
AO�� � c which approximates f uniformly on ��� �
 with error less than ��

Proof� Use Lemma � to construct the approximating polynomial ���� which we write as P �x� �
P��x� � P��x� where P��x� only has non�negative coe�cients c�v � while P

��x� only has non�
positive coe�cients c�v �

c�v � maxf�� cvg�

c�v � minf�� cvg�

Notice that

� �
���x	i

� � � �
���x	i

� � �
Pi

j��
x

���x	j
� ��

so that

P��x� �
mX

v��

jc�v j
vX

j��

x

�� � x�j
�

mX

v��

c�v � ����

Call c � c� �
Pm

v�� c
�
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Let us write P �x� � c � P ��x� � P o�x� where both P ��x� and P o�x� are polynomials with
non�negative coe�cients� and

P ��x� �
mX

v��

c�v
�

�� � x�v
�

P o�x� �
mX

v��

dv
x

�� � x�v
�

Then by Lemma � there are two GNN�s whose output neurons �O� ��� �O� �� take the values�

qO�� �
P��x�

� � P��x�
�

qO�� �
P o�x�

� � P o�x�
�

Clearly� we can consider that these two GNN�s constitute one network with two output neurons�
and we have y�x� � c� P ��x� � P o�x� � P �x�� completing the proof� Q�E�D�

This result can be extended to the CGNN with only one output neuron by applying Lemma
�� However let us �rst consider the manner in which a positive �clamping constant� c � � can
be added to the average potential of an output neuron of a GNN using the ordinary structure
of the network�

��



Remark � �Adding a Positive Clamping Constant�� Consider a GNN with an output

neuron �q and an input vector x which realizes the function �q�x� � P �x�� Then there is another

GNN with output neuron Q�x� which� for real c � � realizes the function�

Q�x� �
P �x� � c

� � P �x� � c
����

and hence whose average potential is P �x� � c� More generally we can exhibit a GNN with

output neuron Q��x� whose average potential is bP �x� � c� for b � �� c � ��

Proof	 The proof is by construction� We �rst take the output of the neuron of the original
network �whose �ring rate is denoted �r�� and feed it into a new neuron with probability ��� as
an excitatory signal and with probability ��� as an inhibitory signal� We set the �ring rate of
the new neuron to r� and introduce additional exogenous inhibitory and excitatory arrivals to
the new neuron� both of rate rc� As a result we have�

Q�x� �
rP �x� � rc

r � rP �x� � rc
�

�
P �x� � c

� � P �x� � c
�

As a result� the new neuron�s average potential is�

Q�x�

��Q�x�
� P �x� � c�

and we have been thus able to obtain a new neuron with an added positive �clamping constant�
c with respect to the average potential P �x� of the original neuron� The extension to a neuron
with average potential bp�x� � c is straightforward� Let the additional neurons �ring rate be
R � � rather than r and take its exogenous excitatory and inhibitory arrival rates to be Rc� We
then obtain�

Q�x� �
rP �x� �Rc

R� rP �x� �Rc
�

�
r
RP �x� � c

� � r
RP �x� � c

�

so that if we call b � r
R this leads to an average potential of bP �x� � c� Q�E�D�

Theorem �� For any continuous function f � ��� �
 �� R and any � � �� there exists a GNN

with one output neuron �O�� and a constant c� resulting in a function y�x� � AO � c which

approximates f uniformly on ��� �
 with error less than ��

Proof	 Use Lemma � to construct the approximating polynomial of ���� which we write as
P �x� � P��x� � P��x� where P��x� only has non�negative coe�cients c�v � while P

��x� only
has non�positive coe�cients c�v �

c�v � maxf�� cvg�

c�v � minf�� cvg�

Notice that

� �
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��



so that
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Call c � c� �
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�
v and for some dv � � write�
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v��
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�� � x�v
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� ����

Let us write P �x� � c � P o�x� where P o�x� is a polynomial with non�negative coe�cients�
Then by Lemma � there is a GNN whose output neurons �O� takes the value�

qO �
P o�x�

� � P o�x�
�

Clearly� we can consider that this GNN constituts one network with only one output neuron�
and we have y�x� � c� P o�x� � P �x�� completing the proof� Q�E�D�

The next theorem shows that a CGNN withasingle hidden layer is also a universal approx�
imator to continuous functions on ��� �
� We omit the proof� which follows closely the approach
used in the proofs of Theorems�and��

Theorem 
� For any continuous function f � ��� �
 �� R and any � � �� there exists a GNN of

three layers �only one hidden layer�� one output neuron �O�� and a constant c called the clamping

constant� resulting in a function y�x� � AO � c which approximates f uniformly on ��� �
 with
error less than ��

� Approximation of Continuous Functions of s Variables

Now that the process for approximating a one�dimensional continuous functions with the BGNN
or the CGNN having a single hidden layer is well understood� consider the case of continuous
functions of s variables� i�e� f � ��� �
s �� R� As a starting point� consider the straightforward
extension of Lemma � to the case of s�inputs such that there is a polynomial�

P �x� �
X

m��������ms���
Ps

v��
mv�m

c�m�� ����ms��
s
v��

�

�� � xv�mv
� ����

with coe�cients c�m�� ����ms� which approximates f uniformly� We now extend Lemma � to
Lemma  and Theorem  which are given below�

Lemma � Consider a term of the form

�
�� � xz�	mz�

��� �
�� � xzK	mzK

for � � xzj � �� positive integers mzj � � and j � �� ����K� There exists a feedforward GNN

with a single output neuron �
� �� �� and input x � ��� �
 such that

q����� �
�

�� � xz��mz�
���

�

�� � xzK�mzK
� ����

��



Proof	 Without loss of generality set mz� � mz� � ��� � mzK� The resulting network is a
cascade connection of a set of networks� The �rst network is identical in structure to the one of
Lemma �� and has mz� � � neurons numbered ��� ��� ���� ���mz� � ��� Now set�

� ���� �� � xz�� ���� �� � ��mz�� and ���� j� � � for j � �� ����mz� � ��

� ���� j� � � for all j � �� ����mz� � �� and d��� j� � � for j � �� ����mz��

� ������ ��� ��� j�� � ��mz�� and ������ ��� ��� j�� � � for j � �� ����mz� � ��

� r��� j� � ������ j�� ��� j � ���� � �mz� for j � �� ����mz� � ��

� Finally the connection from the �rst network into the second network is made via p�����mz��
��� ��� ��� � mz��mz� � �� with d���mz� � �� � ���mz��mz���

It is easy to see that q��� � xz�� and that

q��mz��� �
�

�� � xz��mz�
� ���

The second network has mz� � � neurons numbered ��� ��� ���� ���mz� � ��� Now set�

� ���� �� � xz� and ���� j� � � for j � �� ����mz� � ��

� ���� j� � � for all j � �� ����mz� � �� and d��� j� � � for j � �� ����mz��

� ������ ��� ��� j�� � ��mz�� and ������ ��� ��� j�� � � for j � �� ����mz� � ��

� r��� j� � ������ j�� ��� j � ���� � �mz� for j � �� ����mz� � ��

� The connection from the second network into the third network is made via p����� mz� �
��� ��� ��� � mz��mz
 � �� with d���mz� � �� � ���mz��mz
��

It is easy to see that q��� � xz�� and that

q��mz��� �
�

�� � xz��mz�

�

�� � xz��mz�
� ��	�

The remaining construction just pursues the same scheme� Q�E�D�

Theorem � For any continuous function f � ��� �
s �� R and any � � �� there exists a BGNN

with one positive output neuron �O���� one negative output neuron �O���� s input variables

X � �x�� ���� xs�� and the output variable y�X� such that�

y�X� � AO�� �AO��� ����

AO�� �
qO��

�� qO��
� ����

AO�� �
�qO��
�� qO��

� ����

and supx������ jf�X�� y�X�j � �� We will say that the BGNN�s output uniformly approximates

f�X��

��



Proof	 The proof follows the proof of Theorem �� using the polynomial of ����� Lemma �
establishes that the terms of such a polynomial can be realized by a GNN� We then construct
two polynomials� one with non�negative coe�cients only� and the other with negative coe�cients�
and show how they are realized with the BGNN� We will not go through the steps of the proof
since it is a step by step duplicate of the proof of Theorem �� Q�E�D�

We now extend Lemma � to the case of s�inputs�

Lemma �� For any continuous function f � ��� �
s �� R and for any � � �� there exists a

function of the form

Ps�x� �
rX

i��

X

��m����������ms��

b�m�� ����ms� i��
s
v��

�

�av�i � xv�mv
� ����

where av�i � �� v � �� ���� s� i � �� �� ���� such that supx������ jf�x�� Ps�x�j � � is satis�ed�

Proof	 This is simply an extension of Lemma �� Q�E�D�

As a consequence we can now establish the following general result�

Theorem �� For any continuous function f � ��� �
s �� R and any � � �� there exists a

BGNN of no more than s� � layers �s hidden layers�� one positive output neuron �O���� one
negative output neuron �O���� s input variables X � �x�� ���� xs�� and the output variable y�X�
determined by ���� such that supx������ jf�X�� y�X�j � ��

Proof	 The proof is by construction� By Lemma 	� we only need to �nd an appropriate BGNN
of the form as described in Theorem 	 to realize any function of the form ����� We construct
a BGNN with s input neurons ��� ������� ��� s�� one positive output neuron �O���� one negative
output neuron �O���� and M parallel sub�networks between the input layer and the output
layer� where

M �
rX

i��

X

��m����������ms��

��b�m�� ����ms� i� 
� ��� ����

��X� � � when X is true otherwise ��X� � �� Each sub�network is a cascade connection of
no more than s neurons� The output of the last neuron of each sub�network takes the value in
proportion to each term in function �����

Without loss of generality� we consider a term of the form

�

az� � xz�
���

�

azK � xzK
����

where az� � az� � � � � � azK � Now we want to construct a sub�network which has K neurons
and of which the last neuron�s output takes the value in proportion to the term� Number the
K neurons as ��� ��� ��� ������� �K � �� ��� and set�

� ���� i� � xi� ���� i� � �� r��� i� � �� for i � �� ���� s�

� ������ z��� ��� ��� � �� ������ z��� ��� ��� � ��M �

� r��� �� � az��M � ���� �� � az��M � ���� �� � ��

��



It is easy to see that

q��� �
az�

az� � xz�
� ����

Then set�

� p���k� ��� �k � �� ��� � azK�az�K��	� for k � �� ����K�

� ������ zk�� �k � �� ��� � �� ������ zk�� �k � �� ��� � ��M � for k � �� ���K�

� r�k � �� �� � azk�M � ��k � �� �� � �� ��k � �� �� � �� for k � �� ���K�

We will �nd
q
�� �

az�az�
�az� � xz���az� � xz��

� ����

� � � �

az� � � � azK
�az� � xz�� � � � �azK � xzK�

���

which is in proportion to �����

Next we connect all the last neurons of the sub�networks to �O��� or �O���� The parameter
setting follows the steps in the proof of Theorem � which connect the neurons in the hidden
layer to the output neurons� Since the sub�networks are parallel and each sub�network contains
of no more than s neurons� there are totally no more than s hidden layers in this constructed
BGNN� Thus� we complete the construction� Q�E�D�

We can now obtain Theorems �� and ��� which generalize Theorems � and �� in a similar
manner�

Theorem ��� For any continuous function f � ��� �
s �� R and any � � �� there exists a

GNN with one output neuron �O�� and a constant c called the clamping constant� resulting in a

function y�X� � AO � c which approximates f uniformly on ��� �
s with error less than ��

Theorem ��� For any continuous function f � ��� �
s �� R and any � � �� there exists a GNN

of no more than s� � layers �s hidden layers�� one output neuron �O�� and a constant c called
the clamping constant� resulting in a function y�X� � AO � c which approximates f uniformly

on ��� �
s with error less than ��

� Conclusions

The approximation of functions by neural networks is central the learning theory of neural
networks� It is also a key to many applications of neural networks such as pattern recognition�
data compression� time series prediction� adaptive control� etc��

The random neural network introduced and developped in ��� �� 	� ��
 di�ers signi�cantly
from standard connexionist models in that information travels between neurons in this model
in the form of random spike trains� and network state is represented by the joint probability
distributions that the n neurons in the network are excited� This model has a mathematical
structure which is signi�cantly di�erent from that of the connexionist model� the Hop�eld model�
or the Boltzman machine ��
� Thus the approximation capability of these networks also needs to

��



be examined in a manner distinct from that of previous models ��
� In particular� the �Gelenbe�
random neural network model ��� �� 	���
doesnotusesigmoidfunctionswhic h are basic to the
standard models� approximation capabilities�

The most basic requirement for a neural network model is that it should be a universal
function approximator� i�e� to any continuous function f on a compact set� we should be able
to �nd a speci�c network which implements a mapping close enough� in some precise sense to
f � to a given degree of accuracy� Furthermore� among all networks which satisfy this property�
we may wish to choose the one with the �smallest� size or the most simple structure�

In ���
 we showed that the BGNN and the CGNN� two simple extensions of the basic �Ge�
lenbe� Random Neural Network model� are universal approximators of continuous real�valued
functions of s real variables� However we had not previously established the speci�c �size�
constraints for the approximating networks�

In this paper we limit the networks to being feedforward and consider the case where the
number of hidden layers does not exceed the number of input variables� With these constraints
we show that the feedforward CGNN and the BGNN with s hidden layers �total of s�� la yers�
can uniformly approximate continuous functions of s variables� We also extend a theorem in
���
 on universal approximation using the CGNN with two output neurons� to the CGNN with
only one output neuron�

The theoretical results we report in this paper are not only needed to justify the empirically
observed success obtained in a variety of applications of the �Gelenbe� random neural network
��� � ��� ��� ��� ��� ��� ��
� and to support further applied work in spiked stochastic neural
network models� We believe that these results will lead to new developments in the design of
network structures which are adapted to certain speci�c learning or approximation tasks�

REFERENCES

��
 W�E� Feller� An Introduction to Probability Theory and Its Applications� Vol� I ��rd Edition�
and Vol� II� Wiley� �	�� �	���

��
 M� J� D� Powell� Approximation Theory and Methods� Cambridge University Press� �	��

��
 J�L� McClelland� D�E� Rumelhart� D�E�� et al� Parallel Distributed Processing� Vols� I and
II� MIT Press� �	��

��
 K� Funahashi� �On the approximate realization of continuous mapping by neural network��
Neural Networks� vol� �� pp� ����	�� �		�

��
 E� Gelenbe� �Random neural networks with negative and positive signals and product form
solution�� Neural Computation� vol� �� no� �� pp� �������� �		�

��
 E� Gelenbe� �Stability of the random neural network model�� Neural Computation� vol� ��
no� �� pp� ��	����� �		��

��
 E� Gelenbe� A� Stafylopatis� and A� Likas� �Associative memory operation of the random
network model�� in Proc� Int� Conf� Arti�cial Neural Networks� Helsinki� pp� �������� �		��

��



�
 E� Gelenbe� F� Batty� �Minimum cost graph covering with the random neural network��
Computer Science and Op erations Research� O� Balci �ed��� New York� Pergamon� pp� ��	�
���� �		��

�	
 E� Gelenbe� �Learning in the recurrent random neural network�� Neural Computation� vol�
�� no� �� pp� �������� �		��

���
 E� Gelenbe� V� Koubi� F� Pekergin� �Dynamical random neural network approach to the
traveling salesman problem�� Proc� IEEE Symp� Syst�� Man� Cybern�� pp� �������� �		��

���
 A� Ghanwani� �A qualitative comparison of neural network models applied to the vertex
covering problem�� Elektrik� vol� ��no���pp�������		��

���
 E� Gelenbe� C� Cramer� M� Sungur� P� Gelenbe �Tra�c and video quality in adaptive neural
compression�� Multimedia Systems� Vol� �� pp� ������	� �		��

���
 C� Cramer� E� Gelenbe� H� Bakircioglu �Low bit rate video compression with neural net�
works and temporal subsampling�� Proceedings of theIEEE � Vol� �� No� ��� pp� ���	������
October �		��

���
 E� Gelenbe� T� Feng� K�R�R� Krishnan �Neural network methods for volumetric magnetic
resonance imaging of the human brain�� Proceedings of the IEEE� Vol� �� No� ��� pp�
�����	�� October �		��

���
 E� Gelenbe� A� Ghanwani� V� Srinivasan� �Improved neural heuristics for multicast routing��
IEEE J� Selected Areas in Communications� vol� ��� no� �� pp� �������� �		��

���
 E� Gelenbe� Z� H� Mao� and Y� D� Li� �Function approximation with the random neural
network�� IEEE Trans� Neural Networks� vol� ��� no� �� January �			�

���
 E� Gelenbe� J�M� Fourneau �Random neural networks with multiple classes of signals��
Neural Computation� vol� ��� pp� �������� �			�

��



Appendix	

Proof of Technical Lemmas

Proof of Lemma �	 This is a direct consequence of Weierstrass� Theorem �see ��
� p� ���
which states that for any continuous function h � �a� b
 �� R� and some � � �� there exists a
polynomial P �u� such that supu��a�b� jh�u� � P �u�j � �� Now let u � ���� � x�� u � ����� �
 and

select x � �� � u��u with h�u� � f���uu � � f�x�� If f�x� is con tinuous� then so is h�u� so that
there exists an algebraic polynomial of the form

P �u� � c� � c�u� ���� cmu
m� ��� � u � �� ��	�

such that supu�������� jh�u� � P �u�j � �� Therefore P �x� is given by ���� and
supx������ jf�x�� P �x�j � �� Q�E�D�

Proof of Lemma �	 Construct a feedforward GNN with v�� neurons numbered ��� ��� ����v �
�� ��� Now set�

� ���� �� � x� ���� �� � ��v� and ��j� �� � � for j � �� ���� v � ��

� ��j� �� � � for all j � �� ���� v � �� and d�j� �� � � for j � �� ���� v�

� ������ ��� �j� ��� � ��v� and ������ ��� �j� ��� � � for j � �� ���� v � ��

� r�j� �� � ����j� ��� �j � �� ��� � ��v for j � �� ���� v�

� Finally d�v � �� �� � ��

It is easy to see that q��� � x� and that

qj���� � �
�

� � x
�j � ����

for j � �� ���� v so the Lemma follows� Q�E�D�

The next result exhibits a simple a construction process for algebraic expressions using the
feedforward GNN�

Remark� If there exists a feedforward GNN with a single output neuron �L� ��� and a function

g � ��� �
 �� ��� �
 such that�

qL�� � g�x�� ����

then there exists an L� � layer feedfowrward GNN with a single output neuron �Q� such that�

qO �
g�x�

� � g�x�
� ����

Proof	 The simple proof is by construction� We simply add an additional neuron �Q� the
original GNN� and leave all connections in the original GNN unchanged except for the output
connections of the neuron �L� ��� Let the �ring rate of neuron �l� �� be r�L� ��� Then�

�



� �L� �� will now be connected to the new neuron �L � �� �� by ����L� ��� Q� � r�L� �����
����L� ��� Q� � r�L� �����

� r�Q� � r�L� ���� �

This completes the proof� Q�E�D�

Proof of Lemma �	 The proof is by construction� Let CMAX be the largest of the coef�
�cients in P��x� and write P ��x� � P��x��CMAX � Let c�j � cj�CMAX � � so that now each

term c�j
�

���x	j
in P ��x� is no greater than �� j � �� ����m� We now take m networks of the form

of Lemma � with r�j� �� � �� j � �� ����m and output values

qj�� � �
�

� � x
�j � ����

and connect them to the new output neuron �O� by setting the probabilities p���j� ��� O� � c�j���
p���j� ��� O� � c�j��� Furthermore we set an external positive and negative signal arrival rate
��O� � ��O� � c���� and r�O� � ����CMAX for the output neuron� We now have�

qO �
P ��x	

�
�

�CMAX
� P ��x	

�

� ����

We now multiply the numerator and the denominator on the right hand side of the above
expression by �CMAX to obtain

qO �
P��x�

� � P��x�
� ����

so that which completes the proof of the Lemma� Q�E�D�

Proof of Lemma �	 The proof is very similar to that of Lemma �� Construct a feedforward
GNN with v � � neurons numbered�� � ��� ����v � �� ��� Now set�

� ���� �� � x� and ��j� �� � � for j � �� ���� v � ��

� ��j� �� � � for all j � �� ���� v � �� and d�j� �� � � for j � �� ���� v�

� ������ ��� ��� ��� � ���v � ��� ������ ��� �j� ��� � ���v � �� for j � �� ���� v � �� and
������ ��� �j� ��� � � for j � �� ���� v � ��

� r�j� �� � ����j� ��� �j � �� ��� � ���v � �� for j � �� ���� v�

� Finally d�v � �� �� � ��

It is easy to see that q��� � x� and that

qj���� �
x

�� � x�j
� ����

for j � �� ���� v so the Lemma follows� Q�E�D�

Finally� we state without proof another lemma� very similar to Lemma �� but which uses
terms of the form x��� � x�v to construct polynomials� It�s proof uses Lemma �� and follows
exactly the same lines as Lemma ��

�	



Lemma �� Let P o�x� be a polynomial of the form

P o�x� � c� � c�
x

� � x
� ���� cm

x

�� � x�m
� � � x � �� ����

with non�negative coe�cients� i�e� cv � �� i � �� ����m� Then there exists a feedforward GNN
with a single output neuron �O��� such that�

qO �
P o�x�

� � P o�x�
� ���

so that the average potential of the output neuron is AO � P o�x��

��
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Abstra  ct

This  pap  er  s  hows  how  the  delay of jobs /packets us ing
pr  ior  ity  bas  ed  s  cheduling  mechanis ms can b e com-
puted  analytically.  Static pr ior ities and diff er ent
typ  es  of  time  dep  endent  pr ior ities ar e cons ider ed.
This  pap  er  als  o  s  hows  how thes e r es ults ar e us ed in
mo  der  n  r  outer  des  ign.  R  es ults for mono-pr o ces s or
and  multi-pr  o  ces  s  or  ar  chitectur es ar e given.
Keywor  ds  :  pr  ior  ity  queuing,  multi-pr o ces s or s ys tems ,
quality  of  s  er  vice

1  I  ntro  ductio  n

I  n  a  r  outer  ar  chitectur  e  queuing o ccur s when packets
ar  e  r  eceived  by  a  device’s  inter face pr o ces s or (input
queue),  and  queuing  may  als o o ccur pr ior to tr ans mit-
ting  the  packets  to  another inter face (output queue)
on  the  s  ame  device.  A  bas ic r outer is a collection
of  input  pr  o  ces  s  es  that  as  s emble packets as they ar e
r  eceived,  checking  the  integr ity of the bas ic packet
fr  aming,  one  or  mor  e  pr  o  ces s or s that deter mine the
des  tination  inter  face  to  which the packet s hould b e
pas  s  ed  and  output  pr  o  ces  s  or s that fr ame and tr ans -
mit  the  packets  on  their  next hop.

Pr  ior  ity  s  cheduling  r  epr  es ents a clas s of s cheduling
dis  ciplines  which  can  b  e  us  ed to pr ovide diff er entiated
s  er  vices  in  the  I  nter  net.  I  n addition to s tr ict pr ior -
ity  s  cheduling,  alr  eady  implemented in s ever al r outer
ar  chitectur  es  ,  r  ecent  r  es  ear ch on pr op or tional diff er -
entiated  s  er  vices  has  s  hown that the waiting time pr i-
or  ity  s  cheduler  is  a  pr  omis  ing mechanis m for appr ox-
imating  the  pr  op  or  tional  delay diff er entiation mo del
[1  ].

The  aim  of  this  pap  er  is to give an over view of
diff  er  ent  pr  ior  ity  bas  ed  s  cheduling mechanis ms and
inves  tigate  their  pr  op  er  ties analytically. Two clas s es
of  pr  ior  ity  bas  ed  dis  ciplines  ar e dis cus s ed: s tatic pr i-
or  ities  in  Section  2  and  time dep endent pr ior ities with
diff  er  ent  var  iants  in  Section  3. We finally conclude in
Section  4.

2 Sta tic Prio rities

One of the fir s t queuing var iations to b e widely im-
plemented was pr ior ity queuing. Her e a fair ly gener al
mo del bas ed on M /G /1 is us ed [9 ], but can in s ome
cas es b e appr oximatively extended to the mor e gen-
er al cas e of G /G /m. The r es ults hold only in cas e
of s tationar ity. I n this queuing mo del we as s ume
that an ar r iving packet b elongs to a pr ior ity clas s r
(r = 1, 2, . . . , R ). The pr ior ity of a packet is cons tant
dur ing its whole s o jour n time in the r outer , that is
why we r efer to this clas s of pr ior ities as s tatic pr ior i-
ties . The next packet to b e s ent is the packet with the
highes t pr ior ity r . W ithin a pr ior ity clas s the queuing
dis cipline is FCF S (F ir s t-Come-F ir s t-Ser ved).

The mean waiting time W r 

of an ar r iving packet
Cr  

of  the  pr  ior  ity  clas  s  r  has thr ee comp onents [5 , 6]:

1.  The  mean  r  emaining  s er vice time W 0 of the
packet being served (if any).

2. The mean service time of the packets, found in
the queue by the tagged packet on arrival, and
that are served before it. These are the packets
in the queue of the same and higher priority as
the tagged packet.

3. Mean service time of packets that arrive at the
system while the tagged packet is in the queue
and are served before him. These are packets
with higher priority than the tagged packet.

Note that we consider only the case where a packet
being served is not preempted by an arriving packet
with higher priority. Preemption is not considered in
this paper because it is less relevant in the context of
packet queuing.

We define:

N ir: Mean number of packets of class i found in the
queue by the tagged packet Cr (with priority r)
and being served before it,

M ir: Mean number of packets of class i which arrive
during the waiting time of the tagged packet and
being served before it.



Then the mean waiting time of class r packets in an
M/G/1 system can be written as the sum of three
components:

W r = W 0 +

R
∑

i=1

N ir ·
1

µi
+

R
∑

i=1

M ir ·
1

µi
. (1)

where µi is the service rate of the packets of class
i1. For a multi-procesor system with m processors
M/G/m (m > 1):

W r = W 0 +
R

∑

i=1

N ir

m

1

µi
+

R
∑

i=1

M ir

m
·

1

µi
, (2)

where N ir and M ir are given by:

N ir = 0 i < r ,
M ir = 0 i ≤ r ,

(3)

and, with Little’s theorem resp. the formula for the
mean number of jobs of class i which arrive during
the mean waiting time W r:

N ir = λiW i i ≥ r ,
M ir = λiW r i > r,

(4)

where λi denotes the arrival rate of class-i packets.
Considering the utilization factor ρr in class r as

ρr =
λr

µr
(5)

equations (1) and (2) can be solved to obtain:

W r =
W 0

(1 − σr)(1 − σr+1)
, (6)

where:

σr =

R
∑

i=r

ρi . (7)

Obviously the sum of utilization factors in all classes
has to fulfill the condition (stability condition):

R
∑

i=1

< 1, (8)

otherwise the system is unstable and the queue
lengths become infinite.

Mean Remaining Service Time W 0: The mean
remaining service time W 0 for poisson arrival [8] is
given by:

W 0 = P (server is busy)·R+P (server is idle)·0 , (9)

with the main remaining service time R of a busy
server (the remaining service time of an idle server is
obviously zero). When a packet arrives, the packet in

1throughout this paper we use the same notation as in Bolch
et.al. [6]

service needs R time units on the average to be fin-
ished. This quantity is also called the mean residual
life [6] and is given by:2

R =
T 2

B

2TB

=
TB

2
(1 + c2

B). (10)

For an M/M/1 system (c2
B = 1), we obtain:

RM/M/1 = TB =
1

µ
,

which is related to the memoryless property of the
exponential distribution. For multi-processor system
with m processors we refer to the approximation in
[6]:

R ≈
T 2

B

2mTB

(11)

The probability that the link server is busy is for
the mono-processor case given by the utilization ρ.
For a muti-processor server with m processors, the
probability Pm that all m processors are busy can be
calculated as follows: Let pk be the probability that
k packets are being actually in the system

pk =











p0
(mρ)k

k! if k ≤ m

p0
mmρk

m! if k ≥ m

(12)

p0 =

(( m−1
∑

k=0

(mρ)k

k!

)

+
(mρ)m

m!(1 − ρ)

)

−1

(13)

For a system with m processors:

Pm =

∞
∑

k=0

pk =
(mρ)m

m!(1 − ρ)
p0 (14)

The exact solution is only valid for exponentially
distributed service times, e.g. M/M/m-systems. For
M/G/m-systems several approximations have been
given in [5]:

1. Pm = 1−e−mp
∑m−1

k=0
(mρ)k

k! for a utilization ρ ≤
0.3

2. Pm = ρm+1/2 for 0.3 ≤ ρ ≤ 0.7

3. Pm = ρ+ρm

2 for a utilization higher than 0.7

4. Pm = Pm(M/M/m) for all utilization values

We conclude this section by giving the mean re-
maining service time for different queuing systems
[6]3:

W 0,M/M/1 =

R
∑

i=1

ρi
1

µi
(15)

2T B is the mean service time and c2B is the coefficient of
variation

3please note that the presented results and the results in
the following sections have been validated using simulations in
[10, 11]



W 0,M/G/1 =

R
∑

i=1

ρi ·
1 + c2Bi

2µi
(16)

W 0,GI/G/1,AC ≈

R
∑

i=1

ρi ·
c2Ai

+ c2Bi

2µi
(17)

W 0,GI/G/1,KLB ≈

R
∑

i=1

ρi ·
c2Ai

+ c2Bi

2µi
· GKLB (18)

W 0,GI/G/1,KUL ≈

R
∑

i=1

ρi · (19)

c
f(cAi

,cBi
,ρi)

Ai
+ c2Bi

2µi
(20)

W 0,M/M/m =
Pm

mρ

R
∑

i=1

ρi ·
1

µi
(21)

W 0,M/G/m ≈
Pm

2mρ
·

R
∑

i=1

ρi ·
1 + c2Bi

µi
(22)

W 0,GI/G/m,AC ≈
Pm

2mρ
·

R
∑

i=1

ρi ·
c2Ai

+ c2Bi

µi
(23)

W 0,GI/G/m,KLB ≈
Pm

2mρ

R
∑

i=1

ρi · (24)

c2Ai
+ c2Bi

µi
GKLB (25)

W 0,GI/G/m,KUL ≈
Pm

2mρ

R
∑

i=1

ρi · (26)

c
f(cAi

,cBi
,ρi)

Ai
+ c2Bi

µi
. (27)

For f(cAi
, cBi

, ρi),

f(cA, cB , ρ) =







































1, cA ∈ {0, 1},

+

[

ρ(14.1cA − 5.9) + (−13.7cA + 4.1)

]

c2B

+

[

ρ(−59.7cA + 21.1) + (54.9cA − 16.3)

]

cB

+

[

ρ(cA − 4.5) + (−1.5cA + 6.55)

]

,

0 ≤ cA ≤ 1,
− 0.75ρ + 2.775 , cA > 1,

(28)
for GKLB,GI/G/1

GKLB =







exp

(

− 2
3
· 1−ρ

ρ
·

(1−c2
A

)2

c2
A

+c2
B

)

, 0 ≤ cA ≤ 1 ,

exp

(

−(1 − ρ)
c2

A
−1

c2
A

+4c2
B

)

, cA > 1 .

(29)
and for GKLB,GI/G/m

GKLB =







exp

(

− 2
3

1−ρ
Pm

(1−c2
A

)2

c2
A

+c2
B

)

, 0 ≤ cA ≤ 1,

exp

(

−(1 − ρ)
c2

A
−1

c2
A

+4c2
B

)

, cA > 1,
(30)

3 Time Dependent Priorities

Static priorities are simple to implement in sofware
and hardware because, to a make a scheduling deci-
sion, the scheduler needs only to determine the high-
est priority nonempty queue. On the other hand, a

static priority scheme allows a misbehaving connec-
tion at highest priority to increase the delay and de-
crease the available bandwidth of connections at all
lower priority levels. This leads in extreme cases to
starvation of lower priority classes.

In many cases it is advantageous for a packet pri-
ority to increase with the time. This possibility can
be considered if we use a priority function:

qr(t) = Priority of class r at time t .

Such systems are more flexible but need more expense
for the administration. In this section, we investigate
different types of time dependent priorities.

3.1 Class Dependent Increasing Rate

We refer to the same queuing model and assign each
priority class a parameter br, which can be inter-
preted according to the the priority function

qr(t) = (t − t0)br (31)

as the increasing rate (slope) of the priority in the
class r, where 0 ≤ b1 ≤ b2 ≤ . . . ≤ bR. This means
that the priority of a higher class increases faster that
the priority of a lower class. A packet enters the
system at time t0 and then increases its priority at
the rate br.

In order to determine the mean waiting time of a
packet Cr which arrives to the system at time t0, we
follow the same approach as for static priorities (Eqn.
1). We have to determine the mean number of pack-
ets N ir of class i found in the queues by the tagged
packet (belonging to the priority class r) upon its ar-
rival and being served before it, and the mean number
of packets M ir of class i which arrive during the wait-
ing time of the tagged packet and being served before
it. For the mean remaining service times we can use
the same formulae as for static priorities.

The set Nir: We first consider the packets of lower
priority classes (i < r), which arrive to the queuing
system before the tagged packet Cr (before t0) and
which are served before it. These packets are charac-
terized by the following (see Figure 1):

• these packets arrived to the system at some point
−t1

• waiting time: wi(t1) with t1 < wi(t1) < t1 + t2

• have at time t2 the same priority as Cr, which
means brt2 = (t1 + t2)bi.

Now we compute t1 + t2, which is the period where
the lower priority packets in Nir in are served before
Cr:

t1 + t2 =
brt1

br − bi



-t1 t

priority

t0=0 t2 tr

qr(t)

qi(t)

Figure 1: Priority functions with constant slopes (for
the sets N ir)

N ir can be written as:
∫

∞

0

λiP{t < wi(t) ≤
br

br − bi
t1}dt (32)

Eqn. (32) can be simplified using the substitution:

y =
br

br − bi
t

and the fact

Wi = E[wi] =

∫

∞

0

1 − P (wi ≤ x)dx

We finally get:

N ir = λi

∫

∞

0

1 − P (wi ≤ t)dt

−λi

∫

∞

0

1 − P (wi ≤ y)dy(1 −
bi

br
) (33)

hence

N ir = λiWi
bi

br
for all i < r (34)

N ir is according to Little’s theorem for all i ≥ r

N ir = λiWi (35)

The set Mir: Considering the tagged packet Cr

(arrived at t0), it is obvious that

M ir = 0 for all i ≤ r (36)

because no packet of these lower priority classes will
be served before Cr. For classes with higher priorities
we have to consider all packets which arrive to the
system after Cr, but which are served before it. These
are according to Figure 2 all packets which arrive in
the interval [0, Ti). The crucial time Ti is determined
by:

brWr = bi(Wr − Ti)

hence:

Ti = Wr

(

1 −
br

bi

)

and:

M ir = λiTi = λiW r

(

1 −
br

bi

)

for all i > r (37)

Wrbr

priority

tt0=0 WrTi

Figure 2: Priority functions with constant slope (for
the sets M ir)

The mean waiting time Wr: After substituting
the previous results (34), (35), (36) and (37) in (1)
we get:

W r =

W 0 +
r−1
∑

i=1

ρiW i
bi

br
+

R
∑

i=r

ρiW i

1 −
R
∑

i=r+1

ρi(1 − br

bi
)

(38)

We use the conservation law [6]:

R
∑

i=r

ρiW i = ρWFIFO (39)

and get a recursive formula for the mean waiting
times:

W r =

WFIFO −
r−1
∑

i=1

ρiW i

(

1 − bi

br

)

1 −
R
∑

i=r+1

ρi(1 − br

bi
)

(40)

Relationship between W0 and WFIFO: In Sec-
tion 2 the mean remaining service time W 0 for a va-
riety of queuing systems were given. The relationship
between W 0 and WFIFO is given by:

WFIFO =
W 0

1 − ρ
(41)

Proof:
The mean waiting time of packet in a FIFO system
has two components:

1. the mean remaining service time W 0 of the
packet in service (if any),

2. the sum of the mean service times of the packets
in the queue.

This sum can be written as:

W = W 0 + Q · TB (42)

According to Little’s theorem, the mean number of
packets in the queue is:

Q = λ · W



From Eqn. (42) we obtain:

W = W 0 + λ · W · TB = W 0 + ρ · W

and finally Eqn. (41). q.e.d.

3.2 Variants of the Priority Function

The first variant of the priority function in Eqn. 31
consists in assigning an exponent rs (i.e. 2) to the
slope br. The resulting priority function is then:

qrs
r (t) = (t − t0)b

rs
r (43)

The mean waiting time of a packet of the class r is:

W r =

WFIFO −
r−1
∑

i=1

ρiW i

(

1 −

(

bi

br

)rs
)

1 −
R
∑

i=r+1

ρi

(

1 −

(

br

bi

)rs
) (44)

The use of the exponent rs leads to a better separa-
tion of the different priority classes and it is possible
to theoretically cover the whole spectrum of queue-
ing mechanisms: from a strict differentiation of the
priority classes as done with static priorities to no
differentiation as it is the case with FIFO.

The second variant is the priority function:

qn
r (t) = (t − t0)

nbr (45)

we get for the mean waiting time:

W r =

WFIFO −
r−1
∑

i=1

ρiW i

(

1 −

(

bi

br

)1/n)

1 −
R
∑

i=r+1

ρi

(

1 −

(

br

bi

)1/n)

(46)

The exponent n is used to weight the waiting time
in the system, which also leads to a fine differentia-
tion of the classes. For the limits n → ∞ and n → 0,
the system tend to static priorities and FIFO respec-
tively. The combination of rs and n, which does not
cause any mathematical problems, allows more vari-
ation possibilities in the specified spectrum.

3.3 Class Dependent Starting Priori-

ties

A possibility to reduce the waiting time of certain
packets is to assign to each packet a class dependent
starting priority rr. With a slope 1 for the priority
functions of all classes and with

0 ≤ r1 ≤ r2 ≤ . . . ≤ rR

we get the following form for the priority functions:

qr(t) = rr + t − t0 (47)

In this case again, the mean waiting time W r is de-
pendent on the mean remaining service time W 0 and
the sets M ip and N ip, which have to be determined.

ri rr

priority

tt0=0 tr-t1

Figure 3: Determination of N ir for class dependent
starting priorities

The set Nir: A packet Cr, which arrives to the
system at time t0 with the starting priority rr cannot
be served before the packets already buffered in the
queues of the same or higher classes, that’s why:

N ir = λiW i for all i ≥ r (48)

For lower priority classes, the packets (indexed with
i) already buffered in the queues at time t0 and which
will be served before Cr are characterized by (see Fig-
ure 3):

• arrival time: −t1

• starting priority: ri

• priority at time t0: qi(t0 = 0) = ri + t1

• waiting time: wi(t1) with t1 < wi(t1) < ∞

• qi(t0 = 0) ≥ rr, because they are served before
Cr

These packets will get served before Cr, that’s why:

t1 ≥ rr − ri

Hence for (i < r) we get:

N ir =

∫

∞

rr−ri

λiP{t < wi(t) ≤ ∞}dt (49)

After substitution and using:

Wi = E[wi] =

∫

∞

0

1 − P (wi ≤ t)dt (50)

we finally get:

N ir = λiWi − λi

∫ rr−ri

0

P (wi > t)dt for all (i < r)

(51)



ri

rr

priority

tt0=0 Ti tr=Wr

(rr-ri)

Figure 4: Determination of M ip for class dependent
starting priorities

The set Mir: Considering the tagged packet Cr

(arrived at t0), it is obvious that

M ir = 0 for all i ≤ r (52)

because no packet of these lower priority classes will
be served before Cr.

For classes with higher priorities we have to con-
sider all packets which arrive to the system after Cr,
but which are served before it. These are according
to Figure 4 all packets which arrive in the interval
[0, Ti), because:

qi(tr) ≥ qr(tr) = rr + tr

We use

ri + Wr − Ti = rr + Wr

to calculate Ti and get:

Ti = ri − rr

Hence:

M ir = λi

∫ ri−rr

0

P (wr > t)dt for all (i > r) (53)

Substituting (48), (48) and (53) in (1) and using
the conservation law (39) gives:

W r = WFIFO −

r−1
∑

i=1

ρi

∫ rr−ri

0

P (wi > t)dt+

R
∑

i=r+1

ρi

∫ ri−rr

0

P (wr > t)dt (54)

To determine the waiting probabilities P (wk < t)
(k = i, r), which cannot be calculated exactly, we
refer here to two approximations proposed in [7] for
M/G/1-systems:

Approximation 1: is a heavy traffic approxima-
tion of the mean waiting time is given by:

W r = WFIFO − Pm

R
∑

i=1

ρi(rr − ri) ρ → 1 (55)

Approximation 2: This approximation of the
mean waiting time is valid for 0 ≤ ρ < 1

W r(1 −

R
∑

i=r+1

ρi(1 − ePm(rr−ri)/W r )) =

WFIFO −

r−1
∑

i=1

ρiW i(1 − ePm(ri−rr)/W i) (56)

Given W 1 all other mean waiting times can be de-
termined recursively, where for each i the solution of
the equation (56) has to be computed numerically.

3.4 Starting Priorities rp with Inde-

pendent Increasing Rates bq

We extend here the considered system, where not
only a starting priority rp for each class is defined,
but also a class dependent increasing rate. If both
parameters are dependent on each other, that means
a class with a high starting priority also has a rela-
tively high increasing rate, we then define the priority
functions as:

qr(t) = rr + (t − t0)br (57)

These functions don’t have any important differences
if compared to the priority functions (31) and (47)
[5]. If the two parameters are independent of each
other, so we will characterize each class with the two
parameters: p for the starting priority and q for the
increasing rate, with

0 ≤ r1 ≤ r2 ≤ . . . ≤ rP and

0 ≤ b1 ≤ b2 ≤ . . . ≤ bQ

A combination of a high starting priority and a low
increasing rate (and vice versa) is here possible. This
system is the most general one and covers all cases
between FIFO- and static priority systems. The pri-
ority function is defined by:

qpq = rp + (t − t0)bq (58)

All parameters like Cp, ρp and λp have now to ex-
tended to Cpq, ρpq, λpq etc. Furthermore we define
N ij,pq and M ij,pq as:

N ij,pq mean number of packets with starting prior-
ity ri and increasing rate bj , which are already
buffered in the queues and are will be served be-
fore the packet Cpq, with starting priority rp and
increasing rate bq,



M ij,pq mean number of packets with starting prior-
ity ri and increasing rate bj , which arrive dur-
ing the waiting time of Cpq and which are to be
served before the packet Cpq.

The mean waiting time of the packet Cpq is given by:

W pq = W 0 +

P
∑

i=1

Q
∑

j=1

Nij,pq + Mij,pq

m
TBij

(59)

For N ij,pq we have to consider four cases:

• a) i ≥ p and j ≥ q

N ij,pq = λijW ij (60)

• b) i ≥ p and j < q (see Figure 5):

bq

rpri

priority

tt0 t2-t1

bj

qpq

qij

Figure 5: Determination of Nij,pq for i ≥ p, j < q

The unit of time in which packets Cij are served
before Cpq can be determined using:

rp + b2t2 = ri + bj(t1 + t2)

Then:

N ij,pq =

∫

∞

0

λijP{1 < wij(t)

≤
ri − rp

bq − bj
+

bq

bq − bj
t1}dt

After substitution and using:

W ij = E[wij ] =

∫

∞

0

1 − P (wij ≤ x)dx

we get:

N ij,pq = λijW ij
bj

bq
for all i ≥ p, j < q (61)

• c) i < p and j ≥ q (see Figure 6):

It holds for the relevant packets at t = 0:

qij(t = 0) = ri + t1bj ≥ rp

bq

rpri

priority

tt0-t1

bj
qpq

qij

Figure 6: Determination of Nij,pq for i < p, j ≥ q

with the crucial time point

t1 ≥
rp − ri

bj

so that:

N ij,pq = λijW ij − λij

∫

rp−ri
bj

0

P (wij > t)dt

for all i < p, j ≥ q (62)

• d) i < p and j < q (see Figure 7):

bj

bq

rpri

priority

tt0 t2-t1

qpq

qij

Figure 7: Determination of Nij,pq for i < p, j < q

It holds for the packets which are served before
Cpq:

rp + bqt2 = ri + bj(t1 + t2)

With

t1 + t2 =
ri − rp

bq − bj
+

bq

bq − bj
t1

we get with a similar way as in b):

N ij,pq = λijW ij
bj

bq
for all i < p, j < q (63)

In order to determine the sets M ij,pq we make here
the difference between four cases whereas:

M ij,pq = 0 for all i ≤ p, j ≤ q



All other cases can be treated similarly because the
crucial time point tij is determined by

ri + (Wpq − tij)bj > rp − Wpqbq

hence

tij <
ri − rp

bj
+ Wpq

(

1 −
bq

bj

)

The mean number of packets, which arrive in the time
interval [0, tij) and which are served before Cpq is
then:

M ij,pq = λij

∫ tij

0

P (wpq > t)dt

for all i > p and for all i ≤ p, j > q (64)

The determined sets N ij,pq and M ij,pq can now be
substituted in (59) together with the conservation law
to get the following form for the mean waiting time:

W pq = WFIFO −
∑P

i=1

∑q−1
j=1 ρijW ij

(

1 −
bj

bq

)

−
∑p−1

i=1

∑Q
j=q ρij

∫

rp−ri
bj

0 P (wij > t)dt

+
∑P

i=p+1

∑Q
j=1 ρij

∫ tij

0
P (wpq > t)dt

+
∑P

i=1

∑Q
j=q+1 ρij

∫ tij

0
P (wpq > t)dt (65)

The unknown probabilities have to be substituted by
the proposed approximations to get a recursive equa-
tion system, that can be solved numerically.

3.5 Dynamic Priorities with Class De-

pendent Deadlines

Another strategy for scheduling packets is based on
deadlines which are assigned to each packet4. R
packet classes are defined with a parameter Gi for
each class, with:

G1 > G2 > . . . > GR

The parameters Gi define the time period, which may
maximally be elapsed to serve a packet “in time”.
Packets with the lowest deadlines have the highest
priority and vice versa. According to the priority
function:

qr(t) =

{

(t − t0)/(Gr − t + t0) if t0 < t ≤ Gr + t0
∞ if Gr + t0 ≤ t < ∞

the priorities increase faster, whenever the deadline of
a packet nears. If the deadline is reached, the packet
gets an infinite priority, which forces the system to
serve the packet (see Figure 8). Packets with a posi-
tive infinite priority are served in a FIFO order.

The approach to calculate the mean waiting times
is not very different from the methods used for the
other strategies. To determine the set N ir we divide
the packets into two categories, which are considered
separately:

4this strategy is also known as Earliest Deadline First
(EDF)

priority

tt0 t0' t0'+Gr t0+Gi

Gr
Gi

Figure 8: Class dependent deadlines

1. packets, which get an infinite priority after the
considered packet Cr does. If −t1 is their arrival
time, so

Gi − t1 > Gr

2. packets which get an infinite priority at the latest
until Gr (at t0 = 0, arrival of Cr), which means

Gi − t1 ≤ Gr

Using the priority functions we can deduce the sets
N ir(1) and N ir(2). M ip can also be determined ac-
cording to the known methods we used for the other
strategies. Substituting these sets in Eq. (1) and us-
ing the conservation law gives:

W r = WFIFO +

R
∑

i=r+1

ρi

∫ Ti

0

1 − P (wr ≥ Gr)dt

−

r−1
∑

i=1

ρi
Gi − Gr

Gi

∫ Gi−Gr

0

P (wi > x)dx (66)

with

Ti = W r
Gr − Gi

Gr
(67)

For the unknown probabilities we may again use one
of the two proposed approximations.

4 Conclusion

In this paper we investigated two classes of priority
based scheduling mechanisms: static priorities and
time dependent priorities. In all cases we showed
how the mean waiting times of packets of different
classes can be computed analytically. We presented
results for different arrival and service time distribu-
tions. Mono- and multi-processor routers were con-
sidered. These results have been successfully applied



for the characterization and analysis of proportional
differentiated services [12, 13].
It is still important to investigate how the scheduler
parameters have to be chosen, if quality of service
profiles for the different traffic classes are given (de-
sign problem). It is also interesting to investigate the
behavior of the priority based schedulers, when self
similar traffic and correlated inter-arrival times are
considered.
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INTRODUCTION 
 
I still have some vacuum tubes (valves) and some 
early metal can transistors with serial numbers! 
How times have moved on. My introduction to 
simulation began with a simulation of the Mark II 
Seaslug surface to air missile which of course 
required the parallel solution of many simultaneous 
non-linear, time-varying, ordinary differential 
equations. My PhD concerned the design of a new 
hybrid analogue multiplier and some fast (for those 
days) analogue to digital converters. At this point, I 
had my first experience of simulation societies 
(UKSC) and organised a conference at Manchester 
in 1970. A successful excursion into digital signal 
processing and design of signal processing 
computers was terminated by the arrival of the 
microprocessor. Fortunately, John Stephenson 
(Bradford) steered me back to simulation and in 
1985 I attended my first SCS conference in Reno, 
Nevada, USA [1]. Since then simulation has 
enabled me to take part in many organised events in 
over 30 countries, making in the process, many 
friends both nationally and internationally, and in 
the process enjoying myself immensely. 
 
 
THE EARLY DAYS OF SIMULATION USING 
ANALOG COMPUTING 
 
Lord Kelvin first outlined the idea of a differential 
analyser, using mechanical ball and disc 
integrators, in 1876. However, the lack of 
contemporary technology prevented the idea from 
being realised.  The earliest implementation was by 
Prof. Vannevar Bush of M.I.T. in 1930. Prof. 

Douglas Hartree, FRS, of St Johns College, 
Cambridge, with his assistant Arthur Porter, a 
Manchester undergraduate, produced a Meccano 
machine in 1934. This was followed up in 1935 by a 
full scale machine by Hartree and Porter with 
engineering support by Metropolitan Vickers and 
funding by Sir Robert McDougall. It was for many 
years recognised as the best and most used machine 
for gunnery prediction and other applications [2,3]. 
 
By the end of the Second World War, vacuum tube 
based operational amplifiers were beginning to be 
used to construct an electronic equivalent for solving 
differential equations. That technology led to the 
development of the general purpose analogue 
computer, used mostly at that stage for research, 
development and performance assessment of military 
systems. 
 
Fundamentals 
 
Systems of ordinary differential equations, 
representing the mathematical models of real 
dynamic systems, may be solved using a small subset 
of mathematical operations directly or by means of 
combinations of these with some additional electronic 
circuits.  
 
Figure 1 illustrates the basic uses of operational 
amplifiers for addition and subtraction of voltages 
and of the integration of the sum of voltages. For the 
examples given, the adder has an output voltage 
given by: 
 
-V0 = V1.Rf/R1 + V2.Rf/R2 
      = k1V1 + k2V2 



 
 
Fig. 1 Basic analogue computing elements 
 
The integrator has an output voltage given by: 
            t 
-V0 = ∫o (V1/CfR1 + V1/CfR2)dt 
            t 
-V0 = ∫o (k1V1 + k2V2)dt 
 
Voltages represent scaled equation variables. 
Variables may be negated using an inverter (an 
adder with only one input and Rf = R1). 
 
Other required mathematical operation are: 
 
V0 = kV1.V2  (Multiplication) 
 
V0 = f(V1) (Function Generation) 
 
Multiplication may be achieved using a precision 
(10 turn) potentiometer (for fixed coefficients) or a 
time division multiplier, or quarter squares 
multiplier (A.B = 0.25{(A+B)2 – (A-B)2}, the 
squaring being achieved by a fixed diode/resister 
network. The latter was also used for non-linear 
function generation, but with adjustable segments. 
 
Figure 2 is a reproduction of a photograph of the 
Solartron 247 system at Sperry Gyroscope 
Company, Bracknell, U.K., circa 1964. 
 
There are 15 racks of mainly valve based 
operational amplifiers and other functional units. 
Clearly shown are 5 patch panels, where the units 
were interconnected to form the analogue network 
for solving the current problem. Each rack 
consumed around 1kW of power. The system 
cooling can clearly be seen above the units. The 
addition of a second machine of 12 racks yielded a 
total capability for solving problems requiring the 
resulting 1000 operational amplifiers. The operator 
(the author) is sitting in front of one of the control 
desks, setting coefficients on one of the 
potentiometers. 
 
Analogue computers are parallel computers, 
solving sets of simultaneous differential algebraic 
equations (DAEs) in real time (or scaled 

faster/slower than real time). However, unlike 
modern digital computers, analogue hardware cannot 
be used to quasi-simultaneously compute more than 
one function as with a digital processor, because  it is 
not possible to share variables on a single anlogue 
hardware unit due to lack of an equivalent storage 
mechanism and the near impossibility of 
remembering and then restoring the correct charges 
on the  integrator capacitors with such large values of 
the order of .001µF to 1 µF, required for precision 
integration with low drift. 
  
Accuracy, Repeatability and Correctness 
 
There are limits to the accuracy of analogue systems, 
due to the physical and economic costs of producing 
precision resistors and capacitors. There is also the 
problem of variation with temperature and time. 
Further, as the resolution is increased, noise arising 
from many sources limits further increases in 
accuracy. The repeatability of results for a particular 
simulation run is an important issue and is 
determined by the combined accuracy and stability of 
the parallel analogue computing units. It was difficult 
to achieve better than around 0.1% in practice, due to 
the combination of errors due to the 0.01% tolerance 
on many components. 
 
Test runs, duplicated on a KDF9 digital computer, 
exhibited excellent resolution and repeatability. 
However, the correctness claimed was somewhat 
misguided. The problems associated with integration 
algorithms, sample rates and sparse matrices had yet 
to be appreciated. The latter appeared as a very large 
ratio between long time constants associated with the 
physical dimensions of the vehicle and the short time 
constants associated with the required accelerations.  
Over a period of time the analogue and digital test 
runs got closer and we all learned a lot about our 
respective disciplines and to respect each others 
professional expertise and experience!    
 
Valves, Transistors, Hybrids and Logic 
 
The amplifiers were constructed using valves running 
on supplies of + 300 volts, with reference voltages of 
+ 100 volts used for constants and initial conditions. 
Mechanical choppers, used for d.c. offset 
stabilisation, were replaced by semiconductor devices 
with greater reliability. The time division multipliers 
employed germanium transistors for switching, which 
limited the ambient temperature for accurate 
operation (germanium melts at around 55 Celsius, 
hence the air conditioning requirement for both 
machine and operators. A few voltage comparators 
and simple logic gates provided for some useful 
logical operations. Examples of the use of these 
included the detection of range coincidence between 
missile and target, transfer from boost phase to 
guidance phase, and of out of scale variables. 



THE EMERGENCE OF DIGITAL 
SIMULATION 
 
As digital computers became faster and cheaper 
their advantages became obvious, and the demise of 
the traditional analogue computer became 
inevitable. However, there was still much to learn 
about digital simulation. Perhaps the most obvious 
problem was the loss of “feel” and the immediacy 
of the analogue system. The real-time interaction 
was much better than a 24 hour turn-around and the 
numerical teletype printout for the digital 
simulation runs. 
 
Processing Power and Memory 
 
Initially, the processing power and memory 
limitations of the digital computers of the 1960s 
and 70s severely limited their use. However, the 
appearance of the microprocessor and advances in 
both random and serial access memories began to 
change this. Progress has of course been and 
continues to be rapid, leading to the current 
substantial power of both PC and Workstation. 
 
Digital Equivalents of Analogue Functions 
 
Initially, most attempts concerned the reproduction 
of analogue techniques using numerical 

equivalents. Some were quite successful, especially 
in the area of digital equivalents of analogue filters. A 
particular concern was the appearance of problems 
associated with word length and recursion 
convergence. Those of us with knowledge of both 
continuous and discrete (sampled) systems equated 
word length with gain, recursion with feedback, and 
convergence with stability. 
 
Problems of Integration 
 
The analogue integrator is a true integrator, 
admittedly with imperfections at both low and high 
frequency. However, sampled data approximations 
are fraught with other problems. It has taken many 
years to recognise that one integrator algorithm is not 
the answer to solving all differential equation 
systems. There is a black art (aka experience) in 
knowing which to use in a particular circumstance. 
  
Speed 
 
In the early days of analogue computers, digital 
computers were very slow compared to their 
analogue counterparts. This was partly due to the 
parallel nature of the latter. Thus the concept of real-
time simulation was restricted to the analogue 
machine. The requirement for real-time simulation 
arose from two different requirements. The first was 

 

 
 

Fig. 2   Solartron 247 Analogue Computer System



the need for including either humans or real hardware 
or both in the loop (time constants are fixed) and the 
second was the need for large numbers of simulation 
runs to be completed in a reasonable time (not just a 
lot too late). The first requirement remains in respect 
of training simulators. Modern digital systems 
employ multiple processors for different activities 
(such as input/output, graphics, sound, etc), parallel 
processors for partial differential equations or large 
numbers of ordinary differential equations, and 
networked systems for large training simulation 
exercises. 
 
 
LANGUAGES 
 
Those of us using simulation are accustomed to using 
simulation packages for speed and convenience. 
Newcomers however are often ignorant of the 
existence of such packages. In the early days only 
Fortran and machine code were available.  
 
General Purpose Languages 
 
Simulations have been and continue to be written, 
often inappropriately, in general purpose 
programming languages. Concerns over 
appropriateness, convenience, speed of execution and 
compatibility with other software tools such as 
databases and graphics are often ignored to the 
disadvantage of such inexperienced users. For simple 
simulations this probably does not matter, but for 
real, larger problems it does, as they are usually 
inappropriate. However, until simulation is taught as 
a general purpose tool, this is likely to be a problem 
that will persist for some time to come. 

Simulation Languages 
 
As the use of simulation has developed, 
increasingly more sophisticated packages have been 
developed, taking advantage of the increasing 
power and utility of computers. ACSL, ESL, 
Simplex 3 and Arena are examples of the many 
systems currently on offer supporting not only 
model development and simulation development, 
but also all of the tools necessary to support 
simulation studies for continuous system, discrete 
event or mixed applications. 
 
Equation Solving 
 
Historically, model equations had to be 
manipulated by hand before being programmed into 
a simulation language. Modern simulation systems 
do this automatically, using functional 
programming techniques. 
 
Library Functions 
 
Simulation specific techniques and models are now 
provided via libraries including mathematical 
functions such as integration, function generation, 
axis transformation, dead space, logic functions, 
queues, stacks, etc., supported with graphical model 
building using icons and interconnections.   
 
GRAPHICS 
 
Graphics did not arrive until the 1970s. Before this, 
pen recorders, numerical results tables and 
character based graphs printed on teletypes were 
the order of the day. The arrival of graphical

 

 
 

Fig. 3 DIS System Linking Distributed Simulations and Animator



screens, used almost universally now, allowed 
block diagrams of models and systems, full multi-
channel graph systems, animation and virtual 
reality to develop. 
 
 
COMPUTERS 
 
Early digital computers were used for simulations, 
but they were slow, and integration and algebraic 
loops caused problems. However, the arrival of the 
microprocessor, lead to a revolution in simulation 
applications of increasing variety and complexity. 
The earliest personal computers were used 
experimentally for simulation and their potential 
was obvious in terms of the re-acquired feel and 
fast turn around for the systems being simulated. 
 
Main-Frames, Minicomputers and 
Microcomputers 
 
Mainframes were difficult to use because they were 
distant and any resemblance of the hands-on 
approach was lost, particularly in relation to the 
delay between submitting a program to the 
computer centre and receiving a print out (or list of 
programming or run time errors) of at least 24 
hours. Graphical printout was inconveniently 
character based. 
 
Minicomputers, such as the PDP11, were a 
significant advance at lower cost and allowed a 
more hands on approach. The performance limited 
applications to those which fitted the RAM and 
disk parameters and fell short of real-time for many 
applications. 
 
Early microcomputers, based on the Intel 8088, 
were too slow and too small, but gave an insight to 
their potential as personal computers (PC). 
However, the rapid advances in speed, power and 
memory gave rise to desktop machines of 
significant use for many simulation applications. Of 
course, this still left the big problems to the much 
larger mainframes and computer centres. 
 
 
PARALLEL COMPUTERS AND 
NETWORKED COMPUTERS 
 
With the increasing reduction in the costs of 
processors and memory, and the improving 
application of memory management systems, the 
rapid development of parallel computers came 
about, leading to the possibility of tackling large 
scale simulations of such problems as weather 
forecasting and stress analysis in addition to the 
larger ordinary differential equation problems with 
large numbers of equations. The rapid advances in 
networking also lead to the development of 

distributed simulations, interconnected over private 
or public networks especially for training. 
 
 
DISTRIBUTED SIMULATIONS AND 
VIRTUAL/ SYNTHETIC ENVIRONMENTS 
 
Training simulators have been an important part of 
military systems provision for many years. 
Distributed interactive simulation came into being 
first with SIMNET an attempt to connect military 
simulators together. Following this the DIS system 
for interconnecting training simulators together 
successfully gave rise to the IEEE 1278 standard. The 
author and one of his PhD students, was involved in a 
project concerning space missions. The systems 
comprised networked Unix workstations, each 
running a spacecraft simulation, interconnected by 
VR-Link to an animator (VISTA) shown in figure 3 
[4]. In this case, the space objects were a space 
shuttle and a space station with an observing station 
on the ground. The motions of these objects were 
simulated using ESL, and visualised and animated 
using VISTA, the latter two packages being provided 
by iSIM and ESTEC respectively. The background of 
the Earth, Sun, Moon, Planets and Stars were also 
provided by ESTEC.  
 
Following this, the high level architecture (HLA) 
provided standards and a run time interface (RTI) for 
management of a federation of a network of 
simulation federates. A consequence of this for non-
military applications is the need for provision of 
security for both obtaining access to an HLA 
federation and for authentication and passing of data 
and messages. The latter is discussed in detail in a 
technical and tutorial paper by the author [5].  
 
 
SUPERCOMPUTERS AND GRIDS 
 
In recent years, supercomputers, comprising of 
upwards of a 1000 processors with massive local and 
global memory have been developed and used for 
solving large problems. Perhaps the best known of 
these are the weather forecasting machines in 
Bracknell, UK and in Washington, USA. These 
machines basically solve the Navier-Stokes partial 
differential equation (PDE) for the global atmosphere 
for weather prediction. Other PDEs are solved for 
dynamic stress analysis, fluid dynamics problems and 
atomic reactions.  
 
Recently, projects have evolved to link such 
supercomputers together to solve even larger 
problems as parallel/distributed architectures, or to 
obtain finer grain solutions, by using grids of 
supercomputers [6,7]. Although an excellent concept, 
much work is being done on algorithms and 
optimisation as was done for parallel computing. 



THE FUTURE 
 
The increasing power of individual and networked 
computers, coupled with the universal availability 
of powerful graphics and virtual reality is making 
simulation a universally useful tool set. The 
recognition of the validity of discrete event, 
continuous and mixed simulations as a normal part 
of project planning, design, implementation, testing 
and training in terms of engineering, management 
and commercial activities is of great significance. 
Consequently, new areas of application of 
simulation are emerging. Of particular importance, 
are  those connected with software agents [8], 
distance learning  and web-based applications [5]. 
 
 
CONCLUSIONS 
 
It is clear that simulation technology and 
applications now pervade almost every human 
activity and endeavour. As the tools become more 
widely used and integrated, and the use of 
simulation is taught more widely as a valuable 
addition to applied mathematics, the acceptance and 
future of simulation seems bright. The history of 
simulation is richly sprinkled with the names of 
stars in every subject. It probably starts centuries 
ago, perhaps with Leonardo da Vinci or earlier, but 
certainly the work of Lord Kelvin, and of Hartree 
and Porter gave simulation a major kick start. The 
foundation of the Society for Computer Simulation 
(SCS) in 1952, only 4 years after the first stored 
program digital computer was demonstrated at 
Manchester was an event of major significance. 
The establishment of the European Simulation 
Societies in Europe around 35 years ago has also 
contributed to its successful development. The 
author is grateful to have had the opportunity of 
taking part in this activity and of the consequences 
for his international travel experiences and his 
many friends gathered over the years.  
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Abstract – An improved self-tuning mechanism of
fuzzy control by gradient descent method is presented.
The membership function parameters are tuned by
minimizing some criterion defined on the control
output using the steepest gradient descent algorithm.
The factor which controls how much the fuzzy
controller parameters are altered is adjusted
continuously using a set of fuzzy rules. This varying
factor is determined with respect to the values of the
objective function and its change. An application to
the control output optimization of a PI-type fuzzy
controller shows the superiority of the proposed self-
tuning mechanism over a previously published
approach in terms of both precision and convergence
rate.

Keywords: adaptive fuzzy control; fuzzy reasoning;
gradient descent algorithm; self-tuning.

I. INTRODUCTION

Recently, the "fuzzy logic wave" has reached the
community of automatic control. Fuzzy logic controllers
(FLC’s) have been successfully used for a number of
complex, ill-structured industrial processes [KIR, 98; FIS,
99]. Since most of the real-world processes that require
automatic control are nonlinear in nature, FLC’s can be
designed to cope with a certain amount of process
nonlinearity and parameter variations. Therefore, more
attention has been paid to the problem of how to design a
suitable adaptive fuzzy controller for a given process.
Different types of adaptive FLC’s have been developed
and implemented for various practical applications [DRI,
96]. Adaptation mechanisms for FLC’s are classified
according to which the controller parameters are adjusted.
Adaptive controllers that adjust the fuzzy set definitions
or scaling factors are called self-tuning controllers (STC).
However, when the fuzzy rule base is altered, the
controller is called self-organizing controller (SOC).

Many works have centered on the use of mathematical
optimization techniques (see, [BOR 90]) to tune the set
definitions so that the output from the FLC matches a
suitable set of reference data as closely as possible [DRI,
96; WON, 98; HE, 93]. The basic example of this is given
by Nomura et al.. in [NOM, 91], where they use gradient
descent algorithm to tune simple membership functions.
The controller is tuned iteratively by minimizing the

square error between the FLC output and the desired
output given by the training data. This tuning method may
be very good for control systems, but its applicability is
closely related to the convergence rate of the adaptation
algorithm, especially when it is used on-line as Glorennec
did in the control of a mixer tap [GLO, 91]. The main
problem is how to adequately choose the constant which
controls how much the controller parameters are altered at
each iteration in the gradient descent algorithm. This,
however, puts an unnecessary and often inappropriate
constraint on the design. A suitable choice of the gradient
step may accelerate the convergence of the algorithm
(see, for example [SAD, 75]) and then enhance the
performance of the fuzzy control loop.

This limitation of the self-tuning mechanism of fuzzy
control suggested by Nomura et al. motivated us to
investigate techniques of improving the original algorithm
by using experts’ knowledge rather than mathematical
models or heuristics methods. In the modified version the
gradient step is adjusted continuously with the help of IF-
THEN fuzzy rules. The amount of variation of this factor
is determined with respect to the current values of the
objective function to be minimized and its change. To
check the effectiveness of the proposed approach, we
consider the problem of minimizing the matching error
affecting the input information of a fuzzy controller.

II. THE PROPOSED ADAPTATION MECHANISM

A. The fuzzy controller from Nomura et al.

The self-tuning method of fuzzy controllers developed by
Nomura et al. is a well-known gradient descent technique
to optimize both the fuzzy antecedent and crisp
consequent parts. Our objective here is to improve the
performance of the gradient descent tuning algorithm by
adapting the gradient step iteratively using a set of fuzzy
rules to achieve better precision and better convergence
rate. This method relies on having a set of input-output
data against which the controller is tuned. The FLC
consists of a set of n fuzzy rules of the form

Rule i:
)()()(
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where mxx ,.......,1  are the controller inputs, u is the

control output variable, i is the rule number,
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i XX  are linguistic values of the rule-antecedent,
)(iU  is the linguistic value of the rule-consequent.
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The control output membership function is a fuzzy
singleton set defined on the real number iu . Using the

max-dot composition and the Center-of-Area
defuzzification method, the global control output from the
fuzzy rule set is given by
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B. The modified gradient descent algorithm

If a reliable set of training data is available that describes

the desired control output, ru , for various values of the

process state, r
m

rr xxx ,....,, 21 , the fuzzy controller can be

tuned by minimizing the square error between the FLC
output and the desired output given by the reference data.
Nomura et al. have chosen to minimize the following
objective function
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Substituting (2) and (3) into (4) gives the following
objective function
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The steepest descent algorithm seeks to decrease the
value of the objective function (5) with each iteration t. In
this case, the objective function parameters we wish to
alter are the membership function parameters aij, bij and
ui. Solving this optimization problem gives the following
iterative equations of the parameter values
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The gradient step updating factor λl (l=1,2,3) is calculated
using fuzzy rules of the form

Rule k:
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2
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where )(tJ  and )(tJ∆  are values of the performance

criterion and its variation at the iteration t, respectively.
)(

2
)(

1 , kk FF  are the linguistic values of the rule-

antecedent, and )(k
lG  is the linguistic value of the rule-

consequent.

The functional relationship of λl can be viewed as

                       ))(),(()( tJtJftl ∆=λ                           (9)

where f is a nonlinear function (computational algorithm)
of J and ∆J, which is described by a fuzzy rule base.

For determining the fuzzy rule base for computation of λl

we have taken into account some important
considerations related to the optimization problem, i.e.,
the current values of the objective function to be
minimized, the change-of-error and the direction of the
gradient vector of the membership function parameters.
We attempted to extract IF-THEN fuzzy rules from a
linguistic description of a general optimization procedure,
that is:

"we have to look for decreasing the value of the objective
function most rapidly in the direction of the negative
gradient vector when the current point seems to be
significantly far from the desired solution; to slow down
the procedure if the current point is close to the solution.
If the optimum point is reached the optimization is
complete".

It is very important to note that the rule base for
computation of the gradient step will not be dependent on
the choice of the rule base for the controller.

(6)

(7)

(8)



C. The Tuning procedure

Once a set of reliable controller input-output data has
been collected, a possible optimization procedure is as
follows:

Step 1: the rules are fired on the input data ( r
m

rr xxx ,....,, 21 )

to obtain the antecedent value µi for each rule and the
real-valued control output u.

Step 2: gradient step values λl are updated using (9).

Step 3: parameters iu  are updated using (8).

Step 4: rule firing is repeated using the new values of iu .

Step 5: parameters aij and bij are updated by (6) and (7),
using the values of iu , µi and u.

Step 6:  inference error ( )2)(
2

1
)( rututD −=  is

calculated.

Step 7: if the change-of-error )1()( −− tDtD  is suitably

small, the optimization is complete; otherwise it is
repeated from step 1.

III. APPLICATION TO THE CONTROL OUTPUT
OPTIMIZATION OF THE PI-TYPE FUZZY

CONTROLLER

In order to demonstrate the performances of the proposed
tuning algorithm, we consider here the optimization
problem of a PI-type fuzzy controller. This control
problem is solved using both the tuning mechanism
suggested by Nomura et al. and the modified version
proposed in this paper. The control output of the PI-type
FLC is given by

Fig 1. Fuzzy set definition for the input/output variables of
the PI-type fuzzy controller
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Fig. 2. The control surface of the PI-type fuzzy controller
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where k is the sampling instance and ∆u(k) is the
incremental change in controller output. We emphasize
here that this accumulation (10) of controller output takes
place outside the FLC and is not reflected in the rules
themselves. All membership functions for controller
inputs, i.e., error (e) and change of error (∆e) and
incremental change in controller output (∆u) are
triangular-shape partitions uniformly distributed on the
common interval [–1.5, 1.5] with three fuzzy set terms: N
(negative); Z (zero); P (positive) as depicted in Fig. 1.
The PI-type control surface is shown in Fig. 2.

The noise affecting the controller inputs is modeled as an
additive random Gaussian variable with a zero mean and
standard deviation σ, namely N(0,σ). Fuzzy partitions are
exposed to controller inputs (e) and (∆e) as well as their
noisy versions (e’) and (∆e’). Thus, in fact, the noisy
version of (e) induces:

                          )(),(),( eee PZN ′µ′µ′µ                        (9)

instead of the original one:

                          ).(),(),( eee PZN µµµ                       (11)

The matching error is expressed in terms of the overall
sum of the absolute differences and is given by

)()()()()()()( eeeeeeer PPZZNN ′µ−µ+′µ−µ+′µ−µ=    (12)

The results in terms of r(e) are plotted in Fig. 3. for
selected values of σ. The robustness of the control
algorithm for which the input fuzzy partition plays the
role of an interface is closely related to the input
information. Then, any change of the input error, if not

absorbed by the fuzzy partition, may have a meaningful
effect on the processing error. The difference between the
control value (u) obtained for exact input information (e
and ∆e) and that (u’) generated by the controller for the
noisy version of the input is illustrated by the contour-plot
of the change in the control-output in Fig. 4. In general,
this error is viewed as a suitable indicator of fault-
tolerance for the fuzzy controller [PED, 93]. In order to
optimize the dynamic behavior of the FLC, we propose to
use the modified self-tuning mechanism. We choose to
only tune the rule-consequent membership functions, via
equation (8). The factor which controls how much the
crisp consequent values are altered is updated iteratively
using equation (9). The centers and the widths of the
triangular input fuzzy sets are maintained constant.

A. Performance analysis of the proposed adaptation
mechanism

The performances of the proposed tuning mechanism are
compared with those obtained by using the original
version suggested by Nomura et al. For a clear
comparison, we have used some performance measures
such as, the final value of the objective function J, and the
number of iterations I. This may give a good idea on the
precision and the convergence rate of the algorithm with
respect to the initial parameters. It can be noticed from
table (1) that the proposed tuning mechanism gives the
best results in all the cases considered in the simulation
study. For example, with a required precision, η, of 10-10 ,
the problem is solved in only 7 iterations using the
proposed mechanism; hence it makes 79 iterations with
the Nomura’s algorithm. In this case, our modified
version is some 70 times faster than the simple gradient
descent method. In the last simulation case (for 50 =λ ),

the Nomura’s method seems to be inappropriate. The
optimization procedure proceeds out of the searching
space leading to the divergence of the algorithm.
However, the proposed tuning algorithm is much more
effective because of the constraints imposed linguistically
on the evolution of the gradient step. Using an appropriate
architecture (see [GLO, 91]), it will be interesting to
implement this mechanism on-line to form an adaptive
fuzzy knowledge-based controller.

TABLE I
PERFORMANCE ANALYSIS OF THE MODIFIED TUNING

ALGORITHM
Initial

parameters
Nomura’s method The proposed method

0λ η Criterion (J) Iterations Criterion (J)
Iteratio

ns
10-4 9,8079. 10-5 25 4,3429. 10-5 02
10-6 9,3436. 10-7 43 3,8836. 10-8 030.25
10-10 8,4799. 10-11 79 6,6947. 10-11 07
10-4 4,5316. 10-5 08 2,2765. 10-5 02
10-6 4,9237. 10-7 13 2,0357. 10-8 030.75
10-10 5,8124. 10-11 23 6,2062. 10-11 07
10-4 8,2465. 10-5 05 1,4914. 10-5 02
10-6 4,0776. 10-6 09 1,3337. 10-8 031.00
10-10 3,7596. 10-11 17 4,8688. 10-11 07
10-4 Divergence 1,0216. 10-7 03
10-6 Divergence 1,0216. 10-7 035.00
10-10 Divergence 9,1359. 10-11 04
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Fig. 4. Contour-plot of the change in the control-output of the
PI-type fuzzy controller for σ = 1



IV. CONCLUSION

The problem of designing an adaptive fuzzy controller
using gradient descent method has been tackled by
proposing an improved self-tuning mechanism. The main
contribution of this paper consists of using the
approximate reasoning for modeling the optimization
strategy with the help of IF-THEN fuzzy rules. The
proposed fuzzy rule base is used for the computation of
the gradient step which is adjusted continuously with
respect to the amount of variation of the performance
criterion and the direction of the gradient vector of the
fuzzy controller parameters. It has been demonstrated by
simulation that the proposed self-tuning mechanism gives
more interesting results than a previously published
approach. The modified tuning procedure can be used on-
line to form an adaptive FLC, if suitable reference data
can be generated by considering an appropriate
architecture.
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Abstract

There exist various tools for knowledge representation, modelling, and simulation in Artificial Intelligence.
We have designed and built a software tool (expert system shell) called McESE (McMaster Expert System Environ-
ment) that processes a set of production (decision) rules of a very general form. Such a production (decision) set can
be equivalently symbolized as a decision tree.

In real life, even if the logical structure of a production system (decision tree) is provided, the knowledge
engineer may be faced with the lack of knowledge of other important parameters of the tree. For instance, in our system
McESE, the weights, threshold, and the certainty propagation functions – all of these are a part of the machinery
handling the certainty/uncertainty of decisions – have to be designed according to a set of training (representative)
events, observations, and examples.

One possible way of deriving these parameters is to employ machine learning (ML) or data mining (DM)
algorithms. However, ‘traditional’ algorithms in both fields select immediate (usually local) optimal values – in the
context of a whole decision set such algorithms select optimal values for each rule without regard to optimal values for
the whole knowledge base. Genetic algorithms comprise a long process of evolution of a large population of objects
(chromosomes) before selecting (usually global) optimal values, and so giving a ‘chance’ to weaker, worse objects, that
nevertheless may prove to be optimal in the context of the whole knowledge base.

In this methodology case study, we expect that a set of McESE decision rules (or more precisely, the topology
of a decision tree) is given. The paper discusses a simulation of an application of genetic algorithms to generate
parameters of the given tree that can be then used in the rule-based expert system shell McESE.

Keywords: expert system shell, genetic algorithms, rule-based systems, classification, data analysis

1. Introduction

A builder of an expect system usually em-
ploys an expert system shell to design and develop a
decision-support expert system for a given problem.
We have designed and built a software tool (expert
system shell) called McESE (McMaster Expert Sys-
tem Environment) that processes a set of production
(decision) rules of a very general form allowing sev-
eral means of handling uncertainty ([7], [8]). Note
that such a production (decision) set can be equiva-
lently exhibited as a decision tree.

In this study, we expect that the logical
structure or the topology of a set of decision rules (a
decision tree) is given. Even if this logical structure
is provided, particularly in real-world tasks, the

designer may be faced with the lack of knowledge of
other parameters of the tree. These parameters are
usually adjustable values (either discrete or numeri-
cal ones) of production rules or other knowledge
representation formalisms such as frames. In partic-
ular, in our system McESE, these are represented by
weights and thresholds for terms and the selection of
the certainty value propagation functions (CVPF for
short) from a predefined set. We use the traditional
approach of machine learning (ML) and data mining
(DM): we adjust the above parameters according to
a set of training (representative) observations (exam-
ples). However, we use a different and relatively new
approach for the inductive process based on the par-
adigm of genetic algorithms.

Genetic algorithm (GA) encompasses a long



process of evolution of a large population of chromo-
somes (individuals) before selecting optimal values
that have a better chance of being globally optimal
compared to the traditional methods. The funda-
mental idea is simple: chromosomes selected accord-
ing to an ‘evaluation’ are allowed to crossover so as
to produce a ‘slightly different’ new one – the
offspring. It is clear that the algorithm performs
according to how ‘slightly different’ and ‘evaluation’
are defined.

In this paper, we present a simulation of
applying GAs to generate/adjust the parameter
values of a McESE decision tree.

Section 2 of this paper briefly describes our
rule-based expert system shell McESE with
emphasis on the form of rules. Section 3 then
surveys the structure of GAs. Afterwards, Section 4
introduces the methodology of this project including
a case study.

2. Rule-Based Expert System Shell McESE

McESE (McMaster Expert System
Environment) [7], [8] is an interactive environment
for design, creation, and execution of backward-or
forward-chaining rule-based expert systems. The
main objectives of the project focused on two
aspects: to provide extensions of regular languages
to deal with McESE rule bases and inference with
them, and a versatile machinery to deal with
uncertainty.

The language extension is facilitated through
a set of functions with the native syntax that provide
the full functionality required (for instance, in the
Common-Lisp extension these are Common-Lisp
functions callable both in the interactive or compiled
mode, in the C extension, these are C functions
callable in any C program).

The versatility of the treatment of uncer-
tainty is facilitated by the design of McESE rules
utilizing weights, threshold directives, and CVPF's
(Certainty Value Propagation Function). The
McESE rule has the following syntax:

R: T1 & T2 & .... & Tn =F=> T

T1,...,Tn are the left-hand side terms of the rule R
and T is the right-hand side term of the rule R. A
term has the form:

weight * predicate [op cvalue]

where weight is an explicit certainty value,
predicate is a possibly negated (by ~ or -) predicate
possibly with variables, and op cvalue is the thre-
shold directive (op can either be >, >=, <, or <=,
and cvalue is an explicit certainty value). If the
weight is omitted it is assumed to be 1 by default.
The threshold directive can also be omitted. The
certainty values are reals in the range 0..1 .

The value of a term depends on the current
value of the predicate for the particular instantiation
of its variables; if the threshold directive is used, the
value becomes 0 (if the current value of the predicate
does not satisfy the directive), or 1 (if it does). The
resulting value of the term is then the value of the
predicate modified by the threshold directive and
multiplied by the weight.

In McESE in the backward-chaining mode,
each rule that has the predicate being evaluated as its
right-hand side predicate is eligible to fire. The firing
of a McESE rule consists of instantiating the vari-
ables of the left-hand side predicates by the instances
of the variables of the right-hand size predicate,
evaluating all the left-hand side terms and assigning
the new certainty value to the predicate of the right-
hand side term (for the given instantiation of vari-
ables). The value is computed by the CVPF F based
on the values of the terms T1,...,Tn . In simplified
terms, the certainty of the evaluation of the left-hand
side terms determines the certainty of the right-hand
side predicate. There are several built-in CVPF’s the
user can use (min, max, average, weighted average),
or the user can provide his/her own custom-made
CVPF's. This approach allows, for instance, to
create expert systems with fuzzy logic, or Bayesian
logic, or many others (see [13]).

Any rule-based expert system must deal with
the problem of which of the eligible rules should be
‘fired’. This is dealt with by what is commonly
referred to as conflict resolution. In McESE the
problem is slightly different; each rule is fired and it
provides an evaluation of the right-hand predicate –
and we face the problem which of the evaluation
should be used. McESE provides the user with three
predefined conflict resolution strategies: min (where
one of the rules leading to the minimal certainty
value is considered fired), max (where one of the



rules leading to the maximal certainty value is
considered fired), and rand (a randomly chosen rule
is considered fired). The user has the option to use
his/her own conflict resolution strategy as well.

3. Genetic Algorithms: A Survey

The induction of concepts from databases
consists of searching usually a large space of
possible concept descriptions. There exist several
paradigms how to control this search, for instance
various statistical methods, logical/symbolic
algorithms, neural nets, and the like. However, such
traditional algorithms select immediate (usually
local) optimal values.

On the other hand, the genetic algorithms
(GAs) comprise a long process of evolution of a
large population of individuals (objects, chromo-
somes) before selecting optimal values, thus giving a
‘chance’ to weaker, worse objects. They exhibit two
important characteristics: the search is usually
global and parallel in nature since a GA processes
not just a single individual but a large set
(population) of individuals.

Genetic algorithms emulate biological
evolution and are utilized in optimization processes.
The optimization is performed by processing a
population of individuals (chromosomes). A designer
of a GA has to provide an evaluation function, called
fitness, that evaluates any individual. The fitter
individual is given a greater chance to participate in
forming of the new generation. Given an initial
population of individuals, a genetic algorithm
proceeds by choosing individuals to become parents
and then replacing members of the current
population by the new individuals (offsprings) that
are modified copies of their parents. This process of
reproduction and population replacement continues
until a specified stop condition is satisfied or the
predefined amount of time is exhausted.

Genetic algorithms exploit several so-called
genetic operators:

• Selection operator chooses individuals
(chromosomes) as parents depending on their
fitness; the fitter individuals have on average
more children (offsprings) than the less fit ones.
Selecting the fittest individuals tends to improve
the population.

• Crossover operator creates offsprings by
combining the information involved in the
parents.

• Mutation causes the offsprings to differ from
their parents by introducing a localized change.

Details of the theory of genetic algorithms
may be found in several books, e.g. [9], [11]. There
are many papers and projects concerning genetic
algorithms and their incorporation into data mining
[1], [6], [10], [12], [14] .

We now briefly describe the performance of
the genetic algorithm we have designed and imple-
mented for general purposes, including this project.
The foundation for our algorithms is the CN4
learning algorithm [2], a significant extension of the
well-known algorithm CN2 [4], [5]. For our new
learning algorithm (genetic learner) GA-CN4, we
removed the original search section from the
inductive algorithm and replaced it by a domain-
independent genetic algorithm working with fixed-
length chromosomes.

The learning starts with an initial population
of individuals (chromosomes) and lets them evolve
by combining them by means of genetic operators.
More precisely, its high-level logic can be described
as follows:

procedure GA
Initialize randomly a new population
Until stop condition is satisfied do

1. Select individuals by the tournament
selection operator

2. Generate offsprings by the two-point
crossover operator

3. Perform the bit mutation
4. Check whether each new individual has

the correct value (depending on the
type of the task); if not the individual's
fitness is set to 0 (i.e., to the worst
value)

enddo
Select the fittest individual
If this individual is statistically significant then

return it
else return nil

The above algorithm mentions some particu-
lar operations used in our GA. Their detailed
description can be found e.g. in [9], [11], or [3].



More specifically, the generation mode of replacing
a population is used. The fitness function is derived
from the Laplacian evaluation formula. The default
parameter values in our genetic algorithm: size of
population is 30, probability of mutation Pmut =
0.002 . The genetic algorithm stops the search when
the Laplacian criterion does not improve after 10000
generations.

Our GA also includes a check for statistical
significance of the fittest individual. It has to comply
with the statistical characteristics of a database
which is used for training; the P2-statistics is used
for this test of conformity. If no fittest individual can
be found, or it does not comply with the P2-statistic,
then nil is returned in order to stop further search;
the details can be found in [2].

4. Case Study

In our project, an individual is formed by a
fixed-length list (array) of the following parameters
of the McESE system:

- the weight of each term of McESE rule,
- the threshold value cvalue of each term,
- the selection of the CVPF of each rule from a

predefined set of CVPF’s
- the conflict resolution for the entire decision

tree.

Since our GA-CN4 is able to process
numerical (continuous) attributes, the above
parameters weight and cvalue can be properly
handled. As for the CVPF, it is considered as a
discrete attribute with these singular values (as
mentioned above): min, max, average, and weighed
average. Similarly, the conflict resolution is treated
as a discrete attribute.

Since the list of the above parameters is of
the fixed size, we can apply the GA-CN4 algorithm
that can process the fixed-length chromosomes
(objects) only.

The entire process of deriving the right
values of the above parameters (weights, cvalues,
CVPF’s, conflict resolution) looks as follows:

1. A dataset of typical (representative) examples
for a given task is selected (usually by a
knowledge engineer that is to solve a given
task).

2. The knowledge engineer (together with a domain
expert) induces the set of decision rules, i.e. the
topology of the decision tree, without specifying
values of the above parameters.

3. The genetic learner GA-CN4 induces the right
values of the above parameters by processing
the training database.

To illustrate our new methodology of know-
ledge acquisition we introduce the following case
study. We consider a very simple task of heating and
mixing three liquids L1, L2, and L3 . The first two
have to be controlled by their flow and temperature;
then they are mixed with L3 . Thus, we can derive
these four rules:

R1: w11 * F1 [>= c11] & w12 * T1 [>= c12] =f1=> H1

R2: w21 * F2 [>= c21] & w22 * T2 [>= c22] =f2=> H2

R3: w31 * H1 [>= c31] & w32 * F1 [>= c32] &
w33 * H2 [>= c33] & w34 * F3 [>= c34] =f3=> A1

R4: w41 * H2 [>= c41] & w42 * F2 [>= c42] &
w43 * H1 [>= c43] & w44 * F3 [>= c44] =f4=> A2

Here Fi is the flow of Li , Ti its temperature, Hi the
resulting mix, Ai the adjusted mix, i =1, 2 (or 3). The
corresponding decision tree is on Fig. 1.

We assume that the above topology of the
decision tree (without the right values of its para-
meters) was derived by the knowledge engineer. The
unknown parameters wij , cij , fi, including the
conflict resolution then form a chromosome
(individual) of length 29 attributes. The global
optimal value of this chromosome is then induced by
the genetic algorithm GA-CN4.

5. Analysis and Future Research

The primary aim of this project was to
design a new methodology for inducing parameters
for an expect system under the condition that the
topology (the decision tree) is known. We have
selected domain-independent genetic algorithm that
searches for a global optimizing parameters values.

Our analysis of the methodology indicates
that it is quite a viable one. The traditional
algorithms explore a small number of hypotheses at
a time, whereas the genetic algorithm carries out a
parallel search within a robust population. The only
disadvantage our study found concerns the time
complexity. Our genetic learner is about 20 times



slower than the traditional machine learning algo-
rithms.

In the near future, we are going to implement
the entire system discussed here and compare it with
other inductive data mining tools. The McESE
system will thus comprise another tool for rule-base
knowledge processing (besides neural net and Petri
nets) [8].

The algorithm GA-CN4 h is written in C and
runs under both Unix and Windows. The McESE
system has been implemented both in C and Lisp.
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Abstract: The quality of steel strip produced in a wide strip rolling mill depends heavily on the careful selection 
of initial ground work roll profiles for each of the mill stands in the finishing train. In the past, these profiles 
were determined by human experts, based on their knowledge and experience. In this research, a Self-Organising 
Migration Algorithm (SOMA), a heuristic optimisation algorithm, has been used to find optimum profiles for a 
simulated rolling mill. The resulting strip quality produced using the profiles found by the optimisation 
algorithm and the quality produced using the original specifications are compared. The best set of profiles found 
by SOMA clearly outperformed the original set. 
 
Keywords: hot strip, rolling, roll profiles, optimisation, SOMA 
 
1 INTRODUCTION 
There is a worldwide overcapacity for wide steel 
strip. In such a “buyers’ market”, producers need to 
offer a high quality product at a competitive price 
in order to retain existing customers and win new 
ones. Producers are under pressure to improve their 
productivity by automating as many tasks as 
possible and by optimising process parameters to 
maximise efficiency and quality. One of the most 
critical processes is the hot rolling of the steel strip 
[1]. 
 
2 HOT ROLLING OF WIDE STRIP 
In a rolling mill a steel slab is reduced in thickness 
by rolling between two driven work rolls in a mill 
stand  (Figure 1). To a first approximation, the mass 
flow and the width can be treated as constant. The 
velocity of the outgoing strip depends on the 
amount of reduction. A typical hot rolling mill 
finishing train might have as many as 7 or 8 close-
coupled stands. 

Mill Housing
Ingoing
Material

Backup Roll
Work Roll

Vin Vout >Vin

Screw

 
Figure 1 –Layout of a 4-high rolling stand. 

2.1 Mill Train 
A hot-rolling mill train transforms steel slabs into 
flat strip by reducing the thickness, from some 200 
millimetres to some two millimetres. Figure 2 
shows a typical hot strip mill train, consisting of a 
roughing mill (stands R1-R2) and finishing stands 
(F1-F7). 
 

F1 F2 F3 F4 F5 F6 F7

Finishing Stands

Strip

R1 R2

Roughing Mill

Slabs Plates

 
Figure 2 –Typical hot strip mill train. 

 
The roughing mill usually comprises one or more 
stands which may operate in some plants as a 
reversing mill, i.e. the slabs are reduced in 
thickness in several passes by going through the 
stand(s) in both directions. When the slab or plate 
has reached the desired thickness of approximately 
35 mm it is rolled by the “close-coupled” finishing 
stands in one pass. Strip dimensions, metallurgical 
composition, and the number of slabs to be rolled, 
together with other process dependent variables, are 
known as a rolling program or rolling schedule. 
 
Within a rolling program, the width of the strip 
changes from wide at the beginning to narrow 
towards the end, because the edges of the strip 
damage the rolls. These damaged areas must not be 



in contact with the strip and therefore, only strip 
with a reduced width can be rolled at that point. 
 
2.2 Strip Quality 
The main discriminator for steel strip from different 
manufacturers is quality, which has two aspects: 
strip profile and strip flatness. 
 
Strip profile is defined as variation in thickness 
across the width of the strip. It is usually quantified 
by a single value, the crown, defined as the 
difference in thickness between the centre line and 
a line at least 40 mm away from the edge of the 
strip (European Standard EN 10 051). Positive 
values represent convex strip profiles and negative 
values concave profiles. For satisfactory tracking 
during subsequent cold rolling a convex strip 
camber of about 0.5% - 2.5% of the final strip 
thickness is required [2]. Flatness - or the degree of 
planarity - is quantified in I-Units, smaller values of 
I-Units representing better flatness. 
 
Modern steelmaking techniques and the subsequent 
working and heat treatment of the rolled strip 
usually afford close control of the mechanical 
properties and geometrical dimensions. In selecting 
a supplier, customers rank profile and flatness as 
major quality discriminators. Tolerances on 
dimensions and profile of continuous hot-rolled un-
coated steel plate, sheet and strip are also defined in 
European Standard EN 10 051.  
 
Both the flatness and profile of outgoing strip 
depend crucially on the geometry of the loaded gap 
between top and bottom work rolls. As a 
consequence of the high forces employed, the work 
rolls bend during the rolling process, despite being 
supported by larger diameter back-up rolls [3]. 
Figure 3 shows a pair of cylindrical work rolls. In 
Figure 4 the effects of the loading can be seen. Due 
to contact with the strip at temperatures between 
800°C and 1200°C the rolls expand, despite being 
continuously cooled during the rolling operation. 
Figure 5 shows the effect of thermal expansion of 
the unloaded work rolls on the roll gap. 
 
 

 
Figure 3 –Unloaded rolls. 

 
Figure 4 –Loaded cold rolls. 

 
Figure 5 –Unloaded hot rolls. 

 
If the geometry of the roll gap does not match that 
of the in-going strip, the extra material has to flow 
towards the sides (Figure 6). If the thickness 
becomes less then about 8mm, this flow across the 
width cannot take place any longer and will result 
in partial extra strip length, and therewith in a wavy 
surface (Figure 7). 

 
Figure 6 –Mismatch between roll gap and strip 

geometry. 

 
Figure 7 –Wavy strip surface. 

The effects of bending and thermal expansion on 
the roll gaps, and the strip tension between adjacent 
mill stands, results in a non-uniform distribution of 
the internal stress over the width of the strip. This 
can produce either latent or manifest bad shape, 
depending on the magnitude of the applied tension 
and the strip thickness [4]. Bad shape, latent or 
manifest, is unacceptable to customers, because it 
can cause problems in further manufacturing 
processes. 
 
2.3 Initially Ground Work Roll Profiles 
To compensate for the predicted bending and 
thermal expansion, work rolls are ground to a 
convex or concave camber, which is usually 
sinusoidal in shape (Figure 8). 



Sine-curve SegmentRoll Neck

Roll Barrel  
Figure 8 – Cambered work roll. 

 
Figure 9 shows how the initially ground camber can 
compensate for the combined effects of bending 
and expansion. 

 
9a. Unloaded rolls 

 

 
9b. Loaded, hot rolls 

Figure 9 –Compensating combined effects.  

 
Due to the abrasive nature of the oxide scale on the 
strip, the rolls also wear significantly. Due to this 
roll wear, the rolls need to be periodically reground 
after a specified duty cycle (normally about four 
hours), to re-establish the specified profile. 
 
2.4 Roll Profile Specification 
The challenge is to find suitable work roll profiles - 
for each rolling program - capable of producing 
strip flatness and profile to specified tolerances. In 
a new mill, these profiles are initially specified 
individually for every single roll program. These 
are often later changed, e.g. by the rolling mill 
technical personnel in an effort to establish 
optimum profiles! This fine-tuning of the roll 
profiles is nearly always carried out empirically.   
 
Due to the lack of accurate model equations and 
auxiliary information, like derivatives of the 
transfer function of the mill train, traditional 
calculus-based optimisation methods cannot be 

applied. If a new rolling program is to be 
introduced, it is a far from straightforward task to 
select the optimum work roll profiles for each of 
the stands involved. 
 
3 OPTIMISATION OF PROFILES 
The seemingly obvious solution of experimenting 
with different profiles in an empirical way is not 
acceptable because of financial reasons  - the 
earning capacity of a modern hot strip mill is 
thousands of pounds per minute, and the mills are 
usually operated 24 hours a day. Any unscheduled 
interruption of strip production leads to 
considerable financial loss.  The use of unsuitable 
roll profiles can seriously damage the mill train. 
The approach chosen in this research is to simulate 
the mill and then apply experimental optimisation 
algorithms. Figure 10 shows the closed 
optimisation loop, containing the mill model and an 
optimisation algorithm. 
 

Optimization
Algorithm
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Target Values

Boundary Conditions
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Figure 10 –Optimisation loop. 

A finite constant volume elements model was used, 
which was developed in previous research. The 
accuracy of the model was increased by using real 
world data to train an Artificial Neural Network to 
compensate for the model error [5][6]. 
 
3.1 The Fitness Function 
In the past, a number of optimisation algorithms 
were used to find optimum profiles for a single 
steel slab [5]. However, in the real world, a 
sequence of different slabs is rolled with the same 
set of profiles (see 2.1). Therefore, the profiles need 
to be suitable for each of the different slabs in the 
same rolling program. This has been taken into 
consideration in this research by adjusting the 
fitness function used to measure the fitness of a set 
of profiles. 
 
The fitness (objective function) has been calculated 
by a combination of crown and flatness values of 
the centre-line, the edge, and the quarter-line 
(Equation 1). To avoid a division by zero, one been 
added to the denominator. The theoretical 
maximum value of this objective function is 1.0. 
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where:  
n: number of different slabs in rolling 

program 
f(x): fitness of solution x, 
Ii(x): I-Units at line i for solution x, 
caim: target crown, 
c(x): achieved crown for solution x, 
α: constant to select the relative contribution 

of flatness and camber, chosen to be 5000 
for the experiments. 

 
As it can be seen from Equation 1, the fitness for 
the rolling program is the average fitness for each 
of the different slabs rolled during the program. 
 
3.2 Optimization Algorithm Used 
In recent years, a broad class of optimisation 
algorithms has been developed for stochastic 
optimisation, i.e. for optimising systems where the 
functional relationship between the independent 
input variables x and output (objective function) y 
of a system S is not known. Using stochastic 
optimisation algorithms such as Genetic Algorithms 
(GA), Simulated Annealing (SA) and Differential 
Evolution (DE), a system is confronted with a 
random input vector and its response is measured.  
This response is then used by the optimisation 
algorithm to tune the input vector in such a way 
that the system produces the desired output or 
target value in an iterative process.  
 
The following section describes the Self-Organising 
Migration Algorithm (SOMA). SOMA is a 
stochastic optimisation algorithm that is modelled 
after the social behaviour of co-operating  
individuals [7]. It was chosen because it was proven  
that the algorithm has the ability to converge 
towards the global optimum [8]. 
 
SOMA is a stochastic optimisation algorithm that 
works on a population of candidate solutions in 
loops - so called migration loops. The population is 
initialised randomly at the beginning of the search. 
In each loop, the population is evaluated and the 
solution with the highest fitness becomes the leader 
L (Figure 11). Apart from the leader, in one 
migration loop, all individuals will traverse over the 
input space into direction of the leader (Figure 12): 
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Figure 11 – 2D example: positions of individual 

before migrating. 
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Figure 12 – 2D example: positions of individuals 

after migration loop. 

An individual will travel a certain distance (called 
Path Length) towards the leader in n steps of 
defined length. If the path length is chosen to be 
greater than one, then the individual will actually 
over shot the leader. This path is perturbed 
randomly.  
 
3.2.1 Perturbation 
Mutation, the random perturbation of individuals, is 
an important operation for evolutionary strategies 
(ES). It ensures the diversity amongst the 
individuals and it also provides the means to restore 
lost information in a population. Mutation in 
SOMA is different compared to other ES strategies. 
SOMA uses a PRT parameter to achieve 
perturbation. This parameter has the same effect for 
SOMA as mutation has for GA. It is defined in the 
range [0, 1] and is used to create a perturbation 
vector (PRTVector) as follows: 
 

paramjj njelsePRTVectorthenPRTrndif ,,1,01 K==<  (2) 
 
The novelty of this approach is that the PRTVector 
is created before an individual starts its journey 



over the search space. The PRTVector defines the 
final movement of an active individual in search 
space. 
 
The randomly generated binary perturbation vector 
controls the allowed dimensions for an individual. 
If an element of the perturbation vector is set to 
zero, then the individual is not allowed to change 
its position in the corresponding dimension. 
 
Figure 13 shows an example of a candidate solution 
Individual 1 that would make a number of steps 
towards Leader L without perturbation. With the 
perturbation vector [0,1] it is only allowed to move 
in y direction.  

Leader

Individual

Step

Position given
by Mass

PRTVector=[0,1]

PRTVector =[1,1]

1

L

 
Figure 13 –Perturbation in SOMA. 

3.2.2 Generating New Candidate Solutions 
In standard ES the Crossover operator usually 
creates new individuals based on information from 
the previous generation. Geometrically speaking, 
new positions are selected from an N dimensional 
hyper-plane. In SOMA, which is based on the 
simulation of cooperative behaviour of intelligent 
beings, sequences of new positions in the N 
dimensional hyper-plane are generated. They can 
be thought of as a series of new individuals 
obtained by the special crossover operation. This 
crossover operation determines the behaviour of 
SOMA. The movement of an individual is thus 
given as follows: 
 

VectorPRTtmrr
→→→→

+= 0  
(3) 

 
where: 
 
 
 
 
 

rr :  new candidate solution 

0r
r

:  original individual 
m: difference between leader and 

start position of  individual 
t:  ∈ [0 , Path length] 
PRTVector:  control vector for perturbation 
 
It can be observed from Eq. (3) that the PRTVector 
causes an individual to move toward the leading 
individual (the one with the best fitness) in N-k 
dimensional space. If all N elements of the 
PRTVector are set to 1, then the search process is 
carried out in an N dimensional hyper-plane (i.e. on 
a N+1 fitness landscape). If some elements of the 
PRTVector are set to 0 then the second terms on the 
right hand side of equation equal 0. This means 
those parameters of an individual that are related to 
0 in the PRTVector are 'frozen', i.e. not changed 
during the search. The number of frozen parameters 
“k”  is simply the number of dimensions which are 
not taking part in the actual search process. 
Therefore, the search process takes place in a N-k 
dimensional subspace. 
 
4 EXPERIMENTAL RESULTS 
SOMA has been applied 50 times in order to find 
the optimum set of profiles. In the rolling program 
there were 14 different slabs, therefore the average 
fitness for this 14 slabs had to be calculated. 
 
The control parameter settings have been found 
empirically: 40 migration loops were carried out by 
20 individuals. The path length was chosen to be 
2.0 , the step size was 0.31 and PRT was 0.1. 
 
From Table 1 it can be seen that the average fitness 
achieved during the experiments was 0.96499526 
out of 1.0. The small standard deviation indicates 
that in most of the searches the same optimum has 
been found, i.e. the algorithm has converged 
towards the global optimum. The algorithm needed 
on average 4418 fitness evaluations until it reached 
that optimum. 
 
 Fitness Fitness 

Evaluations 
Average 
 

0.96499526 4417.7 

Standard 
Deviation 

0.000304117 164.3509498 

Table 1 – Search results. 

Table 2 shows the strip quality achieved using the 
original specification, Table 3 shows the strip 
quality achieved using the best set of profiles found 
by SOMA during the experiments. 
    
 



 Average Standard 
Deviation 

Crown error 
[mm] 

0.06363165 0.03021786 

Flatness edge 
[I-Units] 

13.23412214 14.93880901 

Flatness quarter 
[I-Units] 

32.64022143 40.98805286 

Flatness middle 
[I-Units] 

22.2865 52.16940555 

Table 2 – Strip quality with original profiles. 

 
 Average Standard 

Deviation 
Crown error 
[mm] 

0.023995157 0.026874573 

Flatness edge 
[I-Units] 

2.510596429 7.042907048 

Flatness quarter 
[I-Units] 

29.20729071 41.96476839 

Flatness middle 
[I-Units] 

26.86778571 53.90688005 

Table 3 – Strip quality with best solution found by 
SOMA.  

Table 4 shows the improvement achieved by using 
the optimised set of profiles. It can be seen that the 
average crown error was reduced dramatically by 
62.3% and the corresponding standard deviation by 
11.1%. The strip flatness at the edges was improved 
by 81.0 %, the flatness in the quarter line by 10.5%. 
Only the average flatness in the middle of the slabs 
has decreased by 20.6%. 
 
 Average [%] Standard 

Deviation [%] 
Crown error 
 

62.3 11.1 

Flatness edge  
 

81.0 52.9 

Flatness 
quarter 

10.5 -2.4 

Flatness middle 
 

-20.6 -3.3 

Table 4 –Improvement of strip quality. 

 
5 CONCUSIONS 
In this research, a Self-Organising Migration 
Algorithm (SOMA), a heuristic optimisation 
algorithm, has been used to find optimum profiles 
for a simulated rolling mill. The profiles were not 
only optimised for one particular slab, but for a 
whole rolling program, which is required for a real 
rolling mill. 
 

The resulting strip quality produced using the 
profiles found by the optimisation algorithm and 
the quality produced using the original 
specifications were compared. It was shown that 
the best set of profiles found by SOMA clearly 
outperformed that of the original set. The average 
percentage improvement for crown error and fitness 
values is 33.3% compared to the original values. 
Therefore, SOMA has been applied successfully to 
the optimisation problem described in the paper. 
 
In future work, the performance of other 
optimisation algorithms will be compared with that 
of SOMA in this problem domain. 
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Abstract: This paper describes the modelling, analysis and simulation of artificial foraging ant communities. Each 
virtual ant (vant) taking part in the simulation is modelled as an agent. The objective of each vant is to collect food 
for their community. Our aim is to study the communication flow in the community (and not to be biologically 
realistic). In this way, exchange of information can occur between colliding vants. We have used simulation and 
mathematical analysis to study different situations, such as low memory vants, forgetful vants and dying vants. 
Several statistical properties of these systems are characterized and some emergent phenomena are observed.  
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1. INTRODUCTION 
 
Computer modellization of large individual communities 
is an active area of research. Several objectives can be 
pursued with this kind of simulations, such as the 
resolution and optimization of problems [Dorigo and 
Maniezzo, 1996], and the study of emergent global 
behaviour and social interactions [Alfonseca and de Lara 
2002], [Epstein and Axtell 1996]. The phenomenon of 
emergence occurs when interactions between large 
populations of objects at one level give rise to different 
types of phenomena at another level.  
 
The most common techniques for the simulation of these 
systems are cellular automata [Wolfram, 1994], and multi 
agent systems (MAS) [Jennings et al. 1998]. In this last 
methodology, the key abstraction is the autonomous 
agent. According to [Jennings et al. 1998], an agent is “a 
computer system, situated in some environment, that is 
capable of flexible autonomous action in order to meet its 
design objectives”. MAS have been used extensively in 
very different applications such as industrial 
(manufacturing, process control, etc), commercial 
(information management, electronic commerce, etc), 
and so forth. In this paper, we will focus in the use of 
MAS for the simulation of a community of virtual agents 
with characteristics similar to an ant ecosystem. 
 
We call vants (virtual ants) to the agents in our 
simulation because our aim is not to simulate realistic 
ants, but to study different aspects of knowledge flow in 
the community and the relationship of such knowledge to 
the nest’s ability to survive. In this simulation, each vant 
will be modelled as an object. Our approach differs from 
others, such as: 
 

 [Guérin et al. 1998] where agents communicate 
using the environment, by dropping pheromones, and 
very realistic simulations have been carried out. In 
our simulations, agents communicate directly. This is 
done in order to study the flow of knowledge in the 
community of agents. 

 
 [Anderson et al. 1997] where the population is low 

(100 ants) and uses a modification of the Ollason 
model [Ollason 1987] of hunting by expectation. Our 
agents have simpler foraging behaviour, but we work 
with more agents and experiment with different 
cognitive behaviour. 

 
The purpose of our model is to study different situations 
in communication exchange, such as low memory vants, 
forgetful vants, etc. In previous publications [Alfonseca 
and de Lara 2002a] [Alfonseca and de Lara 2002b] we 
have presented a model in which vants are provided with 
a genotype to control their behaviour (activity, 
talkativity, lying, etc.) In this paper, we are interested in 
characterizing properties of the underlying simplified 
model of basic agents (without genotypes or evolution) to 
better understand the dynamics of the more complex 
model. 
 
2. THE BASIC MODEL 
 
A vant community is composed of a large number of 
agents. In the basic model, vants know the position of 
their nest, and are able to remember the position of one 
food position. When two vants meet, they can exchange 
information if one of them knows where to find food. 
When a vant finds food, it takes some portion of it to its 
nest and returns again until the food comes to an end. All 
the vants start at the nest, located at (0,0) coordinates. 



Figure 1 shows a Statechart representing the vant 
behaviour. 
 
 

 

Figure 1: Behaviour of a vant. 

In the first approximation to this problem, we try to 
characterize some of the properties of the system, such 
as: 
 
 How much time does it take for a colony of vants to 

find food, in average? What is the minimum time? 
 Does this time depend on the number of vants? how? 
 How does the food knowledge propagate between 

vants? How does the communication between vants 
affect the knowledge of the community? 

 
We will answer these questions in the following sections. 
 
3. MINIMUM AND MEAN TIME TO REACH 
FOOD 
 
When the simulation begins, all the vants act as random 
walkers [Berg 1983] that at each step can move to North, 
East, West or South. Several models have been proposed 
to simulate different kind of animal movements 
[Blackwell 1997]; we have chosen this model due to its 
simplicity.  
 
Since all the vants start at the nest, at coordinates (0,0), 
with this kind of movement, it is not possible to reach an 
even cell (whose coordinates add to an even number) in 
an odd number of time steps. For the same reason, it is 
not possible for two vants to be adjacent vertically or 
horizontally. This situation disappears in section 2.3, 
where we allow let vants to be born at any time step. 
 

Suppose the position of the food is (fx, fy), a vant needs 
at least |fx|+|fy| steps to reach the food. The probability 
for a random walker of reaching that point at time 
t=|fx|+|fy| is p(|fx|+|fy|, fx,fy ) = t!/(4t |fx|! |fy|!). In 
general (for t > |fx|+|fy|), the probability for a random 
walker to be at a certain position at a given time step is 
described by a diffusion equation, with coefficients 0.25, 
giving p(t,x,y)t-0.25p(t,x,y)xx-0.25p(t,x,y)yy=0. This 
equation can be simulated with a real-valued cellular 
automaton. In the automata, the probability splits in equal 
parts to the 4 nearest neighbours cells. The behaviour of 
this automaton and a finite differences [Stri89] scheme 
(classical one, forward differences in time) is exactly the 
same, as can be seen in the following equation: 
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i.e. the value of the cell in the next time step is the 
average of the four neighbours. For the second step in the 
derivation, we have taken ∆=∆x=∆y=1. To solve this 
equation, we take as initial conditions (assuming the nest 
is located at (0,0)):  
 

p(0,x,y)=  1 if x=0 and y = 0 
  0 elsewhere 
 
The boundaries are at infinity. The exact solution of the 
previous equation for t>0 is: 

 
But in our case, it is not useful to use this solution, 
because in the problem we want to simulate, each 
position has four neighbours (the “ground” is 
discretized); whereas in the exact solution the 
contribution to each point is done by integrating in the 
surrounding circle; time is also supposed to be 
continuous. This is not the case in our simulation, in 
which the time advances in a discrete manner. From now 
on, p(t,x,y) will be solved using the solution given by the 
discrete approach (the cellular automaton or the finite 
differences scheme). 
 
If we have N vants, the probability for at least one of 
them to reach (fx,fy) at time t is 1-(1-p(t,fx,fy))N. For 
example, if the food is located at position (10,10), we 
need at least 20 time steps to reach the food, the 
probability for one vant to find the food in 20 steps is of 
the order of 10-13. When t > 20, the probability for 
position (10,10) to be occupied by one of the 100 vants 
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follows the curve in figure 2. Observe that since the sum 
of the x and y coordinates is even, the probability is zero 
for odd steps of time. It reaches its maximum at t=200 
(p(200,10,10)=0.11055). 
 
The probability of a cell being discovered for the first 
time exactly at time=t by one or more vants is: 
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Figure 2: Probability that cell (10,10) is occupied in a 
random-walk of 100 walkers starting at (0,0) 

The expected time for the cell (10,10) to be occupied for 

the first time is: [ ] ∫
∞

=

⋅=
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Care must be taken when calculating the previous 
integral, because of the sawtooth shape of function p. 
Experimentally, with 125 simulations and 1000 vants, the 
mean time to reach the food has been found to be around 
48.48, with a standard deviation of 11,3. The theoretical 
value was 44.2. As the number of vants increases, the 
time to reach the food tends logarithmically to the 
minimum time necessary to reach the food (20), and the 
standard deviation decreases in the same way. This can 
be seen in figure 3. 
 
4. KNOWLEDGE PROPAGATION WITHOUT 
INFORMATION EXCHANGE 
 
Once food is reached, the vant remembers the position 
where it has been found, returns to the nest, and comes 
back for more food. If it collides with another vant that 

does not know the food position, this vant is told the 
position. The question that we may ask is: how many 
vants will know where the food is? Before we tackle this 
problem, we have tried a simpler case, with no 
information exchange. This model will help us to prepare 
the more complex model in section 5. 
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Figure 3: Average time to reach the food at (10,10) 
(theoretical and experimental) as the number of vants 

increases. 

Suppose that the function returning the number of vants 
that know where the food is K(t). Obviously K(0) = 0. 
The increment at each time step of this function is given 
by:  
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Where N is the total number of vants. (fx, fy) are the 
coordinates of the food position. The term in square 
brackets represents the probability of a given vant to 
reach the food exactly at time t. The curve for 
(fx,fy)=(0,10) and N=100 vants can be seen in figure 4. It 
exhibits a fast growing at the beginning, because N –K(t) 
is greater. When p(t,0,10) decreases, the slope of K(t) 
also decreases. The curve shows our experimental results 
(the average of 10 experiments, with the standard 
deviation). 
 
5. KNOWLEDGE PROPAGATION WITH 
INFORMATION EXCHANGE 
 
Next we have considered the case with information 
exchange. In this case an analytical model is too complex 
and we only show experimental results (see figure 5). 
 
The results show simulations with 100 vants, with the 
food at a distance of 10. Note how the maximum final 
number of vants that know the food position is found to 
be around 65. The curve exhibits a logarithmic behaviour 
which approaches to this value. This happens because, as 
time increases, the vants are more dispersed, and it is 
more difficult for them to reach the food location and to 



collide with one another. For this reason, the slope of the curve decreases. 
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Figure 4: Vants that know the food position, without information exchange in collisions. 
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Figure 5: Vants that know the food position, with information exchange in collisions. 

 
For distant food locations, the curve is shifted to the 
right, with less slope. Communication thus increases the 
knowledge especially in the first stages of the simulation. 
It can be observed that the curve in figure 5 is steeper at 
the beginning than the one in figure 4. 
 
For the implementation of this simulation in OOCSMP 
[Alfonseca and de Lara 2002b], each vant was 
represented as an OOCSMP object. The territory, with 
information about the food sources is represented as 
another OOCSMP object. In the main simulation loop we 
compute the number of vants that know where to find 
food. An applet with this simulation is accessible from:  
www.ii.uam.es/~jlara/investigacion/ecomm/otros/canti.html. 
 
In the next sections, we will describe some situations that 
happen when the basic model is modified. 
 
6. FORGETFUL AGENTS 
 
The first variation in the previous models is the inclusion 
of forgetful vants. We allow vants to remember the food 
location only for a number of time steps. Figure 6 shows 
a simulation for the cases where vants can remember for 

3 time steps (including the current time step), with a 
population of 200 vants. The figure shows the number of 
vants that know where to find food (to the right) together 
with each vant position (to the left). It can be noticed that 
the knowledge about the food position is not spread 
throughout the population. For the food distances chosen, 
four time steps seems to be the lower limit for a 
significant amount of vants to learn where the food is. 
For longer distances a longer memory is needed. For 
bigger communities, the required memory time is 
reduced. For example, with 500 vants, in the same 
conditions, three time steps are enough. 
 
In this situation an interesting phenomenon emerges: the 
vants remember the position of the food by moving in 
groups, when a vant of the group forgets the food 
location, it immediately collides with another vant of the 
same group, that communicates it the food location. For 
example, in a simulation with 75 vants, with the food at 
(15,0), two vant groups were formed, one with 12 vants 
and the other with 8. The number of vants in the groups 
never decreased, and increased gradually. It is clear that 
this phenomenon emerges because vants cannot manage 
in another way to remember the food location. 



Another interesting situation arises when we model 
knowledge reinforcement. Each vant encounter where 
both individuals know the same food position will result 
in a reinforcement of their knowledge (they will 
remember for one time step more). In this situation, a 
memory of two time steps (the current time step and the 
next) is enough to spread the knowledge of a food 
position to a population of 500 vants.  

Figure 6: 200 vants with memory of 3 time steps 

7. FINITE AMOUNT OF FOOD 
 
In this simulation, food runs out, but can appear 
randomly somewhere else. The amount of food is also 
random. Agents in this simulation are not forgetful. In 
this situation, the knowledge curve grows more in the 
moments when a place with a greater amount of food is 
located. An interesting phenomenon emerges, similar to 
the spread of rumours: when the food disappears from 
one place, there are still vants that believe that the food is 
there, and this knowledge can be propagated (although it 
is false). When the vants realize that the food is not there, 
the belief curve decreases quickly. 
 
8. VANTS THAT DIE AND ARE BORN 
 
In these simulations, we have introduced an extension to 
the previous situation: vants grow old, and when they 
reach a certain age (predefined individually when each 
vant is born, and chosen randomly, between certain 
limits), they die. Death can be postponed when the vant 
eats. When a vant finds food, it takes a portion, and 
carries it to the nest. Once there, it leaves half of the food 
in the nest and eats the other. The food in the nest is used 
to produce new vants. In this scenario, we can control 
several parameters, to investigate if the community will 
survive or not: 
 The number of food locations and the maximum and 

minimum amount of food per location. If these 
parameters are low the community always dies, if 
they are very high, the community always survives. 

 How many time steps a vant increases its life when it 
eats. 
 The maximum vant age. 
 A plane infinite world, or a torus world (with the 

upper and lower borders connected, as well as the 
sides). 
 The rate of vant birth. There are several strategies: 

o Employing all the available food to create new 
vants. 

o Creating vants if a food location has been found. 
o Employ a fixed percentage of food to create new 

vants at each time step. 
 Whether the “new” vants are born knowing the last 

food location found or not. In the first case, we are 
promoting the appearance of rumours. This strategy 
seems a little worse than letting the new vants 
explore randomly: in 100 experiments with the other 
control parameters at the same value, the average 
time for extinction was about 5450, while the 
random exploring strategy lifetime was about 6700. 

 

Figure 7: Simulating finite food places and dying vants 

Figure 7 shows a moment in one of the simulations, with 
the following parameters: 700 vants in the nest initially; 6 
food locations; the maximum amount of food per 
location is 150; a vant can live up to 650 time steps 
initially and 50 more time steps when it eats; Plane torus 
world with 2500 cells; 1/3 of the food in the nest is used 
to create new vants; the new vants are told where to find 
food. The upper left panel shows a large concentration of 
vants to the right. This is due to a rumour; there is a large 
line of vants that believe that there is food to the right, 
but that food location has been depleted. In the upper 
right panel, the dark grey line at the middle represents the 
community belief, the light grey at the top the amount of 
food in the environment, and the black at the bottom the 
amount of food in the nest. The lower panel shows the 



number of vants. In all the simulations with these 
parameters, the population finally decreased to zero. In 
the case in figure 7, this happened at time = 5638. 
 
 
9. CONCLUSIONS AND FUTURE WORK 
 
This paper presents several simple models that simulate 
the behaviour of virtual ant (vant) communities. Different 
situations have been simulated or analyzed, such as 
forgetful vants, finite food, dying vants, etc. Some 
characteristics of the systems have been established in an 
analytic way, such as the minimum time to reach food, 
average time to reach food, knowledge propagation, etc. 
Using simulations, some emergent behaviour has been 
identified: rumours and grouping. In the forgetful vants 
scenario, vants form groups to be able to reach the food, 
this is necessary as otherwise they forget where the food 
is. Propagation of rumours has been observed in the 
situation where food is depleted from one place, but 
some vants are still propagating the information. In the 
last experiment (dying vants), comparisons between 
several strategies are done, and emergent behaviour due 
to rumours is observed. It seems that the strategy that 
allows the population to survive for the longest time is 
the one that minimizes the rumours, because, in our 
context, following a rumour means a waste of energy for 
the vants.  
 
These simple models have helped us to better understand 
the more complex models presented in [Alfonseca and de 
Lara 2002a] and [Alfonseca and de Lara 2002b]. In those 
models we allow evolution and different vants’ 
parameters are inherited (such as parameters for being 
communicative, sceptical, fast, liar...). Natural selection 
is used to determine the better combination of individual 
parameters to confront different situations. 
 
We are working on an analytical model of knowledge 
propagation where the vants can communicate, also comparing 
and enriching our system with results obtained by means of 
other formalisms, such as cellular automata and L-Systems, 
although they have some limitations. For instance, it is difficult 
to represent individual memory. We may also use other forms 
of vant movement (such as the one proposed in [Blackwell 
1997]), because unbiased random walks provide a very 
inefficient way of displacement over long distances. 
 
Finally, this paper has an electronic and interactive version, 
where it is possible to experiment with the simulations, 
changing the number of vants, food positions, the memory 
length, etc., accessible from:  
www.ii.uam.es/~jlara/investigacion/ecomm/otros/canti.html 
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Abstract: This paper proposes some extensions to UML for agent-based modelling and simulation, where the 
agents follow either a purely reactive or a hybrid layered approach (reactivity combined with proactivity). The 
extensions include notations for sensors, effectors and agent’s capabilities and their specification in a formal way. In 
this work, agent-based simulation is also proposed as a method to help in the evaluation of security in buildings by 
simulating their evacuation. These simulations allow us to measure evacuation time of different scenarios, to play 
with different structural properties of the building and test their influence in the building security, which can be 
useful during its design. In these simulations, people are represented by means of agents using a hybrid layered 
approach. The lower layer deals with collision avoidance and doors’ visualization, while the higher layer builds 
models of the environment (rooms’ connectivity) to help the agent find the exit. Buildings are conceptually modelled 
as graphs where vertices and edges represent rooms and doors respectively. Rooms are discretized and represented as 
two-dimensional grids, in which agents can move.  
 
keywords: Agent-Based Simulation, Hybrid Agents, UML, Building Safety, Crowd Simulation. 
 
1. INTRODUCTION 
Computer simulation is a valuable tool in situations in 
which experimentation with the real system is dangerous, 
expensive, or non-ethical. It is useful for decision-making 
as it enables the experimentation in multiple different 
scenarios in an inexpensive way. The increasing speed of 
today’s computers is making possible the simulation of 
systems described by a large amount of interacting 
entities. For the modelling of such systems, one usually 
uses Cellular Automata or Agent-Based techniques 
[Jennings et al. 1998]. The former is more appropriate 
when individuals are simple and alike. The latter is more 
natural when individuals have more complex capabilities, 
such as sensors, effectors, internal complex states or 
reasoning abilities. Multi-Agent Systems (MAS) have 
been used in very different areas such as manufacturing, 
process control, information management and electronic 
commerce. In this paper, the concept of MAS is used for 
the modelling and simulation of a large number of 
individuals trying to escape from a building. Agents are 
modelled using a reactive layered architecture. In a 
purely reactive approach there is no symbolic reasoning, 
the agent behaviour is expressed as finite state machines 
[Brooks 1995]. In the approach of the present work, the 
behaviour is decomposed in layers dealing with reactive 
and pro-active behaviour.  
 
Although there are many languages for agent-based 
simulation programming (such as Swarm [Swarm 2003], 
or OOCSMP [Alfonseca and de Lara 2002]), there is a 
need for higher-level, graphical, intuitive notations to 

help in the modelling phase of such systems. Some 
emerging approaches use UML [Booch et al. 2002] 
extensions especially devised for the modelling of MAS 
[aUML, 2003]. These are notations suitable for the 
design of applications composed of agents, and mainly to 
specify interaction protocols for the application agents 
[Bauer at al. 2000]. In opposition, the extensions 
proposed in this paper are mainly useful for the 
modelling of Agent-Based Simulations. In particular, we 
propose extensions to model the agent sensors and 
effectors (to express the agent’s interaction with the 
environment) and the agent capabilities. The extensions 
proposed for sensors and effectors follow the line of 
[aUML, 2003], for example, in [Bauer, 2001] interfaces 
are also used for expressing communication (in the case 
of an application “interacting protocols”) between 
agents. In this paper we also propose the inclusion of the 
concept of agent and classes of agents in some of the 
standard UML diagrams, giving rise to agent diagrams 
(similar to object diagrams), agent class diagrams 
(similar to class diagrams) and agent collaboration 
diagrams (similar to collaboration diagrams). This last 
kind of diagram is proposed as a means to formalize 
some of the agent’s capabilities, in a similar way as 
[Engels et al. 2000], but for a different purpose.  
 
The extensions for agent-based modelling proposed in 
this work are illustrated by means of an example: the 
simulation of building evacuations. This paper proposes 
such agent-based simulations as an inexpensive means to 
help in the evaluation of building security. While 



designing the building, simulations can help in 
architectural decisions which may affect building 
security, such as the placement of regular and emergency 
doors, and room’s connectivity. In this case, simulation is 
the only choice, as direct experimentation (real 
evacuations) cannot be performed. For already existing 
buildings, simulations can complement evacuation 
simulations with real people, as they are less expensive 
and less annoying for the building inhabitants. 
Simulations make possible to experiment with different 
scenarios of people density in each room, with different 
environmental factors (fire, smoke, different degrees of 
visibility, etc.) or as a means to evaluate the impact of 
changing some security features in the building; for 
example, adding new emergency doors, indicators, etc. 
 
2. EXTENDING UML FOR AGENT MODELLING 
UML is becoming ever more used in the software 
community. For that reason, in this work the standard 
UML is used as much as possible, although extensions 
have been added to some of the diagrams and are 
explained in the next subsections. 
 
2.1 Agent Class Diagrams 
A class diagram is a graphical view of the static 
structural model. Here we propose to include Agent 
Classes in this kind of diagrams. These describe the kind 
of agents that exist in the system (in this paper we only 
consider reactive or hybrid agents). In standard UML, 
there is a notation for active objects (with their own 
thread of execution). Autonomous agents must have their 
own thread of execution, but they are not mere objects: 
they have a (partial) knowledge of their environment (by 
means of sensors) and may act upon it (by means of 
effectors). They have abilities and can be requested to 
perform a certain action. This is different from invoking 
a method on them, as the agent may refuse to perform the 
action. Figure 2 (Agent class Runner) shows the symbol 
we use for Agent Classes. There is a separate box for 
capabilities and another for actions. Capabilities are 
arranged in layers, separated by a dotted line. If 
capabilities or actions are not specified, the 
corresponding box can be omitted. We also provide 
symbols for the agent’s sensors and effectors (similar to 
the ones used for interfaces, but filled in black). It is 
possible to connect other (Agent) classes to these black 
dots to mean that the agent can sense or act upon that 
other class. An example of the use of these symbols is 
given in Figures 2 and 3. Most of the times, Agent 
Classes have one or more associated Statechart diagrams 
specifying the agent behaviour (see Figure 1). 
 
2.2 Agent Diagrams 
A static object diagram is an instance of a class diagram, 
where objects and their relationships may appear. It 
shows a snapshot of the state of the system at a point in 

time. Here we include Agents in this kind of diagrams. 
These are instances of Agent Classes, and are represented 
in a similar way (see Figure 3). 
 
2.3 Agent Collaboration Diagrams 
These diagrams show graphs of objects linked to each 
other, toghether with their communication patterns. Here 
we use these diagrams to specify some of the agent 
capabilities in a formal way. In order to specify a 
capability, one has to provide a number of collaboration 
diagrams; each one of them can be applied under 
different circumstances (in a similar way as graph-
grammars [Engels at al. 2000] and rule-based 
programming). Each collaboration diagram is assigned a 
priority that specifies the order in which the collaboration 
diagram will be tried. A collaboration diagram is 
applicable if it is consistent with the state of the system at 
that moment. That is, if an homomorphism between the 
system’s state and the collaboration diagram can be 
found. When the collaboration diagram is applied, the 
nodes and links tagged as new and destroyed are created 
and destroyed. Collaboration diagrams are also extended 
with the capacity to return values (as here they are used 
as a means to specify functions). An example of a 
capability specified in this way can be found in Figure 6. 
 
This approach has similarities with graph grammars. 
These are composed by rules, each having graphs in their 
left and right hand sides (LHS and RHS). If a rule makes 
a match with a certain part of an input graph (called host 
graph) the rule can be applied and the zone of the graph 
that was matched is replaced by the RHS of the rule. In 
the extensions to collaboration diagrams that we propose, 
both LHS and RHS are collapsed into a single graph, and 
the nodes and links to be created and destroyed are 
tagged with new and destroyed. We also use negative 
application conditions in collaboration diagrams, which 
is a standard notation in graph grammars in the form of 
crossed-out elements (see Figure 6). It expresses the fact 
that, in order for the rule to be applied, the crossed-out 
elements must not be present in the matched graph. A 
similar idea but applied in another context, and without 
the possibility to return a value was proposed in [Engels 
et al. 2000].  
 
An example of the use of these extensions is presented in 
the following section. 
 
3. EVALUATING BULDING SECURITY WITH 
AGENT-BASED SIMULATION 
 
3.1. Single room model 
This section deals with the simpler case, in which we 
consider evacuations of single rooms. In our model, 
rooms are discretized and represented as two-
dimensional, rectangular grids.  Each cell of the grid can 



be empty, contain up to three agents, a wall or a door. 
Doors can be made wider by concatenating several of 
them. Time is discretized, in such a way that agents can 
move to one of the eight neighbour cells at each time 
step. Agents do not communicate. Once an agent sees a 
door, its objective is to move towards it in a straight line. 
If at some moment the shortest path cannot be followed – 
because there are many agents blocking the way – the 
agent moves to the least populated neighbour cell. If the 
agent has not seen a door before, then it moves to the 
most populated neighbour cell containing at most two 
agents (that is, he will try to “follow the crowd”). The 
simulation finishes when all the agents have reached a 
door. Figure 1 is a Statechart representing this behaviour. 
Some transitions in the model invoke methods 
(lookAround() and move(where)), which should be 
considered as the agent capabilities. These capabilities 
make use of the agent’s sensors and effectors (simulated, 
as we are implementing agents in software). In the case 
of lookAround, the agent is interested in visualizing 
either a door (which sometimes may not be visible), or 
the most populated place. By means of tm(1) we specify 
that at each time step, the agent should perform a certain 
action, depending on its current state. 
 
The agent’s structure is shown in Figure 2. It shows an 
agent class (Runner), which has a sensor (iVisual) and an 
effector (iLocomotion). Special relationships (is visible 
and can move in) come from the classes that the sensors 
or effectors can act or sense. In this case, the iVisual 
sensor can sense either Doors, Walls or other Runners. 
The iLocomotion effector can act on Rooms (that is, 
agents can walk in the room). Agent capabilities move 
and lookAround are specified in the Agent class lower 
box. Attributes doorX and doorY are used to store the 
position of the door the agent is moving towards (in the 
case he has seen a door before). A Runner is situated in a 
room, and this is expressed with the relationship class 
Position. 

 

 

 

 

 

Figure 1: Behaviour of the Runner Agent. 

A UML Package delimits the environment, which 
consists of a room made of several doors and walls. 
Doors are placed in walls (relationship “has”). The 
spatial dimensions of the room are stored in attributes 
width and length. The door coordinates are stored in 

attributes px and py. The initial and final wall coordinates 
are stored in attributes xinit, yinit and xend, yend 
respectively. Only walls parallel to the X or Y axis are 
allowed in the model. The interaction between the 
environment and the agents is expressed by using the 
sensor/effector notation introduced in section 2.1. 
 
Figure 3 shows an “agent diagram” that reflects the way 
in which an agent can sense the presence of doors or 
other agents. The figure shows a situation in which an 
agent (r1) is able to see another agent (r2) and a door. 
The condition for this to happen is that no other visible 
object must be between r1 and r2 or the door. 

Figure 2: An Agent Class Diagram. 

 

 

 

 

 

 

 

Figure 3: An Agent Diagram 

The model has been programmed in C++, as efficiency in 
time and memory is needed, because thousands of agents 
will be created in the simulation. Agent programming 
languages are less efficient than programming directly in 
C++, because it allows for optimisation of the code by 
hand. On the contrary, agent languages provide higher-
level constructs that make the programming easier. The 
implementation of the movement in straight line was 
done using the Bresenham’s line drawing algorithm. To 
illustrate the usefulness of this model the following 
subsection shows some of the experiments performed. 
 



3.2. Experiments 
Two different sets of experiments were performed to 
evaluate the effect of door placement in the time it takes 
the agents to escape from the room (of size 42x42). In the 
first set, four doors were placed in the room, in different 
configurations, each one tested with different density of 
agents, from 0.125 to 3 (the maximum, as in each cell at 
most three agents can be present at the same time). Forty 
experiments were performed with each room 
configuration and for each agent density.  

 
(a) 

 
(b) 

Figure 4: Time to escape with respect to agent density 
for different door configurations: 4(a) and 8 doors(b). 

Figure 4(a) shows the results of each configuration tested 
for different agent densities. The X-axis is the agent 
density; the Y-axis is the time it took the agents to escape 
(average of the 40 experiments). The first configuration 
has a door in the middle of each wall. Setting the origin 
of coordinates at the upper left corner of the room, the 
second configuration has doors at (5, 0), (35, 41), (41, 
35) and (0, 5). The third room has doors at (20, 0), (20, 
41), (41, 35) and (0, 6). The fourth room has doors at (20, 
0), (20, 41), (41, 19), (0, 19). The first configuration 
gives the better time, as agglomerations tend to form near 
the doors, making the escape process more difficult. If 
two doors are “too near” these agglomerations are even 
bigger. An example of this is configuration 2, which 
gives the worst results, as it has very close pairs of doors 
in the room corners. The advantage of configuration 1 is 
bigger as the agent density goes up, because the effect of 
the agglomerations as the density of agents increases is 
bigger. 
 

Figure 4(b) shows the results of the second set of 
experiments, with eight doors. One of the objectives was 
to test the efficiency of 8 doors against 4 bigger doors, 
which can be produced by joining two smaller doors. The 
first configuration has two doors in each wall, each one 
placed in an equidistant position to the other door and to 
the corner of the room. For the second configuration, a 
big door (composed of two smaller doors) has been 
placed in the middle of each wall. The third configuration 
is a room with one big door in the North and in the 
South, and two smaller ones in the East and West. These 
are placed at 5 units from the end of the walls. Finally, 
configuration has two doors in each wall, at 5 units from 
the end of each wall. The best results have been obtained 
with the first configuration, for the same reason: if two 
doors are too near, agglomerations are formed. To reduce 
this effect, the simulations show that (specially if the 
room is very crowded) it is better to have numerous small 
separated doors than a few big doors. 
 
3.3 Extending the model for multiple rooms 
In this section, we consider buildings with multiple 
rooms. The agent structure must be extended with a 
“mental” representation of the rooms’ connectivity to 
guide the agent in his navigation towards the exit. We 
can experiment with two situations: in the first one the 
agent does not have any a priori knowledge of the 
building connectivity, he builds his mental map while 
navigating through the building looking for the exit. In 
the second situation, we assume that the agents have 
partial or total information about the building. In both 
cases, the mental map is used by the agent to navigate 
trough the building.  
 
Left of Figure 5 reflects this situation. Class Building has 
been introduced, composed by a number of rooms. Class 
Door has been extended with the attribute type indicating 
if the door is an exit or leads to another room. While 
inner doors are connected to other inner doors leading to 
other rooms; exit doors are not connected to other doors, 
as they lead to the outside. The mental map of the 
environment the agent builds and uses for navigation is 
shown in a separate package. A relationship of type 
“represents” expresses the fact that the agent is able to 
recognize a real room if he has been in the room before. 
The same happens with doors inside rooms. The agent 
also remembers if he has explored the door before or not. 
As the mental map is a model of the environment (an 
abstraction), the agent does not memorize room or wall 
dimensions, as they are not needed for navigation. The 
agent capabilities have been extended with the possibility 
to memorize new rooms or doors as they are discovered. 
Capabilities have been arranged in two layers. The upper 
layer capability (getDoor) is higher-level than the lower 
layer ones and is used by the agent to decide the most 
appropriate door to go to, and accesses the mental map. 



 
Figure 5: Agent Class diagram with the model for multiple rooms (left). Behaviour of the agent (right). 

  
 
 
 
 
 
 
 
 
 

Figure 6:Collaboration Diagrams for Specifying the getDoor capability 

If the agent has a priori knowledge of the building map, 
then this capability guides the agent through the shortest 
sequence of rooms towards the exit. If the agent does not 
have a priori knowledge, then his mental map may not be 
complete, and several situations can arise. In the easiest 
case, if he knows an exit door in the current room, this is 
the most appropriate door. If an exit door is not present in 
the current room, then the agent searches in his mental 
map to check if some of the neighbour rooms have an 
exit door. If this is the case, then the most appropriate 
door is the one leading to that room. In other case, the 
agent chooses the door that leads to a non-visited room, 
and if all rooms have been visited before, he chooses the 
least visited room. This complex behaviour can be 
formalized using a number of agent collaboration 
diagrams specifying the expected behaviour of the 
getDoor capability. Each collaboration diagram specifies 
a situation that, if present at run time, will cause the 

capability specification to be executed. For example, the 
first diagram in figure 6 shows the situation in which an 
agent is in a room with an exit door. In this case, the 
capability returns this door as the most appropriate. This 
diagram does not state that the agent must only know one 
room, but that this is the minimum set of elements that 
must be present in order for this situation to be valid.  
 
The second diagram specifies the situation in which the 
exit door is in a neighbour room. The third diagram 
applies when the agent does not know any exit door in 
the current or neighbour rooms (or there are not any). In 
this case the agent chooses a room not visited before. In 
the fourth diagram the situation is the same, but the agent 
does not have a complete knowledge of the environment: 
the map is not complete. If he finds a door which does 
not have any connection, the door is not explored. The 
negative application condition means that the agent must 



be in a room with a door that has not been explored. 
Finally, the last diagram shows a situation in which the 
agent chooses the least visited neighbour room. 
 
The Statechart showing the agent’s behaviour has to be 
modified to consider the navigation between rooms and 
is shown to the right of Figure 5. If the agent does not 
have a priori knowledge of the environment, then from 
the initial state he moves to the “Moving Randomly” 
state. If the agent has a priori knowledge, two situations 
may arise. In the first one, the agent knows that the exit 
door is in the current room, so the agent moves to state 
“Moving to Exit Door”. In the second one, the agent 
knows that the exit door is elsewhere, so he selects the 
most appropriate inner door to move to and moves to 
state “Moving to Inner Door”.  
 
4. CONCLUSIONS AND FUTURE WORK 
This paper has proposed some extensions to the UML for 
the modelling of reactive or hybrid agent simulations. 
The extensions introduce elements similar to interfaces to 
express agent’s sensors and effectors. Special 
relationships are introduced to express the fact that other 
agents or objects can be sensed or acted upon by these 
sensors and effectors. Instances of these relationships and 
symbols can be found in agent diagrams (a kind of 
diagram similar to object diagrams). Agent capabilities 
are declared in an extra box in the agent class box. 
Capabilities can be formally specified using a number of 
agent collaboration diagrams, in a similar way as graph 
grammars rules. Packages are used to separate the 
environment and the agent memory. The extensions 
continue the line of the ones proposed by the aUML 
community and have been used to model building 
evacuations. This kind of simulations is an inexpensive 
means to test building security, and can be a complement 
to real evacuation simulations. 
 
We are extending the model with the possibility to 
evaluate exit signals placement, experimenting with 
situations of low visibility and communication between 
agents. We want to test the model with real buildings, 
validating the simulation results with data from real 
building evacuations. We are also implementing the 
proposed UML extensions in the meta-modelling tool 
AToM3 [de Lara and Vangheluwe 2002], in such a way 
that code for some agent programming languages will be 
generated from the models. We are also constructing a 
meta-model to allow the users model different kinds of 
buildings. These models have to be translated into object 
diagrams for further processing.  
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1 Introduction

Face recognition is a major area of research with numerous potential commercial and industrial
applications. The performance of face recognition techniques depends heavily on the accuracy of the
detected face position within the input image - once the face position is determined, a rectangular box
will be extracted from that area, normalized in both scale and orientation, and passed onto the face
recogniser.

A natural approach to face detection is to use a colour model to locate skin-like areas in the image
[1][2][3]. Image pixels can be labelled as skin or non-skin pixels according to the values of the pixels
with respect to the colour model. The problem with this approach is that skin colour varies under
different lighting conditions and other objects or even the background may have the same colour as the
skin. A widely used approach is to model faces and non-faces as two separate classes. A typical such
system is Rowley’s neural network-based face detector [4]. The detector consists of a set of neural
networks trained by a large training set of face images and non-face images. Pixel values of 20x20
subwindows are input to the neural networks, and outputs from these networks are put through an
arbitrating process to arrive at the final decision as to whether a subwindow is a face image. Feraud’s
face location methods [5] are also based on neural networks and the size of the subwindows is 15x20.

Another popular approach to face detection is based on matching facial features. This approach aims to
find the arrangement of certain features such as the eyes, nose, and the mouth in the image, which
forms a face pattern. Since it is quite difficult to locate these facial features accurately in light of image
variations in illumination and facial expression, some feature extraction methods perform wavelet
analysis [7] on the image. For real time applications detection speed is very important. Viola et al [9]
proposed a rapid object detection algorithm using a basic and over-complete set of Haar-like features
and a cascade of classifiers. These classifiers were combined to produce a more powerful one. The
multi-stage classification procedure reduces the processing time substantially and yet achieves almost
the same accuracy as the single stage classifier. Rainer and Jochen [10] extended the basic set of Haar-
like features by a set of 450 rotated features. In addition, they performed a new post-optimisation
procedure for the boasted classifier and improved the performance significantly. A hit rate of 82.3% on
the CMU face set is reported. But the method is sensitive to head pose - only nearly frontal faces (±100)
can be detected. To address the over-fitting problem due to lighting conditions, poses and complex
backgrounds, R.Y. Qiao and Y. Guo proposed a soft margin AdaBoost algorithm [11]. A regularisation
term was introduced and the most effective weak classifiers are selected. Experimental results showed
an improved performance over the original AdaBoost algorithm.

Instead of using the original image, experiments have shown that it is possible to locate face patterns in
the edge orientation image. Fröba and Küblbeck [6] extract the edge orientation map from a face model
and use this to match against the edge orientation map extracted of the input image. To locate faces
larger or smaller than the face model a pyramid of edge orientation fields has to be built. Since this
method uses only the edge orientation information, false detection usually occurs when image texture
or edge frequency is high. In [13], a fast face detection algorithm using skin colour information and
orientation map matching is proposed. A colour image is converted to a skin probability image using
the Gaussian skin colour model, from which an orientation map is extracted. After that, the orientation
map is matched with a pre-generated model. It is indicated in [13] that skin colour information can be
used to suppress the background. As a result, false detection at high edge frequency areas can be
reduced. Recently, an edge-based shape comparison method [8] was used for face detection. 2D
Hausdorff distance (HD) was used as a similarity measure between a general face model and possible
instances of the object within the image. After a coarse detection of the facial region, face location is
refined in a second phase. Accuracy of 91.8% on BioID database [14] was reported.



This paper proposed an edge orientation based algorithm for face detection in grey images. Since
colour information is not available in grey images, orientation histogram is included for detection.
Experimental results show that 93.7% accuracy is achieved for the BioID database, which contains
1521 images with large a variety of lighting conditions and backgrounds. Since the histogram is used to
filter the blocks before they are matched with the template, our algorithm is also faster in speed.

2 Orientation Extraction

As shown in [13], a block-based orientation extraction method is adopted in our algorithm. Two 3×3
Sobel operators, Sx for horizontal filtering and Sy for vertical filtering, were convolved with the image

I(x, y) to generate two gradient images ),( yxGx and ),( yxG y .

),(),( yxISyxG xx ∗=
(1)

),(),( yxISyxG yy ∗=
(2)

Similar to the algorithm used in [12], the gradient images ),( yxGx  and ),( yxG y  are divided into a

serious of non overlap windows of size w×w, each pixel (x, y) in the same window centred at pixel (i,
j) is assigned the same orientation value O(x, y) as below:
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After the orientation field of an input image is estimated, the certainty level of edge orientation at pixel
(x, y) in the same window centred at pixel (i, j) is defined as below: [12]
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A 3 x 3 box filter (or averaging mask) is used to smooth the estimated orientations obtained from
previous result so as to remove any abrupt changes in orientation that are caused by noise in the low
image quality regions. The edge information on homogenous parts of the image where no grey value
changes occur is often noisy and bears no useful information for the detection [6]. A threshold Tc is
applied to the certainty level C(x, y) to generate an edge certainty level field Ct(x, y).
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Figure 3 (b) shows the orientation map extracted from Figure 3 (a). The edge orientation information
can be rewritten as a vector field as below:

),(),(),( yxjO
t eyxCyx =V (7)



3 Orientation Histogram

In our experiment, we found that orientation histogram was also a very useful feature for face
detection. To apply this kind of feature for detection, a face orientation model was generated at first as
described in section 4.1. The histogram of this orientation model is shown in Figure 1. From this figure,
we can see that the range of orientation is from 0 to π, the histogram is nearly symmetrical along the
axis located at π/2 for a face with frontal view and upright position. Figure 2 (b), (d) show the
orientation histogram from a typical face image and a typical background block from the test database
respectively. The orientation histogram of the face image is similar to that of model except that the
curve is less smooth. On the other hand, there are much difference between the histogram of
background block and that of model.

Figure 1 Orientation Histogram of Face Model

     
(a) (b)

  

(c) (d)

Figure 2 Orientation Histogram of Typical Face Image and Background Block

4 Matching

4.1 Orientation Map Matching



A face model was built from a sample of hand-labeled face images. Ten face images are cropped,
aligned and scaled to the size 90×120. Ten orientation maps were extracted from the face images and a
model orientation map was calculated by averaging the ten maps. For face detection, the orientation

model ),( yxmV  is slid over the input orientation image and the similarity between the model and the

underlying orientation block centred at pixel (i,j) is calculated and normalized as below:
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where ),( yxIV  is the orientation map of the input image, w is the width of the model orientation

map, h is the height of the model orientation map, M is the number of orientation vectors with strength
> 0 in the model orientation map and
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4.2 Histogram Intersection

Histogram intersection is used in our algorithm to match two histograms q and v. The similarity score
between the model histogram v and test histogram q is calculated as below:
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where N  is the number of bins used to quantize the orientations. jj vq ,  are the values corresponding

to bin j in histogram q and v respectively.

4.3 Face Detection Algorithm

A resolution pyramid of orientation map is used to detect faces of different sizes. The size ration

between two resolution levels is set to be 1.25. At each resolution level, the orientation model mV  is

slid over the resized orientation image. When the model is located at pixel (i,j) in a resized image of
resolution level l, the similarity score S(i,j) between the underlying block and the model is calculated as
below:
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where ow , hw  are two weight values ( ow + hw =1), TH  is a preset threshold, ),( jiSO and ),( jiSH

denote the orientation map matching score and  the histogram similarity score calculated for the block
centred at pixel (i,j) respectively. To reduce the effect of low resolution, histogram similarity score is
calculated at a higher resolution level. The corresponding block B centred at (i,j) is retrieved from the
image of resolution level 0 (original image) and the orientation histogram of block B is then calculated
and matched with that of model, using equation (10). A similarity map was generated for each
resolution level and from these similarity maps, the pixel with the maximum similarity score is found
and a face is detected at location of this pixel.



5 Experimental Results

A test set, BioID database [14], is used in our experiments to evaluate the proposed algorithm. The set
consists of 1521 images (384×288 pixel, grayscale) of 23 different persons and has been recorded
during several sessions at different places. This set features a large variety of illumination, background
and face size. Two algorithms, named as A and B, are evaluated in our experiments. Orientation
template matching [6] is used in algorithm A, while both orientation map matching and orientation
histogram intersection are applied in algorithm B. Blocks of size 3×3 are used to calculate the
orientation map and orientation is quantized to 50 bins. Figure 3 shows the different results when the
two algorithms are applied to an image from the database. Figure 3 (c), (d) shows the detection result
when algorithm A and B is applied to orientation map (b) respectively. The image block that yields the
maximum similarity score is bounded with a rectangle. From this figure, we observe that when only
orientation information is used, false detection easily occur where edge frequency, e.g. texture, is high.
After the histogram information is involved, false detection for this image is avoided and better
detection accuracy can be achieved.

  
(a) (b)

 

(c) (d)

Figure 3 Detection Results for Algorithms A & B when applied to a Face Image

Table 1 shows the detection results for these two algorithms after they are applied to the whole
database. Accuracy of 93.7% is achieved for the new algorithm B. Since the histogram is also used to
filter the blocks before they are matched with the template, less processing time is achieved for
algorithm B. The average processing time per image for algorithm B is 1.73 seconds, which is about
17% less than that of algorithm A. When this algorithm is applied to video sequence, the search space
can be greatly reduced if the information from previous frame is used. As a result, our algorithm can be
easily applied to real-time application.

Table 1 Comparative Results for Algorithm A and B

Algorithm A B
Accuracy 89.49% 93.7%

Average Processing Time (Sec) 2.01 1.73

6 Conclusions



In this paper, we have proposed an orientation based algorithm for face detection in grey images. Both
orientation map matching and orientation histogram intersection are applied in our algorithm.
Orientation histogram is firstly used to filter the blocks before they are matched with the template.
After that, the histogram similarity score is weighted together with the orientation map matching score
to yield a total matching score for the image block under processing. The test set of BioID database is
used to evaluate our algorithm. Experimental results show that 93.7% accuracy is achieved for the
database, which contains 1521 images with large variety of lighting and background.
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ABSTRACT In this paper we describe an adaptive, optimistic synchronisation mechanism for the parallel discrete event
simulation of agent-based systems. The mechanism uses the Sphere of Influence (SoI) of an event (the region of the shared
simulation state read or written to by the event) to define an adaptive metric which can be used with a throttling mechanism
such as moving time windows. We show how such a metric can be calculated by monitoring the common reads and writes
made by the agents to the shared simulation state modelling the agent’s environment, and present the results of our preliminary
investigations into the relationships between agent read and write patterns and rollback frequency.
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1. INTRODUCTION
An agent can be viewed as a self-contained, concurrently
executing thread of control that encapsulates some state and
communicates with its environment (in which the agent is
embedded) and possibly other agents via some sort of mes-
sage passing. The environment of an agent is that part of
the world or computational system ‘inhabited’ by the agent.
The environment may contain other agents whose environ-
ments are disjoint with or only partially overlap with the
environment of a given agent. Agent-based systems of-
fer advantages when independently developed components
must inter-operate in a heterogeneous environment and are
increasingly being applied in a wide range of areas including
telecommunications, business process modelling, computer
games, control of mobile robots and military simulations.

While agent-based systems offer great promise, their adop-
tion has been hampered by the limitations of current develop-
ment tools and methodologies. Multi-agent systems are often
extremely complex and it can be difficult to formally verify
their properties. As a result, design and implementation
remains largely experimental, and experimental approaches
are likely to remain important for the foreseeable future. In
this context, simulation has a key role to play in the devel-
opment of agent-based systems, allowing the agent designer
to learn more about the behaviour of a system or to investi-
gate the implications of alternative agent architectures, and
the agent researcher to probe the relationships between agent
architectures, environments and behaviour.

In [Logan and Theodoropoulos, 2001] a parallel discrete
event simulation framework for multi-agent systems is pre-
sented. Identifying the efficient distribution of the agents’
environment (namely, the shared state) as a key problem in
the simulation of agent-based systems, the framework mod-
els agents as Logical Processes and the environment as a
tree-shaped network of processes (referred to as Commu-
nication Logical Processes or CLPs) which is dynamically

reconfigured to reflect the changing interaction patterns be-
tween the agents and their environment in the simulation.

The central concept of the framework is the notion of the
Sphere of Influence (SoI). The SoI of an event is defined as
the set of state variables read or written as a consequence
of the event and depends on the type of event (e.g., sensor
events or motion events), the state of the agent or environ-
ment logical process which generated the event and the state
of the environment. The SoI of an event is limited to the
immediate consequences of the event rather than its ultimate
effects, which depend both on the current configuration of the
environment and the (autonomous) actions of other agents in
response to the event. The SoI of an agent process pi over the
time interval [t1, t2], s(pi), is then defined as the union of the
spheres of influence of the events generated by the process
over the interval. In [Logan and Theodoropoulos, 2001], the
SoI of the LPs are used to derive an idealised decomposition
of the shared state into CLPs to facilitate dynamic load bal-
ancing and interest management. In this paper, we discuss
how the SoI can be exploited in the design of an adaptive
synchronisation mechanism.

The rest of the paper is organised as follows: In sections 2
and 3 we give a brief introduction to simulation and synchro-
nisation and discuss the role of the shared state in an agent
simulation. In section 4 we describe our adaptive synchroni-
sation mechanism and present a metric based on Spheres of
Influence. Although the metric could be used with any opti-
mism limiting mechanism, for clarity and ease of explanation
we assume a window based scheme where a smaller window
implies lower optimism (e.g., moving time windows [Sokol
and Stucky, 1990]). In section 5 we present our experimental
results. The paper concludes with section 6 where we touch
on possible future work.

2. SYNCHRONISATION
Every simulation model specifies the physical (real) system
in terms of events and states. Executing a simulation there-
fore consists of ‘processing’ events, which correspond to real
events in the physical system. Simulations can be classified



into two groups depending on the way events are processed
and state updates occur: continuous and discrete. In a contin-
uous simulation, state changes occur continuously, whereas
in a discrete simulation events occur at fixed points in time
and execute instantaneously. In an event driven simulation
state variables are updated only when something interesting
occurs, i.e., an event. Each event occurs at a particular in-
stant in simulation time and the event has this time associated
with it, this is known as the time-stamp of the event. A single
processor (sequential) discrete event simulation consists of
the following,

• State Variables – collectively describe the state of the
system

• Event list – list of events to be processed

• Global clock – denotes the simulation time

If the discrete event simulation is split into multiple Logi-
cal Processes (LPs) and spread across multiple machines it
becomes a Parallel Discrete Event Simulation (PDES).

A sequential discrete event simulation can easily ensure that
events are processed in time stamp order as it processes the
event with the smallest time stamp in the event list. Spread-
ing the simulation over multiple processes (PDES) requires
multiple event lists, one for each LP. A consequence of this
is that ensuring the events are processed in time stamp order
is less straightforward. In asynchronous, event-driven dis-
tributed simulation, each LP maintains its own local clock
with the current value of the simulated time, Local Virtual
Time (LVT). This value represents the process’s local view
of the global simulated time and denotes how far in simulated
time the corresponding process has progressed. With each
LP processing its event list independently and advancing its
LVT at its own rate, it may be the case that events are pro-
cessed out of time stamp order. Therefore a mechanism is
required to ensure the parallel simulation faithfully imple-
ments the causal dependencies and partial ordering of events
dictated by the causality principle in the modelled system.

It has been shown [Lamport, 1978] that a distributed system
consisting of asynchronous concurrent processes will not
violate the causality principle if each process consumes and
processes event messages in non-decreasing timestamp order
(the local causality constraint (LCC)). There are two main
approaches to ensuring that the local causality constraint
is not violated: conservative and optimistic. Conservative
mechanisms strictly avoid violation of the LCC while op-
timistic mechanisms provide a means to undo computation
which causes a violation. In more recent years hybrid mech-
anisms which take aspects of both have been developed, i.e.,
optimistic schemes with constrained optimism such as mov-
ing time window [Sokol and Stucky, 1990]. Other optimistic
schemes have been developed so that the degree of opti-
mism (how constrained they are) can be decided at run time.
These are known as adaptive synchronisation mechanisms
(e.g. [Ferscha, 1995]).

3. SHARED STATE AND SPHERES OF IN-
FLUENCE

Consider an agent simulation with two agents, A1 and A2.
The shared state of the their environment can be modelled
as a table (see Table 1). The table shows the read and write

patterns for each variable. We use the term access to indicate
either a read or a write.

Variable Access patterns
x1 (A2, R, t = 1), (A2, R, t = 3), (A1, W, t = 2)
x2 (A1, R, t = 2), . . .
.
.
.

xn . . .

Table 1: A global view of the shared state

Table 1 depicts the access patterns for two variables in the
shared state. Each access is represented by a triple: An

represents the agent performing the access, R/W represents
whether the access was a read or write and t represents the
virtual time at which the access occurred. The left to right
ordering indicates when the access arrived in real time. So
the access (A2, R, t = 1) arrived before (A2, R, t = 3) for
variable x1.

The table also depicts a rollback pattern occurring on variable
x1. A rollback pair consists of a read R made by LPi with
time stamp TR and a write W made by LPj with time stamp
TW (j �= i). We say a rollback pair is a rollback pattern on
variable x if TW < TR. A rollback pattern results in an actual
rollback when the write W is realised after the read R in real
time. For variable x1 in Table 1 this occurs when A1 performs
the write at t=2. The read performed by A2 with virtual time
stamp t=3 arrived, in real time, before the write performed
by A1. This means the read performed by A2 won’t reflect
the correct value and so A2 needs to rollback to before the
read occurred. In terms of synchronisation a key observation
is that the probability of rollback is increased when many
different LPs read and write the same variables. We now
extend and clarify the definition of SoI from [Logan and
Theodoropoulos, 2001] by splitting the SoI into two distinct
sets:

1. The sphere of influence of Writes (SoIW ), which con-
tains the set of variables written to by the LP over the
time period [t1, t2].

2. The sphere of influence of Reads (SoIR), which con-
tains the set of variables read by the LP over the time
period [t1, t2].

Considering the example given above we can now say:

1. Any variable which appears only in SoIW for all LPs
(agents) over [t1, t2] (i.e., no agent reads the variable)
is not important in terms of rollback;

2. Any variable which appears only in SoIR for all LPs
(agents) over [t1, t2] (i.e., no agent writes the variable)
is not important in terms of rollback either; and

3. A variable which is present in the SoIR of one LP
(agent) and in SoIW of another may cause a rollback.

A rollback will occur if the variable is in both sets and a late
write arrives from one LP after a read was made by another
LP (as described in the example above). The third point



above requires that a minimum of two LPs be involved; in-
tuitively as the number of LPs involved increases so does the
likelihood of rollback. We can therefore predict the likeli-
hood of rollback using the access patterns of any particular
variable.

Many Writes Few Writes
Many Reads High Medium
Few Reads Medium Low

Table 2: How probability of rollback due to a particular vari-
able is affected by reads and writes

1. A variable which is in both SoIR and SoIW for many
different LPs (agents) – High probability of rollback

2. A variable which is in the SoIR of a single LP (agent)
and in many LPs SoIW – Medium probability of roll-
back

3. A variable which is in the SoIW of a single LP (agent)
and in many LPs SoIR – Medium probability of roll-
back

4. A variable which only appears in the SoIR of one LP
and in the SoIW of another – Low probability of roll-
back

4. AN ADAPTIVE MECHANISM
Table 2 uses the notion of SoI to give an indication of how
likely rollback is due to different access patterns of a par-
ticular variable. This suggests a simple scheme where the
optimism of an LP should reflect the access patterns of the
variables in its SoI, the more common variables, the less op-
timistic. Figure 1 illustrates this idea. There are four agents
(LPs) represented by small squares. The circles surrounding
each of the agents are an abstraction of their spheres of in-
fluence which are defined in table 3 1. Circles overlapping
indicates that the two agents read and write some common
variables. With the assumption that each agent reads or writes
a variable within its sphere of influence with equal probabil-
ity over the time interval [t1, t2], a larger overlap indicates
that the two agents access more common variables.

Agent Sphere of Influence
A1 x1, x2, x3, x4, x8

A2 x1, x5, x6, x8

A3 x2, x3, x4, x5, x6, x7, x8

A4 x7

Table 3: Agents sphere of influence.

Agent A4 reads and writes the smallest number of com-
mon variables (smallest intersection) and under the suggested
scheme would be given the largest time window and hence
would execute with the highest degree of optimism. Agent
A3, however, reads and writes the largest number of com-
mon variables (it’s circle intersects with the other three) and
would be given the smallest time window. Hence agent A3
would execute with the least degree of optimism (most con-
servative). If we assume a balanced load (or at least not a
1For this example we make the valid simplifying assumption that
SoIR=SoIW

A3

A2

A1

A4

7x

x3

x2

x1

x4
x8 x5 6x

Figure 1: Four agents and the intersection of their spheres of
influence

highly imbalanced load) then A4 will execute a faster rate
than A3. As a result, the difference in LVT between A3 and
A4 will increase with time as shown in Figure 2 (here A3
and A4 have a time window of 5 and 20 respectively) .

t=40 t=60

A4

A3
t=15t=10t=5

t=20

time

Figure 2: Progression of LVT with time windows

A4 and A3 read and write some common variables (x7), so
the fact that they execute with different degrees of optimism
increases the chance of rollback, e.g., A4 would have to roll-
back if it reads x7 at virtual time t=40 and A3 subsequently
(in real time) writes x7 at virtual time t=15. Clearly it is not
desirable to have LPs which read and write common vari-
ables executing at extremely different rates. If the SoI of two
agents Ai and Aj overlap then we can say the probability
of Ai causing rollback on Aj is affected by the number of
critical accesses made between Ai and Aj (CAij) defined as;

CAij = |SoIRi ∩ SoIWj | + |SoIWi ∩ SoIRj | (1)

We can then say for any agent Ai (or LPi, the terms can
be used interchangeably here) the likelihood of rollback is
affected by all critical accesses made between Ai (CAi) and
all other n − 1 agents,

CAi =
n−1X

j=1

(CAij)j �= i (2)

The size of the time window for a given agent Ai is therefore



inversely proportional to

1. the number of critical accesses in it’s sphere of influ-
ence, CAi; and

2. for each neighbouring agent Aj (i.e., CAij �= 0) whose
LVT differs from Ai by ∆LV Tij , ∆LV Tij × CAij

We can now state the form of the equation used to determine
window size (optimism) of an agent Ai,

WSi =
a

k1CAi ×
n−1X

j=1

(k2CAij × k3∆LV Tij)

(3)

Where the total number of agents in the simulation is n and
a, k1, k2, k3 are appropriate constants.

To enable each LP to calculate its time window we need
to have global information regarding the access patterns on
shared state variables and the LVTs of the LPs in the simula-
tion. We now propose a simple centralised scheme for col-
lecting the relevant information. First we allocate a counter
to each variable in the shared state. This counter indicates
how many different LP’s spheres of influence the variable
lies in and so indicates how difficult the variable is to asso-
ciate with a particular LP. A central LP is used to collect this
information, with all reads and writes passed via this central
LP2. The LP would simply keep a list of all access made for
each variable in the shared state (similar to Table 1) between
a time period [t1, t2]. From this, the centralised LP can deter-
mine CAi and CAij for all LPs in the simulation. It can also
determine the current LVT of each LP (via the time stamp of
the most recent access) and hence ∆LV Tij for all LPs i and
j.

At time t2 a GVT computation would occur and the new win-
dow size would be calculated for all LPs. This relies on the
fact that the access patterns from the time period [t1, t2] will
produce an appropriate window for the time period [t2, t3].
If the length of the time intervals are chosen appropriately,
the change in the spheres of influence from one time period
to the next should be small. It was shown in [Logan and
Theodoropoulos, 2001] for some typical agent simulations
the change in spheres of influence is limited.

Using a central controller LP in this way limits the message
traffic. Without a central controller each LP would need to
broadcast all information to the other LPs in the simulation.
A protocol which uses global information in this way incurs
extra overhead, and we envisage that the development of
CLPs will offer a solution to this problem.

5. RESULTS
Investigation of the metric is still at a preliminary stage and
our results to date relate to the spheres of influence rather
than the performance of the metric itself. These experi-
ments and results serve as feasibility study for later devel-
opment of the metric. The experiments here are performed
in the SIM TILEWORLD [Lees, 2002] testbed implemented in
the agent toolkit SIM AGENT. Tileworld is a commonly used
testbed in agent evaluation and experimentation. The Tile-
world environment consists of tiles, holes and obstacles. A
2This LP behaves much the same way as the CLPs described in
[Logan and Theodoropoulos, 2001]

Tileworld agent tries to score as many points as possible by
filling holes with tiles (the agent receives a point for each tile
placed in a hole). The Tileworld environment (see figure 3)
is dynamic in that objects (holes, tiles and obstacles) are cre-
ated at random with a predefined lifespan. The experimenter

Figure 3: The SIM TILEWORLD testbed

can control how dynamic the environment is by defining the
probability of new objects being created and the lifespan of
those objects. For example, an environment with high ob-
ject creation probability and short lifespan would be very
dynamic. Tileworld also allows the experimenter to vary the
density of objects in the environment: if the object creation
probability is high and the lifespan is high there will be a
large number of objects in the environment at any one time.

The results presented below show how access patterns vary
when the density of objects in the environment is changed. In
particular the experiments look at how access patterns relate
to the number of possible rollbacks occurring in a simulation.
The initial hypothesis being that as the number of common
accesses increases so does the number of possible rollbacks
occurring. Possible rollbacks are identified by a particular
access pattern. Firstly a ∆LVT value l is set, this defines
the largest possible difference between the time stamp of the
access and the LVT of the receiving LP3. A possible rollback
pattern occurs if a variable is written to by one agent and then
read by another agent up to l time periods (cycles) later. In
these experiments we set l to be 3.

To explain the results we first introduce the notion of a com-
mon read and common write. A common read occurs when
one agent reads to a variable and another agent also accesses
the same variable (i.e., read or write). A common write oc-
curs when one agent writes to a variable and another agent
also accesses the same variable (i.e., read or write). The first
graph (figure 4) shows the read patterns of two agents in a
20x20 Tileworld environment during a 20 cycle period. Each
agent has a sensor range of 5 squares. The graph shows how
3This value should reflect typical differences in LVT of two LPs



the number of reads made by each agent and the common
reads varies with the number of objects in the environment.
With an object creation probability of 0.1 both agents made
about 300 reads, a high percentage of these were common
reads (200 or 66%). At 0.1 object creation probability there
are few objects in the environment in this situation the agents
tend to aim for the same tiles and holes. As the number of
objects in the environment increases the proportion of com-
mon reads drops (to around 44%). Figure 5 shows how the
number of common reads varies with the size of the envi-
ronment. With the environment at size 80x80 the number
of common reads has almost dropped to zero. This could
be due to two things, firstly the agents are further apart and
secondly the environment is less densely populated with tiles
and holes.
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Figure 4: The reads made by two agent in a 20x20 Tileworld
environment in a 20 cycle period
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Figure 5: How the number of common reads made between two
agents varies with object creation probability and environment
size

The graphs in Figures 6-8 show the write patterns of two
agents in environments of varying size. The graphs also show
how closely related rollback patterns and common writes are.

From this we can say that rollbacks patterns will occur when
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Figure 6: Writes and rollback patterns of two agents in a 20x20
Tileworld environment over a 20 cycle period
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Figure 7: Writes and rollback patterns of two agents in a 40x40
Tileworld environment over a 20 cycle period

the activities of the agents result in a common write. For
example, a rollback pattern will occur if agent A1 is pushing
a tile which is within the sensor range agent A2 up to 3
cycles (moves4) later. This conclusion is reinforced upon
comparison of the number of rollback patterns in different
sized environments. As the environment size increases the
number of writes made by each agent drops. The number
of common writes drops even further and hence rollback
patterns become much less common in larger, less dense
environments.

6. DISCUSSION AND FUTURE WORK
In this paper we describe a novel adaptive optimistic synchro-
nisation mechanism for the parallel discrete event simulation
of agent-based systems. Our mechanism uses the Sphere of
Influence of an event to define an adaptive metric which can
be used with a throttling mechanism such as moving time
windows. We show how such a metric can be calculated
by monitoring the common reads and writes made by the

4The agents currently implemented in SIM TILEWORLD are purely
reactive and hence move one square every cycle
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Figure 8: Writes and rollback patterns of two agents in a 80x80
Tileworld environment over a 20 cycle period

agents to the shared simulation state modelling the agent’s
environment, and present the results of our preliminary in-
vestigations into the relationships between agent read and
write patterns and rollback frequency.

Our experimental results show, as expected, that the num-
ber of common accesses does affect the number of rollback
patterns occurring in an agent simulation. Surprisingly, the
results have shown that for this particular agent simulation
(SIM TILEWORLD) rollback patterns are very closely related
to common writes. This relates to the ratio of writes to reads
made by the agents. If, as in this case, the agents perform
a large number of reads compared to writes (700/35), then
almost all common writes will result in a rollback pattern.
Our plans for further work in this area will be toward inves-
tigating this relationship. We plan to repeat the experiments
with different types of agent simulation with highly different
access patterns.

Our long term goal is to implement the adaptive metric in
Georgia Time Warp (GTW). Initially a simple C/C++ pro-
gram will simulate typical access patterns of agent simulation
(mirroring the results obtained here). This allows us to test
the metric without the need for integrating an agent toolkit
with GTW beforehand. If the results are as expected the next
step is to integrate an agent toolkit (e.g., SIM AGENT) with
GTW to investigate the performance of the mechanism.
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Abstract: Evolutionary development of a fuzzy-logic controller is described and is
evaluated in the context of hardware in the loop. It had been found previously that
a robust speed controller could be designed for a dc motor motion control platform
via off-line fuzzy logic controller design. However to achieve the desired performance,
the controller required manual tuning on-line. This paper investigates the automatic
design of a fuzzy logic controller on-line. An optimiser which modifies the fuzzy
membership functions, rule base and defuzzification algorithms is considered. A multi-
objective evolutionary algorithm is applied to the task of controller development,
while an objective function ranks the system response to find the Pareto-optimal
set of controllers. Disturbances are introduced during each evaluation at run-time in
order to produce robust performance. The performance of the controller is compared
experimentally with the fuzzy logic controller which has been designed off-line. The
on-line optimised fuzzy controller is shown to be both robust, possessing excellent
steady-state and dynamic characteristics, demonstrating the performance possibilities
of this type of approach to controller design.

Keywords: Fuzzy systems, Evolutionary/Genetic algorithms, Methodologies, Models
and algorithms.

1. INTRODUCTION

This paper is investigates the potential of multiob-
jective control design with hardware in the loop.
Tuning of PI parameters on-line has been achieved
[17] with multiobjective genetic algorithms. Here,
the potential of parameter and controller struc-
ture tuning on-line is considered. A DC motor
dynamometer rig and a microcontroller is used
as a platform to develop and assess the control
algorithms. In particular, an off-line designed type
(fuzzy logic) is considered for performance com-
parison. An automatic method for fuzzy logic con-

trol design is considered, utilising a multiobjec-
tive evolutionary algorithm for the optimisation
process. Random disturbances with bounds which
reflect realistic parameter variations are injected
during each on-line assessment with the aim of
producing a controller which is also robust to
disturbances.

Fuzzy logic control, comprising a fuzzification in-
terface, rule base and defuzzification algorithm
[1,2], has been applied to a wide variety of mo-
tion control applications [3,4]. A vital region of
interest concerns the implementation of the fuzzy



controller. Several different approaches have been
postulated to extract the knowledge base from ex-
perts or training examples to construct the input-
output membership functions and the fuzzy rule-
base. These methods can be based on neural net-
works [5,6] or the application of fuzzy clustering
techniques to construct a fuzzy controller from
training data sets [7]. It has been observed that
the major drawback of most fuzzy controllers and
expert systems is the need to predefine member-
ship functions and fuzzy rules. In [5], a method
is proposed based on fuzzy clustering techniques
and decision tables to derive membership func-
tions and fuzzy rules from numerical data. A
natural evolution of the technique was to inte-
grate Genetic Algorithms (GAs) into the Fuzzy
logic design process [8,9,10]. The robustness of the
GA allows it to cover a multidimensional search
space while ensuring an optimal or near-optimal
solution, thus simultaneous design of membership
functions and fuzzy control rules can be achieved
[11]. The development of these techniques to de-
sign optimal fuzzy logic controllers has arisen to
satisfy the need which exists when expert heuris-
tic knowledge doesn’t exist to translate into con-
troller design.

The performance of a particular control design is
fundamentally tied to the accuracy of the model
upon which it is based. This is especially true for
iterative control design and optimisation proce-
dures. The substitution of hardware in the loop for
the software model opens up new possibilities for
design based on real world perfomance indicies.
In this paper the implementation of GA fuzzy
design will be evaluated via an on-line experi-
mental DC motor connected to a DC shunt load
motor set to introduce dynamic disturbances. The
performance of the resulting motion controller is
compared with that of a manually tuned fuzzy
controller. The results presented here demonstrate
a convenient and practical method to produce a
robust controller design on a prototype plant.

1.1 Multiobjective optimisation by evolutionary
algorithm

Evolutionary algorithms are global parallel search
and optimisation methods based around Dar-
winian principles, working on a population of po-
tential solutions to a problem (in this case the
on-line design of an optimal fuzzy logic controller
via hardware in the loop). Every individual in
the population represents a particular solution to
the problem, often expressed in binary code. The
population is evolved over a series of generations
to produce better solutions to the problem. At
every generational step, each individual of the
population is run on the hardware, and its perfor-
mance evaluated and ranked via a cost function.

Individual performance is indicated by a fitness
value, an expression of the solution’s suitability
in the solution of the problem. The relative de-
gree of the fitness value determines the level of
propagation of the individual’s genes to the next
generation. Evolution is subsequently performed
by a set of genetic operators which stochastically
manipulate the genetic code. Most genetic algo-
rithms include operators which select individuals
for mating, and produce a new generation of in-
dividuals. Crossover and Mutation are two well-
used operators. The crossover operator exchanges
genetic material between parental chromosomes
to produce offspring with new genetic code. The
mutation operator makes small random changes
to a chromosome. Further repetitions of this pro-
cess are made in the search for the strongest
genetic material. The genetic algorithm explores
the multidimensional search-space to find good
solutions to the problem. It is possible for the
GA to find several dissimilar but equally valid
solutions to a single problem due to its use of
population, and the competing nature of multiple
objectives, since real-world problems involve the
simultaneous evaluation of multiple performance
criteria. Trade-offs occur between competing ob-
jectives with the consequence that it is very rare
to find a single solution to a particular problem.
In reality a family of non-dominated solutions will
exist. These Pareto-optimal [12,13] solutions are
those for which no other solution can be found
which improves on a particular objective without
a detrimental effect on one or more competing
objectives. The designer then has the opportunity
to select an appropriate compromise solution from
the trade-off family based on a subjective engi-
neering knowledge of the required performance.
For example, in this application, it would be ex-
pected that a tradeoff will exist between energy
consumption and tracking performance. In this
case, the designer may be willing to sacrifice a
little energy efficiency to achieve a certain track-
ing metric. Individuals which represent candidate
solutions to the optimisation problem (in this case
fuzzy controller parameters such as membership
functions, rule bases etc.) are encoded as either
binary or real number strings, producing an initial
population of chromosomes by randomly generat-
ing these strings. The population of individuals
is evaluated using an objective function which
characterises the individual’s performance in the
problem domain. The experimental system is run
iteratively with each individual’s set of controller
parameters. The objective function determines
how well each individual performs based on exper-
imental data (in this case the current and velocity
tracking performance and power consumption),
and is used as the basis for selection via the
assignment of a fitness value. Individuals which
perform well are assigned a higher probability of



being selected for reproduction. Reproduction of
individuals (usually in pairs) is achieved through
the application of genetic operators, and the new
individuals overwrite their parents in the popu-
lation vector. The resulting new population con-
tains material exchanged between the parents.
Due to the stochastic nature of the GA as a
search mechanism, a complete sweep of the global
search space is achieved with more likelihood of
finding the global minimum than conventional
search methods. Whereas conventional methods
require well-behaved objective functions, GAs tol-
erate noisy, discontinuous and even time-varying
function evaluations. The motivation in this case
for combining GAs with fuzzy logic for control
is to investigate a number of factors. Firstly, the
design potential which can be gained by removing
the need for knowledge solicitation to enable the
fuzzy logic design. Secondly to reduce the design
time. Thirdly to examine a method for introduc-
ing robustness into the fuzzy design. Finally to
investigate and define an method for multiobjec-
tive controller design where an accurate system
model is either unavailable, or runs extremely
slowly, a limiting factor in the process of iterative
evolutionary design.

1.2 Hardware overview

The application consists of a brushed DC per-
manent magnet field motor fed by a four quad-
rant DC chopper drive operating at 5kHz. Fig-
ure 1 shows a schematic of the on-line control
system and hardware setup. The objective is to
perform robust closed loop speed control on this
motor. The drive motor is connected via a flex-
ible coupling to a field wound DC load motor
which itself is fed directly by a 200V DC supply.
The disturbance torque from this load motor is
independently controllable, based on the applied
armature voltage. Current control is embedded in
the INTEL 80C196KC microcontroller as is the
fuzzy logic velocity controller. The microcontroller
also hosts the velocity and current feedback sig-
nals from the motor set and chopper drive re-
spectively. The multiobjective optimisation pro-
gramme runs under Matlab [18], and resides on
a PC. Candidate controllers are downloaded from
this host to the microcontroller via the serial link
and on-line debug facility allowing direct access to
programme memory. Assessment of the candidate
controllers is performed on the PC according to
a pre-programmed performance cost function. A
National Instruments data acquisition board per-
forms signal acquisition to bring feedback signals
into the PC, to facilitate performance evaluation
via the objective function.

INTEL
80C196KC

Microcontroller

4 Quadrant
Chopper

200V DC
Supply

200V DC
Supply

200V DC
Supply

Brushed DC
Drive Motor

Wound Field
DC Load Motor

Host PC
(MOGA Matlab)

NI
Data Acquisition

Board

Disturbance
Control

I/O

Current Feedback

Velocity Feedback

Demand

Fig. 1. Online optimisation hardware setup

2. OFF-LINE FUZZY LOGIC CONTROLLER
DESIGN

A fuzzy logic velocity control scheme had been
developed for this system previously in order to in-
vestigate the implementation issues involved with
this type of control structure. Although claims
are made concerning the reduction of development
time [19], in fact the development time to pro-
duce the fuzzy controller off-line was significantly
greater than the time required to manually pro-
duce and tune a robust PID tracking controller, a
factor which is exacerbated by the complexity of
the design procedure. The designer must choose
input and output membership functions, a mean-
ingful rule base, and an effective defuzzification
strategy. In essence this requires the implementa-
tion of a controller with many degrees of freedom
in the design, and consequently a complex imple-
mentation to achieve robust design.

An iterative design approach was utilised, to in-
vestigate the effects of the various degrees of de-
sign freedom in order to design the best controller.
The most effective control structure was found to
be input membership functions for error (v(k))
and change of error (∆v(k)) at time k, where

∆v(k) = v(k) − v(k − 1) (1)

The form of the membership function is shown
in figure 2, The input functions are linked to the
controller output by a rule base of the form;

• IF error is Positive Big THEN output is
Positive Big

• IF error is Positive Small THEN output is
Positive Small

• IF error is Zero THEN output is Zero
• IF error is Negative Small THEN output is

Negative Small
• IF error is Negative Big THEN output is

Negative Big

This rule base is repeated for change of error, and
was implemented experimentally, the structure
being shown in figure 3. The error and change
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of error controllers were constructed as follows.
The fuzzy inference rule base is implemented using
the intersection operator. A matrix of input and
output sets included in each rule is constructed.
Assuming for example, two classical sets A and B
in a universe U , with membership functions µA

and µB , then the minimum operator intersection
can be defined as [19]

µA∩B(x) = min(µA(x), µB(x)) (2)

The overall transfer surface for the controller was
achieved by combining the matrix representation
of all the individual rules into one overall matrix
and applying the maximum operator union. This
operation exemplifies the Cartesian cross product
operator defined on n classical sets A1, ..., An as

Xn
i=1 = A1 × ... × An (3)

= ((x1, ..., xn)|x1 ∈ A1, ..., xn ∈ An)

The resulting transfer characteristic for velocity
error is shown in figure 4. A corresponding surface
consequently exists for change of velocity error.
The utilisation of the centre of area defuzzifica-
tion strategy [19] results in a controller structure
shown in (figure 5).The surface provides a nonlin-
ear relationship between velocity error, change of
velocity error, and the controller output.

2.1 Results of off-line fuzzy logic controller design

The performance of the off-line designed fuzzy
logic velocity controller is presented in figure 6
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for the non-disturbance case, and figure 7 for the
case with external disturbance. In this case, a
bi-directional velocity demand is supplied to the
controller. In both the disturbed and undisturbed
state, velocity tracking is comparable both in
terms of rise time and steady state accuracy to
a standard PID controller. Although it is beyond
the central remit of this paper, a substantial
amount of time was spent selecting an appropriate
defuzzification strategy and the selection of the
input-output sets in order to achieve this tracking
performance. Consequently, the investigation of
an online fuzzy logic design becomes an attractive
proposition which is described in the next section.
The development for an automatic design scheme
with hardware in the loop will be considered and
experimentally tested.

3. ON-LINE FUZZY LOGIC CONTROLLER
DESIGN

Evolutionary algorithms have been used to op-
timize various aspects of intelligent control sys-
tems. In particular, the algorithm can generate
the fuzzy rulebase, and tune the parameters of the
associated membership functions. The application
of evolutionary algorithms to fuzzy optimisation
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is broadly split into two general areas; namely
membership function tuning, and rulebase design
with tuning. GA has been applied [14] to the off-
line tuning of fuzzy membership functions, using
a fuzzy clustering technique a fuzzy model was
developed to describe the friction in a DC-motor
system. In this case, the GA was seeded initially
by the results obtained by fuzzy clustering. The
results were greatly improved over those obtained
by the non-tuned version. An asynchronous evo-
lutionary algorithm has been used to generate
membership functions to facilitate the rapid pro-
totyping of fuzzy controllers [15]. This approach
utilized parallel processing, being implemented on
a 512 processor CM-5 Connection Machine. The
application in question was a simulated space-
based oxygen production system. Evolutionary
methods have also been used where the derivation
of an obvious set of fuzzy rules is not immediately
apparent. In this case, the designer may either pre-
specify a number of rules, or allow the number of
rules to become an extra degree of freedom in the
design. In all cases, the computational intensive-
ness of the designed optimisation technique must

be borne in mind, particularly in the case of on-
line optimisation.

Due to the considerable computational and ex-
perimental considerations implicit in this method,
certain constraints are included in the bounds of
the decision variable vector in order to bring the
automatic design time down to a reasonable level.
A flowchart of the experimental setup is shown in

Objective Function
Rise time,

Steady-State error
Control complexity etc.

Multi-objective
Evolutionary

Algorithm

Decision Variables
(Membership functions

etc.)

Matlab
Fuzzy Logic

Toolbox

Fuzzy Logic
Controller

Motor

Random Disturbance

Velocity

Demand
profile

Fig. 8. On-line Fuzzy Logic design setup

figure 8 and contains a number of elements;

• Objective function

The objective function contains the elements of
performance and design to be minimised, includ-
ing rise-time, steady-state error, power utilisation
and control complexity.

• Decision variables

The decision variable vector contains the elements
of controller design which are implemented in each
individual during the evolutionary process. The
decision variables include the number of inputs,
number of membership functions for each input
and output, number of rules in the rule base, and-
or-ignore conjugates in each rule, and finally the
defuzzification algorithm. The selected values in
the decision variables vector are passed to the
Matlab Fuzzy Logic Toolbox to be constructed
into a controller file. In order to reduce the neces-
sary execution time to converge to a satisfactory
conclusion the decision variable vector is bounded
as follows

• number of inputs: 1-2
• number of membership functions for each

input 3-5
• membership functions limited to triangular,

with 2 base and one peak co-ordinate
• number of rules: 3-5
• conjugates: and, or, none
• defuzzification: centre of maximum

In addition, a random +/ − 0.2Nm disturbance
is injected during each experimental run to in-



troduce an element of robustness into the design
procedure. For each iteration of the design, the
fuzzy controller was run on the motor rig and
its performance ranked. It was found that the
selected controller appeared early on in the proce-
dure (generation 17 in a population of 10), in an
initial run of 50 generations. The Pareto-Optimal
set of solutions included several configurations
and combinations of membership functions, in-
cluding one which was markedly similar to the so-
lution defined by the off-line fuzzy design with on-
line tuning. The solution chosen for presentation
here however, exhibits the required dynamic and
steady-state performance but is coupled with a
minimal set of membership functions (comprising
an additional objective) and rules which presents
computational advantages.

3.1 Results of on-line fuzzy logic controller design

The first results to present are those which show
the dynamic and steady state performance of the
velocity controller. The undisturbed case is shown
in figure 9, and the disturbed case in figure 10 In
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Fig. 9. On-line designed Fuzzy Logic velocity
controller performance

both cases, the velocity tracking response of the
system is comparable with earlier designs achieved
by off-line fuzzy logic control design. One differ-
ence of particular interest is the current waveform
in both cases which exhibits high frequency com-
ponents. This effect has been commented upon
[20] in the context of fuzzy logic control design,
concluding that some off-line or on-line tuning is
necessary to eliminate or effectively reduce the
harmonics. In the case of the off-line fuzzy logic
controller described earlier in this paper, the har-
monics were reduced by on-line tuning. For future
work in this case, the addition of frequency anal-
ysis to the objective function to minimise the un-
wanted harmonics would be a beneficial area of re-
search. Hardware and computational constraints

precluded the implementation of this analysis on-
line at this time, but it is intended that the in-
vestigation of this phenomenon on an upgraded
rig be performed at some future time. Although

0 5 10 15 20 25 30
−400

−200

0

200

400

ve
lo

ci
ty

 (
ra

d/
s)

0 5 10 15 20 25 30
−2

−1

0

1

2

cu
rr

en
t (

A
)

0 5 10 15 20 25 30
0

0.05

0.1

0.15

0.2

di
st

ur
ba

nc
e 

(N
m

)

time (s)

Fig. 10. On-line designed Fuzzy Logic velocity
controller performance with disturbance

the performances of the various controllers are
very similar, the structure of the on-line and off-
line designed controllers are very different. Both
have similar rule bases, but whereas the off-line
design has inputs of both error and change-of-
error, the automatically designed controller solely
acts on error input. The membership functions
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Fig. 11. On-line designed Fuzzy Logic veloc-
ity controller input membership functions.
A:negbig, B:negsmall, C:zero, D:possmall,
E:posbig.

which make up the input set are shown in figure
11, being the same number (5) as in the off-line
designed case, but are far more closely clustered
around the zero set. The membership functions
which make up the output set are shown in figure
12 and are linked to the input set by the rule base;

• if velocity error is negbig THEN current
demand is negbig

• if velocity error is negsmall THEN current
demand is negsmall



• if velocity error is zero THEN current de-
mand is zero

• if velocity error is posbig THEN current de-
mand is posbig

• if velocity error is possmall THEN current
demand is possmall
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Fig. 12. On-line designed Fuzzy Logic veloc-
ity controller output membership functions.
A:negbig, B:negsmall, C:zero, D:possmall,
E:posbig.

The methods attached to the fuzzy logic controller
were as follows;

• and:min
• or:max
• implication:min
• aggregation:max
• defuzzification:mom

4. CONCLUSIONS

The primary objective of this work, to assess the
feasibility of automatically designing fuzzy logic
controllers on-line with hardware in the loop has
been demonstrated. A hardware platform previ-
ously intended for fuzzy logic design, formed the
hardware in the loop since it was well charac-
terised. The design of a fuzzy logic controller by
traditional off-line methods had required man-
ual tuning on line to maximise performance, and
in particular, to reduce current harmonics intro-
duced by the control action. It has been shown
experimentally that on-line fuzzy logic controller
design is feasible, and also that excellent dynamic
and steady-state performance can be achieved.
The design was optimised without the solicitation
of knowledge because of the stochastic nature
of the evolutionary optimisation algorithm which
searches the multidimensional space of member-
ship functions and rules for combinations which
can achieve the performance specified in the ob-
jective function. Controller design based around
models and simulation is often limited by the

veracity of the model under consideration. For ex-
ample, electromagnetic actuators may be approx-
imated by relatively simple expressions. However
under certain circumstances, dynamic effects such
as eddy currents, which are extremely difficult to
model, need to be included in dynamic simulation.
In this case, the differences between actual and
simulated plant can make a significant difference
to the controller performance. It appears that the
on-line fuzzy controller design offers considerable
advantages, and is worthy of serious considera-
tion, also the possibility of injecting random dis-
turbances during the design phase resulting in a
controller capable of rejecting at least bounded
disturbances shows particular promise. This topic
together with consideration of the effects of con-
troller dynamics on the harmonic content of the
current waveforms will form part of a further
investigation.
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µ·¶}¸\¹TºH»�¼.½.¾�¹H¿O»=¸
À U�tmUBa�NQPmW�K¯PmM
e�a�W�`VKHU�`�MONQW}KHUjWYX�e�K?S;i
]�U�`ÁW�X�Â�W�ÂHS;tmeYNQPmW�K
];e�MQUBkDMQUBe�`VaÃh¯ivU�NVhHWTkHMÁtmPRÄ}U�Å7U�K;U�NQPba-q.tRÆ}W�`VPÇNVhHijM-nÈÅÉq.MÃs
Ê �_c�ËgÌÍc}e�K;kvÎ=MONQPmiveYNQPmW�Kj{�PmMONQ`VPR];STNQPmW�K�q.tRÆ}W�`VPÇNVhHijM�noÎ={.q.MÃs
Ê ux�AÌÈ�ÐÏ*hHUBMQU ivU�NQhHWTkHM3eY`VUfKHW}KzkTU�NVU�`VivPRKHPbMONQPba hHUBSH`VPmMONQPba
MOUxeY`ÃaÃh7MONQ`ÃegNVU�Æ�PmUBMBcBa�W�ivivW�KHtm[�S;MQUBk7X¥W}`�W�ÂHNQPmi/PmÑBeYNQPmW�K���Ï*hHU�Pm`
ive�PRKfaÃh_eY`Ãe�a%NVU�`VPmMONQPba�M�e�`QU}Ò\Ï*hHUB[�S_MOU/evÂ_W}ÂHSHtbegNQPmW�K�W�X�PRKH~
kTPRÓ^PbkTS;e�tmM=W�`\MQW�tmSTNVPRW}K;M�c}PRK_MpNVUBe�kvW�XFeÁMQPRKHÆ}tRU.Â_W}PRK?NBc}NQW�a�W�KH~
kTS;a%N*NVhHU�MOUxeY`ÃaÃh���JLK�U�Ó}U�`V[vPÇNVU�`ÃegNQPmW�K�n¥S;MQS;e�tRtm[�a�e�tRtmUBk-Æ�U�KH~
U�`ÃegNQPmW�K�s*ejMOSH]_MOU�N.WYX�PRK_kTPRÓ^PbkTS;e�tmM.PmM�MQU�tmUBa�NQUxk²c_e�K;k3]^[�eYÂH~
ÂHtR[^PmKHÆ�MQW�ivU�W}Â_UB`VeYNQW}`VMBc}e
KHU�ÔÕÂ�W�ÂHS;tmeYNQPmW�K�PbM\a�`QUxegNVUBk²�5JLK
NQhHPbM=Ô*eA[�NQhHU7eYtmÆ�W�`VPRNQhHiªPÇNVU�`ÃegNQUxM�noU�Ó}W�tmÓ�UBMÃs5SHK?NQPmt�W�KHU7MpNVW�Â
a�W�K_kTPÇNVPRW}K�PbM�MVegNVPmMOÖ;UBk��
JLKDÅÉq�MÉNQh;U�`QUxa�W}i
]HPmK;egNVPRW}K�e�K;k�i
STNÃegNQPmW�K¯W}Â_UB`VeYNQW�`ÃM

eY`VUÁeYÂHÂHtmPmUBk�NQWvNVhHU
MQU�tmUBa�NQUBk�MQU�N�WYX�PRK_kTPRÓ^PbkTS;e�tmM*NVW�W�]HNVeYPmK
NQhHU�KHU�Ô×Â�W�ÂHS;tmeYNQPmW�K���Ø.NVhHU�`/eYtmÆ�W}`QPRNQhHijMÁe�`QU�aÃh;eY`Ãe�a�NQU�`Q~
PRÑBUBk�]?[fNQhHUvS;MQU�W�X\ÂH`VW�]_eY]HPmtRPbMONQPba
ivWTkTU�tmPmKHÆ3WYX=NVhHUvPRKHX¥W�`Q~
iveYNQPmW�K�a�W}K?NVeYPmKHUxk�PmK3NQh;U
MOUBtRUxa%NVUBk3MOU�NB��JLK3NQhHPbM�Â_eYÂ�U�`�Ô�U
Ô�PRtmt�S;MQU3NQhHUfNQU�`ViÙÎ\MpNVPRijeYNQPmW�K·{.PbMpNV`QPm]HSTNVPRW}Kzq�tmÆ�W}`QPRNQhHi
NQW�`VU�X¥UB`�NQW�eYK^[ÚUBÓ�W�tmSTNVPRW}K;eY`V[�e�tRÆ}W�`VPÇNVhHiÛNVh;egN-S_MOUxMjNQh;U
UBMONQPmiveYNQPmW�K·WYX�ÂH`VW�]_eY]HPmtRPRNp[ÚkTPbMONQ`VPR]HSHNQPmW�K;MjPmK;MONQUxe�k·WYX7NQh;U
Æ�U�K;U�NQPba�W}Â_UB`VeYNQW}`VMB��q.tÇNVhHW�SHÆ}hÚKHW�Nve�tRt\NQh;U�ÂH`VW�Â�W}MVeYtbM�Ö;N
Ô\UBtRt�PRKÚNQhHU�Î\{�q.M/MQaÃh;U�ivU�c�NVhHPmMva�W�K;a�U�ÂTNVS;eYt\X¥`Ve�ivU�Ô�W�`VÄ
h;e�M�]�U�UBK3S;MOUxk3]_U�X¥W�`VU Ê wAÌ5e�M�evivWTkTUBt�NQW�MONQS_kT[�NVhHU
eYtmÆ�W�~
`QPRNQhHijM�S;K;kTU�`�eYK;e�tR[TMQPmMB��q�tmÆ�W�`VPRNQhHiÜuÁMOhHWgÔ�M\NVhHU
MONQU�Â_M�WYX
eYK3Î={�q
�
Ø�KHU�U�Ý�a�PmU�K?N�Ô*eA[ÞWYX
UxMpNVPRijegNVPRK;ÆÞeÚÂH`QW}];eY];PRtmPÇNp[ÕkTPbMO~

NQ`VPR]HSHNQPmW�K�PmMÉ]^[fivUBe�K;MÉWYX\Xoe�a�NQW�`VPmÑBegNVPRW}K;MB�
qßÂH`VW�];e�]HPRtmPRNp[
kTPmMONQ`VPm]HSTNQPmW�K/PbM5Xoe�a%NVW�`VPRÑBUBk�Ô�hHU�K/PRN�aBeYK/]_U�a�W�ivÂHSTNVUBk�]^[
e
MOijeYtmt^K^SHi
]�U�`5WYXHXoe}a%NVW�`ÃM��5q�MQSH]Ia�tbe�MVMFW�X_Î={�q�M5Ô�PRtmt^Æ�`VW�SHÂ
NQhHU/eYtmÆ�W�`VPRNQhHijM*NVh;egN7S;MOU
Xoe�a�NQW�`VPmÑBegNVPRW}K;M�W�X�NQhHU�ÂH`QW}];eY];PRtR~
PÇNp[�kTPbMpNV`QPm]HSTNVPRW}K��ÉJLKfNVhHPmM7Â;e�Â_UB`�Ô�U�aBeYtmtFNVW�NVhHPmMÉMQSH]Ia�tbe�MVM

q�tmÆ�W�`VPRNQhHiàu}Ò�´�¤ � �
á À U�N/â�ã1�H�ÚÅ7UBKHU�`ÃegNVU�äæå1��PRK_kTPRÓ^PbkTS;e�tmM/`ÃeYKT~kTW}i/tm[��
ç £59�è
é À U�tmUBa%N=e�MQU�N*ê W�X²ë�ìÞäíPRK_kTPRÓ^PbkTS;e�tmM�e}a�a�W�`ÃkTPRK;Æ

NVWje/MQU�tmUBa�NQPmW�K3ivU�NVhHWTk²�
î Z�e�tma�SHtbegNQU�e/ÂH`VW�];e�]HPmtRPbMpNVPma7ivWTkTU�tFWYX�ê��
ï Å7UBKHU�`ÃegNVUfðàKHUBÔíPRK;kHPRÓ^PbkTS;eYtbM-MVeYivÂHtmPmKHÆ¯X¥`QW}i

NVhHUÁkTPbMpNV`QPm]HSTNVPRW}K3`QUBÂH`QUxMOUBK?NQUBk-PRK�NVhHU�ivW^kHU�tÈ�
ñ â�ã�â�òÕu
óõô ¦�GI@x� � Ï�U�`Vi/PmK;eYNQPmW�K3a�`VPÇNVU�`VPme/eY`VUÉi/U�N

r;e}a%NQW}`QPmÑ�Uxk�{.PbMONQ`VPR]HSHNQPmW�K�q.tRÆ}W�`VPÇNVhHijM\n�r�{�q.MÃsQö Ê ÷ ÌÍ�5r�{�q�M
]_UBtRW}KHÆÁNVW/NQhHUÉÎ={�q�M*a�tbe�MVM�e}M�Ô\UBtRt²e�M\WYNVhHU�`*UBÓ�W�tmSTNVPRW}K;eY`V[
eYtmÆ�W}`QPRNQhHijM.Ô�hHU�`VU
NVhHUvUBMONQPmijegNQPmW�K�WYX�NVhHUjkTPbMpNV`QPm]HSTNVPRW}K PbM
e�aÃhHPmU�Ó}UBk�]^[�W�NQhHUB`�ivUBe�K;MB�ÁJLKfNVhHPmMÉÂ_eYÂ�U�`ÉÔ\U/MOh;WgÔøNQh;eYN
NQhHU/MOUBtRUxa%NVPRW}KfMpNVU�Â�PmK e�r�{�qÐa�eYK�]�U
W}ivPÇNQNQUBkfÔ�hHU�K�NVhHPbM
MpNVU�ÂfPmK^Ó�W}tRÓ}UBM�NVhHUva�eYtba�S;tmeYNQPmW�K�WYX�NVhHUvMOUBtRUxa%NQPmW�K ÂH`QW}];eY];PRtR~
PÇNVPRUxMvWYX�eYtmt*NQhHU�PmK;kTPmÓ^PmkHS;eYtbMjPmKÚNVhHUfa�SH`V`VU�K?NjÂ_W}ÂHSHtbegNQPmW�KF�
Ï*hHU�Â�W}MVMOPm]HPmtRPRNp[vWYXFaÃh;e�KHÆ�PmKHÆÉNVhHU�Ô*eA[�MQU�tmUBa�NQPmW�K�PbM=e}a�a�W�i/~
ÂHtmPmMQhHUBk�`VU�ÂH`VUBMQU�K?NVM*e�K�PmivÂ_W}`ONÃeYK?N�kTPRù�UB`QUBK;a�U�Ô�PRNQhfÅÉq.MB�
��U�N�úüû�noú ögý�þBþ�þ�ý újÿHsÁ]�U�efNQSHÂHtmU�WYX�`ÃeYK;kTW}iÜÓge�`QPR~

eY]HtmUBMBcgeYK;kÉú���� ÿ Ô�h;U�`VU�� ÿ PbMFNQhHU=Ö;KHPRNQU�KT~ÍkHPRivU�K_MOPmW�K;e�t
]HPmK;eY`V[ MQÂ;e�a�U��3Ï*hH`QW}SHÆ�h;W�STNÉNQh;PmM
Â;eYÂ�U�`��ÚÔ�PRtmt\kTUBKHWYNVU�e
ÓgeYtmSHUÁWYX�NVhHU
PmK;kTPmÓ^PmkHS;eYt5ú�cIeYK;k��	��NVhHU
Óge�tRSHU�WYX�ú
�pc�NVhHU
PÇ~ÈNQh3a�W}ivÂ_W}KHU�K?N�WYX5ú��
Ï*hHU
Â_eYÂ�U�`ÉPmM�W�`VÆ}e�KHPmÑ�UBk�e}M�X¥W}tRtmWgÔ�MBÒ�JLKfNVhHU�K;U��^NÉMQUBa�~

NQPmW�KÕÔ�Uf`VU�Ó^PRUBÔ2NQhHU�ive�PRK·Np[^Â�UBM�WYXÁMQU�tmUBa%NVPRW}K;M�S_MOUxk·]?[
ÅÉq.MB�
JLK¯MOUxa%NVPRW}K�Ë�Ô\UvkTPbMQa�S;MVM.NVhHUjÔ*eA[3MQU�tmUBa�NQPmW�K�PmMÉPmi/~
ÂHtmU�ivU�K?NQUxk3PRKfr�{�q�M����UÁÂH`VUBMQU�K?N.ejivWTkTPÇÖ�a�egNVPRW}K�NQWjNVhHU
NQ`Ãe�kTPRNQPmW�K_eYt;Ô*eA[/WYXFkTW}PRKHÆ�MOUBtRUxa%NQPmW�KF�5JLK�MOUxa%NQPmW�Kj��Ô\U7a�W}KT~
kTS;a�N�e�K^SHi
]�U�`�W�X\U��^Â�U�`VPmi/UBK?NVM�NQW3U�Óge�tRS;eYNQU/NQh;U/PmivÂ;e�a�N
WYX�NQhHU�Â;`QW}Â_W?MOUxk�aÃh;e�KHÆ�UxM�PRK/NVhHU�]_UBh;eAÓ^PRW}`�WYX²MOW}ivU�r5{.q.MB�
r5PRK;e�tRtm[�c7MOUxa%NVPRW}K«w�kTUBMVa�`VPR]�UBM-NQh;U�`VU�tbegNVPRW}K;MQhHPRÂ�]_U�NpÔ\UBU�K
MOUBtRUxa%NVPRW}K eYK;k�NQhHU/WYNVhHU�`Éa�W}i/Â�W�K;U�K?NVM�WYX�NVhHU�r�{�q�M�c�e�K;k
ÂH`VUBMQU�K?NVM\NQh;UÁa�W�K_a�tmS;MOPmW�K_M*WYX�W}SH`�Ô�W�`VÄ��
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JLK�W}SH`�eYK;e�tR[TMQPmM5Ô�U\h;eAÓ}U\S_MOUxk�NQh;U�a�tbe�MVMOPRÖ_a�eYNQPmW�KÁW�X;NVhHU�MOU�~
tRUxa%NQPmW�KvivU�NVhHWTkHM�ÂH`VW�Â�W}MQUBk�]^[ À e}MpNV`Q[�eYK;kjÅ7W�tbkT]�U�`VÆ Ê u�axÌÈ�
À U�tmUBa�NQPmW�K/i/U�NQhHWTkHM=eY`VU�a�tme}MQMQPÇÖ_UBkÁPmK/NpÔ\WÉa�tbe�MVMQUBMBÒ=npuAs�l=`QW�~
Â_W}`ONVPRW}K;eYtYMVaÃhHU�ivUxM�cAeYK;kvn$a�sFØ�`ÃkTPmK;eYtg];e}MOUxkÉMQaÃhHUBivUBMB�Fl�`VWY~
Â_W}`ONVPRW}K;eYt^MQaÃh;U�ivUBM�MOUBtRUxa%N5e�K
PmK;kTPmÓ^PmkTS_eYt?];e�MQUBk�W}KÁPRNVM5`QUBtmeY~
NQPmÓ�U�Ö;NQKHUxMQM�ÓgeYtmSHU�a�W�ivÂ;e�`QUxk/NQW
W�NQhHUB`VMB�=Ø�`VkHPRK;e�t_MVaÃhHU�ivUxM
MOUBtRUxa%N7e�K PmK;kTPmÓ^PmkTS_eYt5];e�MQUBk�W}K PRNVM�`Ve�KHÄ^PRK;Æ-PmKfNQh;U�Â�W�ÂHSH~
tmeYNQPmW�K��
JLK3l=`QW}Â_W}`ONVPRW}K;eYtIMVaÃhHU�ivUBM�MQU�tmUBa�NQPmW�K�PmM�S;MOS_eYtmtR[-e}a�a�W�i/~

ÂHtRPbMQhHUBk�PRK�NpÔ�W�MONQUBÂ;MB�vr5Pm`VMONBc�NQhHU�MQU�tmUBa�NQPmW�K Â;`QW}];eY]HPmtmPÇNVPRUxM
WYX�NQhHU�PRK_kTPRÓ^PbkTS;e�tmM�PRKfNQhHU/a�SH`V`QUBK?N�Â_W}ÂHSHtbegNQPmW�K�eY`VUÁkTU�NVU�`Q~
i/PmKHUxk²c�NQhHUBKÞK;U�Ô2PRK;kHPRÓ^PbkTS;eYtbM�e�`QU�MVeYivÂHtmUBk�X¥`QW}iNQh;UBMQU
ÂH`QW}];eY];PRtmPÇNVPRUxM��3Ï*hHUxMOU�PmK;kTPmÓ^PmkHS;eYtbM�X¥W}`Qi#NQhHU�MOUBtRUxa%NQUxkDMOU�N
NQh;eYNFÔ�PRtmt}MQU�`VÓ�U�e}M�e*ijegNQPmKHÆ�Â�W^W�tÈ��Îb�He�i/Â;tRUxMIWYX^NQhHUxMOU�l=`QW�~
Â_W}`ONVPRW}K;eYt�MVaÃhHU�ivUBMÉe�`QU�NQhHU�l=`QW}Â_W}`ONVPRW}K;eYt Ê ËAÌ=eYK;kdc�W�tRNQÑ�~
ive�KHK Ê e Ì.MQU�tmUBa�NQPmW�K��ÚJLKÕØ�`ÃkTPmK;eYt*];e}MOUxkÚMVaÃhHU�ivUBMBc=MQU�tmUBa�~
NQPmW�K
Â;`QW}];eY]HPmtmPÇNVPRUxM5e�`QU\KHWYN�U��^Â;tRPba�PRNQtm[Áa�e�tma�SHtmeYNQUxk²��JLK_MpNVUBe�k�c
MOW}i/U=ÂH`QWTa�UBkTSH`VU�PbM�S;MQUBk7NVW.MOUBtRUxa%N�NVhHU=PmK;kTPmÓ^PmkHS;eYtbMFMONQ`ÃeYPmÆ�h?N
X¥`QW}i NVhHUÁÂ�W�ÂHSHtbegNVPRW}K��.Ø�KHUÁU��Te�ivÂHtRU
PmM�NQhHU
Ï�W�S;`QK;e�ivU�K?N
MOUBtRUxa%NQPmW�KFcBÔ�hHUB`QU�f=PmK;kTPmÓ?PbkTS;e�tmMFeY`VU�`Ve�K;kTW�ivtm[.aÃhHW?MOUBK�X¥`VW�i
NQhHU*Â�W�ÂHSHtbegNVPRW}K�cYeYK_k�NQh;U�]�UBMON�PRK_kTPRÓ^PbkTS;e�t}X¥`VW�i NVhHPbM�Æ�`VW�SHÂ
PmM�PRK_a�tmS;kTUBkÁPRK�NVhHU\MQU�tmUBa�NQUxkÁMOU�N"g���Ï*hHPbMFÂ;`QWTa�UxMQM�PmM�`QUBÂ_UxegNVUBk
SHK?NQPmt²NQhHUÁMQU�tmUBa�NQUxk�MQU�N�h;e}M*]_UBU�K�Ö;tmtRUxk²�ÕhHU�K«l�`VW�Â�W�`QNQPmW�K;e�t.MQaÃh;U�ivUBM�eY`VU�e�ÂHÂHtmPRUxk²c.kTPRù�UB`QUBK?N
MQe�i/Â;tRPmKHÆ�e�tRÆ}W�`VPÇNVhHijM
aBeYKÚ]�U�S;MOUxkDNVW�MVeYivÂHtmU-X¥`VW�i�NQh;U
MOUBtRUxa%NQPmW�K ÂH`VW�];e�]HPRtmPRNQPmUBMB�,Ï*hHU�ivW?MpN3Ä^KHWgÔ�K�U��Te�ivÂHtRU�PbM
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NQhHUÉMpNV`QS_a%NQS;`QU7WYX�NVhHU7ÂH`QW}];eY];PRtmPmMONQPba
ivW^kHU�tÈ�

� §�Ë�Ìv>g£5�oG5E �%Í EH�x<^£zC��A�5<?�Ú<?�
rHW}`7Ø�`VkHPRK;e�t�];e}MOUxk�MQaÃhHUBivUBMBcTX¥W�`�Ô�hHPmaÃhfMQU�tmUBa�NQPmW�K�ÂH`VW�]_eg~
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SHtbegNVPRW}KjPÇNÃM=Â;`QW}];eY]HPmtmPÇNp[�PRKjNVhHU�MQU�tmUBa�NQUxkvÂ_W}ÂHSHtbegNQPmW�KF�
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MOPmi
SHtbegNVU
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WYX\NQhHUjSHK;PÇNÃegNQPmW�K¯W�X\NVhHUjPRK_kTPRÓ^PbkTS;e�t�nqâ²s%�-Ï*hHU�Ö8ã9äDå�æCå�ç�è �2é å
X¥SHK;a�NQPmW�K·PmMjkHU�Ö;KHUxk·e�Mje¯MOS;iÛWYX7NQhHU3ivW�`VU3U�tmU�ivU�K?NÃeY`V[
SHKHPRNVeYNQPmW�K�X¥SHK;a%NVPRW}KªÖ ãäDå�æ �
rHSHK_a%NQPmW�KªÖ ã9äDå�æCå�ç�è �2é å Ò

Ö ã"äDå�æCå$çDè �2é å nG��s=û
�¼�7ê ë¤ �2� ö

Ö ãäDå�æ nq� ã �Gì g}ý � ã �Gì ö ý � ã �Ís
Ô�hHU�`VU
rHSHK_a%NQPmW�KªÖ ãäDå&æ Ò

Ö ãäDå�æ nqâ²s�û
íîîï îîð
� þ ÷ Ö�ñ�ò â�ûz�
� þ e Ö�ñ�ò â�ûøu
� þ � Ö�ñ�ò â�û¢a
u þ � Ö�ñ�ò â�ûzË

n�w}s

rHSHK_a%NQPmW�K3Æ}U�KHUB`Ve�tIkHUBa�UBÂTNQPmÓ�UÉW�X5W}`VkTUB`�ëIcTÖ äDå�æ!ó Ò

Ö äDå�æ!ó nqâ ý ë;s�û
íîîîîîîï îîîîîîð

ëiô�u Ö�ñ�ò â�ûz�
ëiôka â�ûøu~y~A~
ëiôOõJô�u â�û_õ~y~A~
ë;~�p Ö�ñ�ò â�û ë

nG�?s

rHSHK_a%NQPmW�KªÖ äDå&æCå�ç�è �¼é å�ö Ò

ÖAäDå&æCå�ç�è �¼é å�ö;nq�Is=û
�2� ê ÷¤ �¼� ö

ÖyäDå�æ!ó�nG�	ö �Gì ö�ø ö}ý�þBþ�þ�ý �	ö � s n$n�s
rHSHK_a%NQPmW�KªùxúTß�û�ëwß=òAüDñ8á�ò�ý_Ò
Ï*hHU
Æ}W}e�tFWYX�NVhHU�aÃh;U�Ä�UB`Q]�W}e�`Vk�ÂH`VW�];tRUBi2PbM.NQW�a�`QUxegNVU
e

aÃhHUBaÃÄ}U�`V]_W?eY`ÃkDÂ;eYNONQUB`QK·W�XÉ�+o M�e�K;k«uyo MjPmK·e�KÕð��Hð4Æ�`VPbk²�
Ø�KHtm[jNQhHUÉÂH`VPmive�`Q[�X¥W�SH`�kTPm`VUBa%NVPRW}K;M*eY`VU�a�W�K_MOPbkTU�`VUBk-PRK�NVhHU
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ce`xY�d�tRt³�¿ced�_QÞ~Wfâ)_Vd�K>jTW�h Û>U,taj�h8WTjTU'tRtlPlKIÓ�W6X�_QWfZBd6t
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Y[SI\>d>b>ced6_2`2g¨uxë�ë~ëI�

×

seidel
×



Õ ×fØ{��:ç��
Ò:W~tljI\^U'_QÓ^� i*n�o@n���k|xyp"z q¢�"r)k���u���~àk�o ~�n�p"r,xsu w
�st���k���k@¯6p���k|��o w p�o�� �\pCx�uºk�o@n�z¯n�p"r)o�k�ofq��.prj>jTPlMQW�KI�
ó¬UxMOtlU,Z~b é U'd~jTPlKIÓ>bIcep�bªu'ë~Ö�ë>�

ÕþôxØcF�I��U'KI_VPRW~Kª��k _VW�Ñ>d�Ó~dfNVPRK>ÓSIK>`,U,_QNVd6PlKBNoZiPRK)è�dDZ�UxMOPad6K
KIU"NoÙ�W�_VÞTM:\BZ¬ÑI_VW�\>d�\IPRtlPaMoNVPl`vtlW�Ó~Pl`vMVd6hvÑItlPRKIÓ^�±°�o�x�n�r)
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ß]U'd�_V`2g�{
PlMONQ_VPR\>STNQPlW�K>M'b¿Ñ>d�Ó�UxM�u'ñ]ô3��ufôf×>� ß]Ñ>_QPlKIÓ�U'_
}�U,_Vtld�Ó>bTè�U,_VtRPlKªb>é������>�

ÕÝuxñfØ��]cU´SIgItlU,K]\�U,PlK|d6K^j¿åÔ�~ced�gIKIPlÓ>�ªç@â�W�tlSTNVPRW~K>d6_VZ�MQZBKI�
NQgIUxMOPaM#W�X+è�dDZ�UxMOPad6K»KIU,NoÙ[W~_QÞTM[X¥W�_�W~ÑTNQPlhvPRÚxdfNVPRW~Kª�l§U��
m�p"o@x�n�~�k�o§��m���z�}���k|��o�p�r)��¨@��o��Xuvn�~)k7~.� � ¦dn�}�r,p"z{¨:��~)
��n��d~ w �K³¢���lr,n)~�~ãbIÑ>d�Ó�UxM[�]é6ëa�B�Bw~wTbTé6�~�Iu��

ÕÝu'�6Ø��6c´S>gItRU'K]\^U'PRKvd6K>j�åÔ�6ced6g>KIPRÓ^�Iç â~W�tlSTNQPlW�K>d�_QZ:W�ÑINQPR�
hvPRÚxdfNQPlW�K�d�K>j
NQgIU UxMoNVPRhid6NQPlW�KÔW6XIMQU'd6_2`2gÔjTPlMONQ_VPl\ISTNQPlW�K^M
Ù#PÝNVg�d6Ñ>ÑItRPa`,d6NQPlW�K>MªNQW
Ó�_2d6ÑIg�\IPlÑ>d�_ONVPÝNVPRW~KIPRK>Ó>�f³�o��1n�r)o�p�
��k|�"o@p"z�¹º�"}�r)o@p"z*�"o�§!t¢t@r,���¢k���p"��n�ºPn�p�~���o:k�ofq�b�é����~éI�
NQWid6Ñ>Ñ^Uxd6_x�

ÕÝuDwDØ���c´SIg>tRU'KB\�U,PlKªb�åÔ�zced�gIKIPlÓ>b�d6K>j9p� ì `2gIW~d>�
ßT`2gIU'hvd6NVd>b@jTPaMoNV_QPl\ISTNVPRW~K>Mvd6K>j¡Ó�_2d6ÑIg>Pl`'d6t�h8WTjTU'tlM8PlK
U,â~W�tlSTNQPlW�K>d�_QZ*W�ÑTNVPRhvPlÚ'd6NQPlW�Kª�}¹���}�r)o�p�z¤� ��» n�}�r)k7~���k|x�~2b
wIm³é�s)BþéTuxñF�Iéf�]ôTb>uxë�ë�ë>�

ÕÝux×fØ��Tc´SIg>tRU'KB\�U,PlK*d�K>j|Ò8�Tk�d�d�¼>�¹qI_VW�h�_VU'`,W�h�\>PRK>d6NQPlW�K
W6X]Ó�U'KIU'M�NVW#NQg>U U'MONQPlhidfNQPlW�KÔW�X]jTPaMONQ_VPR\ISINQPlW�K>M&Jã�'è�PRK^d6_VZ
Ñ>d6_2d6hvU,NQU,_2M'�&JLK�p�Iç Pl\�U,KªbIåÔ�Iè�´d�`2Þ�bTcF�>ß]g>WBU'K>d6S>U,_xb
d6K>ji���IßT`2g]Ù[U,X¥U,t³b~UxjTPÝNVW�_2M,b��*p�rsp�z�z¯n�zX��r,�¢��z¯n��½¨5��z�m6k�ofq
� r,���!¦�p���}�r,n�	� �%¨�¦ ³�¾�b�Ñ>d6Ó~U'M»uDô6ÖF��uxÖBôTb+è�U'_QtlPRK&b
u'ë~ë�×I�Tß]ÑI_VPlKIÓ�U'_#}�U,_Vtld�Ó>�

ÕÝufôxØ�p� ì `2g>W~dIbIc�� é �^ß]W�NQW^b é �^ßTd�K~N2d6K>d>b��>�^Y
�^ced�jTU'_Vd>b
d6K>j�î�m�~W�_VÓ�U~�å�gIUiq>d~`ãNQW~_QPlÚ,Uxj¨{
PlMONQ_VPl\ISTNQPlW�K�p�tlÓ�W��
_QPRNQg>hàd�K>jÔNVgIUùSoS^`ãNQPlW�KNQ_VU,UCB�p�tlU'd6_VKIPlKIÓ�Ñ�U,_2MOÑ�U'`"NQPlâ�U~�
JLK¿p� ì `2gIW~d>b�cF� é �]ßTW6NQW^b~d�K>j é �BßId6KBNVd�K>dIb~U'jTPRNQW~_VM'b��r,�6x�nsn��"k�ofq"~U� � �Xuvn�¨�n�x���o@��¨:���Ptv��~)k�}�� �"o�§Ur)��k ´�x�k|p"z
³)o:��n�z�z�k qfn�o�xsn ª��5³-�'§�®O ��� ¬ b~Ñ>d6Ó~U'M�ñ�×�Öa�]ñ]ô�ô]bx�rd�\>d6K>d>b
Y[SI\>d>b>ced6_2`2g¨uxë�ë~ëI�

ÕÝuxÖfØ�cF��k+U'tRPlÞfd6K�d�K>jv{��~ç���Ò:W�tajT\�U,_VÓ>�I�rPRU'_Vd�_V`2gIPa`,d�tTè ì p
MOW~tRâ~U'M�JoMQPRKIÓÔMQÑIPRKvÓ~tld~MQMQU'M�d6K>j8ced6ÜB�oßTd6N'�TJLtltRPøÒÔpr� é U,�
Ñ^W~_ON îrW>�6é6�~��ñ��~�Iu~bn�rKIPRâ~U,_2MOPRNoZ�W6X^JLtRtlPRK>W�PaM�dfN���_V\>d6K>d6�
Y[g>d6hvÑ>d�PRÓ~Kªb�JLtRtlPRK>W�PaM¿Ò:U,KIU,NQPa`ep�tlÓ�W~_QPRNQgIhiMi��d6\�W�_2df�
NQW~_QZ~b���_V\>d6K>d>bTJo� b0�Bd6K]S>d�_QZ¿é�����ñ>�

ÕÝuxëfØ�cF�@k+U'tRPlÞfd6Kªb�{��[ç��[Ò:W~tljT\�U,_VÓ>b�d6K^j¡çr��Y�d6KBN¥¿SI�«k�d�Ú��
è ì p�Bªå�gIU¿è�dDZ�U'MQPad6K ì ÑTNVPRhvPlÚ'd6NQPlW�KFp�tlÓ�W~_QPRNQgIh��vJLK��r,�6x�nsn��"k�ofq"~*� � ��u�n�i2n�o�n���k|xPp"o@����m���z }���k|�"o@p�r)�}�J�"�d
t@}��1p���k|��o³�J��o � n�r,n�o@x�n�i����Z�Z�l ��� b¹â~W�tlSIhvUJãb>Ñ^d6Ó�UxM
w�é~wn�Tw�ñ~éIb ì _Qtad6K>jIW>b@q+� b#uxë�ë~ëI��c)W�_VÓ~d�K�Ú�d6SIX¥hvd�KIK
k SI\>tRPaMOg>U,_2M,b>ßTd�K»q>_Vd�K>`"PaMV`"W>b^Y�p��

Õ é��fØ�cF�^k+U'tRPlÞfd6Kªb�{���ç���Ò:W�tajT\^U'_QÓ^b>d6K^j)q[���ªW~\^W^��p MQSI_Q�
â�U'Z»W�X@W�ÑINQPlh8PlÚ'd6NQPlW�Ke\]Z�\ISIPltajTPRK>Ó»d�K>j)S>MQPRK>Ó*ÑI_VW�\^df�
\IPltRPaMoNVPl`vhvWTjTU'tlM'�¬�¤�"�2t�}���p"��k|�"o@p"z���t@��k��dk@¯6p���k|��o�p�o��
§!t¢t@z�k|x�p���k|��o�~ãb�éIu~mouDs)Bþwn�Ié6�IbTé6�~�~éI�

Õ éIu"Ø é ��ßTd6KBN2d6K>d>� q>d~`ãNQW~_QPlÚ,Uxj�jTPaMoNV_QPl\ISTNVPRW~KÁd6tlÓ�W~_QPRNQgIhiM�B
ß]U,tlU'`"NQPlW�K*Ù#PÝNVgIW�STN�MQU,tlU'`"NQU'j|Ñ^W~ÑISItadfNVPRW~Kª��é�����ñ>��ß]SI\I�
hvPÝNQNQU'j»X¥W~_#ÑISI\ItlPa`,dfNVPRW~Kª�

Õ é~éDØ�k+��ß]Ñ>PR_QNQUxM,brY
��Ò:tlZ]hvW�SI_xb#d6K>j é ��ßT`2gIU'PRKIUxM,�À�Jp�}�
~�p���k|��o w ��r,n��"k|x���k|��oFp�o@�®~�nsp"r,x�u]�¶�&U'`"NQSI_VU)î�W6NVU'MiPlK
ßBNVd6NQPaMoNVPl`'M,��ß]ÑI_VPRKIÓ~U,_Q�³}�U'_Qtad6Ó^bBîrU,Ù�Á W�_VÞ�b¹u'ë�ë~ñI�

ô

seidel
ô



CONFLICT RESOLUTION BY RANDOM ESTIMATED COSTS
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Abstract: Conflict resolution is an important part of many intelligent systems such as production systems, planning
tools and cognitive architectures. For example, the ACT–R cognitive architectire [Anderson and Lebiere, 1998]
uses a powerful conflict resolution theory that allowed for modelling many characteristics of human decision
making. The results of more recent works, however, pointed to the need of revisiting the conflict resolution theory
of ACT–R to incorporate more dynamics. In the proposed theory the conflict is resolved using the estimates of the
expected costs of production rules. The method has been implemented as a stand alone search program as well
as an add–on to the ACT–R architecture replacing the standard mechanism. The method expresses more dynamic
and adaptive behaviour. The performance of the algorithm shows that it can be successfully used as a search and
optimisation technique.
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1 INTRODUCTION

Many problems do not have a unique solution. More-
over, some problems may have infinitely large number
of similar solution paths. A conflict occurs when sev-
eral alternative decisions are available corresponding
to different solution paths. Intelligent systems, such as
rule-based systems, planning tools, cognitive architec-
tures, rely on different strategies to resolve a conflict.
The simplest method is a random or ordered choice
of rules. Other strategies use recency or specificity of
rules. More sophisticated methods can use statistical
information about previous successes and failures of
applying the rules to infer the probability of a success.
In addition, some methods take into account costs of
the rules, which represent the efforts (e.g time) required
from the problem solver to perform the actions.

Statistical (Bayesian) methods proved to be very suc-
cessful not only for a conflict resolution, but also for
modelling some aspects of human behaviour. For ex-
ample, the ACT–R cognitive architecture [Anderson
and Lebiere, 1998] uses subsymbolic statistical infor-
mation to choose a single production rule from a set
of several rules matching the current goal (conflict set).
ACT–R models have been successful in predicting many
properties of human decision making, problem solv-
ing and learning. Despite the success, however, some
recent works have pointed out several problems and
limitations of the conflict resolution theory in ACT–R.
These problems will be summarised in the first section
of this paper.

The new method introduced in this paper relies on the
same statistical information as in ACT–R, but uses it
in a different way. The new method is more adapt-
able to a changing environment. Its dynamics is a
consequence of the entropy reduction during problem
solving. In addition, the method revises and unites

several parameters in ACT–R. Many ideas were in-
spired by the progress in the theories of neural plastic-
ity [Sejnowski, 1977a, 1977b; Bienenstock, Cooper,
and Munro, 1982], as well as the information theo-
retic approach to cognitive models of decision making,
learning and emotion [Belavkin and Ritter, 2003].

In this paper the theory and the algorithm will be pre-
sented in a general form, so that they could be applied
to different domains. In the end of the paper a pro-
gram demonstrating the method will be described, and
its performance will be discussed. It will be suggested
that the method can be used as a powerful optimisation
and search technique.

2 CONFLICT RESOLUTION IN ACT–R

The ACT–R [Anderson and Lebiere, 1998] cognitive
architecture uses a utility values Ui attached to every
production rule i, and in the case of a conflict the rule
with the highest Ui value is selected (i = argmax Ui).
The utility of rule i is defined as

Ui = PiG − Ci + ξ(σ2) . (1)

Here Pi is the expected probability that the goal will
be achieved after rule i has fired, and Ci is the average
cost of the rule (average time required to achieve the
goal). These rules–specific values are learned in ACT–
R statistically using the records of past successes and
failures as well as the efforts spent on each rule. An-
other two members of equation (1) are G — the goal
value parameter (usually measured in time units), and
ξ(σ2) — the expected gain noise, a random number
derived from a normal distribution with zero mean and
variance σ2.

This conflict resolution scheme (1) allowed ACT–R to
model many characteristics of human problem solving,
such as probability matching and the effect of the pay–



off (reinforcement) on choice behaviour. Indeed, one
can see from (1) that utility is a function of probability
of success and the goal value.

Noise ξ in conflict resolution proved to be a good can-
didate for modelling different levels of expertise. It
was shown in [Jones, Ritter, and Wood, 2000] that by
increasing the noise variance σ2 a model of an adult
problem solver may begin to behave more like a young
problem solver. Thus, learning may result in reduction
of noise with time. It was suggested during the ACT–
R workshop in August 2001 that such dynamics could
potentially improve the fit of some models to data.

Moreover, it has been proposed that noise variance
should follow the uncertainty of a success [Belavkin
and Ritter, 2003], and its changes may play an impor-
tant role for optimising the choice behaviour. In ad-
dition, it was shown that goal value G, if controlled
dynamically, may optimise the expenditure of efforts
[Belavkin, 2002]. Indeed, noise and goal value control
breadth and depth of the search for a solution respec-
tively.

Modern cognitive architectures have mechanisms not
only for learning the statistics of existing rules, but
also they may learn new rules (e.g. chunking in SOAR

[Newell, 1990] or production compilation in ACT–R).
It was proposed that noise ξ should be rule–specific and
affect the new rules more than the ‘older’ rules in the
system.

Unfortunately, this is not possible in the current con-
flict resolution mechanism because the goal value G
and noise variance σ2 are global parameters affecting
all the rules simultaneously. Moreover, they are con-
stants, and the theory does not explain their dynamics.

As we can see from the discussion above that being
a successful theory of conflict resolution for some as-
pects of human problem solving, the current conflict
resolution mechanism in ACT–R may not yet be com-
plete. The new method introduced here is an attempt to
overcome the described problems.

3 COST AND SUCCESS PROBABILITY

One may question the need of having the success prob-
ability P , as well as the goal value G and cost C in
the utility equation (1). Let us consider the cost C of
achieving the goal as a random variable, and let P (C)
be the probability that the goal will be achieved at the
cost C (probability that the cost is exactly C). The ex-
pected value of the cost is

E{C} =
∑
C

C P (C)
(

E{t} =
∫ ∞

0

t P (t) dt

)
,

where the summation is made across all possible values
of C (or an integral on t ∈ [0,∞] if C represents con-
tinuous time). The distribution function P (C) gives
the value of success probability for any cost. That is

the expected probability P for given C or G in (1).

Knowledge of distribution functions P (C) for differ-
ent decisions would allow the problem solver to calcu-
late their expected costs E{C}, and to choose the best
rule (or strategy) to solve the problem. Of course the
difficulty here is that when solving a problem for the
first time nothing is known about P (C). The only way
to sample these distributions is by trying to solve the
problem using different strategies. Moreover, even if
we were determined to find out what the costs are by
trial, we would soon realise that some costs are very
hard to ‘measure’ directly.

For example, random rotation of the edges of a Ru-
bik’s cube may eventually assemble the puzzle, but the
chance, as we say, is very low. More correctly would
be to say that the probability of assembling the puzzle
quickly is very low. This means that most likely the
cost of such random rotation strategy is very high, and
one would have to spend a lot of time waiting for the
result. The question is when to give up and try another
strategy?

The ability to give up on hopeless solutions without ex-
ploring them in full is a very important property of hu-
man problem solving. One of the important property of
the algorithm that will be introduced is that it specifies
exactly how deeply an alternative should be explored.

4 PROBLEM SOLVING AS AN OBSERVATION
OF A POISSON PROCESS

Let us imagine that a computer solves some problem
using a particular algorithm, and each time after the
goal state has been achieved, the computer is restarted
and is given to solve the same problem again (1).

Figure 1: A computer running an algorithm in a loop. The goal
state is observed at a rate λ = 1

E{C} , where E{C} is the expected
cost.

Now, if the expected cost of the solution that the com-
puter is using is E{C}, then we shall observe the goal
state every E{C} seconds, or at a rate λ = 1

E{C} . We
may consider the occurrence of the goal state as a Pois-
son process. The probability of observing n events by
the time t is

P (n | λ) =
(λt)n

n!
e−λt , n = 0, 1, 2, ... . (2)

Here λ is called the mean count rate (λ = 1/E{C}),
and n = 0, 1, 2, ... is the number of observations of the
event by the time moment t.



Note, that for λ = 0 (or E{C} = ∞) the probabil-
ity (2) becomes zero for any t, which corresponds to a
case when the event is impossible. Thus, for an event
to be possible the rate must be λ > 0 (or E{C} < ∞).
Perhaps, when solving a problem, one must assume
that the goal state is possible (be optimistic). That is
∃G < ∞ : E{C} ≤ G.

Now, let us consider some special cases of the Poisson
probability (2).

Failure probability is the probability that the event
will not occur (n = 0), and according to (2) it is

q(t) = P (n = 0) = e−λt . (3)

The shape of the above function is shown by a declin-
ing dashed curve on Figure 2.

Success probability is the probability that the event
will occur at least once (n > 0):

p(t) = P (n > 0) = 1 − q(t) = 1 − e−λt . (4)

The success probability is shown on Figure 2 by an in-
clining dashed curve. One can see that it increases with
time if λ > 0.

When solving a problem, especially for the first time,
what we are interested in is the first occurrence of the
goal state. Moreover, often we do not need to solve
exactly the same problem again. Therefore, the proba-
bility of the very first success is of special interest.

First success probability that the event will occur ex-
actly once (n = 1) is

p1(t) = P (n = 1) = λte−λt . (5)

The shape of the above function is shown by a solid
curve on Figure 2. One may notice that it increases
with time up to a certain maximum and then decreases
again.

Figure 2: Probability of failure q(t) decreases with time (declin-
ing dashed curve), probability of success p(t) increases with time
(inclining dashed curve). Probability of the first success p1(t) (solid
curve) has a unique maximum in t = 1/λ = E{C}.

Let us find the time moment corresponding to the max-
imum of the first success probability:

ṗ1(t) =
d
dt

λte−λt = 0 ⇒ t =
1
λ

.

We can see that this time moment corresponds to the
expected cost E{C} (the most likelihood cost). Note,
that at this point the probability of the first success
equals the probability of failure:

p1(t) = q(t) = e−1 , t = 1/λ .

It can be shown that for a system with two outcomes
(first success and its complement) this is the moment of
the maximum entropy, and hence it is the best moment
to make a new estimate of λ using new information.
If the new estimate turns out to be much greater than
expected, then it may also be the optimal moment to
change strategy or give up.

5 ESTIMATION OF THE EXPECTED COST

Up to this point we have been talking about problem
solving as an observation of a Poisson process with
known rate λ. Indeed, equation (2) describes the condi-
tional probability P (n | λ) of observing n events for a
given value of λ (t is parameter). In reality, when solv-
ing a problem, the rate λ is unknown, and the expected
cost is what we are trying to estimate. What is known
is the number of successes n and the amount of time
(or cost) that have been spent.

Let us estimate the rate λ (and, hence, E{C}) from
the observed number of successes n after spending t
amount of time. This can be done using posterior prob-
ability P (λ | n), which can be obtained by the Bayes’
formula

P (λ | n) =
P (n, λ)
P (n)

=
P (n | λ)P (λ)

P (n)
.

One can show that when a priori all the values of λ
are equally probable, and the likelihood probability is
described by the Poisson distribution (2), then the pos-
terior probability can be found from the likelihood:

P (λ | n) = t P (n | λ) .

Now, using the above formula for the posterior proba-
bility, we can find the posterior mean estimate of λ:

E{λ} =
∫ ∞

0

λP (λ | n) dλ =
n + 1

t
,

and hence E{C} ≈ t
n+1 . Note that this estimation

is biased towards successes (optimistic). Such an esti-
mate is more useful than t

n because it can be used even
when no successes have yet been observed (n = 0).
For this reason the algorithm was named OPTIMIST.

Interestingly, the OPTIMIST algorithm finds support in
several studies on kinetics of choice and animal learn-
ing. Myerson and Miezin [1980] found that the re-
sponse frequency in rats can be explained by the Pois-
son distribution [see also Mark and Gallistel, 1994].



6 RECURSIVE ESTIMATION

Let us return to the example of a computer solving a
problem (Figure 1), but with one difference: the ex-
pected cost E{C} is unknown. Also, this time we
control when the computer is restarted. Our goal is to
restart the computer in such a way, that the goal state
appeared at the highest rate possible.

Let us denote by ∆t the time interval after which we
restart the computer. If we restart the computer too late
∆t > E{C}, then obviously the rate at which the goal
state occurs will not be the highest. On the other hand,
if we restart the computer too early ∆t < E{C}, then
often the computer will not have enough time to finish
solving the problem.

Let us conduct a series of trials registering the first oc-
currence of the goal state during time intervals ∆t: if
the goal state is registered, then we shall restart the
computer immediately after it; otherwise, restart the
computer after ∆t. One may notice that there are only
two possible outcomes of such trials (binomial trials):

Failure: the goal state has not been achieved, the num-
ber of successes n does not change, the overall effort
(time) spent increases by C = ∆t.

Success: the goal state is achieved, the number of suc-
cesses n increases by one, and the effort increases by
C ≤ ∆t.

By counting n number of successes and summing up
the time spent t = C0 + ... + Ck in k trials, we can
estimate the expected cost E{C} using posterior mean
formula:

E{C} ≈ C̄ =
t

n + 1
. (6)

Now, starting with some small ∆t = Cmin let us set
each next ∆t equal to the last estimation of E{C}:

∆tk+1 = C̄k =
∑k

i=0 Ci

n + 1
.

An example of step by step calculation of C̄i and ∆tk+1

for ten trials (k = 0, ..., 10) is shown in Table 1. The
dynamics of the estimated cost (6) during 20 trials
is shown on Figure 3. With no successes registered
(n = 0) the estimated value grows exponentially until
it becomes greater than the expected cost E{C}, which
means that the system spends enough efforts (time) to
register first successes (n = 1, 2, ... > 0). As the num-
ber of successes n increases, the estimated value C̄
decreases converging to the expected cost E{C}.

One can see that if the expected cost of the algorithm
our computer is using is finite E{C} < ∞, then with
trials the estimated cost C̄ , and hence the restarting
time ∆t, will converge to E{C}:

lim
k→∞

∆tk+1 = lim
k→∞

C̄k = E{C} .

Also, as a result, the goal state will occur at the highest
rate possible.

Table 1: Example of estimation of E{C} in 10 trials with failures
in the first two and successes in the following eight trials.

k n C̄k ∆tk+1

0 0 Cmin C̄0

1 0 ∆t1 C̄1

2 0 ∆t1 + ∆t2 C̄2

3 1 ∆t1+∆t2+∆t3
2 C̄3

· · · · · · · · ·
10 8 ∆t1+...+∆t10

9 C̄10

Figure 3: Estimated cost C̄ converges to the expected cost E{C}
with cycles k → ∞ and the number of successes n > 0.

7 CONFLICT RESOLUTION

In previous sections we discussed how to estimate the
cost of one particular strategy (algorithm, decision or
production rule) by estimating the rate of a hypothet-
ical Poisson process. As an illustration we used the
example of a computer set into an endless loop solving
a problem (Figure 1). In a similar manner let us rep-
resent a conflict by a choice of several such computers
tackling the same problem, but with only one computer
used at a time.

Let us denote the options (choice of computers, strate-
gies or rules) by x, and suppose that each computer
uses different algorithm with a different expected cost
E{C(x)}. Our goal is to find the fastest (cheapest) x.

Let us record for each option x the following informa-
tion: k(x) — the number of times x was used, n(x)
— the number of successes for x, t(x) = C0(x) +
... + Ck(x)(x) — the efforts (all time) spent using x.
After trying each option we can estimate its expected
cost E {C(x)} ≈ C̄(x) using equation (6). In order to
resolve the conflict we introduce a random estimated
cost:

C̃(x) =
k(x)C̄(x) + ξ(C̄(x))

k(x) + 1
. (7)

Here ξ(C̄(x)) is called a random prediction, and it is
a random variable defined in such a way that its ex-
pected value equals the estimated cost C̄(x) (E {ξ} =
C̄(x)). For example, we can use the following func-
tion: ξ(C̄(x)) = rand ∈ (0, 2C̄(x)).

The conflict is resolved by selecting an alternative x
with the smallest random estimated cost:

x = arg min
[
C̃(x)

]
.



8 PROPERTIES OF THE RANDOM ESTIMATE

One can see from (7) that the random estimated cost is
a mixture of two components: the estimated cost C̄ and
the random predication ξ made based on the last esti-
mated cost C̄. The contribution of the latter component
for individual rule x depends on the number of trials k
(experience), and it decreases. This means that if new
production rules are learned during problem solving,
their expected cost will be more affected by the ran-
dom prediction ξ.

The expected value of the random estimated cost C̃
equals the expected cost E{C}, which follows from its
definition (7). Moreover, with trials k the value of the
random estimated cost C̃ not only converges to the the
expected cost E{C}, but also its value becomes more
stabilised (less plastic) as the number of samples k in-
creases. This property recalls of an important plastic-
ity effect known for neural networks and explained by
the covariance learning rule [Sejnowski, 1977a, 1977b;
Bienenstock et al., 1982].

Because with successes the estimated cost C̄ decreases,
so does the expected value of the random ξ, as by def-
inition E{ξ} = C̄. This way, with successes, the ran-
dom estimated cost C̃ decreases on average and be-
comes less random. We may compare this process with
cooling the system down in simulated annealing [Kirk-
patrick, Gelatt, and Vecchi, 1983].

On the contrary, if the number of failures increases,
then the estimated cost C̄ grows exponentially. As a re-
sult, the contribution of the random prediction ξ in (7)
becomes more and more noticeable. This way, with
failures, the random estimated cost C̃ increases on av-
erage and becomes more random. We may compare
this process with heating the system up.

The information acquired during the binomial tests of
rules acts as reward or penalty signals in reinforcement
learning theories [Barto, 1985; Barto and Anandan,
1985]. Indeed, initially all the alternatives x have equal
chances to be selected from the conflict set, because
no posterior information is available, and the choice is
random. On successes the estimated cost C̄ , and conse-
quently the expected value of C̃ , decreases. As a result,
the chance of the successful rule to be selected on the
next trial increases. This is similar to excitation effect
in neural networks. On the contrary, if a failure oc-
curs, then the estimated cost C̄, and consequently the
expected value of C̃, increases. This leads to inhibi-
tion of the failed alternative x, because its chance to be
selected next time decreases.

9 METHOD PERFORMANCE

There are currently two applications in which the OP-
TIMIST algorithm has been tested: an add–on to the
ACT–R architecture replacing the conflict resolution
mechanism [see Belavkin, 2002], and a demonstration

search program (all implemented in Common Lisp).
The interface of the latter is shown on Figure 4. The
program presents a search space with several gadgets
controlling its parameters. The alternatives x repre-
senting different choice of strategy are located along
the horizontal axis (breadth of the search space). The
cost (depth of the search) is represented by the vertical
axis.

When a particular rule x is selected, it is depicted by
a vertical beam going up from the corresponding posi-
tion (second alternative is shown selected on Figure 4).
The height of the beam represents the current maximal
cost (∆t). The outside world is represented by a distri-
bution of the real costs. They are represented by thick
horizontal bars. The distribution shape is controlled by
the user, and it is not known to the algorithm. Figure 4
shows parabolic distribution of the real costs with the
smallest (optimal) cost positioned in the middle. If the
cost payed by the algorithm is enough to achieve the
goal (the beam is higher than the real cost bar), then a
success is registered (goal achieved); otherwise, a fail-
ure occurs. The horizontal line represents the latest es-
timation of the expected cost. The estimated costs for
each alternative are stored in the memory of the pro-
gram and are represented by thin horizontal bars.

Figure 4: Interface of the OPTIMIST demonstration program

The program demonstrated the following behaviour of
the algorithm with the four distinguishable stages. In
the beginning the search is completely random and not
very deep (the heights of the beams are small). When
no successes are registered the estimated costs begin
to grow exponentially (the beams begin to rise higher).
The system ‘heats up’. When the depth explored by
the algorithm is greater than the real cost, the first suc-
cesses occur, and the estimated cost decreases. For
some period of time the number of successes is compa-
rable to the number of failures, and the system appears
as ‘boiling’. When the algorithm finds more optimal
solutions the system starts to cool down which is rep-
resented by a decrease of the estimated cost, and the
choice is concentrated more on the successful entries
with smaller (more optimal) costs. Finally, the system
stabilises choosing only the optimal alternative and ex-
ploring just enough to reach the success. This stage can
be compared with crystallisation.

If the distribution of the real costs changes after crys-



tallisation, the system heats up again until the algo-
rithm finds another solution. This demonstrates the
ability of the system to adapt to a changing environ-
ment. The speed of adaptation, however, decreases
with the ‘age’ of the system.

Figure 5 shows from left to right the dynamics of choice
proportion for parabolic distribution of the real costs
with the optimal in the middle (breadth set to 50 al-
ternatives). One can see that the breadth of the search
decreases. The dynamics of the estimated cost is shown
on Figure 6, and it illustrates the depth of the search as
a function of trials (cycles).

Figure 5: Dynamics of the choice proportion (from left to right).

Figure 6: Dynamics of the estimated cost (optimal cost set to 20)
for a conflict set of 20 alternatives (breadth 20).

The depth of search converges to the optimal. More-
over, the first solution found is not necessarily, but most
likely to be the optimal. Indeed, the greater is the real
cost of a solution, the less is its chance to be explored
in full. On the contrary, the optimal solution path has
the highest probability to be explored in full.

10 CONCLUSIONS

A new conflict resolution algorithm has been intro-
duced, which united some of the parameters of the
ACT–R cognitive architecture. The introduced learn-
ing and conflict resolution scheme addresses several
problems of the ACT–R conflict resolution. It also im-
plements other theories on kinetics of choice as a com-
putational algorithm. In addition, the theory is general
enough to be employed as a search and optimisation
technique. The performance and cheap computational
cost of the algorithm is encouraging for its application
in various areas of computer science.
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Abstract: The increase of maritime traffic in the past few years have posed concerns about the safety of using this 
transport facility in the future. Recent accident statistics show that the age of boats, legislation and traffic flow control 
are nowadays insufficient to ensure the security of boats, crew, coasts and ecological system. Maritime authorities 
have set up Vessel Traffic Systems (VTS), which follows ship navigation specifically in  high density areas. In this 
paper, we present a new computing approach to simulate and improve the security of maritime traffic. Based on agent 
technology and distributed systems this solution models the ship behaviours and adds to Vessel Traffic Systems the 
capability of comparing original and simulated ship tracks. 
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1. INTRODUCTION 

Sea traffic grows each years considerably. During 
2001, intra-community goods transport increased by 
27% [European Commission 2001]. An outcome of 
this growth is the congestion of different parts of the 
navigation’s network such as the Cape Gris Nez, 
Ouessant in northern Atlantic and Malacca or 
Tsushima strait near the Asian coast. The result is a 
reduction of competitiveness in comparison to other 
means of transports and the increase of accident risks. 

Disasters resulting from maritime accidents cause 
considerable damage and monopolize significant 
human and material resources [Paul 1997] in order to 
be solved. Relevant illustrations of the problem are the 
sinking of the ERIKA [BEA Mer 2000] in western coast 
of France which provoked a large oil leakage, and the 
sinking of the IEVOLI SUN [BEA Mer 2001b] which 
provoked chemical diseases near Chausey Islands. 
These accidents are mainly due to the excessive age of 
the ships, their bad maintenance, the crew lack of 
knowledge, and to non-compliance with the sea rules 
of transport. After the shipwreck of the ERIKA, 
recommendations were issued to enforce the 
modernization of naval equipment, improve crew 
training, and, more interestingly for our work, the 
establishment of centres for surveying the maritime 
traffic [BEA Mer 2001a]. In order to reduce the 
number of accidents, governments have two 
possibilities: 

 The issue of regulations binding the ship’s 
managers to increase security on board by training 
their staff and carrying-out regular maintenance of 
their ships. However, the economic market implies 
that if they want to survive, they have to propose 
the best price for freight transport. Therefore, 
generally, they prefer to reduce these costs. 

 The survey of maritime traffic. With specific 
tools, national authorities can survey their 
territorial waters and apply national or 
international legislation, resulting in a cut in the 
amount of registered diseases. 

Nowadays, many countries such as China, United 
States of America, Great Britain, and France have 
chosen a more pragmatic solution. They decided to 
install a large number of surveying tools and reinforce 
maritime legislation. 

In this paper, we present a new method for modelling 
the maritime transport in a high traffic area. In section 
2, we describe the problem of safety navigation and 
naval transport simulation. Section 3 presents technical 
problems related to the setting up of a safety 
navigation simulator and how they can be addressed by 
using new computing approaches. In section 4 we 
present the chosen solution we will implement to 
validate traffic navigation modelling. The last section 
presents outlooks and concludes this paper. 



2. RELATED WORK AND SPECIFICATION OF 
THE REQUIREMENTS 

The majority of transportation systems are monitored 
by computer systems. Applications related to road 
network monitor vehicles, gives information about 
construction, accident, detours [GoodWin and Pfrang 
2001] and traffic analysis [Hadouaj et al. 2000]. For 
Air traffic control, applications are focused on traffic 
survey to prevent collision [Krozel and Peters 2000]. 
For transportation network, information is given on 
scheduling [Zhu et al. 2000], coordination between 
railways and road network on intermodal platform 
[Bürckert et al. 1999]. 

 
Fig. 1. Center equipped with VTS at Flint, Sweden (Öresund) 

Vessel Traffic Systems (VTS, see figure 1) are used to 
manage maritime traffic [Amiel 2002]. It is a computer 
based system which uses a similar methodology to that 
used in air traffic control. One or several Radars are 
connected to the VTS and give ships bearing. Areas 
that are covered by VTS are bounded to ports, 
estuaries, straits and nearest coast. However, because 
of Radar and VTS costs, coastal area is not fully 
covered. Each ship is initially localized by Radar then, 
after vocal identification, the ”track” is updated. 

In order to identify high density areas where an 
improvement of the maritime traffic security should be 
set up, we in a first study, establish a following of ship 
tracks around western Europe [Huet 2002b]. In figure 
2, dots represent the true roads followed by ships and 
their aggregations illustrate high density ships 
(represented by the darkest color). One of the most 
dangerous area is the Channel. Indeed the huge amount 
of ships and the lack of complete surveys of this area 
(see figure 3) lead as seen recently to accident (e.g. 
Tricolore shipwreck). Traffic flow in this area can 
reach up to 500 ships a day. In Gris Nez/Dover area 
(eastern part of the Channel), where the width is the 
shortest, this high density traffic have to be supervised 
with care in order to prevent potential shipwrecks. In 
the following, we will focus on the Channel area that 
can be considered as the most relevant area for the 
improvement of traffic security using new computing 
solutions. 

 

Fig. 2. Maritime traffic in Europe 

In order to cover the Channel area, French and English 
government had set up VTS all along the coasts (see 
figure 3). In France, Maritime Rescue Co-ordination 
Center (MRCC) are fitted with VTS. On the French 
side, one can find a VTS associated to a CROSS (the 
French MRCC acronym). These are at Gris Nez, 
Cherbourg and Brest. In England, VTS are at Dover, 
Portland and Falmouth. Some VTS are connected to 
each other to exchange information. Hence, it is in 
theory possible to follow a ship from the beginning to 
the end of the Channel, but as illustrated in the figure 3 
some areas are uncovered. 

Fig. 3. Estimated area covered by VTS on the Channel 

When a ship goes out of a VTS covered area, date, 
time, speed and direction parameters are given to the 
following VTS as a digital file. This file is also sent by 
fax to insure that the transmission has been correctly 
done. Then, the following VTS will propose an 
estimate arrival date and location. However, there is no 
information in-between covered areas, so if a 
hazardous situation arises, traditional methods of 
search and rescue are set up.  

Adding a simulation interface in a VTS allows us to 
propose some additional services. In state of the art 
systems, VTS technology is fully automated. However, 
whereas following a ship on a screen is controlled, 
simulating its movement is yet a research topic. 
Therefore, For VTS systems it could be useful to:     
(1) estimate the vessel road when outside the radar 
cells; (2) compare the ”true road” to the ”estimated 
road” to anticipate potential problems; (3) replay a true 



situation for training; (4) simulate a ”day traffic” to 
estimate speed limitation, maximum density. 

Optimum vessel track depends on different parameters 
such as weather conditions, human interaction or 
vessel geometry/attitude, and vessels interaction 
between themselves. In this context, we propose to 
model each ”track” as a computer agent whose 
location is the major parameter. 

3. ENABLING SAFETY NAVIGATION SIMULATION 

Setting up such a safety navigation simulator requires 
taking into account lots of parameters. Indeed, to 
model the vessel movement in a distributed context, 
we have to take into account algorithms complexity. 
[Huet 2002a] demonstrates an agent technology that 
give the same algorithm complexity but increase 
interaction between user and model. We also have to 
take into account computer performances and 
operating systems [Ray and Huet 2000] and 
specifically the scalability problem. To avoid loosing 
information, fault tolerance procedures should be used. 

The agents computing paradigm fulfils most of the 
afore mentioned requirements. Agents are autonomous 
software entities that roam the Internet to perform 
tasks on behalf of the user. They access network 
resources more efficiently because they can move to 
the resources location rather than exchanging multiple 
network messages over congested bandwidth. Agent 
systems are also ideal for modelling interrelated 
objects behaviour. They use speech-act based 
communication primitives to cooperate [O’Brian and 
Nicol 1998], while maintaining their autonomy. The 
mobility and autonomy of mobile agents allow them to 
trail the track of ships, possibly migrating to other 
computing nodes that are closer to new ship tracking 
locations, while the advanced agent communication 
primitives should allow for the seamless integration of 
safety navigation rules into the cooperative behaviour 
of the agents representing the ships. 

Despite their promise, there are a lot of issues such as 
trust, scalability, reliability that need to be resolved 
before agent systems can be adopted by distributed 
processing and Internet-based applications. In this 
work, we focus on problems that have direct 
implications on the safety navigation of marine traffic. 
The choice of an agent-based support for modelling of 
the various entities interacting in a maritime 
environment has some drawbacks. From an 
implementation point of view, the autonomy of each 
agent is ensured by the creation of an individual 
process or a thread.  

Unfortunately computers have limited resources 
resulting in a limited number of manageable processes 

(threads) and consequently agents. An advantageous 
configuration of a safety navigation simulator should 
imply the modelling of one ship using one agent 
because agent properties and behaviours can naturally 
replicate ship behaviour. This modelling approach is 
judicious but raises the problem of scalability of such a 
simulated system.  

As mentioned earlier, computing systems have limited 
resources, thus a limited number of ship that can be 
modelled. In a realistic simulation of ship navigation in 
the Channel one can expect about 500 boats to manage 
by day. This figure is not so far from common limits of 
agent number that can executed correctly by a 
computer (this limit depends on the computer itself but 
also on the operating system) and can lead to an 
overhead on agent computing engine. This overload is 
reinforced when the navigation space is larger or when 
the traffic increases. In order to provide an efficient 
simulator, this scalability problem needs to be 
addressed in order to ensure that any solution doesn’t 
fall behind real-world response time. 

Recent advances in computing offer new solution for 
the simulation of large-scale systems such traffic 
navigation system. The use of distributed system for 
efficient computing support for multi-agent platform 
allows to overcome the scalability problems. This 
distributed approach has been already used for 
different applications. In the domain of the 
understanding of urban phenomenon, a distributed 
agent approach is used for the simulation of traffic 
[Erol et al. 1999]. In [Ray and Claramunt 2002] a 
distributed platform models and simulates 
disaggregated data flows in an airport terminal. 

The second major challenge is safeguarding the agent 
computing engine. Marine navigation systems are 
safety critical and faults affecting the driving 
application can have disastrous consequences. We 
mentioned earlier that agents are autonomous software 
objects that can migrate between Internet hosts and 
communicate with each other via sophisticated 
message exchange primitives to achieve a common 
goal, for example collision evasion. Hence, to ensure 
the reliability of the navigation system, we need to 
make the computing engine tolerant to faults that 
might affect the agent execution or the communication 
channel between the agents [Osman and Bargiela 
2000a]. 

4. SOLVING SAFETY NAVIGATION 

4.1 Ship modelling 
The ship, identified by its location is the element, 
which is moving according to many dynamically 
changing environmental factors. Here we propose to 
model each ship by an agent. Since agents have built-



in support for multi-threaded behaviour, they can 
integrate sea/weather information (which is 
environmental information), vessel geometry and 
human interactions (figure 4). 

We can find, in all navigation books, information to 
calculate the ship road while taking into account wind 
or stream drift. We will use this information to model 
the ship behaviour. This information depends on the 
type of navigation. Coastal navigation follows code of 
nautical procedures and practices, lights, buoys and fog 
signals, separation traffic scheme and sailing directions 
while ocean navigation follows shortest way rules (to 
go from one point to another one, the fastest is the 
shortest) and sailing directions. 

Fig. 4. Modelling interactions between the ship and its environment 

In [BEA Mer 2001b], events which caused the loss of 
the IEVOLI SUN are described. Major remarks in the 
report were the sea and weather condition, state of the 
ship, choice done by the captain to find the best road 
and ship condition: 

1) Human interaction: the captain has to take into 
account several parameters to define its road. For 
instance, he has to take into account the distance 
between overlapping ships, chart information 
(such as traffic separation device).  

2) Vessel Geometry/attitude: each vessel has its own 
performance parameters such as manoeuvrability, 
gyration, distance to stop or wind catching, stream 
catching, draught. 

3) Environmental information integrates 
relationships between the ship behaviour and 
natural elements such as wind or tide effect. 

We can identify currently several rules, which will be 
used in our modelling. These rules will be changed and 
expanded in the second step of our work. In a 
simplified case study, we will start by the modelling of 
ocean navigation. In that way, we can write: 
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λ is the ship location identified by its longitude (G) and 
its latitude (Φ) 
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Λ is the surveyed area. 
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A road is defined by an ordered list of waypoints. 

RWPiS ∈Λ⊂−∈∃ ;},9090{ Lα          (4) 

φφ
α

−
−

=⇒
i

i GGtan                                         (5) 

+ℜ∈−+−=⇒ δφφδ ;)()( 22
ii GG   (6) 

A ship road is defined by an azimuth α and distance δ.  
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An obstruction area is an area in the surveyed area 
where ships cannot advance. 
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Each ship has its own protection area. It is a circle 
whose the diameter varies with the speed ν. A 
protection area is an obstruction. The protection area 
must not intersect with another obstruction. To ensure 
the correctness of the working model, we propose to 
integrate the model components step by step. 

4.2 Space modelling 
Because of the geographical position of different 
entities (e.g. VTS) over a maritime space, we need to 
partition the navigation space into smaller areas in 
order to replicate real world. This is also needed, as 
mentioned to overcome the scalability problem. This 
maritime environment can be modelled using a 
hierarchic approach [Bargiela 2000], which organizes 
information at different level of granularity. The 
hierarchic decomposition is particularly adapted for the 
modelling of real world system that have to be 
implemented on distributed system. This description of 
the different elements constituting the environment 
shows three essentials components. First, this scheme 
allows for the identification of geographical entities of 
the model (nodes of the tree, figure 5). Secondly, this 
scheme shows dynamic behaviour of these entities. 
Finally it shows the entity that can be mapped on the 
computer for the distribution (a partition). 

Partitions are managed by space managers that 
coordinate start up and inter agent communication. 
They also facilitate agent migration as modelled ships 
move into their neighbouring partitions. Let us notice 
that a buffer zone is needed if space manager has 
limited view of the space it manages (existence of 
uncovered area). 

There are several benefits of such a distributed 
approach: (1) it provides manageable computing object 
entities (agents) in order to solve scalability.               



(2) it provides local reference for agent communication 
and thus more efficiency in communication because 
objects in the same area are on the same computer. (3) 
it reflects real structure of how sea space is managed. 

Fig. 5. Space modelling 

4.3 Reliability concerns 
We mentioned that naval navigation systems are safety 
critical, which poses reliability concerns on the 
proposed agent-based computing engine. The mobile 
agent technology is a software revolution, its goal is to 
utilize networked resources in a more opportunistic 
fashion than the traditional client/server systems, but 
the hardware platform on which the agents run doesn’t 
differ from that exploited by the traditional distributed 
computing paradigms. Hence, the reliability of agent-
based systems is affected by faults to the external agent 
environment, i.e. the networked hosts and the 
communication channel. Transient failures, caused by 
a temporary memory fault for example, might affect 
the executing agent only, while permanent faults 
caused by host failure will crash the running agent 
platform and all the executing agents. The integrity of 
inter-agent messaging and can be violated by faults in 
the communication link as well as the failure of the 
sending or receiving agent. Host and communication 
link failures can also disrupt agent migration. Our 
navigation model presumes that the ship agents must 
exchange information for track correction, collision 
evasion, etc., therefore we also need to address the 
complex problem of coordinating the recovery of the 
mobile agents in a collaborative environment. Here we 
must take into consideration how the failure of a single 
agent or a communication transaction can affect the 
consistency of the global state of collaborative agents 
applications. Classic distributed fault-tolerance issues 
such as domino effect and duplicated messages 
[Osman and Bargiela 2000b] are also relevant for such 
agent applications. 

 

There are two main approaches to fault-tolerance of 
distributed systems: replication and checkpointing. 
Replication techniques rely on executing replicas of 
the application processes (agents) on redundant 
hardware, then the application should be able to 
continue executing reliably as long as at least one 
replica is alive. In-principle, replication techniques 
should have smaller overhead than checkpointing 
methods, that can block the application execution 
while retrieving a previously stored state of the agent 
(checkpoint) from stable storage. However, we argue 
that agent computing is not suitable for high-
performance applications with strictly constrained 
response time for which such overhead can be 
regarded intolerable. The agent code has to be 
interpreted to support the portability necessary for 
agent mobility, which slows-down the performance of 
the agent code in comparison to executables that are 
pre-compiled into native machine code. There is also 
the overhead of marshalling/unmarshalling the 
execution code (byte-code serialization) and agent 
load/start-up time as agents travel their itinerary to 
fulfil a user task [Schill et al. 1998]. The advantage of 
using the agent-computing paradigm for naval 
navigation paradigm is in the multi-agent systems 
ability to logically map into the dynamic topology of 
roving objects (ships) and intelligent processing of 
their interaction in the maritime environment, rather 
than delivering exceptionally high performance. 

Checkpointing offers a low-cost alternative to agent 
systems reliability, where live replicas running on 
redundant hardware are not required [Silva et al. 
2000]. Checkpointing is easer to implement, as the 
management of consensus between many replicas is 
not required. It also fits naturally into the agent-
computing model since serializing the agent code in 
preparation for migration effectively constitutes taking 
a checkpoint.  

There are many flavours of checkpointing and rollback 
recovery: messaging logging, consistent 
checkpointing, and hybrid methods. The choice and 
detailed design of the rollback recovery protocol will 
fundamentally depend on the study of execution, 
communication, and reliability requirements of the 
navigation system navigation system, which will 
prevail in the next stage following this feasibility 
study. Many implementation decisions for the fault-
tolerance layer will also largely depend on our choice 
of mobile-agent platform. The requirement to support 
mobility, agent tracking, message forwarding, etc. has 
made the agent platforms very complex middleware 
that significantly varies from one implementation to 
another. For example some agent platforms rely on 
weak migration [Rothermel and Schwehm 1999],     
i.e. proxies are used at the remote platform instead of 
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physically de-serializing and transporting the agent 
code. Weak migration significantly complicates the 
fault-tolerance protocol since the agents no longer have 
autonomous execution state. 

5. CONCLUSIONS  

In this position paper we presented simulation for 
safety navigation and identified technical limitations 
we encountered during the first step of an 
implementation of our model.  

In the first part of this document, we explain why it is 
useful to simulate traffic navigation and presented the 
problem of sea traffic congestion and why we need to 
address it. In the second part, we criticize the 
traditional methods currently used to survey the ships 
and suggest how it can be improved by applying the 
multi-agent technology to represent the simulated 
vessels. We identify probable technical problems 
facing the agent-based simulator such as algorithm 
complexity, reliability, resource management and 
scalability. Then, we described a modelling approach 
to maritime navigation that integrates ships behaviour, 
and suggested a multi-agent distributed systems 
approach for implementing the proposed model. We 
explained how the autonomous and mobile nature of 
the multi-agent computing paradigm perfectly fits into 
space modelling of maritime navigation. 

The next stage of this project will involve 
implementing the navigation simulation model on a 
multi-agent computing bed and testing a collision 
alarm system based on the proposed model. We will 
also perform an evaluation study of the scalability and 
availability results of the simulation by contrasting 
them to real-life data. 
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Abstract - There are many learning methods in artificial neural networks.  Depending on the application, one 
learning or weight update rule may be more suitable than another, but the choice is not always clear-cut, despite 
some fundamental constraints, such as whether the learning is supervised or unsupervised. This paper addresses 
the learning style selection problem by proposing an adaptive learning style. Initially, some observations 
concerning the nature of adaptation and learning are discussed in the context of the underlying motivations for 
the research, and this paves the way for the description of an example system. The approach harnesses the 
complementary strengths of two forms of learning which are dynamically combined in a rapid form of 
adaptation that balances minimalist pattern intersection learning with Learning Vector Quantization. Both 
methods are unsupervised, but the balance between the two is determined by a performance feedback parameter. 
The result is a data-driven system that shifts between alternative solutions to pattern classification problems 
rapidly when performance is poor, whilst adjusting to new data slowly, and residing in the vicinity of a solution 
when performance is good. 
 
Keywords:  neural networks, fast learning, performance feedback, adaptive learning styles. 
 

1. MOTIVATIONS AND OBJECTIVES 

There are some basic observations and principles 
that motivate research into neural networks and 
other systems that are capable of leaning ‘on the 
fly’. These concern the ability to rapidly adapt to 
discover provisional solutions that meet criteria 
imposed by a changing environment. 

 
1. 1 Provisional Learning  
 
The adaptive systems of interest in this type of 
research are not required to solve an optimisation 
problem in the traditional sense; they search 
heuristically for good solutions (solutions that are 
fit for purpose according to the chosen criteria of 
the target application) in a hyperspace that may 
contain many plausible solutions. However, 
heuristic information may be expressed by an 
objective function of some kind, which the system 
tries to ‘optimise’. The classic example is error 
minimisation, in which in general the data is 
imperfect, e.g. limited, sparse, missing, error-prone, 
and subject to change (non-stationary). Therefore, 
the error minimum is really just a local minimum: 
local to a subset of data and an episode of time.  
 
Whilst this does not preclude the discovery of 
solutions that work for all data-time, it does mean 
that such generalisation involves extrapolations and 
assumptions that cannot be justified on the sole 
basis of the available information. In such 
circumstances, it is reasonable, when a new 

candidate solution is found, for it to be held – as a 
provisional hypothesis – until or unless it is 
rejected, or until it can be replaced by a stronger 
hypothesis. 
 
1.2 Fast Learning 
 
Slow, iterative and intensive sampling based 
methods (eg. Gradient descent methods, and 
Bayesian methods involving Monte Carlo and 
related methods) are inherently non-real-time, in 
the sense that they require multiple presentations of 
sets of patterns or samples, and therefore they 
cannot respond to the changing environment as it is 
changing. This contrasts sharply with the human 
case. Humans learn ‘as they go along’, to a 
significant extent, without the need for multiple 
presentations of each exemplar or pattern of 
information. 
 
1.3 Performance-guided Learning 
 
An important concern in artificial intelligence is 
how to combine top-down and bottom-up 
information. This applies to learning systems. For 
example, reinforcement learning is very effective at 
rewarding successful strategies, or moves, during 
learning; supervised learning is a powerful means 
of modifying an ANN when it makes mistakes; and 
genetic algorithms are effective at selecting for 
improvement across generations of solutions. These 
are important and effective approaches, not to be 
dismissed simply because they are not fast, or 
because they are computationally intensive. 



 

Fascinating results and innovations are still 
occurring with these approaches, as this conference 
testifies [Vieira et al 2003, Andrews 2003, Lee et al 
2003]. Equally unsupervised learning, which does 
not harness top-down information, is an extremely 
useful tool, for example as an alternative or 
complement to clustering; but in its purest form it 
does not (by definition) make use of any 
information on the current performance of learning, 
in order to guide adaptation in appropriate 
directions.   
 
Ideally, learning should be rapid, and yet capable of 
taking external indicators of performance into 
account; and it should be capable of reconciling the 
data (bottom-up) with feedback concerning how the 
ANN is organising the data (top-down). 
 
2. ADAPTIVE RESONANCE 
 
The points raised above have led to the 
development of PART (Performance-guided 
Adaptive Resonance Theory), which has two of 
antecedents, ART (the original Adaptive Resonance 
Theory), and SMART (Supervised Match-seeking 
ART).  
 
2.1 Adaptive Resonance Theory (ART) 
 
ART [Carpenter and Grossberg, 1988] performs 
unsupervised learning. A winning node is accepted 
for adaptation if:  
 

| I|

|I   w| ∩
  ≥  ρ, where w is the weight vector, I is 

the input vector and ρ is the so-called vigilance 
parameter, which therefore determines the level of 
match between the input and the weights required 
for a win. Weight adaptation is governed by: 
wiJ

(new)  =  n(I ∩ wiJ
(old)) + (1-n) (wiJ

(old)). As a 
result, only those elements present in both I and w 
remain after each adaptation, and learning is fast. 
In fact, it is guaranteed to converge in 3 passes of 
any set of patterns when n=1. 
 
2.2 Supervised Match-seeking Adaptive 
Resonance Tree (SMART) 
 
In order to convert ART into a supervised learning 
system that would therefore learn prescribed 
problems, SMART was developed [Palmer-Brown, 
1992].  In this case the winning nodes are labelled 
with a classification. When a node with a label 
wins, if the classification is correct, learning 
proceeds as usual. If the class is wrong, a new node 
is initialised with the values of I, so that it would 
win in competition with the current winning node. 
An upper limit may be imposed on the number of 
nodes, in which case further learning results in 

some nodes becoming pointers to subnets, which 
learn in the same way as the first net. Hence the 
system is a fast, self-growing network tree.  
 
2.3 Information Loss 
 

   The main limitation that was found with ART and 
SMART was the ‘one strike and you’re out’ nature 
of the adaptation. Nodes sometimes need to retain 
information that is relevant to only a subset of the 
patterns for which they win. The w  ∩ I intersection 
is responsible for this information loss, but it is also 
the reason for the rapidity and stability of the 
learning process. Thus, the challenge is to retain 
these positive characteristics whilst preventing the 
learning from throwing away information when it is 
needed. This objective, along with the points made 
in section 1, has led to the development of 
Performance-guided Adaptive Resonance (PART). 

 
3. PERFORMANCE-GUIDED ADAPTIVE 
RESONANCE (PART) 
 
A non-specific performance measure is used with 
PART because, in many applications, there are no 
specific performance measures (or external 
feedback) available in response to each individual 
network decision. PART consists of a distributed 
network and a non-distributed network, in order to 
perform feature(s) extraction followed by feature 
classification, in two stages. Fig. 1 illustrates the 
architecture in the context of a particular application 
[Sin Wee et al, 2002]. 
 

3.1 dP-ART Learning 
On the presentation of a binary input pattern I, the 
network categorises the input pattern by comparing 
it against the stored knowledge in the existing 
distributed output categories of F21 layer. This is 
achieved by calculating the bottom-up activation, 
using (1): 
 

Ti = 
|w|
| I w| 

i

i

+
∩

β
  (1) 

As this architecture is based on a distributed P-
ART, there is more than one winning node, in this 
case D = 3. The F21 nodes with the highest bottom-
up activation are selected (D of them), and they 
have their weights adapted. If a distributed output 
category is found with the required matching level, 
using (2), as in ART:  
 

| I|
|I   wI| ∩   ≥  ρ  (2),



 

 

 

 

 

 

 

 

 

 

 

 
 
 

 
Figure 1. The PART System 

 
 

Then learning occurs, according to equation (3):  
  

wiJ
(new)  =  (1 - p) (I ∩ wiJ

(old)) + p (wiJ
(old) + β (I  -  wiJ

(old))),
  
 
where wij

(old)= the top-down (a similar equation 
applies for the bottom-up weights) vectors at the 
start of the  input presentation; p = performance 
parameter; I= binary input vector; and β  = the 
‘drift’ constant.  The effect of (3) is wiJ

(new)  = α 
(fast_ART learning) + β (LVQ)    ( equation 4), where LVQ 
stands for Learning vector quantization.  

 
The α-β balance is determined by performance 
feedback.  Therefore P-ART does unsupervised 
learning, but its learning style is determined by its 
performance, which may be updated at any time. So 
PART combines minimalist ART learning with 
Learning Vector Quantization (LVQ) [Kohonen, 
1990], and by substituting  p in (3) with 0 for poor 
performance, (3) can be simplified to:   

            
wiJ

(new)  =  (I ∩ wiJ
(old))   (5) 

 
Thus, fast learning is invoked, causing the weights 
to reach their new asymptote on each input 
presentation: 

 
wJ  →  I ∩ wJ

(old)  (6) 
 

In contrast, for excellent performance where p = 1, 
(3) can be simplified to:  
 
wiJ

(new)  =  (wiJ
(old)  + β (I - wiJ

(old))) (7) 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Thus, a simple form of clustering or LVQ occurs at 
a speed determined by β.  
 
Equation (3), whenever performance is not perfect, 
enables the top-down weights to drift towards the 
input patterns. With alternate episodes of p = 0 and 
p = 1, the characteristics of the learning of the 
network will be the joint effects of the (5) and (6). 
This joint effect enables the network to learn using 
fast and convergent, ‘snap’ learning when the 
performance is poor, yet be able to drift towards the 
input patterns when the performance is good. Drift 
will only result in slow (depending on β) 
reclassification of inputs over time, keeping the 
network up-to-date, without a radical set of 
reclassifications for exiting patterns. By contrast, 
snapping results in rapid reselection of a proportion 
of patterns to quickly respond to a significantly 
changed situation, in terms of the input vectors 
(requests) and/or of the environment, which may 
require the same requests to be treated differently. 
Thus, a new classification may occur for one of two 
reasons: as a result of the drift itself, or as a result 
of the drift enabling a further snap to occur, once 
the drift has moved weights away from 
convergence.   
 
3.2 sP-ART 
 
The distributed output representation of categories 
produced by the dP-ART acts as input to the sP-
ART. The architecture of the sP-ART is the same 
as that described above except that only the F22 
node with the highest activation is selected for 
learning. The effect of learning within sP-ART and 
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dP-ART is that specific output nodes will represent 
different groups of input patterns until the 
performance feedback indicates that sP-ART is 
indexing the correct outputs (called proxylets in the 
target application). 
4 AN EXAMPLE APPLICATION 

4.1 The Performance Feedback 

The external performance feedback into the P-ART 
reflects the performance requirement in different 
circumstances. Various performance feedbacks 
profiles in the range {0,1} are fed into the network 
to evaluate the dynamics, stability and performance 
responsivity of the learning. Initially, some very 
basic tests with performances of 1 or 0 were 
evaluated in a simplified system [Sin Wee et al, 
2002]. Below, the simulations involve computing 
the performance based on a parameter associated 
with the winning output neuron. In the target 
application, provided by BT [Marshall and 
Roadknight, 2000, 2001], factors which contribute 
to good/poor performance include latencies for 
proxylet (eg software) requests with differing time 
to live, dropping rate for request with differing 
time to live, and different charging levels according 
to quality of service, and so on.  

 

4.2 Application Layer Active Network (ALAN) 

The ALAN architecture was first proposed by [Fry 
and Ghosh, 1999] to enable users to supply JAVA 
based active-service codes known as proxylets that 
run on an edge system (Execution Environment for 
Proxylets – EEPs) provided by the network 
operator. The purpose of the architecture is to 
enhance the communication between servers and 
clients using the EEPs, that are located at optimal 
points of the end-to-end path between the server 
and the clients, without dealing with the current 
system architecture and equipment. This approach 
relies on the redirecting of selected request packets 
into the EEP, where the appropriate proxylets can 
be executed to modify the packet’s contents without 
impacting on the router’s performance. 
 
In this context, P-ART is used as a means of finding 
and optimising a set of conditions that produce 
optimum proxylet selections in the Execution 
Environment for Proxylets (EEP), which contains 
all the frequently requested proxylets (services). 

 
4.3 Simulations 
 
The test patterns consist of 100 input vectors. Each 
test pattern characterizes the features/properties of a 
realistic network request, such as bandwidth, time, 
file size, loss and completion guarantee.  These test 
patterns were first presented in random order for 25 
epochs where the performance, p, is calculated 

according to the average bandwidth of selections. 
This continuous random-order presentation of test 
patterns simulates the real world scenario where the 
order of patterns presented is such that a given 
network request might be repeatedly encountered, 
while others are not used at all.  

4.4 Results of simulations 

In Figure 2, we show the performance calculated 
across the simulation epochs. An epoch consists of 
50 patterns, randomly selected. Performance 
feedback is updated at the end of each epoch. The 
network starts with low performance and the 
performance feedback is calculated and fed into the 
dP-ART and sP-ART after every simulation epoch, 
to be applied during the following epoch. Epochs 
are of fixed length for convenience, but can be any 
length.  Fig. 3 shows the selection frequency of the 
proxylet type. In this case, we have the following 
bandwidth bands: Low bandwidth proxylet:  0 → 
600 Kb/s; Median bandwidth proxylet type: 601 → 
1200 Kb/s;High bandwidth proxylet type: >1201 
Kb/s. 
 
At the first epoch (refer to Fig. 2), the performance 
is set to 0 to invoke fast learning. A further snap 
occurs in epoch 7 since low performance has been 
detected. Note that during epochs 7 and 8, there is a 
significantly higher selection of high bandwidth 
proxylet types, caused by the further snap and 
continuous new inputs that feed into the network.  
As a result, performance has been significantly 
increased at the start of ninth epoch. 
 
At epochs 16, 20 and 27, from Fig. 2, there is a 
significant decrease in performance. As illustrated 
in Fig. 3, this is due to a significant increase in the 
selection of low bandwidth proxylet types and a 
decrease in high bandwidth proxylets. This is due to 
the drift that has occurred since the last snap, with a 
number of patterns still appearing for the first time. 
The performance induced snap takes the weight 
vectors to new positions. Subsequently, a similar 
episode of decreased performance occurs, for 
similar reasons, and a further snap in a different 
direction of weight space follows, enabling 
reselections (reclassifications), resulting in 
improved performance.  

 
By the 28th epoch, where p = 0.81, the performance 
has stabilised around the average performance of 
0.85. At this stage, most of the possible input 
patterns have been encountered several times. Until 
new input patterns are introduced or there is a 
change in the performance circumstances, the 
network will maintain at this high level of 
performance.  
 
As shown in Fig. 4, the average proxylet execution 
time is introduced into the performance criterion 



 

calculation to encourage the selection of high 
execution time proxylet types. In this case, we have 
the following execution time bands: Short 
execution time proxylet:  1 → 300 ms; Median 
execution time proxylet type: 301 → 600 ms; Long 
execution time proxylet type: > 600 ms. 
 
This criterion is fed into the P-ART at every 100th 
epoch. The result indicated when the new 
performance criterion is introduced in the 100th 
epoch, rapid reselection of a proportion of the 
patterns occurs on a consistent basis.    

 
Other parameters such as cost, file size will be 
added to the performance calculation to produce a 
more realistic simulation of network circumstances 
in the future.  
 
 
 

 
 
 
 
 
 
 

 
 
 
 

 
 

Fig 2 Performance levels of the network 
Figure 2. Performance. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 

Fig. 3 Selection frequency of the 3-bandwidth bands of proxylet 
types at each epoch. 
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Fig. 4. Performance level before/after a problem 
change. 

 
 
5. CONCLUSION 
 
The PART system is able to adapt rapidly to 
changing circumstances. It manages to reconcile top-
down and bottom-up information by finding a new 
provisional solution to the pattern classification 
problem whenever performance deteriorates. There is 
clearly potential to apply this approach to a wide 
range of problems, and to develop it in order to fully 
explore the objectives stated in section 1. 
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Abstract: A method for improving artificial neural network performance by using multi-temporal, multi-spectral 
and multi-source remotely-sensed data as features for classifying agricultural crops is described. The procedure 
characterizes all the pixels in a scene by considering their intensity values as a function of time of imaging and 
spectral waveband. An analytical surface is interpolated through these data points, which may be irregularly 
spaced. Two fitted function interpolation methods were used to generate and parameterize the analytical 
surfaces. Then, the surface coefficients were input to two different supervised classifiers (Maximum Likelihood 
and Artificial Neural Network algorithms). Results show that classification accuracy is significantly improved in 
comparison with the use of any single-date image. Classification accuracies in excess of 87% were achieved. 
The advantages of the methodology described in this paper is that it takes account of the reflectance spectra at 
different points in the growing season, and that the time periods between images, as well as the wavebands, need 
not be the same at each date. Thus, the procedure can handle data from sensors such as SPOT HRV and Landsat 
TM. In addition, the use of coefficients to represent the analytical surfaces significantly reduces the amount of 
data processing, whilst maintaining information reliability. 
 

Keywords: image classification, multitemporal classificatios, multi-source classification, neural networks. 
 

1. INTRODUCTION 

Remote sensing has been used to provide input data by 
aerial measurements for many agricultural applications, 
including monitoring crop production and yield 
forecasting from very early days [Steven et al., 1997]. 
Many companies and governments require a forecast to 
plan their processing requirements and marketing. 
Although remote sensing is already an established 
forecasting tool for agricultural applications, traditional 
methods (e.g., aerial photographs) are not able to cover 
enough samples, or wide enough areas. Therefore, it is 
important for crop yield forecasting to expand its 
boundaries to incorporate images from orbiting 
platforms, since these kinds of images can provide a 
much better statistical sample for large areas. Thus, 
crop yield prediction by satellite observation could 
become a commercial reality.  

Before one can apply a forecasting model to particular 
crops, it is necessary to separate them from all other 
cover types. This identification process is referred to as 

classification. Although there are many 
classification strategies available, problems 
remain in getting the best accuracy performance 
from a given classification method. The 
classification strategy and its parameters may be 
inadequate; or, the features used in the 
classification process may not be well-suited to 
the technique of crop identification, thus 
causing a lower accuracy performance; or 
perhaps, the available spatial resolution and 
temporal frequency of the data is not matched to 
the expected accuracy. 

For practical applications, it is essential that 
classification systems be robust and exhibit 
good generalisation. Although the range of 
image processing techniques has been greatly 
expanded, from classical statistical approaches 
to neural network methods, there is no single 
classification algorithm capable of deriving 
generic products from remotely sensed data. 
The performance of these algorithms is strongly 



dependent upon data selection and on the efforts 
devoted to the design phase. Therefore, researchers 
must seek alternative methods for achieving improved 
generalisation performance. 

Efficient crop management practices require accurate 
and rapid information about crop distributions. 
Commonly, multispectral remotely sensed images are 
used to distinguish crop types on the basis of their 
spectral properties [Mather, 1999]. However, such 
analysis involving single-date images has the drawback 
that, since maximum discrimination between different 
crop types occurs at different stages in the growth 
cycle, not all differences are incorporated in the 
procedure. Moreover, different crop types represented 
in the area under study may be at different stages of 
growth. In addition, the temporal 'profile' of the 
spectral reflectance curve of each crop is not taken into 
account. Such profiles may be of considerable value in 
discriminating between crop types, which may be 
difficult to distinguish at certain points in the growth 
cycle. Furthermore, results derived from data obtained 
by different sensors may not be comparable due to 
differences in spectral and spatial characteristics. 
Finally, since agricultural crops are dynamic, it is often 
useful to observe their development over time (e.g., 
crop yield estimation). A solution is to use 
multitemporal images for crop monitoring [Badhwar et 
al., 1982]. For most current multitemporal 
classification techniques, a correspondence of time to 
growth state is established for each possible crop 
category that minimises the smallest difference 
between the given multispectral-multitemporal vector 
and the category mean vector indexed by growth state 
[Haralick et al., 1980]. These techniques, however, are 
fairly inaccurate since only relatively few static 
spectral and temporal ‘snapshots’ contribute to crop 
identification. That is, images with specific spectral 
wavebands acquired on specific dates are used, rather 
than images with entire spectral and temporal continua. 
Using the latter may increase crop classification 
accuracy since they contain more information than the 
former [Labin and Strahler, 1994].  

This paper demonstrates a method for improving 
artificial neural network performance by using the 
spectral-temporal signatures of remotely sensed images 
as features for classifying agricultural crops. Per-pixel 
classifications are performed using multispectral, 
multitemporal and multisource data, whereby 
analytical surfaces representing the spectral and 
temporal continua of each feature (pixel) are 
interpolated and their coefficients are used as 
discriminating variables. 

2. STUDY AREA AND DATA SET 

The study area was located near the town of Littleport 
in Cambridgeshire, eastern England. This area was 
approximately at mean sea level with gently undulating 

topography. The agriculture of the region was 
characterized by rotational crop plantation 
techniques. 

Eight remotely sensed images acquired 
throughout the 1994 summer growing season 
were used for analysis. These included four 
Landsat TM images (11 June, 27 June, 20 July, 
14 August) and four SPOT HRV images (13 
May, 28 June, 30 July, 14 August). Only six 
spectral wavebands of Landsat TM imagery 
were used since the thermal infrared band (band 
6) was omitted from analysis. In addition, local 
farmers’ Field Data Printouts for 1994 were 
collected and used to generate a ground 
reference data set. 

All images were geometrically registered to the 
British National Grid. For each image, 
registration was performed using 17 ground 
control points and nearest neighbor re-sampling, 
since this technique maintained the original 
pixel values [Jensen, 1986]. In each case, the 
root-mean-square error associated with 
registration was less than 0.5 pixels. 

Atmospheric correction was performed to 
account for atmospheric differences between 
multitemporal images. Initially, image digital 
numbers were corrected to radiance using 
information supplied with the image data files 
[Teillet and Fedosejevs, 1995]. Radiance was 
then converted to apparent reflectance (recorded 
at the sensor) and finally to surface reflectance. 
The final step used an inversion of the 5S 
(Simulation of the Satellite Signal in the Solar 
Spectrum) model [Tanré, 1990]. 

3. THE SPECTRA-TEMPORAL 
RESPONSE SURFACES (STRS) MODEL 

[Badhwar et al., 1982], [Badhwar, 1984], 
[Haralick et al., 1980], [Lambin and Strahler, 
1994] and [Ortiz et al., 1997] consider the 
problem of characterizing the temporal 
dimension but none utilizes the method 
proposed by [Vieira et al., 1998, 2000], 
involving the use of the spectra-temporal 
response surfaces (STRS), which provide for 
the generalisation in time of spectral reflectance 
properties of agricultural areas. The type and 
sequence of procedures used in the generation 
and potential use of the STRS representations 
are outlined in Figure 1. 

The STRS approach is based on a view of 
multi-band and multitemporal imagery from 
different sources represented in a three-
dimensional space, the axes of which are time 
(x), spectral waveband (y) and reflectance (z). 
Measurement from a number of different 
sensors in the optical wavebands can be plotted 



in this space. A bivariate polynomial of the form: z = 
F(x,y), where F() indicates a polynomial function of 
some order, is generated for each of the crop types in 
the area of study. Two methods were used in order to 
generate the fitted surfaces: polynomial trend surface 
analysis (PTS) and collocation (COL), since fitted 
function interpolation can impose a prescribed general 
behavior on the surface to override aberrant, 
anomalous, or noisy data. [Watson, 1999] and [Lam, 
1983] give comprehensive reviews on these 

interpolations methods and [Mather, 1976] reviews 
polynomial trend surfaces. 

These analytical functions are then parameterized and 
their coefficients, rather than the pixel values in each 
spectral band, are used as input features in the image 
classification process. 

4. METHODOLOGY 

4.1. Sampling Techniques and Classification Phase 

From the co-registered and radiometrically corrected 
image set, two independent sample sets (total 1440 
pixels) were selected using stratified random sampling 
technique and representing the six most common cover 
types in the study area: Potatoes, Sugar beet, Wheat, 
Fallow, Onions, and Peas. Each sample has 120 
patterns per class (total 720 pixels). One sample 
(selected at random) was used to training the classifier 
and the other one was reserved for validating the 
methodology.  

The image acquisition dates were expressed in the form 
of Julian days (x-axis) and the spectral dimensions (y-
axis) were characterized by their medial waveband 
values computed in the form of wavelengths. Thus, the 
spectral bands were labeled using the medial 
wavelength values of 0.458, 0.56, 0.66, 0.83, 1.645, 
2.215 – given to the six available TM channels (except 
the thermal infrared TM band 6) - and 0.545, 0.645, 
0.84 – given to the three HRV channels respectively.  

The radiometric properties are expressed in the form of 
reflectance values along the z-axis. Furthermore, for 

each pixel, 36 three-dimensional control points 
were generated (4 TM images with 6 bands plus 
4 SPOT HRV images with 3 bands). It is 
important to mention that the values along the x, 
y and z axes are scaled into the interval between 
0 and 1, sometimes referred to as normalization, 
before the interpolation phase. 

Initially the control points were used to fit a 
surface using a Polynomial Trend Surface as 
described earlier. Although a surface order of 7 
(36 coefficients) explained over 99% of the sum 
of squares, using a surface order of 3 (10 
coefficients) experimentally proved to be 
enough to characterize the analytical surfaces. 
Then, the same control points were used to fit a 
surface using the Collocation Interpolator. As 
the interpolated coefficients show different 
magnitudes on their values, they were again 
scaled collectively to the interval between 0 and 
1 before the training and test phases. One pixel 
example of the PTS and Collocation analytical 
surfaces is shown in Figure 2 (a to b) for 
several crops. 

According to [Vieira et al., 2000] the Maximum 
Likelihood (ML) classifier is the algorithm that 
best combines classification accuracy and 
computational economy when these coefficient 
are used as input to the classification process. 
Therefore, a supervised classification was 
performed using the Maximum Likelihood 
(ML) algorithm developed by [Mather, 1999] 
and adapted to classify 3D surface coefficients.  

For the purposes of comparison, a single-date 
image (Landsat TM, acquired on 27th June 
1994) was used to perform a standard 
classification in order to compare the results of 

Figure 2. Analytical surfaces and 
contours for several crops. 
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Figure 1. An outline of the methodology followed in this study to 

generate the STRS representations 



this multitemporal and multisource method against a 
classification based on a single-date image. For each 
pixel, the six reflectance values are considered together 
and therefore generate a six dimensional vector, to be 
used as input to the supervised classifiers: Maximum 
Likelihood (ML), and two variants of an Artificial 
Neural Network (ANN and ANNT).  

Both artificial neural network architectures chosen are 
multilayer perceptrons using the backpropagation 
algorithm [Benediktsson et al., 1990; Bischof et al., 
1992; Civco, 1993]. The only difference between the 
models is in the input layer. The first ANN model was 
implemented having one pixel per spectral band in the 
input layer. Therefore, this neural network had 6 nodes 
in the first layer. The input nodes in the ANNT model 
represented a 3 by 3 window of pixel data from each 
band of the image (total 54 nodes in the input layer) as 
the input [Paola, 1995]. This input modification takes 
local texture information into account. 

All neural networks configurations tested had an output 
layer with 6 nodes, corresponding to the 6 general crop 
classes. The number of hidden layers and the number 
of hidden nodes were found using a building up 
procedure. This method, described by Hirose et al. 
(1991) , begins with a small network composed of an 
input and an output layer, which are defined 
respectively by the number of discriminating variables 
and the number of classes involved in a given problem, 
with just one neurone in the hidden layer. The criterion 
for adding neurones to the hidden layer is based on the 
behaviour of the error during the training phase. 

As the main interest in this algorithm is the 
minimisation of the global error, it is expected that the 
error will evolve to small values during training. 
Therefore, if after a number of cycles (e.g., 100 cycles) 
when the error does not decrease by more than one 
percent of its previous value, a new hidden unit is 
added and the connection weights are randomly re-
initialised over the previously-defined interval. This 
process is repeated until the network converges to an 
acceptable global error value. With the above 
algorithm, the number of hidden units can only 
increase. In some cases, the number of hidden units 
becomes rather large, hence a counter-strategy is used. 
Once the network performance is judged to be 
satisfactory, the most recently added hidden unit is 
removed until the network no longer converges. The 
last network to converge is then taken as the optimum 
choice. The learning rate and momentum were set 
initially at 0.2 and 0.9 respectively. The learning rate 
was reduced during the training to 0.1 after 1000 
epochs. 

For this second experiment, two sample sets were 
selected using stratified random sampling based on the 
reference image (ground truth), which was generated in 
the same scale and projection system as the remotely 
sensed data. Each sample has also 120 patterns per 
class (total 720). One sample set was used to train the 

classifiers and another independent sample set 
was reserved to assess the accuracy of the 
classification. 

4.2. Accuracy Assessment 

In order to perform a systematic investigation of 
the relative (improvement of accuracy) cost 
involved in the incorporation of the temporal 
dimension into the crop classification process, 
standard accuracy measures derived from a 
confusion matrix were computed, using an 
independent test data set based on the Field 
Data Printouts. The measures based on the 
confusion matrix were overall accuracy, 
individual class accuracy, producer's accuracy 
and user’s accuracy. The calculations associated 
with these measures are described in standard 
textbooks (e.g., [Mather, 1999]). The Kappa 
coefficient, conditional Kappa for each class, 
and test Z statistics, all of them widely used 
statistics derived from the contingency matrix, 
were also computed [Congalton and Green, 
1999].  

In addition, a pairwise test statistic for 
evaluating the significance of the classifiers 
(represented here by their respective confusion 
matrices), was calculated utilizing the Kappa 
coefficients. These results are summarized in 
form of a significance matrix, in which the 
major diagonal elements indicate if the 
respective classification result is meaningful. In 
this single confusion matrix case, the Z value 
can be computed using the 
formula )var(KaKaZ = , where Z is 
standardized and normally distributed and var is 
the large sample variance of the Kappa 
coefficient K.  If Z ≥ Z α/2, the classification is 
significant better than a random classification, 
where α/2 is the confidence level of the two-
tailed Z test and the degrees of freedom are 
assumed to be infinity. On the other hand, the 
off diagonal elements give an indication, again 
if Z ≥ Zα/2, that the two independent classifiers 
are significantly different. The formula used to 
test significance of the difference of the two 
independent Kappa coefficients is: 

)var()var( 2121 KaKaKaKaZ +−= , where the 
Ka1 and Ka2 are the two Kappa coefficients in 
comparison [Congalton and Green, 1999].  

5. RESULTS AND DISCUSSIONS 

Classification accuracies for six agricultural 
crops using the six multispectral bands of a 
single-date TM Landsat image, Polynomial 
Trend Surface (PTS) and Collocation as input 
features into three supervised classification 
algorithms - maximum likelihood (ML), 



artificial neural networks (ANN) and artificial neural 
network texture (ANNT) are presented in Table 1. 
Individual classification accuracy for each crop 
(Conditional Kappa * 100), overall accuracy, the value 
of the Kappa coefficients and their variances, and test 
Z statistic are reported in this table. These accuracies 
were calculated from an independent dataset (720 
patterns). The pixels received the label of the output 
class having the highest probability. 

As the absolute value of the test Z statistic is greater 
than critical value of 1.96, all the classification results 
are significant better than a random classification at the 
95% confidence level. Moreover, it is noteworthy that 
the level of accuracy was gradually improved by 
employing on the single-date Landsat image the 
different classifiers: ML (72.9%), ANN (77.6%) and 
ANNT (81.7%) respectively. However, the overall 
performance level attained with the features generated 
using the STRS (i.e., the PTS and Collocation 
coefficients) as input features to ML classifies were 
considerably greater (by 5.7%) than those obtained by 
a single-date image. The ML classifier, when 
compared to ANN classifier, is the algorithm that best 
combines classification accuracy and computational 
economy when these coefficients are used as inputs to 
the classification process [Vieira et al., 2000]. Oddly, 
fallow (or set-a-side) is the only individual category for 
which the accuracy was decreased using PTS and 
Collocation features. Therefore, it could be concluded 
that using these features, the ML classifier is confused 
by some residual patterns of crops growing in the field 
from the previous crop rotation, which sometimes 
happens on fallow land.  

The lower performance achieved with ML classifier 
using only the TM multispectral bands is believed to be 
due in part to a non-linear separability of the classes 
under study and to a magnitude of training data set 

inconsistent with the design properties and 
assumptions of the supervised maximum 
likelihood algorithms. Moreover, for some of 
the crops (e.g., sugar beet and potatoes, or 
onions and peas) the multispectral profiles for 
that date are not very well separated. Even so, 
the neural models produce a satisfactory 
performance on the same data set. Furthermore, 
the separability of the classes are considerably 
improved when the local spatial variance of 
individual pixels is implicitly taken as input to 
the neural network model by employing a 3 x 3 
window as implemented in the ANNT 
algorithm.  

Table 2 provides the computed Z values for a 
pairwise statistical test in order to check the 
significance of the improvements on the 
classification accuracy. The classification 
accuracy obtained using the STRS approach 
(PTS and Collocation using ML algorithm) 
were found to be significantly improved in 
relation to the individual classifiers ML, ANN 
and ANNT, in which only a multispectral 
single-date image was used as discriminate 
variables (see yellow pair, Z > 1.96 at 95% of 
confidence level). This demonstrates a need to 
utilise the STRS approach if one is to achieve 
the highest accuracies possible in crop 
discrimination. Moreover, there is no significant 
difference between the performance of the ML 
using PTS or Collocation coefficient as input 
features (see blue pair, Z = 0.05 < 1.96). 
Therefore, it could be concluded that, for this 
data set, these two sets of feature variables may 
‘work together’ because they produce 
approximately equal classifications. 

As expected, the use of neural network models 
significantly overcomes the performance of the 
ML classifier using a single date Landsat TM 
image. However, the results indicate that there 
are no significant differences in performance 
between the ANN and ANNT algorithms (Z = 
1.89 < 1.96) at the same confidence level. 

Table 1. Classification accuracies for six agricultural crops
using Single-Date LANDSAT Image, Polynomial Trend
Surface (PTS) and Collocation (COL)) and three classification
algorithms - maximum likelihood (ML), artificial neural
networks (ANN) and artificial neural network texture (ANNT).
The table shows individual classification accuracy for each crop
(Conditional Kappa * 100), overall accuracy, the value of the
Kappa coefficients and their variances, and test Z statistic. If the
absolute value of the test Z statistic is greater than 1.96, the
result is significant better than a random classification at the
95% confidence level. These accuracies were calculated from an
independent dataset test (720 patterns). 

Table 2. Results of Kappa Analysis for comparison among the
classifiers. The table also presents the Kappa coefficients and
variance for each classifier. The Z values (in major diagonal and
off diagonal elements) were computed using formula as
describe in subsection 4.2. 

CLASSIF       ML      ANN     ANNT      TSA      COL

KAPPA 0.675 0.732 0.78 0.848 0.847
VAR   0.000394 0.000347 0.000299 0.000219 0.000222
ML 34.01
ANN 2.09 39.30
ANNT 3.99 1.89 45.11
TSA 6.99 4.88 2.99 57.30
COL 6.93 4.82 2.94 0.05 56.85  



6. CONCLUSIONS 

A method for improving artificial neural network 
performance by using multi-temporal, multi-spectral 
and multi-source remotely-sensed data as features for 
classifying agricultural crops has been shown to be 
effective in identifying general agricultural crop classes 
over an area in East Anglia (UK). Classification 
accuracies in excess of 87% were achieved, even 
though parts of some of the images are covered by 
clouds. The basic assumption of the method, that 
different crops have different spectral-temporal 
trajectories, has been used in earlier studies. However, 
the methods used to characterize the spectral 
reflectance changes over a growing season using a 
spectral-temporal surface represents a promising new 
approach, for several reasons. First, the method can 
deal with multi-sensor data, as the spectral bands 
measured at each date do not need to be the same. 
Second, data points obscured by clouds can be filtered 
out throughout the interpolation and parameterization 
procedures of the analytical surfaces. Third, the overall 
spectral variation of a given crop class over the 
growing season is captured by a set of coefficients, 
which are fewer in number than the training data pixels 
and hence produce computationally more efficient 
classifiers. 
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Abstract: Over recent years studies have shown an increasing application of bioinformatics tools, and in 
particular, artificial intelligence techniques such as artificial neural networks (ANNs) for biological problems. 
Proteomic techniques such as SELDI-MS (Surface Enhanced Laser Desorption/Ionization Mass Spectrometry) 
may be used to distinguish patterns derived from diseased tissue used to identify biomarkers representative of a 
certain pathological state.  This paper describes research building upon studies by Ball et al. (2002) in 
identifying potential biomarkers using ANNs for the analysis of mass spectrometry data from melanoma tissue.  
This approach utilised ANNs to model for 72 melanoma tissue samples (36 stage 1 and 36 stage 4) to identify 
ions as potential biomarkers and any possible interactions between these.  Preliminary results have shown that 
approximately 20,000 inputs can be screened to just 20 molecular ions which are capable of accurately 
predicting tumour grade.  Using the additive approach described by Ball et al. (2002) individual molecular ions 
were used to predict tumour grade and model performance evaluated using a receiver operating characteristic 
(ROC) curve.  The accuracy of the model with 1 ion was 58.3% with a sensitivity of 63.9% and specificity of 
52.8%.  With a 2 ion model, ANN performance increased to an accuracy of 70.8%, sensitivity of 66.7% and 
specificity of 75%. With a 3 and 4 ion model, the accuracy increased yet further to 77.8 and 83.3%, sensitivity to 
72.2 and 77.8% and specificity of 83.3 and 88.9% respectively.  Preliminary findings indicate the ANN 
approaches adopted allow optimisation and determination of the minimum number of ions (derived from SELDI-
MS data) which can successfully predict tumour grade. This work continues so that these key ions may be 
determined in order to identify if they have an important role in tumour progression from low to high grade. 
 
keywords: Artificial neural networks, methodologies, models and algorithms. 
 
1. INTRODUCTION 
 
Melanoma is a form of skin cancer which is 
difficult to treat if not detected early.  If however, it 
is detected in its early stages, survival rate is 
promising.  Therefore, new technologies need to be 
developed which either (i) detect the disease at an 
early stage, so that it can be treated before it 
progresses or (ii) identify biomarkers representative 
of a given pathological state, which may in turn be 
used in the development of novel treatments.   
 
 Mass spectrometry is an important tool which is 
used in linking proteins to their genes [Yates, 
1998].  SELDI-MS is capable of rapidly analysing 
samples containing vast amounts of proteins with 
excellent reproducibility. It can be used in 
generating patterns that these masses of proteins 
produce, and therefore is useful in showing the 
differences between these patterns when the 
proteins are being expressed in different tissues, 
such as differences between tissues during various 
stages of disease.  Techniques such as this may be 

used to search for biomarkers associated with 
tumour progression and/or used in the early 
detection of the disease. Due to the vast amount of 
data generated by SELDI-MS, the development of 
robust computer algorithms is an absolute necessity 
[Ball et al., 2002].  For this reason, this study 
involved using artificial neural networks to analyse 
SELDI-MS data from melanoma tissue. 
 
 ANNs are presently being utilised more than any 
other learning tool in biotechnology, in the 
modelling of complex data. This is particularly true 
in the field of cancer [Almeida, 2002].  Examples 
of their uses have been shown in prostatic cancer 
[Porter et al., 2002; Batuello et al., 2001], cervical 
cancer [Mango, 1998], lung cancer [Zhou et al., 
2002], ovarian cancer [Petricoin et al., 2002] and 
breast cancer [Abbass, 2002; Simpson et al., 1995], 
where ANNs have been shown to perform 
significantly better than physicians in the diagnosis 
of malignant and benign calcifications on 
mammograms [Markopoulos et al., 2001]. ANNs 
have also been used in numerous other fields such 



as the prediction of rehospitalization in patients 
suffering from strokes [Ottenbacher et al, 2001], 
determining progression of glaucoma [Lin et al., 
2002], classification of bacterial growth [Hajmeer 
and Basheer, 2003], identifying factors which 
modify the responses of plant species to ozone 
[Balls et al., 1996] and detecting the presence of 
fish species in rivers [Mastrorollo et al., 1997]. 
 
In this study, a multi-layer perceptron ANN with a 
back propagation algorithm was used to model for 
72 melanoma serum samples, 36 of which were low 
grade (stage 1) and the remaining 36 were high 
grade (stage 4).  The purpose of the study was to 
identify any ions which were important in the 
correct classification of tumour grade and therefore 
may serve as potential biomarkers representative of 
a specific disease state.  Techniques involved using 
relative importance values based on the weights of 
trained models to rank the importance of an inputs 
influence on the system [Balls et al., 1996] and then 
removing inputs of low and no importance.  This 
results in a more generalised model being 
developed, which enables the additive approach 
described by Ball et al. (2002) to be used in order 
to identify these important ions. 
 
2. METHODS 
 
2.1 SELDI-MS 
 
Tissue preparation and SELDI mass spectrometry 
was carried out as described previously by Ball et 
al. (2002).  In summary, two sequential 10-15 µm 
frozen tissue sections were cut for each tumour.  
The first section was stained with haematoxylin and 
eosin in order to determine tumour grade, purity 
and viability.  The tissue was then placed directly 
onto 30 µl homogenising buffer (9.5 M urea, 3% 
CHAPS, 1 % DTT) for 15 min at room temperature 
with agitation to facilitate cell lysis and protein 
extraction. Homogenates were frozen at a 
temperature of -80 °C prior to SELDI analysis.  
Protein ‘chips’ were loaded with 2 µl of 50 % 
acetonitrile and 5 µl of cellular homogenate and 
exposed to the chip surface for 10 min at room 
temperature in a humid environment.  Homogenates 
were then removed and the chip surface washed 
three times using 10 µl of water.  The surface was 
then dried.  Chip analysis was conducted at 
maximum laser intensity and ‘phenomic 
fingerprints’ derived from each tumour sample 
(Ball et al., 2002). 
 
2.2  Optimisation Of ANN Architecture 
 
The study used a multi-layer perceptron ANN with 
a back propagation algorithm and a sigmoidal 
transfer function [Rumelhart and McClelland, 

1986].  The particular architecture used contained 
three layers, with the hidden layer containing 2 
hidden nodes.  Determining the number of hidden 
nodes is essentially a trial and error procedure and 2 
were found to give the best performance for this 
particular data (results not shown this paper).  
Architectures with learning rate and momentum 
values between 0.1 and 0.9 were trained in order to 
deduce the ANN model which performed best for 
this data.  Using the mean squared error (MSE) 
value as a means of measuring prediction accuracy, 
it was found that a learning rate of 0.1 with a 
momentum value of 0.5 produced the lowest value.  
Training was conducted upon 60% of samples, with 
20% being used for test sets, and the remaining 
20% used for production (validation) sets until the 
model reached convergence.  During training, the 
ANN model is optimised against the test set, and 
then validated against the production (validation) 
set.  Convergence was determined by a failure of 
the model to improve the minimum MSE on the test 
data for 20,000 training events. 
 
2.3. Determination Of Important Molecular Ions 
 
The pattern recognition process involves several 
distinct phases which are (i) data representation, 
involving the initial determination of whether the 
tumour grade of the tissue was stage 1 or stage 4, 
(ii) feature extraction, where the analysis of the 
weights occurs, (iii) classification, where the ANN 
model assigns the data into either low or high grade 
classes and (iv) validation, where the ANN model 
is tested against unseen global data. 
 
To determine which ions had the most influence on 
the system in correctly predicting tumour grade, the 
data was first screened for noise removal.  To 
achieve this, data within the mass range of 2-5 KDa 
was trained over 50 random training/test/production 
subsets (so that a good level of confidence could be 
gained) and relative importance values for each 
individual ion was recorded in order to rank these 
ions according to their influence upon predicting 
tumour grade.  These relative importance values are 
calculated from the analysis of weights of the 
trained network, values are calculated by taking the 
sum of the absolute weight values leading from 
each input to the output.   
 
The data was then “shifted” up 500 Da so that the 
input data now ranged from 2.5-5.5 KDa and then 
trained as above.  This process was repeated and 
the inputs were shifted over the whole data range 
(up to 30 KDa) which provided a proteomic profile 
showing relative importance of ions over the whole 
data range from 2-30 KDa taking account of 
potential interactions between ions.   
 



From this relative importance analysis, ions with 
the greatest importance were selected from the data 
in order to reduce the number of inputs in the 
model.  This was achieved by selecting the top 
1,000 ions with the greatest relative importance 
values and repeating the training process as 
described previously.  Relative importance analysis 
was again used to determine the top 500 ions from 
these 1,000.  This was again repeated to deduce the 
top 300, 200, 100, 50, 30 then finally the top 20 
ions from the initial data set of approximately 
20,000 in terms of relative importance. 
 
The next stage involved identifying the minimum 
number of ions from these 20 which were capable 
of correctly predicting tumour grade.  This was 
achieved using an additive approach which 
involves training a number of different models.  
Using these 20 ions, each ion was used as a single 
input in predicting tumour grade, and for each 
model, 100 random training/test/production subsets 
were used (a process termed bootstrapping), in 
order to provide a measure of confidence in the 
predictions made.  The MSE was calculated, and 
the ion model with the lowest value was selected 
for further training.  All of the remaining ions were 
then added sequentially to this first input creating 
19 two-ion models and these were trained as before 
with 100 random training/test/production subsets.  
The model with the best performance was selected 
to produce a three-ion model, and then the process 
was repeated and the ion with the best performance 
was again selected to produce a four-ion model. 
 
3. RESULTS 
 
The data obtained from SELDI-MS were analysed 
for relative importance values to create a relative 
importance profile for all data points with a m/z 
value of between 2 and 30,000 Daltons.  Figure 1a-
c shows the mean relative importance values from 
the 50 sub-models which were applied to each 
individual model.   
 
The next stage involved selecting the ions which 
were most important in predicting tumour grade in 
order to optimise the model.  This was achieved by 
ranking the ions in descending order of importance 
and selecting the top 1,000 ions.  The training 
procedure was repeated and the top 500 ions were 
selected.  This was repeated again so that the top 
300 ions were selected and so on until a model 
containing the top 20 ions of importance was found.  
The purpose of this was to reduce the number of 
ions from an initial value of approximately 20,000 
molecules to just the 20 that could predict tumour 
grade most accurately.   
 
In order to identify the minimum number of ions 
which were able to accurately distinguish between 

low and high grade tumours, an additive approach 
was used (as described in the previous section).  
This involved creating several models and 
assessing their performance with respect to the 
MSE value generated.  Preliminary results have 
shown that the lowest MSE value obtained from the 
one-ion model was from an ion with a molecular 
mass of 7247 achieving a MSE of 0.235.  Using a 
two-ion model, the error decreased to 0.205 using 
ions 7247 and 27867.  With a three-ion model,  
containing the ions from the two-ion model and ion 
4562, the error decreased further to 0.188.  Finally, 
with a four ion model containing the addition of ion  
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Figure 1a-c.  Relative importance values for ion masses ranging 
from (a) 2,000-9,999 Da. (b) 10,000-19,999 Da and (c) 20,000-
29,994 Da.  These values illustrate a value obtained from 50 sub-
models of each individual model in which different random 
weightings were applied to each model. 
 
28470, the MSE value decreased further still to 
0.16.  Model performance from these preliminary 
results was then assessed using a Receiver 
Operating Characteristic (ROC) curve.  A ROC 
curve determines the number of true positives (or 
correctly defined stage 4 melanoma tissue), true 
negatives (correctly defined stage 1 tissue), false 
positives (incorrectly defined stage 4 tissue) and 
false negatives (incorrectly defined stage 1 tissue).  
It achieves this by plotting the true positive rate 
against the false positive rate at different possible 
cutpoints (in this case, prediction errors). The 
curves for the one to four-ion models can be seen in 
Figure 2.  The ROC curves for all models were 
compared and the results are presented in Table 1.  



It is clear from Table 1 that a ROC curve provides 
information about several different variables.  
Briefly, accuracy is the overall ability of the model  
 
 

 
Ions 
in 

model 

Accuracy 
(%) 

Sensitivity 
(%) 

Specificity 
(%) 

Positive 
Predictive 

Value 
(%) 

Negative 
Predictive 

Value 
(%) 

AUC 

1 ion 58.3 
 

63.9 52.8 57.5 59.4 0.574 

2 ion 70.8 
 

66.7 75 72.7 69.2 0.748 

3 ion 77.8 
 

72.2 83.3 81.3 75 0.809 

4 ion 83.3 
 

77.8 88.9 87.5 80 0.854 

 
Table 1. Comparison of performances for each model used 
 
to correctly assign the tissue samples. The 
sensitivity is the percentage of the stage 4 tissues 
correctly classified whilst the specificity is the 
percentage of stage 1 tissues correctly classified.  
The positive predictive value shows the percentage 
of the true positives distinguished from the false 
positives and the negative predictive value is the 
percentage of true negatives from false negatives.   
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Figure 2.  Diagram of ROC curves for all models.  (□) shows 
ROC curve for one-ion model.  (▲) shows ROC curve for two-
ion model.  (■) shows ROC curve for three-ion model.  (•) 
shows ROC curve for four-ion model. 
 
The area under the curve, or AUC measures  
discrimination, that is, the ability of the model to 
correctly classify those with stage 4 and stage 1 
disease.  A perfect ROC curve (and therefore a 

perfect test) has an AUC (area under the curve) 
value of 1, so the closer the curve follows the left 
hand border and then the top border of the ROC 
space, the more accurate the test.  From the results 
it is clear that with increasing ions the accuracy of 
the model also increases.  The one-ion model 
correctly classified 42 out of 72 tissue samples 
(58.3 %), with a two-ion model 51 out of 72 (70.8 
%) samples were correct, using three ions, 56 of the 
72 samples were assigned correctly (77.8%) and 
with the four-ion model, accuracy rose to 83.3 %, 
with 60 out of 72 samples being predicted correctly.  
The sensitivity and specificity of the models also 
showed a similar increase in performance as the 
accuracy.  The sensitivity rose from 63.9% with the 
one-ion model, to 66.7 % with two-ions, a further 
increase was evident with the three-ion model to 
72.2 % and with four-ions this rose again to 83.3 %.  
Meanwhile, specificity with one-ion was 52.8 % 
and increased by over 20 % when a second ion was 
added to the model (75 %).  The three-ion model 
resulted in a specificity of 83.3 % which improved 
to 88.9 % for the four-ion model. The positive and 
negative predictive values also showed similar 
trends, rising from 57.5 % and 59.4 % with the one-
ion model, to 87.5 % and 80 % with the four-ion 
model respectively.  When assessing the AUC 
values, the one-ion model produced an AUC of 
0.574 signifying a poor test.  The two-ion model 
had an AUC of 0.748 which represents a fair test.  
The three and four-ion models had AUC values of 
0.809 and 0.845 respectively illustrating good tests. 
 
4. DISCUSSION 
 
Results shown are those of preliminary work being 
carried out with the aim of identifying biomarkers 
capable of accurately predicting tumour grade from 
SELDI-MS data and therefore may be important in 
either developing novel therapies or in early 
detection of disease.  The first stage of this study 
was to identify the top 20 ions (out of an initial 
20,000) which were capable of predicting tumour 
grade.  The next stage involved using an additive 
approach in order to determine and identify the 
minimum number of key ions that were capable of 
predicting tumour grade and thus may be important 
in tumour progression from low to high grade.  
ROC curves were generated for each model and 
these showed the increase in performance over the 
four models.  The ion with the lowest error was 
identified as ion 7247 which predicted tumour 
grade with an accuracy of 58.3 %.  The two-ion 
model contained ions 7247 and 27867 which 
predicted correctly 70.8 % of the time.  The three-
ion model consisted of ions 7247, 27867 and 4562 
and classified the tissues correctly  to a  value of  
77.8 %.  Finally, the four-ion model contained ions 
7247, 27867, 4562 and 28470 and performed with 
an accuracy of 83.3 %. 



5. CONCLUSION 
 
In conclusion, these preliminary findings show that 
when combining two powerful tools in SELDI-MS 
and ANNs, we can optimise the models so that the 
inputs with little or no influence upon the system 
may be removed in order to find the essential ions 
involved in the prediction of tumour grade.  
Although the method may be limited because the 
data set was relatively small due to the difficulties 
in obtaining tissue samples (these data sets will be 
expanded in future studies), the high classification 
accuracy of the models on truly unseen data shows 
that the models have generalised well enough to 
overcome this.  Further research is ongoing and 
work continues on developing the models in order 
to conclude which, and how many ions the optimal 
model for the classification of tumour types from 
tissue contains.  Once this is achieved, the next 
phase will involve methods for the analysis of 
interactions between ions within the system.  Once 
these essential ions are identified they may be 
sequenced to determine their corresponding 
molecule/protein, which is essential in order to 
establish diagnostic markers. 
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ABSTRACT 
 
This paper examines the mutual relationship between the 
organizational use of Computer Mediated Communication 
(CMC) and organizational culture (OC). CMC supplements  
communication among members of an organization to 
maintain the culture, especially when those persons cannot 
communicate by other means. On the other hand, a strong 
OC allows a more effective use of CMC by providing 
members with some of the necessary common ground to 
better understand the information exchanged. These 
relationships are investigated using an agent-based  model 
(ABM). Our ABM incorporates many partial theories into a 
coherent and fully defined model, which helps formalize and 
integrate those theories. Although we have empirically 
validated the ABM, our model allows us to go beyond what 
can easily be done using empirical research, such as 
analyzing non-linearities and interaction effects. 
Additionally, the ABM allows us to investigate dynamics 
and generate hypotheses that could then be tested using 
empirical studies. In this paper, we present some of the 
results of the ABM that show that OC can influence the 
effectiveness of CMC and that CMC can help maintain and 
stabilize a culture. 
 
INTRODUCTION 
 
Computer Mediated Communication (CMC)  allows two or 
more persons who are not physically together to exchange 
information through a computer system.  Many studies have 
suggested that CMC has the potential to provide tools for 
enhancing the flow of information in an organization (Fulk 
and DeSanctis, 1995). However, research aimed at analyzing 
the effective use of CMC in organizations has arrived to 
contradictory conclusions. Positivist studies of CMC based 
on the Information Richness Theory (IRT) (Daft and Lengel, 
1986) have found that CMC is inadequate to handle 
ambiguous situations. On the other hand, interpretivist 
studies of CMC have shown that CMC can accommodate the 
exchange of information even in confusing situations. 
 
For IRT the communication richness (CR) of a medium 
explains why this medium is more or less effective. CR 

refers to the ability of a communication system to transfer 
enough cues so that individuals can reach an understanding 
within a short time.  For IRT, face-to-face communication is 
the richest media because it provides immediate feedback 
and allows the exchange of multiple cues through body 
language and tone of voice. Since CMC restricts  the use of 
immediate feedback and/or the exchange of multiple cues,  
IRT views CMC as inherently a medium of low richness. 
 
On the other hand, interpretivist studies have shown that 
organizational members can use CMC (e-mail) to effectively 
communicate under ambiguous conditions (Lee, 1994; 
Ngwenyama and Lee, 1997). These studies  claim that the 
richness of any communication medium changes according 
to the organizational context in which it is used.  The person 
who sends a message and the one who receives it are part of 
an organizational context, so they not only derive the 
meaning of the message from the information it provides, 
but also interpret it taking into account other information 
they have at their disposal, such as knowledge of the other 
person, of the situation at hand and of the organization.  
 
As one can see, IRT-based studies focus mainly on the 
intrinsic characteristics of the communication medium and 
analyze them independently of individual and organizational 
context. For the interpretivist studies, the attributes of a 
communication medium are dependent on both the intrinsic 
and extrinsic characteristics of the medium. Those extrinsic 
characteristics originate from the individuals who use it and 
the organizational context. 
 
HYPOTHESES 
 
One way to succinctly incorporate organizational context 
into the analysis of CMC or any other communication 
system is in terms of  OC (Zack and McKenney, 1995). One 
definition of OC states that it is “a pattern of basic 
assumptions, invented, discovered or developed by a given 
group, as it learns to cope with its problems of external 
adaptation and internal integration, that has worked well 
enough to be considered valid and therefore is to be taught 
to new members as the correct way to perceive, think, and 
feel in relation to those problems“ (Schein, 1990). This 
definition of  OC suggests that OC will contribute to 
enhancing the possibility of reaching a mutual understanding 
when members of the organization communicate. Common 
assumptions tend to  homogenize how members handle their 
work-related problems, by   contributing to a common 



 

 

understanding ,  which will facilitate communication, 
especially when using low to medium richness media (Clark, 
1996). This beneficial effect of OC will depend on how 
widespread and strongly members hold the assumptions 
embedded in the culture. A variable that represents this 
attribute of OC is its strength (Denison, 1990). These points 
can be summarized in hypothesis H1: The stronger the OC, 
the higher the CR of the communication system. Since that 
hypothesis and the ones below are applicable to any 
communication system used in an organization  all the 
propositions are stated using the generic term 
communication system. 
 
Note that if the initial strength of the OC is high, then 
members of the organization will have somewhat similar 
values, beliefs and assumptions. That common ground 
provided by a strong culture will facilitate the 
communication process. Thus, it will take the members a 
shorter time to reach a consensus than if the initial culture is 
weak, leading to  hypothesis H2: The stronger the initial 
OC, the faster the culture will stabilize. 
 
The previous hypotheses stated possible relationships 
between culture and CR. From a practical point of view, it is 
also interesting to see whether the mutually beneficial effects 
of a strong OC and high CR might be reflected in the 
effectiveness of the organization. Some case-based and 
empirical studies have suggested that a strong OC can 
enhance the performance of an organization (Denison, 1990 
and references contained in that book). The main argument 
is that a strong culture establishes a common ground that 
facilitates the work among employees. Those beneficial 
effects might be reflected in the shortening of the time 
required to complete tasks. H3: The stronger the OC, the 
shorter the task-completion time. 
 
Note that although these hypotheses plausibly follow from 
theory, because of  non-linear interactions among variables 
and the general complexity of the phenomenon, it is not 
possible to determine a-priori that a particular formal model 
would generate results that would support those 
propositions. 
 
THE MODEL 

The model implements the conceptual ideas and mechanisms 
from the theory outlined in the introduction that bear on the 
hypotheses described in the previous section. There are 
many ways to implement those basic ideas. The present 
model is an attempt at a fairly simple implementation that 
captures the key mechanisms believed to be the most 
relevant. The following paragraphs describe the details of 
the model that are important for understanding the 
experiments carried out to test the hypotheses. For full 
details of the model, and for additional hypotheses and 
experiments see Canessa, 2002. 

Organizational and Communicational Structure  
 
The model assumes that an organization is a collection of 
groups of people that pursue some common goals.  To 
reflect the relative difference in individual power  in a firm, 
each agent has a number that represents its status. Members 

of a group can freely communicate. In the case of inter-
group communication, only some members of a group may 
directly communicate with members of other groups.  The 
capability of members to communicate outside their groups 
might influence their status. Since members who have a 
broader communication network have more influence, the 
status of the agents that can communicate outside their own 
group will be higher than the status of those who cannot 
(Krackhardt and Hanson, 1993).  
 
Task Assignment and Completion 
 
The organization assigns to each agent a task to complete. 
Each task consists of a given number of contacts that the 
agent must make with other members in order to complete 
the task. Some steps are sequential---the agent must  wait 
until it receives a reply before advancing to the next step;  
other steps are non-sequential. Sequential task steps occur 
with probability 0.5.  
 
If an agent is authorized to communicate outside its group, 
with probability 0.6 the organization assigns to it steps that 
involve contacting agents in  other groups;  otherwise, that 
probability is 0.3.  When a task that requires inter-group 
communication is assigned to an agent that is not authorized 
to communicate outside its group, that agent must relay 
inter-group messages through the agents that are authorized 
to communicate outside the group. 

Each time an agent completes a task the organization assigns 
a new one to it. With probability 0.5 the organization 
changes the identity of the agents involved in completing the 
new task and/or the sequence in which the contacts must be 
made.  The rules that agents observe when completing their 
assigned tasks are: 

a) An agent engages in completing one task at a time.  
b) The number of steps of a task that an agent can perform 

in a simulation step is equal to the number of messages 
an agent can answer.  

c) An agent processes messages that belong to its own task 
first. After that, if the number of already processed 
messages is smaller than the maximum the agent can 
process, then the agent processes messages from other 
agents.  The order in which the agent processes those 
messages is dictated by the status of the senders,  so that 
messages from high status agents are processed first. 

 
 
Organizational Culture and Communication 
Effectiveness: 
 
 OC is represented as a list of dimensions (Axelrod, 1997) . 
For this study the number of cultural dimensions was ten. 
The initial values for each dimension are sampled from a 
normal distribution with mean zero and a given variance. 
This variance defines the starting variability of the OC and 
thus, the corresponding initial OC strength.  The larger the 
variance, the weaker the initial culture.  

 
Communication effectiveness (CE) is defined as the 
probability that two agents can communicate without 
problems. CE is a function of the difference in culture 



 

 

between two agents, based on the sum of the absolute value 
of the differences in values between corresponding 
dimensions for the two agents. A sigmoid curve is used to 
calculate CE: 
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where Tij is the ith dimension of the culture of agent "j" and 
Tik is the ith dimension for agent "k" and N equals the 
number of cultural dimensions. The constants α and β adjust 
the shape of the sigmoid curve. In this study, α was set to 
0.25 and β to 5.0.  The value of CE between two agents 
specifies the probability that the receiver of a message 
understands it. If the receiver understands the message, then 
it processes the message. If the receiver does not understand 
it, then the receiver replies with a clarification message. The 
sender of the first message responds to this clarification. 
Upon receiving the answer to the clarification from the 
sender, the receiver decides if it now understands the new 
message. This process continues until the receiver 
understands the message or the receiver or sender quits 
sending/answering clarifications. The receiver or sender 
quits sending/responding clarifications when the number of 
clarifications exceeds three. If the sender quits answering 
clarifications or the receiver notifies the sender that it quit 
sending clarification messages, then the sender selects a new 
receiver for the message. This change of receiver occurs 
only once. If after changing receiver, the message is still not 
understood, then the communication fails, and the 
organization discontinues the corresponding task and assigns 
a new task to the agent. 

 
Communication Richness and Organizational Culture 
Change   
 
Different communication channels exhibit varying capacities 
for transmitting different types of cues. Therefore, when 
agents communicate using a channel, this channel will allow 
them to transfer some (“visible dimensions”) and will block 
the transfer of other dimensions. The visible dimensions will 
be the ones that can change during the simulation. The 
model allows establishing the number of visible dimensions 
for communications among agents that belong to the same 
group (intra-group communication) and for communications 
among agents that belong to different groups (inter-group 
communication). The reason for distinguishing between the 
richness of intra and inter-group channels is that the 
members who belong to the same group will have more 
opportunities to communicate through rich channels (for 
example face-to-face meetings) than members who belong to 
different groups (Olson and Olson, 2000). 

 
The OC change between agents takes place every time two 
agents communicate. The message receiver will change its 
culture toward that of the sender in an amount proportional 
to the CE  and the difference in status between them. When 
agents s (sender) and r (receiver) communicate, r’s culture 
will change according to: 
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where Tt,i,r is the value of dimension i at time t for r. The 
quotient of the statuses represents the asymmetrical nature of 
the influence that persons of different status can exert on 
each other (Salancik and Pfeffer, 1974). The bigger the 
difference in status between two persons, the higher the 
influence the person of higher status can exert on the person 
of lower status and, and vice versa. 
 
The effect of CE reflects the influence a person might have 
on the culture of another if they can understand each other 
(Axelrod, 1997). Note that the change in OC is 
unidirectional; that is the sender influences the culture of the 
receiver and not vice versa. Since the receiver acts as sender 
when responding to the message and the original sender acts 
as receiver, the effect becomes bi-directional but not 
synchronous. 

 
Sequencing of Events and Updating of the Model 
 
The simulation is updated asynchronously (to avoid 
artifacts---cf. Huberman and Glance, 1993), as follows: 
a) Select at random without replacement agent A. 
b) Allow A to send messages for its current task.  
c) Process incoming messages for A and change its  OC. 
d) See whether A’s task is complete. If the task is 

complete: 
i. Compute measures pertaining to the task. 
ii. Assign a new task to A. 

e) Repeat steps a) through d) for all agents.  
f) Compute the measures and outputs of the model. 
g) Repeat a) through f) for as many steps as specified. 
 
Measures and Outputs of the Model 
 
The following measures are used in this paper: 
a) Average task-completion time for the organization 

(ATCTO). For all the completed tasks calculate the time 
it took to finish those tasks. Calculate an average time 
for the entire organization. This time reflects only the 
time agents spend communicating, so it  applies only to 
assessing how long it takes members to carry out the 
communicational part of their jobs.  

b) Overall OC strength (OOCS) measures the strength of 
the OC by calculating the variance for each of the 
dimensions of the culture for the entire organization, 
combining them  using: 
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where σ2
i is the variance of cultural dimension i and N 

(=10) is the number of cultural dimensions. Note that 
the stronger the culture, the smaller the variation and 
thus the closer OOCS will be to one. 

c) Organizational average culture (OAC) is the average 
value of the culture computed over all cultural 
dimensions and agents. The time series corresponding to 



 

 

OAC will reflect the dynamics of the culture of the 
organization. When this time series remains unchanged, 
the system is in equilibrium.  

d) Average communication effectiveness for completing 
tasks for the entire organization (ACETO). Calculate the 
CE for each assigned task, even if it was not completed. 
The average CE for a task is calculated as the geometric 
mean of all the CE’s between senders and receivers. For 
example, if agent 1 needs to communicate with agent 4 
and to do so needs to go through agents 2 and 3 for 
completing the task, then: 

 
CEtask = (CE12 CE23 CE34 CE43 CE32 CE21)1/6 
 
where CE12 = CE between agent 1 and 2, CE23 = CE 
between agent 2 and 3, and so on. Using the CEtask of all 
the assigned tasks, compute the average, which 
corresponds to ACETO. This measure reflects how well 
agents are communicating due to the intrinsic and 
extrinsic CR of the medium. If the intrinsic richness is 
high (i.e. the communication channel allows the transfer 
of many cultural dimensions), the culture is able to 
homogenize well and that increases the similarity 
among the agents’ cultures. If the extrinsic richness is 
high (i.e. the agents’ culture is already similar), the 
difference between the cultures of agents is low. In both 
cases, the CEtask will be high (close to one) and, 
correspondingly ACETO will also be high. 

 
 
RESULTS 
 
Before running experiments, we carried out extensive 
verification and validation of the program. Details are in 
Canessa, 2002. Table 1 shows the parameter values used in 
the experimental runs.  
 

Table 1: Combination of Parameters Changed for 
Experimental Runs 

Para-
meter 

Value Experimental condition label 

6 visible cultural dimensions 
within group 

4 visible cultural dimensions 
between groups 

Low intrinsic communication 
richness (LICR) 

CIR 

10 visible cultural dimensions 
within group 

8 visible cultural dimensions 
between groups 

High intrinsic communication 
richness (HICR) 

Variance of normal 
distribution = 5 

Strong initial culture (SIC) IOCS 

Variance of normal 
distribution = 10 

Weak initial culture (WIC) 

CIR = Communication channel intrinsic richness 
IOCS = Initial organizational culture strength 
 
We used four different numbers of steps per task (10, 20, 30 
and 40), which were matched up with the corresponding 
number of messages an agent could process per time step; 
e.g., for a 40-step task,  each agent has  the capacity to  
process 40 messages per step. These four pairs of values 
were combined with the two scenarios for CR and for initial 
strength of OC, for a total of sixteen combinations. Each of 
these combinations was simulated for 600 time steps and 

replicated thirty times using different RNG seeds. Other 
parameters kept fixed were: the organization had 8 groups, 
each of 30 agents; three agents of each group were 
authorized to communicate directly with agents of other 
groups; these agents had a status of two, whereas the rest 
had a status of one. 
 
Hypotheses Testing 
 
The results for the 10, 20, 30 and 40-step tasks are very 
similar and thus we will report the outcomes for the 40-step 
tasks only. Tables 2 and 3 show the data gathered from the 
experimental runs, which we will use in testing the 
hypotheses and making other analyses. Specifically, Table 2 
presents the OC strength (OOCS) and its standard deviation 
computed over the thirty replications using the last sixty data 
points of each run, where the system was in equilibrium. 
 
Table 2: Organizational Culture Strength for the 40-step task 

 SIC WIC 
LICR 0.0472 (0.0018) 0.0239 (0.0009) 
HICR 0.7311 (0.0695) 0.5215 (0.0914) 

(mean over the last 60 data points, std. deviation in parentheses, N = 30 
replications) 
 
Similarly, Table 3 presents the overall organizational CR 
and its standard deviation computed under the same 
conditions. Note that this overall organizational CR 
corresponds to the average communication effectiveness 
(ACETO), which encompasses both the intrinsic richness 
that does not change (due to the established number of 
visible cultural dimensions) and the extrinsic richness, which 
changes (because the culture of agents becomes more similar 
as time advances). 
 

Table 3: Overall Organizational Communication Richness 
for the 40-step task 

 SIC WIC 
LICR 0.8476 (0.018) 0.5792 (0.026) 
HICR 0.9889 (0.0002) 0.9799 (0.0008) 

 (mean over the last 60 data points, std. deviation in parentheses, N = 30 
replications) 
 
If hypothesis H1 is true, we expect to see that the higher the 
value of OOCS in Table 2, the higher the corresponding 
value of ACETO in Table 3, which is the case. Table 4 
shows the differences in ACETO, all of them significant. 
Thus, we conclude that H1 is supported.  
 
Table 4: Differences in Means of Communication Richness 
corresponding to the four different values of organizational 

culture strength for the 40-step task 
 Final 

Culture 
Strength 

Comm. 
Richness 

Difference in 
Comm. Rich. 

Strongest final 
culture 

0.7311 0.9889  
Moderately strong 
final culture 

0.5215 0.9799 0.010 
Weak final culture 0.0472 0.8476 0.1323 
Weakest final 
culture 

0.0239 0.5792 0.2684 
(all differences significant at least at the 0.01 level) 
For example: 0.010 = 0.9889 – 0.9799 and so on 



 

 

 
To test hypothesis H2 we compute the steps required  for the 
mean of the organizational average culture (OAC) to reach 
equilibrium (defined as starting  when the time series of 
organizational average culture remained unchanged). Table 
5 presents these figures. 
 
Table 5: Mean Stabilization Time for Organizational Culture 

for the 40-step task 
 SIC WIC 
LICR 20.5 (4.93) 34.3 (11.27) 
HICR 18.0 (4.48) 19.3 (3.92) 

(standard deviation in parentheses, N = 30) 

 
If hypothesis H2 is true, we expect that the differences 
between the times corresponding to an initially weak and 
strong culture should be positive and significant. 
 
 
Table 6: Differences in Stabilization Time of Organizational 

Culture between initially strong and weak cultures 
 LICR HICR 
40-step task 13.80 (<< 0.001) 1.30 (0.237) 

(p-values in parentheses) 
The figures correspond to the difference in stabilization time between an 
initially weak and strong culture: stabilization time for initially weak culture 
- stabilization time for initially strong culture: 34.3 – 20.5 = 13.8 (see 
figures in Table 5) 
 
From the figures of Table 6, one can see that for low 
intrinsic CR, hypothesis H2 is consistently supported (the 
difference is positive and statistically significant), whereas 
for high intrinsic CR it is not (difference is relatively small 
and non-significant). Note that the decrease in stabilization 
time between an initially weak and strong culture is much 
more pronounced for low intrinsic CR than for a high one. 
This happens because a low intrinsic CR prevents some 
cultural dimensions from changing. Thus, if these unchanged 
dimensions are initially similar, as when an initially strong 
culture exists, then the extrinsic CR among agents will be 
always higher than when these unchanged dimensions are 
initially dissimilar, as when an initially weak culture exists. 
Since extrinsic CR dictates how much the culture between 
agents will homogenize per step, the higher the extrinsic 
richness, the faster the culture will homogenize. Hence, the 
impact of an initially strong or weak culture on stabilization 
time of the culture will be higher when intrinsic CR is low 
than when it is high. 
 
Table 7 presents the means and standard deviations of the 
task-completion times for the entire organization (ATCTO). 
 

Table 7: Task-completion Time for the 40-step task 
 SIC WIC 
LICR 23.054 (2.307) 61.406 (12.221) 
HICR 16.894 (0.059) 16.947 (0.068) 

 (mean over the last 60 data points, std. deviation in parentheses, N = 30 
replications) 
 
If hypothesis H3 is true, then we should see that the task-
completion times for strong final cultures (situations where 
OOCS is high in Table 2) would be shorter than the ones for 

relatively weak final cultures. To asses that, we computed 
the difference in task-completion time at equilibrium for 
strong and weak final cultures, using the times of Table 7. 
Table 8 presents these differences. All the differences 
between these times are statistically significant. One can see 
that the task-completion times are shorter for strong cultures 
than for weak ones. Thus, hypothesis H3 is supported.  
 
Note that the impact of an initially strong or weak culture is 
more pronounced for low intrinsic CR than for high  (see 
Table 7). This interaction effect of CR on the relationship 
between culture and task-completion time occurs because a 
low intrinsic CR prevents some of the cultural dimensions 
from homogenizing. Under that condition, the initial 
similarity of the dimensions that an initially strong culture 
produces is more important than when a high intrinsic CR 
exists. In this latter case, almost all of the cultural 
dimensions will homogenize and thus will decrease the 
impact of an initially weak culture on task-completion time 
at equilibrium.  
 

Table 8: Differences in Means of Task-completion Times 
corresponding to the four different values of organizational 

culture strength for the 40-step task 
 Final Cult. 

Strength 
Task completion 

time 
Difference in Task-
completion Time 

Strongest 
final culture 

0.7311 16.894  
Moderately 
strong final 
culture 

0.5215 16.947 -0.053 

Weak final 
culture 

0.0472 23.054 -6.107 
Weakest 
final culture 

0.0239 61.406 -38.352 
(all differences significant at least at the 0.01 level) 
For example: -0.059 = 13.897 – 13.956 and so on 
 
In addition to allowing testing the postulated hypotheses, the 
runs showed another interesting aspect of the system’s 
behavior. In one of the runs, task-completion time exhibited 
a different dynamic from the rest of the runs. In general, 
task-completion time increases at the beginning of the 
simulation reaching a maximum and then it begins to 
asymptotically decrease toward a lower equilibrium value. 
This happens because the first completed tasks among all the 
tasks that the organization assigns are the ones that take 
agents a shorter time to complete. Since those short tasks are 
the ones the model includes in the first calculations of the 
mean task-completion time, that figure remains low. As time 
advances, agents complete the more complicated tasks, 
which increases the mean task-completion time. However, at 
the same time, the OC begins to homogenize, making it 
easier for agents to understand each other. This shortens the 
task-completion times, which in turn, decreases the mean 
value of that variable. Finally, the culture homogenizes as 
much as the conditions allow and the system reaches 
equilibrium. At this stage, the task-completion time reaches 
its equilibrium value. 
 
However, in one run, the dynamics of task-completion time 
changed. At the  time when that variable was reaching its 
equilibrium value, suddenly it jumped to a higher value, 
interrupting its asymptotic decrease. After that abrupt 
variation, the dynamic of task-completion time went back to 



 

 

normal, i.e., it began to decrease reaching an equilibrium 
value. Examining the run, we found that the organization 
had assigned tasks to agents involving almost no change in 
the identity and sequence of contacts, from the beginning of 
the run until the moment the change in dynamics occurred. 
At that moment, the organization (by chance) drastically 
changed the identity of the agents involved in each step of 
the tasks and somewhat the sequence of contacts. Examining 
the culture of the agents, we saw that because the tasks were 
initially so stable, the agents had fine-tuned their culture to 
accomplish such tasks, creating very strong local cultures. 
These local cultures significantly differed from one another. 
Thus, when the organization changed the contacts for 
completing the tasks, the agents had to communicate outside 
these local cultures. Since these cultures were strong but 
different, agents could not immediately adjust to their new 
communication partners. This caused an increase in task-
completion time. Eventually, as the local cultures 
homogenized, that measure improved. 
 
DISCUSSION 
 
As one can see from the results of the experiments, in 
general the postulated hypotheses were supported. This is 
not surprising since the model embeds part of the 
corresponding theory that supports such hypotheses. 
However, the interaction effects discovered were not 
postulated a priori based on the theoretical background. 
Although a close examination of the model helped explain 
why these interaction effects occurred, our intuition 
regarding the outcomes of the model was not completely 
right. Thus, the agent-based model served the purpose of 
enhancing the understanding of the phenomenon under 
study. The usefulness of this approach in this study agrees 
with similar ones reported in other papers (Axelrod, 1997). 
 
The new relationships discovered have some useful 
implications. First, the results showed that the difference in 
the stabilization time of a culture between high and low 
intrinsic CR media for an initially strong culture is small. On 
the other hand, for a weak initial culture, the stabilization 
time is significantly shorter for media of high richness than 
for low ones. This might suggest that the use of low richness 
media, such as CMC, is appropriate for stabilizing a culture 
when it is already strong. However, when the culture is 
weak, one should favor the use of high richness media. 
Second, the interaction effect of CR on the relationship 
between task-completion time and the initial strength of a 
culture suggests that a modest increase in the strength of the 
culture might significantly increase organizational 
performance. This conclusion is important for virtually 
collocated work, which involves persons geographically 
separated working on common tasks through CMC.  
 
The major part of the work on CMC has been conducted 
using experiments and survey or field research. This study 

took a different approach to analyzing the bi-directional link 
between the use of CMC (or any communication system) 
and OC.  In addition to the results presented, the ABM 
described here  contributes to the CMC research in two other 
ways. First, the model may be used in future studies to help 
pinpoint some questions to be answered and consequently 
design experiments, surveys or field studies. Since the latter 
approaches generally cannot be easily repeated, it is very 
useful to have a means of anticipating the possible areas to 
focus on, leading to better design of experiments, surveys or 
field work. Second, the translation of some social science 
theories related to CMC that have been stated in words to a 
very precise operationalization, as required in ABM, helps 
formalize the theories. This assists in enhancing the mutual 
understanding among researchers and the transfer and 
accumulation of knowledge in the field. 
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Abstract – Several novel methods based on intelligent recognition techniques are presented. This is an extension of 
our earlier work that utilises a number of these techniques, which included production rules, genetic algorithms and 
associative memories. The first additions involve the use of an implied grammar that is derived from a dermatology 
heuristic that describes lesion morphology characteristics; this is also known by its mnemonic ‘ABCDE’. The 
technique is combined with both our novel neural adaptive architecture and an image transform, the HALOGRAPH.  
This combination extracts the requisite components from the lesion image defined by the grammar, from which 
subsequently a diagnosis is generated. Another aspect of the lesion morphology is also considered: texture. The 
technique applied here makes use of Laws basis function to describe its structure. The texture landscape is defined as 
an energy profile. One of the limitations of our previous system involved the creation of volumes of information 
during the analysis phase, and to limit this effect we now apply PCA.  The inclusion of this technique provides a 
reduction in the information content while retaining the essential detail, and it also acts as a method of feature 
recognition. A further side effect of this approach is that it can be used as an encoder to assist the simplification 
process of the internal definition of the evolving neural architecture. 
 
Keywords: Production rules, Evolving Neural architectures, Image Recognition, and Genetic Algorithms, 
Grammars. 
 
 
1. INTRODUCTION 

The aim of the research of which this paper is a 
subset was to overcome some of the limitations that 
standard unsupervised neural architecture behaviour 
exhibits, and to develop an intelligent assistant that 
could be used both by general practitioners, and 
specialist dermatologists without having to resort to 
lengthy training. 
 
Neural networks are used with increasing frequency 
in the context of medicine. Inspiration for artificial 
neural networks derives from their biological analogy 
the neurone. The earliest example of the artificial 
neural networks was the 'Perceptron', [Rosenblatt, 
1958]. More complex neural architectures such as the 
Back-propagation network (BNN) [Rumelhart et al, 
1986; Werbos, 1974], have been used in the detection 
of cancer cells [Moallemi, 1991], and with skin 
cancer recognition [Stoecker et al, 1997; Tomatis et 
al; 1997; Burroni et al, 1997]; A different 
architecture, namely the radial basis function network 
(RBF) [Burroni et al, 1997] was used in conjunction 

with spectroscopics for detection of cervical 
precancer [Tummer et al, 1998]. Other topics such as 
breast cancer screening have used neural networks 
[Bridgett et al, 1995]. A method of learning medical 
image shapes, and also in the context of image 
compression was applied by [Panagiotidis et al, 1996] 
using a probabilistic neural network (PNN).  The 
topic of cranial pressure and monitoring of neuro-
surgical patients was investigated [Swiercz et al, 
1995, 1998] using a recurrent neural architecture 
(RNN) [Tomatis et al, 1977]. More recently neural 
networks have been used in capturing and defining 
MRI images [Reyes-Aldasori et al, 2000]. 
 
2. METHOD  
 
In this paper we present a number of extensions and 
improvements to our novel neural network [Andrews 
et al, 1998, 1999, 2000]. The network is used to 
recognise skin cancer images. The architecture uses 
intelligent techniques, namely production rules 
[Nilsson, 1980], and the genetic algorithm (GA) 



[Holland, 1975; Harp, et al, 1991; Goldberg, 1989]. 
The first of these is a method for describing the 
internal structure of the neural architecture. One of 
the main behavioural features is its ability to 
remember feature patterns encountered. The concept 
that we make use of is that of association. We make 
reference to the concept of associativity. This concept 
has been extensively researched by [Anderson, 1970; 
Kohonen, 1974, 1988]. Training is handled by use of 
the memory concept, which allows any pattern 
previously encountered to be recalled. Any pattern 
anomalies are rapidly assimilated into the memory, 
leading to the modification of the neural definition. 
The behaviour of the novel neural network 
architecture makes use of an associative memory 
(AM) to control the assembly of the lesion image 
analysis. Each time a feature (pixel) is encountered a 
reference is made to the AM as to whether there had 
been a prior encounter with this feature, if not a 
neuron is assigned. Any further encounter with the 
same feature causes the neural strength to be 
incremented. A further fact that is elicited is the 
geographic distribution. This is assigned both neurons 
and associated strength. This process continues until 
all features are processed. Genetic algorithms (GA) 
[Holland, 1975; Harp, et al, 1991; Goldberg, 1989] 
are used in place of Hebbian learning [Hebb, 1949], 
and the feature histogram is used to influence the 
behaviour of the GA in its production of the weight 
definition.   
 
Two further methods are used, which define 
characteristics contained within the lesion image. The 
first of these uses an implied grammar [Friedmann et 
al, 1985]. The second involves the lesion surface 
texture in terms of an energy map [Laws, 1979]. The 
first of these methods operates in conjunction with the 
implied grammar and an image transform, the 
HALOGRAPH [Andrews et al, 1998]. Other artificial 
intelligence techniques involved include information 
reduction and encoding (PCA) [Jolliffe, 1986; Sanger, 
1989] and these operate with the novel neural 
network [Andrews et al, 1989, 2000].  
 
The PCA is a powerful data analysis tool that is used 
in the context of multivariate analysis [Amari, 1977]. 
The technique used in Sanger’s GHA  is a 
generalisation in terms of the standard approach to 
PCA. One of the limitations of PCA which is that it 
makes various assumptions (e.g Gaussian 
Distribution) which as a result causes it not to 
characterise  all the trends within the data.  The 
transform simplifies the extraction and definition of 
the image details while simultaneously adding rigour 
to the diagnosis process thereby avoiding ambiguity.  
 

The topic of surface texture is an important diagnostic 
tool [Stoecker et al, 1992, 1997]. Laws basis 
functions are used [Laws, 1979] to describe the 
details. These are used to differentiate the various 
micro-features of the surface texture that are present 
within the image. Having elicited the energy profile 
using this technique we then simplify the resulting 
product using a combination of PCA [Jolliffe, 1986] 
and neural network [Sanger, 1989]. The resultant 
definition is in effect a précis of the energy mapping. 
Using this approach allows for both recall and 
reconstruction of the précis. A further side effect of 
using PCA is the ability to be able to generalise. For 
instance, another image can be reconstructed using an 
already available PC definition [Cichocki et al, 1994, 
1996]. A more comprehensive definition of the 
energy profile is constructed using the novel neural 
architecture [Andrews et al, 1998, 2000]. 
 
 The reason for using Laws is that it enables the 
characterisation of micro-features that are contained 
within the lesion image. It also provides a method of 
extracting a scaled variance profile with regard to 
each type of micro-feature. 
 

                 3. APPLICATION 
 
The following application illustrates how the novel 
neural architecture [Andrews et al, 1998, 2000] acts 
in combination with associated neural architectures 
[Oja, 1982; Sanger, 1989] to describe facets of lesion 
morphology. The first of these processes was 
explained earlier. This defines the lesion surface 
texture in terms of an energy profile. Using the 
energy profile [Laws, 1979] allows several levels of 
definition to be described. The resulting details are 
extracted and encoded using PCAGHA [Sanger, 
1989].  
 

 
 
Figure 1 Lesion images & HALOGRAPH 
transformation of image.  

 
This method allows for rapid recall of the original 
information. Modifications of the behaviour of the 
architecture [Andrews et al, 1998, 2000] are effected 
using the same process [Sanger, 1989] in which the 



detail [Nilsson, 1980] is simplified (see fig 1). This is 
applied at each level of the definition decomposition.  
 
The above definition illustrates how the implied 
grammar (mnemonic, ‘ABCDE’) and describes the 
lesion morphology in terms of its geometric profile, 
boundary condition, and pigmentation distribution. 
Using standard imaging techniques this 
decomposition becomes extremely complex. 
 
Figure 2 shows how the grammar unfolds the aspects 
of the lesion morphology and then uses the results to 
assemble a diagnosis. The grammar forms a 
partnership with the novel image transform [Andrews 
et al, 1998] and three other neural architectures 
[Andrews et al, 1998; Nilsson, 1980; Sanger, 1989]. 
 

R1: if σ1 & σ2 then 'Α' 
R2: if βχ1 & βχ2 then 'Β' 
R3: if χδ1 & χδ2, …., χδn then 'C' 
 
Figure 2 Example rules describing initial level 
of the implied grammar. 

 
The grammar acts in a supervisory role to extract and 
define salient aspects of each lesion image in relation 
to each aspect of the heuristic. The neural networks 
[Oja, 1982; Sanger, 1989] are used to encode firstly 
the lesions boundary contour, and secondly the 
pigmentation distribution.  
 
 
4.  RESULTS  
 

 
 

Figure 3 PCA definition of a lesion image 
 
The above diagram, figure 3 shows how by applying 
PCA techniques based on Sangers GHA neural 
architecture [Sanger, 1989] the complexity of the 
information content can be significantly reduced. 
Without using the above approach the level of 
description is large. We mentioned earlier that the 
neural assembler decomposes the lesion image into a 
hierarchy that forms a binary-tree. Each level of the 
hierarchy has its own definitions. The initial level 
contains significant detail. Each subsequent level 
contains less and less detail (see figure 5 & figure 6). 

The maximum level of decomposition is five after 
which there is little or no relevant information 
present.  To illustrate the process involved we shall 
transform figure 1 into symbolic form.  
 
In figure 4 we have four masks having 16 
coefficients, which subsequently reduces to four PC's. 
By comparison with the table shown in figure 7, a 
similar table for images in figure 5 if expanded to 
their full form would occupy several pages.  Should 
the full version be required it is still available.  

 
The other table describes some of the rules that 
describe the expanded form without the inclusion of 
PCA. 

 
R1: If a0 Then b 
R2: If b0 & b1 & b2 & b3 
&  b4 

Then c 

R4: If  c1 & c2 & c3 & c4 then d1  
R5: If  a1> k1 & a1 <k2 Then g1 
R6: If a2 >k3 & a1 <k4 then g2 
R7: if  a1>k5 & a1 <k6 then g3 
R8: if  a3>k76 & a1<k8 then g4 

          
Figure 6 Extended rule definition 

 
The graphs in figure 7, illustrate another aspect of 
each level of the hierarchy, the feature profile, and the 

 
R1 :If ω1 & ω2 & ω3  &, …, & ω16  
 

 

Then mask 1 

 
R2: if ω1 & ω2 & ω3 &, …., & ω16 
 

 

Then mask 2 

 
R3: if ω1 & ω2 & ω3 &, ….,& ω16 
 

Then mask 3 

 
R4: if ω1 & ω2 & ω3 &, …., & w16 
 

Then mask 3 

 
R5: if πχ1 & πχ2 & πχ3 & πχ4 
 

Then PC coeff 1 

       Figure 4 Rules that defines the PC’s 

 
Figure 5 internal definition of a lesion image 
created by neural network 



details that influence the genetic algorithm (GA) in 
the computation of the connective mesh. 
 
The above detail shown in figure 6 pertains to the 
symbolic definition of the features contained within 
the lesion.  The first of which is a single definition, 
the others increase in complexity. The last four rules 
pertain to the hierarchical decomposition which 
defines the level at which the feature resides in terms 
of the decomposition. 
 
5 CONCLUSIONS 
 
In our previous paper [Andrews et al, 2000] we 
showed how a novel neural architecture could be used 
to emulate the process of edge detection.  
 

 
 
Figure 7 Graph profile of feature signature 
 

 
In this paper we have extended the repertoire and 
tackled a few of the system’s previous limitations. 
We have enhanced its capability by the inclusion of 
PCA that is used to simplify but also to encode the 
lesion image, and by the inclusion of a dermatology 
heuristic that describes the attributes of the lesion 
morphology [Friedman et al, 1985]. The heuristic, in 
the form of an implied grammar, is linked with the 
image transform, the HALOGRAPH [Andrews et al, 
1998]. This combination adds rigour to the diagnostic 
process, and as a result there is less likelihood of 
ambiguity.  
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A MULTISCALE METHOD FOR AUTOMATED INPAINTING 
R.J.CANT, C.S.LANGENSIEPEN School of Computing and Mathematics, Nottingham Trent University   

 
Abstract: We present a novel, simple and general method for image inpainting. Current methods may be crudely divided into those that 
aim to continue edges by various energy minimisation techniques, and those that perform texture synthesis from local information, but 
both have their weaknesses. Our method searches the image for areas of similarity and uses these to inpaint. By analysing the image at 
multiple resolution scales we can find similar features and textures from anywhere in the image at a reasonable speed. We present results 
using some challenging images where both features (edges) and textures from non-local information are used to achieve plausible 
restoration.  Keywords: Inpainting, image restoration 

 
1  INTRODUCTION 
Image manipulation has a long and not very illustrious history. 
Stalin not only had people executed, but had their images 
removed from photographs as if they had never existed [1]. These 
days, there are more reasonable reasons why images may be 
edited before publication, from the ‘improvement’ of someone’s 
appearance to the clarification of a scene for journalistic effect. 
Usually this involves a substantial amount of work by the user, to 
make the changes blend in with the remainder of the image. This 
paper proposes a method of inpainting an image after the removal 
of a feature, which requires the minimum of human intervention. 
Its aim is to be able to reconstruct pertinent features and textures 
to generate a plausible image without explicitly searching for 
artefacts such as edges. 

2  RELATED WORK 
There has been considerable work in the field of digital 
inpainting, approaching the problem from the directions of noise 
removal (due to compression and transmission), film and video 
artefact removal, and texture synthesis. [11] provides a 
comprehensive summary of work done in this area. Early work 
such as [5] concentrated on image reconstruction after effects 
caused by the scanning device characteristics. Work of particular 
relevance includes the texture synthesis method [15] based on 
Heeger and Bergen’s [13] pyramid texture analysis. This 
produced convincing inpainting of large areas of small-scale 
texture e.g. grass, but no features or edges were included. [14] 
removed image noise while retaining line continuity, but at the 
cost of requiring manual choice of regions for spatial and 
frequency samples. De Bonet [8] used multiple resolution 
methods to reconstruct texture, showing that such a method could 
synthesise more difficult textures where overall feature 
directionality had to be maintained. More recently, [20] provided 
a multi-resolution method of impressive speed for infilling areas 
of texture. However, this method was purely on a single texture, 
and is not appropriate to more general inpainting, since image 
segmentation would also be needed. Methods which 
concentrated on edge, line, curvature continuity included work 
on the TV model [6] and the PDE approach of [3]. The latter 
produced impressive results, though the authors concede that, 
because it concentrates on achieving isophote continuity, it would 
have trouble with areas of texture. Their later work [2][4] 
includes what appears to be even more impressive inpainting of 
the standard Lena image. However, their method includes the use 
of field information directly from the undamaged image to direct 
the inpainting of the damaged area, so can really only be 
considered appropriate where there is such an image available e.g. 
film frames. 

3  THE METHOD 
Our method is based on work first done as an undergraduate 
student project [16] on black and white images. This method used 
pixels from other similar areas of the image to inpaint the area.  If 
a region was to be inpainted, the process was started with the 

outermost pixels – those adjacent to parts of the image that were 
to be retained. The pattern of levels of pixels in the patch 
surrounding it was then compared with the remainder of the 
image to find the closest equivalent pattern match. ‘Closest’ was 
simply defined by the sum of the grey values for the patch. The 
pixel in the equivalent position within this patch was then used to 
replace the pixel to be reconstructed.  

Although this method appeared quite successful, a few 
problems were evident. It was quite good at generating 
‘plausible’ reconstructions of amorphous areas such as foliage, 
and of simple repeating structures such as identical windows in a 
distant building. However it could not cope with more distinct 
edges as in individual leaves, or repeating structures with ranges 
of scales within them. It was also extremely slow, and 
experiments had to be limited to small images. An apparently 
identical technique was later used by [9], who also commented 
on its slowness. 

We modified the technique by handling features in a way that 
seems to match human perception. If one reduces the resolution 
of an image by a factor of 2, 4 etc., one can still see the grossest 
features. One observes this effect when watching the ‘pixellated’ 
faces used to hide identities on screen – the facial shape, nose etc 
can still be seen if one ‘squints’ at it. By using a reduced 
resolution version of the image, the areas to be inpainted could be 
matched up with similar areas elsewhere on the image – where 
similarity is assessed at this reduced resolution. In other words, 
the method is finding features visible at this resolution which are 
relevant to the reconstructed area. Each resolution scale acts as a 
filter which selects out features at that scale for comparison. This 
gives a comparatively quick method of finding the best matches 
for the pixels to be reconstructed. Firstly, the picture resolution is 
reduced by a factor of 2**N. As in the original process, the whole 
image (at this resolution) is scanned to find the best matches for 
the patch surround the pixel to be inpainted. The set of best 
matches (currently defined purely as a fixed number of matches) 
is then used as the starting set (rather than the whole image) for a 
similar matching process at a higher resolution.  This process will 
match on features at a smaller image scale. Regions around each 
of the best matches are then examined at the higher resolution to 
again find the best match with the original. This limits the search 
space, yet allows for some variation in best match from one scale 
to another. The process is repeated until the final target image 
resolution, whereupon the best match is used to generate the 
reconstructed pixel (Figure 1). At each resolution level, each 
pixel in the candidate patch is compared with its equivalent in the 
original patch (in RGB), and the differences summed to give the 
overall measure for that candidate patch. Each candidate patch is 
also reflected about x and y axes and rotated by a range of angles 
for comparison, since a feature may be rotated/reflected 
elsewhere in the image relative to the one being reconstructed.  

This method has a number of advantages over the original 
method discussed and other work. Firstly: speed. The process of 
exhaustive comparison of each pixel in the image against the one 
to be filled (particularly as one has to look at a patch of pixels 



   

 

surrounding it) can be prohibitively slow. By performing the 
exhaustive search only at a much lower resolution, the overall 
process becomes much faster., as the search space used for the 
higher resolutions are then heavily culled. However, even with 
this improvement, images of 640*480 and 24 bit colour (which 
we used for convenience) could take from a few minutes to a 
couple of hours on a reasonable PC, depending on the size of area 
to be filled. The method of [3] is apparently faster, because apart 
from the initial smoothing, it examines pixels local to the 
inpainting area only but does not handle texture.  

Search region found
at lower resolution

Replacement pixel

Best matching patch
in search region

Area to be filled

Current target pixel

Whole image

 

Figure 1 One stage in multiscale process 

Secondly: feature identification. As discussed by DeBonet, 
human vision is very good at seeing features at a range of scales. 
That is why Gothic architecture is so appealing; it has repetition 
and variation at many different scales within a single building. 
By using a process that attempts to mimic the way we ‘pan and 
zoom’, the process has a better opportunity of finding the features 
that would affect the plausibility of the reconstruction. Thus this 
method, unlike [3] can also reconstruct texture, which is visible 
only at the higher resolutions. 

Thirdly: generality. No explicit edges or lines are detected; the 
pixel colours in the patch are simply compared with those in the 
candidate patches. This means that one does not have to start 
looking for ‘special cases’ such as curved or straight edges. No 
explicit weighting is done to favour pixels closest to the one to be 
reconstructed, as otherwise some choice would have to be made 
as to how to weight. The effect of weighting is achieved by the 
use of lower resolutions, since each resolution scale essentially 
averages a different number of pixels. 

The process does have some free parameters. As will be 
discussed later, choice of the size of patch to use and number of 
resolution scales can affect the quality of the reconstruction. 
Choice of region size mainly affects the process speed, since it is 
used to limit the search space. However a larger search space 
around the notional best match can help for local texture. A less 
important constraint, made solely for performance reasons, is that 
we limited the choice of rotation angles used for the comparison. 
Since the built landscape contains features that may vary in angle 
due to perspective, the matching process should rotate the 
comparison patches by small angles from the notional horizontal 
and vertical to find the best match. However, in the natural 
landscape, features may occur at any angle, so the rotation should 
be through a wider range of angles – we chose to use every 90 
degrees (ie 8 rotations and tests for every patch including 
reflections). With more CPU speed, both sets of rotations could 
be tried for every image, and the comparison process itself would 

eliminate the worst matches. 

4  RESULTS 

4.1 The Best 
 In Figure 2 of a building in Prague, there are a challenging range 
of features of differing scales and textures. Figure 2 shows the 
original lamppost in the scene, Figure 3 shows the image forming 
the starting point for the reconstruction, after removal of the 
lamppost, and Figure 4 shows the resultant reconstruction. 

 
Figure 2 Original Image 

Note that the process has managed to reconstruct the vertical 
glazing bars automatically, as well as the triangular shapes 
between the windows and the smaller scale pavement texture. We 
believe this capability in feature and texture is unique to our 
multiresolution method. The vertical glazing bar in the bottom 
window would not have been inpainted by the edge continuity 
techniques, because it was completely removed by the mask. It 
would not have be found by the texture method [16] without 
massive enlargement of the patch size, which would have 
ensured the pavement texture would have degenerated into 
garbage as discussed in [9]. [20] found that there tended to be 
discontinuities across the inpaint boundary in their 
multiresolution method unless they modified the process. 
However, they were only using multiple scales to enlarge the 
local region. In contrast, we are using the lower resolutions to 
sample and include non-local regions of the image, and find that 
continuity across the boundary is reasonable at the higher 
resolutions. Ashikhmin[1] who modified the Wei-Levoy method 
to achieve some elegant synthesis of natural textures, commented 
that multiresolution did not appear to assist much in his work on 
single textures – we have found it essential for images with a 
range of features and textures. 

For this image, the most plausible reconstruction was obtained 
using a patch size of 9 pixels, search region of 4 pixels around the 
4 best candidate patches, and 2 lower resolution scales before the 
final processing. Patches were compared at their original angles 
and at slight deviations from the horizontal and vertical as 
mentioned earlier. The latter process seems to have resulted in the 
best matches for the glazing bars that are not quite vertical – 
further work needs to be done in exploring whether the best 
matching pixel should be modified if the angle is not as the 
original. In the lower window, the left hand horizontal glazing bar 
is not reconstructed, though the right hand one is. This is 



   

 

plausible because one of the other windows (bottom left) also 
exhibits only one horizontal bar, since the other half window is 
open. The process has used this area in its reconstruction of the 
rightmost window. 

 
Figure 3 Area masked for infill 

A problem involving natural rather than built artefacts is this 
dolphin image. Figure 5 shows the original image,  Figure 6 the 
masked out dolphin, and Figure 7 the best infilling attempt. For 
this image, the most plausible infilling occurred with a patch size 
of 3 pixels, a search region of 8 pixels, and 2 lower resolution 
scales. In this case, patches were compared at a wide range of 
rotation angles rather than just slight variations off vertical. The 
wave shape and local texture appear to be plausible. 

Most of the images upon which we have attempted the 
technique have provided the most plausible reconstructions when 
using 2 lower resolution scales. However, this is partially related 
to the image size. Higher resolution versions of the same images 
need one or more additional low resolution stages to attain the 
equivalent level of image inpainting. 

4.2 The Worst 
Figure 8 shows the problems associated with trying to inpaint a 
relatively large area within an image. The process begins by 
trying to find the best matches to those pixels on the perimeter of 
the reconstruction area that have the most neighbours in the 
original image. It then fills those with the next highest count of 
‘real’ neighbours until the whole perimeter has been covered, 
before moving inwards. This means that as one gets closer to the 
centre of a large area for reconstruction, more and more of the 
pixels used for comparison have actually been reconstructed 
themselves. As commented by Wei and Levoy [20], this 
spiralling inwards is necessary to avoid directional bias caused 
by the obvious artificiality of following scan lines. Furthermore, 
because of the freedom of matching, adjacent pixels in the area to 
be filled may not be sourced from contiguous parts of the original 
image. This tends to cause a ‘smoothing’ of texture in the centre 
of a large fill area, and this phenomenon can be seen where the 
Mountie has been replaced in Figure 10. Potentially, ‘noisiness’ 
could be added to the interior of the region, perhaps by the 
method of [13] or [15] but would need automated analysis to 
identify the degree to which the texture encloses the region for 
inpaint. A better solution might be to allow the user to indicate 
that noisiness was required. 

 
Note, however, that the process has construct a plausible beach 
texture, and continued the edges at the lakeside and distant 
shoreline successfully. The ‘Connectivity Principle’ presented by 
[7] and discussed by [11] with regard to the Mumford-Shah 
model’s failings is preserved with this technique, as well as the 
restoration of texture provided the area is not too large 
Figure 13 shows the problems associated with the reconstruction 
of areas in distinct predictable lines. The human eye/brain 
combination is very good at pattern finding, and so the narrow 
sections where the wires have been removed can still be seen in 
the middle left of the image. As commented by Ashikhmin, the 
human eye will filter out discontinuities in an image with high 
frequency content – this is the manner in which the simple 
version of chaos mosaic texture synthesis [12] achieves 
plausibility. The bear image is not ‘busy’ and so artefacts would 
be comparatively visible. There are real vertical features in the 
right hand area of water, so to an observer who had not seen the 
original, the image would still be plausible. Interestingly, the 
horizontal ‘replaced wires’ are far harder to see, despite both 
inpainting areas being of similar dimensions. However the bear 
fur texture, body edge, stones and water are reasonably well 
reconstructed. 

 
Figure 4 Lamppost filled in 

 

Figure 5 Original Image 



   

 

 

Figure 6 Dolphin masked out 

 

Figure 7 Image after processing 

 

. 

 
Figure 8 Original image of Mountie 

 
Figure 9 Masked image 

 
Figure 10 Best inpainting 

 

 
Figure 11 Original image of bear 



   

 

 
Figure 12 Masked image 

4.3 Analysis of results 
Our experiments with a range of images showed that there were 
noticeable differences in the visual quality of reconstruction 
depending on the values of patch and region size chosen for a 
particular image and on the number of resolution scales used for 
the earlier stages. A small patch size means that the filled pixel 
correctly reflects small-scale variation i.e. texture, but may not 
achieve the correct overall shade.  A large patch size may provide 
a better match to the local shade, but loses the opportunity to 
show texture, and ‘smoothes’ the image. As mentioned earlier, 
the optimum number of resolution scales tends to relate to the 
original image size, but some images did need more or fewer 
scales. 

 
Figure 13 Best inpainting 

These points can be illustrated by the example shown in 
Figure 14. This picture of lilies has its most plausible 
reconstruction following the removal of one stem (as shown in 
Figure 15) by using only 1 lower resolution scale (i.e. a factor of 
2 in x and y) – see Figure 16. When using 3 lower resolution 
scales (Figure 17) the program failed to continue the horizontal 
wire correctly across the infill area. In both cases the patch and 
region sizes were the same. 

It became apparent during the course of experiments that the 
experimenter could make a reasonable guess at the best 
parameters to use for the reconstruction from simply viewing the 
image. Further investigations are thus required to understand 
how this is occurring. For this inpainting method to work, parts of 
the area being reconstructed must be replicated (approximately) 
elsewhere in the image. The number of resolution scales used  
acts as a crude filter into frequency bands, whereas the patch size 
itself relates directly to the scale of the feature. The region size 

used for the local best match relates to the ‘wave packet’ scale, 
the distance within which the highest frequencies are part of 
some common feature. Initial Fourier analyses of our test images 
have not yet led to any clear relationships between the image 
scales and the parameters. 

5  FUTURE WORK AND CONCLUSIONS 
In order to derive the relationship mentioned above, further 

experiments need to be conducted. Because at present 
plausibility is so difficult to define mathematically, we will have 
to use human testing to achieve at least a statistical measure. For 
example, although [19] calculate an error measure for their 
magnification process, they found images with similar error 
values could have markedly different visual appeal. In a similar 
vein [7] found that some algorithms generated solutions which 
caused lines to be terminated, while human perception much 
prefers continuity. As a result of these difficulties, much of the 
work discussed earlier presents the images to the reader without 
evaluation or objective comparison (as do we). As the processes 
for inpainting improve, we have to start measuring the 
plausibility of the resultant images, in order to assess whether any 
new technique is a genuine improvement.  

Assuming that human tests can give us a relationship for our 
free parameters to the image feature scales, the process of digital 
inpainting can then be made more automated. Given an image 
with a masked region, the program could use an initial analysis to 
determine plausible values for the 3 parameters, perform the 
inpainting using these and some nearby values, and thus provide 
a small set of reconstructed images from which the user could 
make the final selection 

 

Figure 14 Original image and enlarged region 

 

Figure 15 Masked image and enlarged region 



   

 

 

Figure 16 Best infill, and enlarged region 

 

Figure 17 Infill using more lower resolution stages 

If human tests could further assist in identifying which 
technique was most suitable for a given class of image, one could 
extend the process. Apart from simple Fourier or wavelet 
analysis, some segmentation could be carried out eg as in [18] to 
categorise the areas of texture to be inpainted. The most 
appropriate techniques could then be selected and used. Such a 
tool could free the user from the drudgery of manual editing, 
while still giving them the freedom to decide on the best image to 
use. 
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Abstract : Software reuse has been claimed to be one of the most promising approaches to enhance programmer 
productivity and software quality. One of the problems to be addresses to achieve high software reuse is 
organizing databases of software experience, in which information on software products and processes is stored 
and organized to enhance reuse. This paper presents a new approach to define and construct such databases 
called the Reuse Description Formalism (RDF). The formalism is a generalization of the faceted index approach 
to classification. Unlike the faceted approach, objects in RDF can be described in terms of different sets of 
faceted and in terms of other object descriptions. This allows a software library to contain different classes of 
objects, to represent various types of relations among these classes, and to refine classification schemes by 
adding more detail supporting a growing application domain and reducing the impact of initial domain analysis. 
In particular, RDF provides a specification language based on concepts of set theory capable of representing a 
rich variety of software and non-software domains; it provides a retrieval mechanism based on exact matches 
and similarity metrics which can be customized to specific domains; and it provides a mechanism for defining 
and ensuring certain semantic relations between attribute values. 
 
Keywords. Software reuse library, classification system, taxonomy, similarity, retrieval process, specification 
language. 
 
 
 
1. INTRODUCTION 
 
Complex computer programs have placed a 
growing demand on the talents of software 
engineers as well as on existing technologies for 
software development. In order to keep up with the 
increasing complexity of today's software systems, 
productivity must be increased and cost reduced in 
all phases of the software construction process [2]. 
An important aspect of the projected solution to this 
growing demand for new software is the 
development of support technologies to help 
increase software reuse, that is, the reapplication of 
knowledge about one system to other similar 
systems [1,3]. Rather than starting from scratch in 
new development efforts, the emphasis must be 
placed on using already available software assets 
(e.g., processes, documents, components, tools). 
This approach avoids the duplication of work and 
lowers the overall development cost associated with 
the construction of new software applications. One 
important characteristic common to most 
approaches to software reuse is that they rely, either 
explicitly or implicitly, on some kind of software 
repository or library from where the "basic building 
blocks" are extracted. The fact that software 
libraries are such an important aspect of most reuse 
systems, has made software reuse library systems 
(i.e., systems for designing, building, using, and 
maintaining software libraries) a very important 
research topic in the area of software reuse [7]. 

 
Although these classification models provide the 
basis for a useful software reuse library system, 
they have significant limitations and, therefore, can 
only be regarded as a first step towards a more 
complete system. They all suffer from one or more 
of the following problems [4]: 
 
Restricted domain. Some reuse library systems 
have been designed with the purpose of improving 
reuse at code level. Their representation language 
usually does not have the expressive power to 
model more abstract or complex software domain 
(e.g. software project, defect, or processes). 
 
Poor retrieval mechanism. One essential 
characteristic of any software reuse library system 
is to allow the retrieval of candidate reuse 
components based on partial or incorrect 
specifications. This functionality requires the ability 
to perform similarity-based comparisons, but most 
systems only provide retrieval based on partial 
keyword matches or predefined hierarchical 
structures. 
 
Not flexible. Software reuse library systems must 
evolve as the level of expertise in an organization 
evolves. Because of this, a software reuse library 
system must be flexible enough to allow the 
incorporation of new classification schemes or new 



retrieval patterns, yet this is not the case in most 
systems. 
 
No consistency verification. Most software reuse 
library systems are based on representation models, 
which must satisfy certain basic predicates for the 
library to be in a consistent state. Yet, most of these 
systems do not provide a mechanism for ensuring 
this consistency. 
 
This paper proposes a classification system for 
software reuse called the Reuse Description 
Formalism (RDF) which addresses the limitations 
of current software reuse library systems. RDF is 
based on the principles of faceted classification, 
which have proven to be an effective mechanism 
for creating such systems [8,11]. RDF is capable of 
representing a rich variety of software (and no-
software) domains; provides a powerful and 
flexible similarity-based retrieval mechanism; and 
provides facilities for ensuring the consistency of 
the libraries. 
 
2. FOUNDATION OF RDF 
 
The Reuse Description Formalism uses a 
generalization of the faceted classification approach 
proposed by Diaz [10] to represent and classify 
software objects. The faceted index approach relies 
on a predefined set of facets defined by experts. 
Facets and associated sets of terms form a 
classification scheme for describing components. 
Component descriptions can be viewed as a records 
with a fixed number of fields (facets), where each 
field have a value selected among a finite set of 
values (terms). Faceted classification scheme has 
proven to be an effective technique to create 
libraries of reusable software components. Yet, it 
suffers from various shortcomings, which limit its 
usefulness and applicability. The RDF approach to 
classification overcomes these limitations by 
extending the representation model as follow [5]: 
Components are replaced by instances that belong 
to several different classes. Instances and classes 
are defined in terms of attributes and other classes, 
supporting multiple inheritance. 
Facets are replaced by typed attributes. Possible 
types are: integers, string, enumerations, classes, 
and sets of the above. Having instances as attribute 
values allows a library designer to create relations 
among different instances (e.g., that push is a 
component of stack). 
The concept of similarity is extended to account for 
the richer type system, including comparisons of 
instances of different classes and comparisons of 
set values. 
Semantic attribute relations can be defined and 
checked using the assertion construct. This facility 
simplifies the process of maintaining the 
consistency of the definitions in a software library. 

An integrated language describes attributes, terms, 
classes, instances, distances, and their 
dependencies. Descriptions are type checked. The 
language is based on a formal mathematical model, 
which makes it both coherent and analyzable.  
 
2.1. Representation model 
 
To understand the representation principles of RDF, 
it is useful to consider descriptions of objects of a 
particular class as point in a multidimensional 
space, were each dimension is represented by an 
attribute. Attributes have a name and a list of 
possible values defined by their associated type 
(i.e., set of values). If a is an attribute name, and v 
belongs to the a's type, the assignment "a = v" 
represent the set all objects whose attribute a is v. 
Assignment can be combined in expression to 
define other sets of objects. In particular, if A1 and 
A2 are two assignments, the expression «A1 & A2» 
represents the intersection of the sets A1 and A2. 
Similarly, "A1| A2" represents the union of these 
sets. In addition, the set of objects that have been 
defined in terms of a particular attribute a, 
independently of the value associated with a, is 
denoted by "has a". The set of objects defined by 
the "has" operator is a short form of the expression 
"a = v1 | a = v2| … |a = vn" where the value vi are 
the elements of the type of a. A set of objects is 
called a class in RDF. Classes can be given a name 
they are denoted as class (E) where E is an 
expression; i.e., unions and intersections of other 
sets of objects. If c is a class name, the set of 
objects it represents is denoted by "in c", and can be 
combined with other sets of objects in an 
expression. An object description is called an 
instance in RDF. Instances can be given a name and 
they are denoted as instance (E) or [E] where E is 
an expression. Semantically, an instance must have 
only one set of attributes, therefore we say that 
instance (E) is well defined if and only if: (1)E is 
not a contradiction (i.e. , class(E) ≠ ∅), (2) E 
defines a mapping from attributes to values, that is, 
E can be simplified into a consistent conjunct of 
assignments. 
 
Expressions can also be used to characterize 
particular sets of instances defined in a RDF 
library. We denote by set (E) the set {i| i ∈ D ∩ 
class (E)}, where D is the set of instances in the 
library. In other words, the set operator defines the 
set of instances in the library that belong to the 
class defined by E. 
 
2.2. Similarity Model 
 
The goal of any Reuse Library System is to 
facilitate  
the process of finding suitable objects for reuse. 
RDF supports two criteria for selection candidate 



objects: by exact match and by similarity. For exact 
matches the construct set (E) already described is 
used. Similarity-based queries are performed using 
the construct "query E", which denoted the list of 
instances in the library sorted by decreasing 
similarity to the target object define by E. That is, 
the first element of the "query E" is the best reuse 
candidate for [E], the following element the second 
best, and so on. 
 
As mentioned earlier, similarity is quantified by a 
non-negative magnitude called similarity distance, 
which is used as an estimator of the amount of 
effort required to transform one object into another. 
Because of this, distances between two object 
descriptions, A and B, are not symmetric, because 
the effort to transform A into B is not necessarily 
the same as the one required to transform B into A. 
For this reason, whenever a distance is computed, it 
is important to define which object is the source 
and which the target. 
 
Let Z be an object class defined by the set of 
attributes Z' = {A1,…, An}, and S and T be two 
instances in this class. Also, let S'⊆ Z' be the actual 
set of attributes used to define S, and similarly for 
T'. The distance from S to T is denoted by D (S,T) 
and is computed as follows:  
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Where I.A denotes the value of an attribute A on an 
instance I. The set S'∩T' represents the attributes 
shared by S and T, while S'-T' is the set of attributes 
found in S but not in T, and similarly for T'-S'. 
These three sets are disjoint. In addition, each 
constant KA is called the relevance factor of 
attribute A. Their values fall in the range 0 to 1., 
and must satisfy the relation ∑ ∈

=
'ZA A 1K . 

Functions TA, RA and CA are called comparators, 
and are explained later in this section.  
 
The expression for distance D(S,T) is based on the 
assumption that the overall transformation effort 
from S to T can be computed using a linear 
combination of the differences between their 
respective attributes. In other words, attributes are 
considered independent of each other when 
computing similarity. This is a strong assumption 
that limits the types of domains that can be handled 
by RDF's similarity model. 
 
Relevance factors. In general, the distance between 
two RDF objects is given by the sum of the 
distances between their corresponding attributes. 
This default scheme gives equal importance to all 
attributes. In our particular situation, this is not a 
reasonable assumption. For example, one would 

consider that the difference between component 
subsystems is more important than the difference 
between their number of lines of source code. 
Therefore, the first step required to design 
comparators is to assign a relevance factor to each 
attribute in the representation model, that is, to 
define the amount of influence they have in the 
computation of similarity distances. 
 
Comparators. Explained earlier, each attribute has 
three associated functions TA, RA and CA called 
comparators. TA is the transformation comparator 
and is used to qualify the amount of effort required 
to transform one value of attribute into another. RA 
is the removal comparator and is used to estimate 
the amount of effort required to eliminate a source 
attribute value not required in the target 
specification. Finally, CA is the construction 
comparator and estimates the amount of effort 
required to supply a target value not specified in the 
source specification. The set of all attribute 
comparators plus their associated relevance factors 
define a specific similarity model for reuse library. 
These functions and values must be specified using 
a process called domain analysis [9] which, among 
other thing, defines the criteria for similarity for 
objects in a particular domain. Nonetheless, RDF 
provides default comparators for each type of 
attribute. These default comparators can be used as 
a starting point from which to refine the similarity 
model of a library. This refinement is normally 
done by assigning attributes non-default 
comparators using "foreign" functions specified in 
some conventional programming language. 
RDF defines default comparators for each different 
kind of RDF type. Although default comparators 
are well suited for certain domains, sometimes it is 
necessary to define alternative comparators to be 
able to capture the semantics and relations of 
specific objects and attributes. For this purpose, 
RDF allows the library designer to define arbitrary 
comparators, which can be assigned to any attribute 
or type using the "distance" clause. 
 
2.3. RDF Specification language 
 
This section presents a formal definition of the 
syntax of the RDF language. Syntax is presented in 
a variation of the BNF using the following 
conventions: Keywords and symbols occurring 
literally are written in bold; non-terminals are 
written in italics; type-name, attribute-name, 
instance-name, term, and class-name all denote 
identifiers; symbol, … means one or more 
occurrences of symbol, separated by commas; and 
keywordopt means that the keyword may or may not 
occur, without affecting the semantics. 
 
Declarations: A RDF library consists of a sequence 
of declarations. Each declaration either defines a 



name (of a type, an attribute, an instance, or a class) 
or describes an assertion that must be true of all 
instances in the library. 
Library         ::= declaration 
Declaration  ::= type-declaration  attribute-declaration  
instance-declaration  class-declaration  assertion 
 
Attributes and types: Software components and 
other objects are described in terms of their 
attributes. We can think of attributes as fields of a 
record describing the object. The declaration of an 
attribute specifies the type of the values for the 
attribute. RDF supports the following types: 
number, string, term enumerations, object classes, 
and homogeneous sets of the above. 
Attribute-declaration    ::= attribute attribute-name : type; 
Type-declaration         ::= type type-name = type; 
Type                           ::= simple-type distance-clause 
set distance-clause of type 
Simple-type                ::= number string {term, 
…}classtype-name 
Distance-clause          ::= distanceoptno 
distancedistance {triplet,…}distance *{triplet,…} 
triplet                           ::= termopt  → termopt : number-
literal 
 
The keyword distance by itself is optional and 
assigns default distance functions. The case “no 
distance” indicates that the distance between values 
of the associated type is always zero. In the third 
and the fourth forms of the distance clause, the 
triplet t1 → t2: n means that the distance from t1 to 
term t2 is n. if t1 is omitted the unspecified value is 
assumed (i.e., n is creation distance of t2). If both t1 
and the arrow are omitted, the previous t1 is 
assumed. If the keyword distance is followed by the 
character “*”, then the distances between terms not 
mentioned in a triplet will be set to infinity. If “*” is 
not specified, distances between all terms will be 
adjusted by computing the shortest path between 
them. 
 
Expressions: Expression are formed from attribute 
assignments, the unary operators has and in, and the 
binary operators & (intersection) and  (union). 
Expression ::= attribute-name = value  has attribute-
name  in class-name  expression & expression  
expressionexpression  (expression) 
 
The expression “attribute-name = value” means that 
the value of attribute-name for the instance being 
defined is value. The expression “in class” means 
that the instance defined belongs to the class; it is 
similar to a macro-expansion of the expression that 
defines the class. The expression “ has attribute-
name” denotes the condition that the instance being 
defined has some value for attribute-name. 
 
Values: Values are used in assignment expressions. 
Values are either simple values or set values. A 

simple value is either a literal (number or string), a 
term, an instance, or the value of an attribute of an 
instance. Set values must denote homogenous sets; 
they are described either by extension or by 
intention, using the  
 
set construct. Only sets of instances can be 
described by intention. 
Value   ::= simple-value {simple-value, …}set 
(expression)set (instance-nameexpression) 
Simple-value ::= number  string  term instance  
self  
Instance.attribute-name self.attribute-name 
 
The construct set (E) represents the set of all 
instances in the library that satisfy the expression 
(i.e., that belong to class (E)). If the optional 
instance-name is used, the name is bound within E 
to each instance in the library. The dot notation 
“instance.attribute-name” is used to refer to the 
value of the attribute attribute-name of an instance. 
This notation is similar to that used in other 
languages to access record fields. The keyword self 
is a reference to the instance defined by the 
expression in which the value is used. Within an 
instance construct, self is bound the instance 
defined. Within an assertion, self is bound to every 
instance in the library in turn. Within nested 
instance construct, self is bound to the innermost 
instance. 
 
Classes: A class is defined by giving the 
corresponding expression; the class denotes the set 
of all objects for which the expression holds. 
Classes are used to abstract proprieties of instances 
and also as abbreviations for the corresponding 
expressions. Classes are also used as types of 
attributes whose values are instances. 
Class-declaration ::= class-name = class; 
Class ::= class (expression)class-name 
 
Instances: Instances are defined in terms of an 
expression. An instance defined by an expression E 
is a representative of the class of instances defined 
by “class (E)” 
Instance-declaration ::= instance-name = instance; 
Instance ::= instance (expression) [expression] 
An instance may not exist either because the class 
is empty (i.e., the expression is a contradiction) or 
because the class is not specific enough (i.e., it 
defines more than one valid set of attributes) a 
sketch of a possible simplification and verification 
algorithm is as follows. 
 
Expand all “in” propositions with the expressions 
of the corresponding classes. 
Transform the expression into disjunctive normal 
form, as follows: 
 



Restructure the expression using associativity laws 
so that no disjunction occurs within a conjunction. 
Represent each conjunct as a set of assignments and 
has propositions. 
 
Represent the expression as a set of these conjuncts. 
For each conjunction do the following: 
Delete redundant assignments. 
If there are still two assignment to the same 
attribute, or there are unsatisfied has propositions, 
delete the conjunction. 
 
Else, delete has propositions (not needed anymore). 
Delete conjunctions that imply another conjunction. 
If there no conjunctions left, fail (E is a 
contradiction) 
If there are more than one conjunction left, fail (E is 
not specific enough) 
 
Assertion: An assertion specifies a semantic 
constraint that must be true of all instances in the 
library. Expressions are used to represent 
dependencies between attributes, to constrain data 
types and classes, and to enforce correct typing. 
Assertion ::= assertion expression ⇒ expression; 
 
The meaning of “assertion E1 ⇒ E2” is similar to 
set (E1) ⊆ set (E2). This definition does not capture 
subtleties with respect to the binding of self. RDF 
signals false assertions 
 
Queries and distance computations: Queries are 
used to examine a RDF library; they are not part of 
the library itself. A query command computes a list 
of instances in the library sorted by decreasing 
similarity (increasing distance) to the implicit target 
instance define by an expression. The syntax of 
queries is: 
Query ::= query expression query expression : 
identifier 
If specified, identifier must be the name of an 
attribute or a type, and distances are computed 
using the distance functions associated with the 
type or the attribute. If identifier is not specified, 
distances are computed using the default distance 
functions provided by RDF. The distance command 
is used to compute similarity distances between a 
pair of values. This command is useful for verifying 
the definition of distance functions and the results 
they produce. 
Distance ::= distance source-valueopt → target-valueopt 

distance source-valueopt → target-valueopt : identifier 
The source -value and target-value must be values 
of the same type (e.g., instance names). In case of 
terms, they must belong to the same enumeration. If 
both names are specified, the command computes 
their transformation distance. If only the source 
value is given, its destruction distance is computed. 
Finally, if only the target is specified, its 
construction distance is computed. The identifier 

has the same use as in the case of the query 
command. 
 
3. CONTRIBUTION OF THIS WORK.  
 
As explain earlier, current software reuse systems 
based on the faceted index approach to 
classification suffer from one or more of the 
following problems: they are applicable to a 
restricted set of domains; they posses poor retrieval 
mechanisms; their classification schemes are not 
extensible; and/or they lack mechanisms for 
ensuring the consistency of library definitions. The 
primary contribution of this dissertation is the 
design and implementation of the Reuse 
Description Formalism [6], which overcomes these 
problems. 
 
RDF is applicable to a wide range of software and 
non-software domains. The RDF specification 
language is capable of representing not only 
software components at the code level, but it is also 
capable of representing more abstract or complex 
software entities such as projects, defects, or 
processes. What is more, these software entities can 
all be made part of one software library and can be 
arranged in semantic nets using various types of 
relations such as "is-a", "component-of", and 
"members-of".  
 
RDF provides an extensible representation scheme. 
A software reuse library system must be flexible 
enough to allow representation schemes to evolve 
as the needs and level of expertise in an 
organization increases. The RDF specification 
language provides several alternatives to extend or 
adjust a taxonomy so as to allow the incorporation 
of new objects into the library without having to 
classify all other objects.  
 
RDF has a powerful similarity-based retrieval 
mechanism. One essential characteristic of any 
software library system is to allow the retrieval of 
candidate reuse components based on partial or 
incorrect specification. RDF provides a retrieval 
mechanism that selects candidate components 
based on the degree of similarity of their associated 
library descriptions. This mechanism is based on an 
alternative refinement process in which components 
at different levels of granularity can be retrieved. It 
also includes facilities that allow a library designer 
to customize the retrieval process by including 
domain specific function. 
In short, RDF addresses the main limitations of 
current faceted classification systems by extending 
their representation model. 
 
SUMMARY AND FUTURE WORKS 
 



The RDF is a general system for creating, using, 
and maintaining libraries of object descriptions with 
the purpose of improving reusability in software 
and non-software organizations. RDF overcomes 
the limitations of the actual systems by extending 
their representation model and incorporating a 
retrieval mechanism based on asymmetric 
similarity distances. In summary, we have 
presented a software reuse library system called 
RDF and show how its representation model 
overcome the limitations of current reuse library 
systems based on faceted representations of objects. 
Although the RDF reuse system has to be an 
effective reuse tool, its performance and usefulness 
can be enhanced. Several areas that need more 
research were identified: 
 
Domain analysis. In general, to create a library for 
software reuse it is necessary to perform a domain 
analysis, the process of identifying, collecting, 
organizing, analyzing, and representing a domain 
model and software architecture from the study of 
existing systems, underlying theory, emerging 
technology, and development histories within the 
domain of interest. Domain analysis is currently 
done by human expert, but several proposals for 
formalizing and automating this process have been 
presented in the literature. 
 
Semi-automatic classification. A method is needed 
to classify components in terms of a given 
representation model. In a general, this involves 
analysis of the different parts of a component (e.g., 
source code, documentation, etc.), and the use of 
heuristics to extract attributes based on this 
analysis. 
 
Similarity distances. A method is needed to test 
whether the reuse candidates proposed by the 
system are truly best ones available in the software 
library. For example, if we classify a new 
component A know to be similar to a previously 
classified component B, we would expect the 
library system to propose B as a reuse candidate for 
A. failure to do this could arise due to errors in 
classification of components A or B, or because of 
errors in the definition of relevance factors and/or 
distance comparators. 
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Abstract: Stochastic activity networks (SANs) are a powerful and flexible extension of Petri nets. These models 
can be used for the modeling and analysis of various kinds and different aspects of distributed real-time systems. 
Similar to other classical extensions of Petri nets, SANs have some limitations for modeling complex and large-
scale systems. In order to remove these limitations and provide some high-level modeling facilities, we have 
defined a new extension for SANs, which is called hierarchical stochastic activity networks (HSANs). HSAN 
models provide facilities for composing a hierarchy of submodels, incremental modeling and the reusability of 
submodels. HSAN models encapsulate hierarchies and a key benefit of these models is the possibility of 
automatic employment of composition techniques by their modeling tool. In this paper, we present the graphical 
notations, formal definition, and methods for the analysis of HSAN models. We also present an example of the 
application of these models in the design of a high-capacity packet-based telecommunication switch. 
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1. INTRODUCTION 

Stochastic activity networks (SANs) [Movaghar and 
Meyer, 1984] are a stochastic generalization of 
Petri nets (PNs). These models are more powerful 
and flexible than most other stochastic extensions 
of Petri nets such as stochastic Petri nets (SPNs) 
[Molloy, 1982] and generalized stochastic Petri 
nets (GSPNs) [Marsan, Balbo and Conte 1986]. 
SANs permit the representation of concurrency, 
timeliness, fault-tolerance and degradable 
performance in a single model [Movaghar, 1985].  

Similar to other classical extensions of Petri nets, 
SANs have some limitations for modeling complex 
and large-scale systems, such as the lack of 
compositionality, incremental modeling and the 
reusability of submodels. In order to remove these 
limitations, we have defined a new extension for 
SANs called hierarchical stochastic activity 
networks (HSANs). HSAN models encapsulate 
hierarchies and a key benefit of these models is the 
possibility of automatic employment of 
composition techniques, such as Replicate/Join 
[Sanders and Meyer, 1991] or Graph Composition 
[Stillman, 1999] formalisms, by their modeling 
tools. 

In this paper, we present properties, graphical 
notation, formal definition, and applications of 
HSANs. The paper is organized as follows. In Sec. 
2, some limitations of SANs and related works on 
hierarchical PNs are presented. In Sec. 3, the 
informal and formal definitions and graphical 
notations of HSANs are presented. Methods for the 
transformation and analysis of HSANs will be 
introduced in Sec. 4. And, in Sec. 5, an example of 
the application of these models is presented. 

2. MOTIVATION 

2.1 Limitations of SANs 

SAN models have been employed in a lot of 
applications and are supported with a few powerful 
modeling tools such as UltraSAN [Sanders et al, 
1995] and Mobius [Deavours et al, 2002]. But, both 
the ordinary definition [Movaghar and Meyer, 
1984] and the new definition of SANs [Movaghar, 
2001] have the following limitations: 

1. SANs are rather flat: People manage 
complexity by having hierarchies. 
Programming languages, especially object-
oriented languages, have simple, intuitive ways 
of encapsulating hierarchies [Deavours, 2003]. 
The Replicate/Join formalism has been 
proposed to alleviate this problem. 
Unfortunately, There is a set of issues with this 
construct [Deavours, 2003]. It is limited to a 
tree-like structure, and an arbitrary symmetric 
model structure, such as ring or mesh, cannot 
be expressed with this construct. However, the 
use of the Replicate/Join or the Graph 
Composition formalisms is specific to 
modeling tools and not SANs in general. 

2. The lack of facilities for compositionality: 
There is no facility in the definition of SANs 
for constructing models for complex systems 
with small and simple submodels.  

3. The lack of facilities for reusability: Since 
SAN models are flat, using a part of an existing 
model as a component for constructing a new 
one is difficult. 

4. The lack of facilities for incremental modeling: 
There is a lack of facilities for constructing 



complex models incrementally, by starting 
with abstract components and easily replacing 
them with detailed and enhanced components. 

2.2 Related Works 

There are a few numbers of extensions for PNs, 
which provide facilities for composing hierarchical 
models. Some of them are as follows: 

• Hierarchical Petri nets (HPNs): The absence 
of compositionality has been one of the main 
critiques raised against Petri net models 
[Jensen, 1990]. Because, PN models are a flat 
network of places and transitions. To remove 
this drawback, hierarchical Petri nets (HPNs) 
were introduced. Hierarchical Petri nets are a 
structural method of describing concurrent 
processes. They enable to design more 
complex systems through abstracting some 
parts of the net. 

• Hierarchical coloured Petri nets (HCPNs): 
Hierarchical extensions have also been 
introduced for coloured Petri nets (CPNs) 
[Jensen, 1990]. Hierarchical coloured Petri 
nets (HCPNs) provide facilities for 
constructing a hierarchy of CPNs [Huber, 
Jensen and Shapiro, 1990]. In HCPNs, CPN 
models can be structured into pages (subnets) 
using substitution transitions. HCPNs also 
offer the concept of place fusion. Fusion places 
make it possible to specify that a set of places 
represent a single conceptual place, which has 
been drawn as several copies. When tokens are 
removed or added to a fusion place all places 
in the fusion set will have their marking 
correspondingly changed [Lakos, 1995].  

• Modular coloured Petri nets (MCPNs): Allows 
invariant analysis in the context of modular 
nets incorporating both place and transition 
fusion [Christensen and Petrucci, 1992]. 
MCPNs therefore extend hierarchical coloured 
Petri nets (HCPNs) by supporting the notion of 
substitution places as well as substitution 
transitions. These constructs are also referred 
to as super places and super transitions, 
respectively.  

• Replicate/Join construct [Sanders and Meyer, 
1991]: This construct has been introduced to 
provide model composition in the UltraSAN 
modeling tool. Replicate and Join operations 
are used to compose models by sharing states. 
Subnet of SAN model is the unit of 
composition. These subnets can be composed 
in a hierarchical manner to construct a SAN 
model. This approach has been extended and 
generalized in the work of [Stillman, 1999] on 
the Graph Composition formalism in the 
Mobius modeling framework [Deavours, 
2001].  

3. Definitions of HSANs 

To remove some limitations of SANs for modeling 
and analysis of complex and large-scale systems, 
we introduced hierarchical stochastic activity 
networks (HSANs). These models provide 
constructs to build a hierarchy of submodels rather 
than viewing SANs as a flat collection of 
primitives. The structure of the composition in 
HSANs is a hierarchy of submodels. Each level of 
the hierarchy represents a different level of 
abstraction. This will facilitate the comprehension 
of the whole model of a large system. 

3.1 The Elements of HSAN Models 

An HSAN model is composed of five primitives of 
the ordinary SANs, (including, place, input gate, 
output gate, instantaneous activity, timed activity) 
and macro activity (MA). MA is an HSAN 
submodel, which is composed of a finite number of 
SAN primitives and lower-level macro activities.  

Place fusion provides a mechanism for interfacing 
macro activities to other parts of an HSAN model. 
A MA may have zero or more input and output 
fusion places. Fusion places are a subset of normal 
places. A MA has a well-defined interface, which is 
similar to high-level programming languages. The 
places surrounding a MA are formal fusion places. 
When a MA is used in an HSAN model, these 
formal places will be bound by actual places, 
which are normal places of SANs. This relation is 
similar to formal parameters of a procedure, which 
will be bound by actual parameters of the caller 
program in high-level programming languages. A 
formal fusion place has always the same marking as 
the related actual place. The two places are 
different views of the same place.  

3.2 Graphical Notation 

In graphical representation of HSANs, a fusion 
place is depicted as      . A graphical representation 
of a MA has been depicted in Fig. 1. In this figure, 
a MA is drawn as a rectangle, which is surrounded 
by input and output fusion places. An example of 
an HSAN model is presented in Fig. 2 and the 
definition of TMA1 in Fig. 3.  

 

 

 

 

Fig. 1. Definition of macro activity 

Fig. 2. An example of the usage of a MA named TMA1 
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Fig. 3. Definition of a macro activity named TMA1 

3.3 Some Rules and Properties 

There are the following rules and properties on 
HSAN models: 

1. In order to interface with other models or 
submodels, a MA should have at least one 
input fusion place or one output fusion place. 
The maximum number of input or output 
fusion places is not limited. 

2. Inside a MA, all input fusion places are read-
only and all output fusion places are write-only. 

3. All predicates and functions of a MA are 
dependent to the marking of the local or fusion 
places. 

4. A MA can be used in the hierarchy of an 
HSAN model more than once and with 
different names. 

5. In each level of the hierarchy of an HSAN 
model, naming is local. For example, in Fig. 2, 
there are three timed activities TA1, TA2 and 
TA3. In Fig. 3, which is the definition of 
TMA1, there are other timed activities named 
TA1 and TA2. However, in the same level (root 
HSAN or in each MA), names should be 
unique. 

6. MAs can be defined separately. Previously 
defined MAs may be used to compose a new 
HSAN model. 

3.4 Formal Definition of HSANs 

Formal definition of HSANs is the basis for 
analytic solution, simulation, and for the formal 
verification over state spaces. Based on these 
definitions and well-defined syntax and semantics, 
HSAN tools will facilitate the process of 
constructing HSAN models. Modeling tools for 
HSAN will automatically check for the correct use 
of these syntax and semantics. 

Now, we formally define hierarchical stochastic 
activity networks (HSANs), based on a new 
definition of SANs [Movaghar, 2001]. In the 
following definitions, N denotes the set of natural 
numbers and R+ represents the set of non-negative 
real numbers.  

Definition 1. Hierarchical stochastic activity 
network (HSAN) is defined as a 12-tuple HSAN = 
(P, IA, TA, MA, IG, OG, IR, OR, C, F,Π, ρ) where: 

• P is a finite set of places, 

• IA is a finite set of instantaneous activities, 

• TA is a finite set of timed activities, 

• MA is a finite set of macro activities, which 
will be defined later, 

• IG is a finite set of input gates. Each input gate 
has a finite number of inputs. To each G ∈ IG, 
with m inputs, is associated a function fG : Nm 

→ Nm, called the function of G, and a 
predicate gG : N

m → {true, false}, called the 

enabling predicate of G,  

• OG is a finite set of output gates. Each output 
gate has a finite number of outputs. To each G 
∈ OG, with m outputs, is associated a function 
fG : Nm → Nm, called the function of G, 

• IR ⊆ P × {1, . . ., |P|} × IG × (IA ∪ TA ∪ MA) 
is the input relation. IR satisfies the following 
conditions: 
- for any (P1, i, G, a) ∈ IR such that G has 

m inputs, i ≤ m, 
- for any G ∈ IG with m inputs and i ∈ N, i 

≤ m, there exist a ∈ (IA ∪ TA ∪ MA) and 
P1 ∈ P such that (P1, i, G, a) ∈ IR,  

- for any (P1, i, G1, a), (P1, j, G2, a) ∈ IR, i 
= j and G1 = G2, 

• OR ⊆ (IA ∪ TA ∪ MA) × OG × {1, . . ., |P|} × 
P is the output relation. OR satisfies the 
following conditions: 
- for any (a, i, G, P1) ∈ OR such that G has 

m outputs, i ≤ m, 
- for any G ∈ OG with m outputs and i ∈ N, 

i ≤ m, there exist a ∈ (IA ∪ TA ∪ MA) and 
P1 ∈ P such that (a, G, i, P1) ∈ OR,  

- for any (a, G1, i, P1), (a, G2, j, P1) ∈ OR, 
i = j and G1 = G2, 

• C : Nn × IA → [0, 1] is the case probability 
function, where n = |P|. 

• F = {F(.|µ, a); µ ∈ Nn, a ∈ TA} is the set of 
activity time distribution functions, where n = 
|P| and, for any µ ∈ Nn, and a ∈ TA, F(.|µ, a) is 
a probability distribution function, 

• Π : Nn × TA → {true, false} is the reactivation 
predicate, where n is defined as before, 

• ρ : Nn × TA → R+ is the enabling rate 
function, where n is defined as before. 

IFP1 
P2 

P1 

TA1

IG1 TA2 OFP1

OFP2 IA2 

IA1 

TMA1 



Definition 2. Macro activity (MA) is defined as a 
14-tuple MA = (P, IA, TA, MA, IG, OG, IR, OR, C, 
F, Π, ρ, IFP, OFP) where: 

• P, IA, TA, MA, IG, OG, IR, OR, C, F, Π, and ρ 
are defined as before, 

• IFP ⊆ P is a set of input fusion places,  

• OFP ⊆ P is a set of output fusion places, 

• |IFP ∪ OFP| > 0. 

4. ANALYSIS OF HSAN MODELS 

An HSAN model is solvable by analytic or 
simulative methods, iff the dependency graph of the 
HSAN model is acyclic. In this graph, nodes are 
macro activities and the composition relation 
between MAs and their parents determines arcs. 
The root of this graph is the HSAN model. 

If the dependency graph is acyclic, it is possible to 
employ an algorithm to transform an HSAN model 
to an equivalent flat SAN model. Also, it is possible 
to automatically employ methods for the analysis of 
composed models. Some of these techniques are 
described in this section. 

4.1  Transformation to a Flat HSAN Model 

Each HSAN model has a behaviorally equivalent 
SAN model. For the analysis of an HSAN model, it 
is possible to transform it to a behaviorally 
equivalent SAN model. A step-by-step substitution 
algorithm does transformation. In each step, MAs 
on leaves of the graph will be substitute by their 
implementations. This will be repeated until the 
only node on the graph is the root node.  

As we mentioned before, naming in HSAN models 
is local. To resolve the problem of duplicate names 
in substitution, the name of each element of a MA 
will be preceded by the name of its parent MA. For 
example, in transformation of HSAN model of Fig. 
2, which is shown in Fig. 4, IA1, IA2, P1, P2, IG1, 
IG1, TA1, TA2 are preceded by MA1 and a dot. 
Also, all marking dependent predicates and 
functions of MAs should be substituted.  

The resulting model is a flat SAN model, without 
any MA. If the resulting model is Markovian, the 
reachability graph for this model can be generated 
and methods for solution of Markov chains can be 
used to solve it. If the model is not Markovian, the 
simulation method may be employed. 

Fig. 4. An equivalent SAN model for the model of Fig. 2. 

 

 

 

 

 

4.2  Using Replicate/Join Construct 

The main disadvantage of the ad-hoc 
transformation of HSAN models to flat SANs is the 
explosion of state-space. There are a few 
techniques for constructing SAN models in a way, 
which avoid state-space explosion problem. One of 
these techniques is the Replicate/Join construct 
[Sanders and Meyer, 1991], which we briefly 
described in Sec. 2.2.  

A key benefit of HSAN models is the possibility of 
automatic employment of composition formalisms 
by modeling tools.  Therefore, a possible way of the 
analysis of HSAN models is their automatic 
transformation to a Replicate/Join construct.  

For this purpose, the modeling tool can check for a 
tree-like structure in the dependency graph of an 
HSAN model. After that, it can automatically find 
shared states based on the fusion places and 
organize the model using Replicate and Join 
operations.  For the solution of the resulting model, 
the technique proposed in  [Sanders and Meyer, 
1991] can be employed. 

The model of a telecom switch, which is presented 
in the next section, is an example of such kind of 
HSAN models. 

4.3  Using Graph Composition Formalism 

Another composition formalism, which has been 
proposed in the Mobius modeling framework for 
SANs and other models, is the Graph Composition 
formalism [Stillman, 1999]. This formalism does 
not limit the model hierarchy to a tree-like structure 
and any arbitrary is possible. 

A modeling tool for HSANs can also check for the 
possibility of the use of this formalism. Then, it can 
automatically transform the HSAN model to this 
construct and then use its method of solution, which 
is proposed in [Stillman, 1999].  

4.4  Simulation of HSAN Models 

If an HSAN model or one of its macro activities 
includes non-exponential timed activities or its 
state-space is infinite, it may not be solved 
analytically. In such cases, discrete-event 
simulation may be employed to solve the model. 

For the efficient simulation of HSAN models, 
methods proposed for SANs, such as procedures 
presented in [Sanders and Freire, 1993], can be 
used. These methods are used with Replicate/Join 
formalism. Therefore, after the transformation of 
HSAN model to this construct, these methods of 
simulation may be employed. 

If an HSAN model is transformed to the Graph 
Composition formalism, the methods of simulation 
proposed in the Mobius modeling framework can 
be used.TA3 
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5. AN HSAN MODEL FOR A PACKET-
BASED TELECOM SWITCH 

In this section, we present an HSAN model for a 
high-capacity telecommunication switch (HCTS). 
In contrast to traditional class 5 TDM switches, 
HCTS is a packet-based switch based on gigabit 
Ethernet technology. In this switch, analog voice 
signals will be converted to voice packets in line-
cards and will be switched by Ethernet switches to 
output ports. We have constructed a model for this 
switch in three levels: card level, unit level, and 
rack level. The purpose of this modeling is to show 
the application of HSANs in this area. 

HCTS has a modular structure, including one 
control rack (CR) and a few numbers of 
subscriber/trunk racks (STRs). CR includes a 
control unit (CU) and a few numbers of subscriber 
units (SUs) or trunk units (TUs). In CU, there is a 
two modules redundancy (TMR) of control and 
switching module card (CSMC), which executes 
call-processor program of the switch. An HCTS 
can operate if at least one of these two modules is 
working properly. STRs include a few number of 
SU or TU. In this example, we concentrate on 
modeling SUs, which include line-cards. The goal 
of this modeling is to evaluate some design 
parameters, which are related to the quality of 
service (QoS) of the switch to the analog/digital 
subscribers. Three important parameters in our 
study are the blocking probability, the maximum 
delay of voice packets in switching system (from 
line-cards to output ports), and the optimal size of 
input buffers of switches in different parts of the 
system.  

Each STR includes 6 SUs. The connection of these 
units to the whole system is through a gigabit 
Ethernet switch multiplexer. Each SU includes 19 
line-cards (LCs). Star topology is used to connect 
LCs to an Ethernet switch multiplexer with 100 
Mbps input ports and 1 Gbps output port. Each LC 
includes 30 subscriber ports. LC packetizes 4 ms 
analog voice signals to 84 bytes packet. Output 
multiplexer of LC is a 100 Mbps switch.  

A simplified HSAN model for an HCTS is 
presented in Fig. 5. This model is composed of n 
rack macro activities (rma), input buffer places 
(ibs), and Ethernet switching-hub macro activity 
(eshma). In Fig. 6, rma is depicted, which is 
composed of 6 unit macro activities (uma), ibs, 
esma and the output buffer fusion place (ob). In 
Fig. 7, uma is depicted, which is composed of 19 
line-card macro activities (lcma), ibs, Ethernet 
switch macro activity (esma) and ob. In Fig. 8, 
lcma is depicted. An lcma is composed of 30 
subscriber port macro activities (spma), ibs, esma 
and ob. In Fig. 9, spma is depicted. For this 
purpose, off-hook timed activity models the process 
of hooking off a phone set. release timed activity 

models the holding time. busy is a place, which 
presents the busy state of line. isbusy is an input 
gate for packetize timed activity. isbusy checks 
whether the line is busy or not. packetize models 
the conversion of 4 ms analog voice signals to 84 
bytes packets by digital signal processor (DSP) of 
LC. ob is an output fusion place of spma. Finally, in 
Fig. 10, esma is a simple model for an Ethernet 
switch multiplexer with n input ports and a single 
output port. The model for an Ethernet switching-
hub (eshma) is similar to esma.  

Fig. 5. HSAN model of an HCTS (top level) 

 
 

 

 

 

 

Fig. 6.  Rack macro activity (rma) 

 

 

 

 

 

 

Fig. 7. Unit macro activity (uma) 

 

 

 

 

 

 

Fig. 8.  Line-card macro activity (lcma) 

 

 

 

 

 

 

Fig. 9.  Subscriber port macro activity (spma) 
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Fig. 10. Ethernet switch macro activity (esma) 

6. TOOL SUPPORT 

For modeling and analysis with HSANs, we have 
developed a modeling tool called SANBuilder.  This 
tool is an enhanced and completely redesigned 
version of our existing tool for SANs called 
SharifSAN [Abdollahi and Movaghar, 2001]. 
SANBuilder enables modelers to construct HSAN 
models in a graphical editor, define and store 
separate macro activities and retrieve them to reuse 
in a new HSAN model. It also provides features for 
interactive simulation (i.e. token-game animation), 
automatic simulation, and analytic solution of 
HSAN models. 

7. CONCLUDING REMARKS 

In this paper, we introduced hierarchical stochastic 
activity networks (HSANs). HSAN models provide 
facilities for composing a hierarchy of submodels, 
incremental modeling and the reusability of 
submodels. HSANs have the same power as 
ordinary SANs, but HSAN models are more 
flexible and high-level. HSANs have formal 
definition and well-defined syntax and semantics. 
HSAN models encapsulate hierarchies and a key 
benefit of these models is the possibility of 
automatic employment of composition techniques, 
such as Replicate/Join or Graph Composition 
formalisms. 

Similar to ordinary SANs, HSANs can be used for 
the modeling and analysis of various kinds and 
different aspects of computer and communication 
systems. HSANs can be used to build both 
Markovian and non-Markovian models, and have 
nondeterministic, probabilistic, and stochastic 
settings. For functional analysis (i.e., verification), 
the nondeterministic setting of HSAN models and a 
method for specifying the properties of system (e.g. 
temporal logic) may be employed. For the analysis 
of operational aspects (i.e., performance, 
dependability or performability evaluation), the 
stochastic setting of these models and methods for 
their steady state or transient analytic solution or 
simulation can be used.  

We have developed SANBuilder tool for the 
modeling and analysis of HSAN models. To make 
this tool more useful for the application on large-
scale systems, we are working on methods for 
efficient solution and simulation of HSAN models. 
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Abstract: In this paper, we consider retrial queueing systems with batch arrivals in which the server is subject to 
controllable interruptions (called vacations)   and random interruptions (breakdowns). No specific assumption is 
taken regarding probability distributions of parametric random variables. The purpose of this work is to show 
effect of above mentioned parameters (in particular retrial and breakdown parameters) upon main performance 
measures of interest. Next, we study some optimal control problems of vacation and retrial policies.  
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1.INTRODUCTION:  
 
Queueing (or service) systems arise in modelling of 
many practical applications related to Computer 
Sciences: Communication, Production, Human-
Computer Interactions, and so on. In this paper we 
consider queueing systems which take into 
consideration additional phenomena: 
 

(i) Batch arrivals of customers: in many 
computer systems, the message is 
transmitted by packets (frames). 

 
(ii) Repeated attempts of unsatisfied 

customers: see the bibliographical 
paper of Artalejo 1997 

 
(iii) Idle time use of servicing device 

through introducing  periods (for 
example maintenance actions in order 
to prevent the risk of failure): see the 
survey of Doshi (1986) 

 
(iv) Random interruptions due server 

breakdowns or other priority tasks.  
 
Similar models have been used in concrete 
applications as the modelling of Digital Cellular 
Mobile Networks [Sun Jong Kwon, 2001], Local 
Area Networks with star topology 
[Janssens,1997]and so on. However all the models 
used there, neglected breakdown process. 
 
 In this work we also study the optimal control of  
vacation and retrial policies. Some attempts have 
been made in this direction by  Artalejo (1997) in 
the case of Poisson arrival process and by Aissani 
(2000) in the case of batch arrivals. However, in 
both  
 

 
 
 
papers they considered the case of constant retrial 
policy with an absolutely reliable server.  
 
Next section is meant for description of the model. 
Section 3 concerns the analysis part of the problem 
where we obtain probability distribution of the 
system state. These results are obtained by the 
method of supplementary variables which is well 
known in Queueing Theory. So, we will provide 
only the necessary elements. This study confirms 
some decomposition properties showing the effect 
of vacations and retrials. Finally, we consider the 
problem of the optimal control of vacation policy 
(section 4) and retrial policy (section 5). We 
conclude the study by some numerical examples.  
 
2. MODEL DESCRIPTION: 
 
We consider a single server queue where batches of 
customers arrive according to a compound Poisson 
process. If  an incoming batch finds the server idle, 
one of the  batch members immediately begins 
service and the rest of customers in that batch  join 
the retrial group (a sort of queue with infinite 
capacity also called: the orbit) and seek for service 
individually after a random amount of time. The 
server is subject to random breakdowns with rate θ. 
Whenever the server fails, it is immediately 
repaired. If an incoming batch finds the server 
unavailable (i.e. busy by   the service of a certain 
customer, out of order  or in vacation), then all  
customers in the batch join the orbit. Any customer 
accepted for service upon arrival or on retrial leaves 
the system forever after service completion. We 
consider the following policy to access the server 
from orbit. If the orbit is not idle at some instant, 
then a random customer is chosen to occupy the 
server after a random amount of time Λ.  We 
assume that the server takes a random vacation 



each time the system is empty. If the server returns 
from vacation to find one or more customers 
waiting in orbit, he works until the system empties, 
then begins another vacation. If the server returns 
from a vacation to find no customers in orbit, he 
begins another vacation immediately. We assume 
that all the considered variables are mutually 
independent. 

 
Acronyms 

 
PDF    Probability Distribution Function 
PGF   Probability Generating Function 
LST    Laplace-Stieltjes Transform 
NBUE New Better than Used in Expectation 
 

Notation 
 

λ=the batch arrival rate 
X=size of an arrival batch  
G(z)=PGF of  X 
gk=E(Xk)=kth order moment of X 
S=service time random variable 
Λ=Retrial time 
V=vacation time random variable 
θ= rate of breakdowns 
W=repair time of  a breakdown 
H(x), R(x), V(x), W(x) The PDF  of the random 
variables S,Λ,V, W. 
h(s), r(s), v(s), w(s)= The LST  of the PDF  H(x), 
R(x), V(x), W(x) 
hk, rk, vk , wk=the kth order moments of the PDF 
H(x), R(x), V(x), W(x) 
M(t)=system size at time t 
E(t)= 0 if server is operative at t 
      =1 if the server is down 
S(t)= 0 if the server is free at t 
       =1 if it is busy 
       =2 if it is on vacation 
 
ξ(t)=the remaining retrial time if         
         E(t)=S(t)=0 
       =the remaining   service time if 
         E(t)=0, S(t)=1 
       =the remaining repair time if  
          E(t)=0, S(t)=2 
 
Q(z)= )(lim )(tM

t
zE

∞→
 

IR+=the set of non negative real numbers 
 
3. ANALYSIS OF THE MODEL: 
 
First,  we develop some analytical properties of the 
system under study. 
 
3.1.Fundamental Process. 
 

The   process { })(),(),(),()( ttMtCtEt ξζ =  is 
a Markov process defined on the state space 
E={0,1}×{0,1,2}×I{0,1,2…}×IR+\{y: y=(0,0,x), 
x≥0} which can be studied by using a method 
similar to that of  [Aissani,2000]. Thus we restrict 
analysis to the description of obtained results. First 
we have that a condition for the system to be stable 
is 
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 and [Aissani & Artalejo,1998]: 
 
                            m1=(1-h(θ))(w1+θ-1); 

 
It is not surprising that this condition depends on 
reliability parameters. However, we note that it is 
independent of the vacation parameter and contrary 
to the case of linear retrial rate (see [Aissani and 
Artalejo,1998]) it depends on retrial time 
distribution. We assume from now that ρ<1, so the 
stationary probabilities: 
 
  Pij(m,x)=  

∞→t
lim P{E(t)=i,C(t)=j,M(t)=m;ξ(t)<x}  

exists. Now, define by Qij(z,x) the PGF in m, and 
the Laplace transform  ),( szf ji in x .  By usual 

way, we obtain: 
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 where  

α= ( ) 1
)1( vδλ

δρ
+

−  ,  .ε(z)=λ-λG(z). 

 
3.2. System Size Distribution: 
 
The PDF of the number of customers in the system 
at an arbitrary point can be derived from previous 
section as in [Aissani, 2000]: 
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3.3. Decomposition Result: 
 
Using the above formula, we can obtain an 
interesting decomposition result. More precisely,  
the number of customers in our model can be 
expressed as a sum of three independent random 
variables representing the number of customers in: 
(i) an unreliable system with FIFO queue without 
vacation; (ii) our model given that the server is on 
vacation; (iii) an unreliable retrial queue without 
vacation given that the server is idle. Such a result 
is useful when computing higher order moments.  

 
3.4. Reliability and Service Metrics:  
 
Since the breakdown and repair processes are 
independent of the servicing processes, then the 
hardware reliability and availability metrics are 
defined in the usual way. Next, we can define: 
 
Servicing availability: It is the probability that the 
server is available (in the hardware sense) and free 

of customers: =.00p
θδλ

λ
++

=∞ 1
00 ),1( gQ . 

  
 Probability that the server is available and busy by 
the service of a customer 

01p =
θδλ

δλλ
++

+
=∞ 1110 ),1( hgQ  

Probability that the server is on 
vacation: .02p = )()1(),1(20 θλρ +−=∞ rQ  
Average number of customers in the system:  This 
characteristic can be obtained directly using 
formula of §3.2.: 

                 E{ }M =
1

21

v
vgλ

+Ψ, 

where Ψ=
δθλ
αδλ

ρδ
γβδ
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+

+
−
+ 11

)1(2
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α=λg1+λ2g1h1+θλg1w1 

β=λg2h1+(λg1)2h2 

γ=λg2+2(λg1)2h1+λα+θλg1w1+θ(λg1)2w2 
 
Mean waiting time: From  Little’s formula we 
have: 
                  
                      E(W)=λg1E(M). 
 
 
4. CONTROL OF VACATION POLICY: 
 

This section illustrates usefulness of the results of 
previous sections by giving applications to optimal 
control of the vacation policy. 
 
4.1. Cost Function: Let us consider the following 
costs. 
 
CS=setup cost per cycle (each time the server is 
reopened). 
Ch=holding cost per unit time (incurred for each 
customer present in the system. 
Cd=breakdown cost per unit time for a failed server. 
C0=cost per unit time for keeping the server on and 
in operation. 
 
As usual, the expected exploitation time costs per 
unit can be expressed as  

)(
)(

MEC
LE

CC h
S += +C0

)(
)(

)(
)(

LE
BEC

LE
AE

d+  

where A and B are the sojourn times in the 
corresponding states during a cycle L with mean 

E(L)=
)()1(

)(
θλρ +− r

VE
. We consider the policy 

under which the server is turned off when system 
becomes empty and it is turned on again when the 
number of customers reaches the threshold N. In 
this case, the cost function C(N) is expressed as  

( )
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S

δθλ
δρλ

 

up to a fixed cost which is independent of N. 
 
4.2. Optimal Threshold. We are now able to find 
the optimal value N* which minimizes the cost 
function C(N) . Since this cost is a convex function, 
then the optimal value is one of  integers adjacent 
to the value                            

               N*=
( )

h

S

C
rgC )(12 1 θλρλ +−

.  

4.3. Effect of Retrials Upon The 0ptimal N*.  
 
 We consider here effect of retrial distribution R(.) 
upon the optimal values for both vacation policies. 
Consider the class ℑm

σ of PDF with mean m and 
finite variance σ2 , and ℑm

NBUE the class of all PDF 
on [0,∞) with mean m that are NBUE. Recall that a 
PDF on IR+ is NBUE if and only if 

∫
∞

−
−

≤
x

xFmdyyF )()( for x≥0.  Let θm=0 if x<m, 

and   θm=1 if x≥m. 
 
 (1) If  retrial time distribution R(x) belongs to the 
class ℑm

σ , then the optimal value of N* is bounded 



as follows:   N*L<N*<N*U where upper and 
lower bounds are given respectively by   
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 (2) If R(x) belong to ℑm
NBUE

  then 
N*L<N*NBUE<N*EXP   where N*NBUE  is the optimal 
value  for an MX/G/1  vacation queue with NBUE 
retrial time distribution, and N*Exp is the optimal 
value for the model with vacation and constant 
retrials [Artalejo, 1997]. 
 
Remark. For sake of space, we have considered 
here only the case of  a reliable server (θ=0). The 
first inequality gives approximations (in fact lower 
and upper bounds) on the optimal threshold N* 
when the retrial time distribution is unknown, but 
we have a partial information about the first two 
moments. The second one tell us about the case 
when the partial information concerns an ageing 
class of  retrial time distribution.   

 
5. CONTROL OF RETRIAL POLICY. 

 
We now investigate the problem of optimal control 
of retrial parameter when the system operates under 
the N-policy. Note that in fact the cost function 
depends only on the real value δ, and not on the 
concrete aspect of the retrial time distribution. So, 
we consider the problem of choice of an optimal 
value δ which minimizes the cost function C. 

Differentiate wrt: δ   gives =
h

S

NC
gC 1λ

F(δ) 

where       F(δ)=1 ×
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The function F(δ) satisfies the following properties: 
(i) Its domain’s value is F: [δe,+∞)→IR+  where 
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Note finally that C’(δ)<0 if and only if 
F(δ)>CSλg1/ChN. So the optimal value of δ* is: 

(i) If   ∏≤
NC

C

h

Sλ , then      δ*=+∞. 

(ii) If   Π>
NC

C

h

Sλ , then δ* is solution of the 

equation  F(δ)=
NC
gC

h

S 1λ
,   for  δ>δe.  

 
6.NUMERICAL ILLUSTRATIONS: 
 
 In this section we illustrate the effect of  
parameters (retrial, vacation and breakdowns) on 
system performances. In the remainder of this 
section we take the basic data of [Artalejo, 1997]: 
λ=1, g1=1, g2=0, h1=0.25, h2=1. Concerning the 
maintenance parameters we take w1=0.1 and w2=1. 
 
First, we show effect of failure rate on the retrial 
parameterδ. In figure 1 we have plotted the 
function δ(θ) for different retrial PDF with mean 
r1=1 :  

(i)  Hyperexponential (H2).  
(ii)  Exponential (Exp):       
(iii)  Determinist (D):           
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Figure 1. Effect of  failure rate θ on δ. 
 



We observe that the parameter δ increases in the 
case (i) and decreases in the case (iii) as the failure 
rate increases. In the case (ii) the parameter δ is 
independent of the failure rate. This can be easily 
understood from exponential nature of  retrial time.  
 
Figure 2 plots expectation E(M)  versus  failure rate 
θ and  ratio v2/v1. We note that  E(M) decreases 
when θ and v2/v1 increases and  increases 
otherwise. 
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Figure 2. Effect of breakdowns  and vacations  
on Mean system size  . 

 
Figure 3 shows  effect of failure rate on the optimal 
threshold for different values of  CS/Ch=10, 50 and 
100. We have considered a 2-Erlangian retrial 
distribution (E2) with mean r1=0.5; We note that the 
optimal threshold increases with the ratio CS/Ch. 
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Figure 3. Effect of θ on the optimal N*. 
 
Table 1 compares lower and upper bounds on the 
optimal value N* for different parametric (Exp, D, 
H2) and non parametric (NBUE) retrial PDF which 
typify some PDF observed in practice. For each of 
these choices we varied the ratio CS/Ch from 0.5 to 
105.  
 
Figure 4 illustrates  behaviour  of the bounds as a 
function of the mean retrial time  for different 
values of CS/Ch=10, 1, 0.1 . For a given value of 

this ratio, the dot-dashed curve corresponds to a 
lower bound and the continuous curve to an upper 
bound. The lowest pair of curves corresponds to the 
case CS/Ch=0.1  . We see that lower bound tends to 
be more closed to the upper bound curve for small 
values of r1 and CS/Ch. 
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Figure 4.Bounds on the optimal threshold. 
 
 
Finally, table 2 shows  the joint effect of retrials 
and breakdowns upon the optimal value N* and its 
corresponding minimum expected cost. The 
optimal value N* increases and the cost decreases  
when both δ and θ increases (see also figure 5). 
 
7.CONCLUSION: In this work we studied the 
effect of  retrials, vacations and breakdowns on the  
performance metrics of  queueing service systems.  
We have showed how to control the vacation and 
retrial mechanisms. A similar study can be 
provided to control the maintenance actions. 

0
5

10
15

20
n

0

5

10

15
20

q
0
5

10
15

N*

0
5

10
15

20
n

 
Figure 5. Effect of retrial rate δ and failure rate on 

the optimal threshold N*. 
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Table 1. Lower and Upper bounds on the optimal value N* 
 
S/h 0.5 1 10 24 105 

Lower bound 
Determinist retrials 

0.18708 0.37416 0.83666 1.29614 83.666 

Exponential 
m=2; σ2=4 
m=1; σ2=1 

 
0.48370 
0.63245 

 
0.68318 
0.894427 

 
2.16023 
2.82842 

 
3.3466 
4.38178 

 
216.02314 
282.8427 

2-Erlang 
m=2; σ2=4 
m=2; σ2=2 

 
0.2626 
0.38729 

 
0.3714 
0.54772 

 
1.1747 
1.732 

 
1.8198 
2.68328 

 
117.473 
173.205 

NBUE 
m=2; σ2=1 

 
0.32989 

 
0.46654 

 
1.47523 

 
2.28525 

 
147.533 

Upper bound 
m=2; σ2=4 
m=1; σ2=1 

 
0.64800 
0.67820 

 
0.916500 
0.959100 

 
2.8982 
3.0331 

 
4.48998 
4.6989 

 
289.8275 
303.3150 

 
 
 
 

Table 2. Optimal Thresholds N* and its corresponding minimum  cost. 
CS=5, Ch=1,λ=1,g1=1,g2=0,w1=0.1,w2=1.

                    
θ=0;   δ→ 0.35 0.4 0.5 1 10 20 50 ∞ 
ρ 
 N* 
C(N*) 

0.9642 
0.3042 
7.5223 

0.875 
0.5976 
6.4904 

0.75 
0.9128 
5.3295 

0.5 
1.5811 
3.8311 

0.275 
2.5672 
3.1878 

0.2625 
2.6502 
3.1705 

0.255 
2.7025 
3.1611 

0.25 
2.7386 
3.1552 

θ=0.5;δ→ 0.85 1 10 20    ∞ 
ρ 
N* 
C(N*) 

0.01 
1.887 
3.9636 

0.05 
1.9493 
3.8340 

0.23 
2.5876 
3.2075 

0.24 
2.6589 
3.1804 

   0.25 
2.7386 
3.1552 

θ=1;δ→ 5 10 20 50 100   ∞ 
ρ 
N* 
C(N*) 

0.12 
2.5070 
3.2988 

0.18 
2.6060 
3.2256 

0.185 
2.6671 
3.1898 

0.23 
2.7086 
3.1689 

0.24 
2.7233 
3.1820 

  0.25 
2.738 
3.1552 

θ=10;δ→ 50 100      ∞ 
ρ 
N* 
C(N*) 

0.03 
2.7564 
3.2457 

0.16 
2.7482 
3.1946 

     0.25 
2.738 
3.1552 
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Abstract: A new numerical technique is demonstrated and shown to reduce exponentially the time
required for Monte Carlo simulations of non-equilibrium systems. The quasi-stationary probability dis-
tribution is computed for two model systems, and the results are compared with the asymptotically exact
theory in the limit of extremely small noise intensity. Singularities of the non-equilibrium distributions
are revealed by the simulations.
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1. INTRODUCTION

Fluctuations in systems away from thermal equi-
librium represnt a problem of long standing in
statistical physics [Onsager and Machlup, 1953].
Well known examples of systems in which non-
equilibrium fluctuations play a particularly impor-
tant role include e.g. lasers [Keay et al., 1995],
proteins [Serpersu and Tsong, 1983], Josephson
junctions [Kautz, 1996], and chemical reactions
[Smelyanskiy et al., 1999b]. In particular, activated
processes are of big importance. Noise induced es-
cape means a transition from one state to another,
which e.g. in chemical system describes a reaction
[Smelyanskiy et al., 1999b; Huber and Kim, 1996].
In non-equilibrium systems, where symmetries of
detailed balance are broken, no general methods ex-
ist for the calculation of even basic quantities like
the probability distribution. This is a case where
numerical and asymptotic theoretical methods for
investigating the probability distribution are of par-
ticular importance.

In the limit of small noise intensity, D → 0
[Ventcel and Freidlin, 1970; McKane, 1989; Dyk-
man, 1990; Smelyanskiy et al., 1999b], asymptotic
theoretical approaches, such as WKB-like or path-
integral methods, can be used. The theory suggests
that a solution to the problem of non-equilibrium
fluctuations requires an understanding of the dy-
namics of deviations from the steady state [Onsager
and Machlup, 1953] and an analysis of singularities
in the non-equilibrium potential [Graham and Tel,
1984; Smelyanskiy et al., 1997]. Some ideas have
recently been proposed for how to extend the ex-
isting (D → 0 limit) theory to encompass the case

of still small but finite noise intensity [Smelyanskiy
et al., 1999a; Lehmann et al., 2000; Bandrivskyy
et al., 2003].

Monte Carlo simulation provides the main nu-
merical technique used to verify such theoretical
predictions, and to analyse the behavior of the dy-
namical system under study. The theory gives an
asymptotically exact solution only in the D → 0
limit. In contrast, D in the numerical simulations
is necessarily finite. Typically, the time required
for Monte Carlo simulations grows exponentially as
D → 0. This meant that theoretical predictions
of interesting singular structures, and of the non-
equilibrium probability distribution [Graham and
Tel, 1984; Jauslin, 1987], for long remained untested
either experimentally or by numerical simulation.
Furthermore, there has been no clear understand-
ing of how the picture changes as the noise intensity
becomes finite.

Earlier attempts to speed up the simulations
focussed mainly on finding optimal fluctuational
paths and rates of transition in between stable
states of a system (e.g. efficient transition path
sampling [Dellago et al., 1999] and dynamics im-
portance sampling [Woolf, 1998], which follow the
earlier suggestion of [Pratt, 1986]). In [Crooks
and Chandler, 2001] the path sampling method was
adapted to non-equilibrium systems. Based on the
same idea, the umbrella sampling technique was
suggested to estimate the probability to reach any
point of phase space of an equilibrium system start-
ing from a fixed initial state [Dellago et al., 1999].
An idea how to improve sampling by splitting up
the probability packets was suggested in [Huber



and Kim, 1996]. So far, however, no general algo-
rithm has been suggested for non-equilibrium sys-
tems, able to provide both the whole probability
distribution and also dynamical information, e.g.
optimal fluctuational paths, for small noise intensi-
ties.

We now introduce a numerical method that en-
ables the time required for Monte Carlo simula-
tions to be reduced by an exponentially large fac-
tor. It is applicable to generic two-dimensional non-
equilibrium systems, does not require any a priori
knowledge about the system apart from its dynam-
ical equations of motion, and it allows the quasi-
stationary probability distribution to be computed
directly over the whole phase space. Using this
method, we reveal singular behavior of the non-
equilibrium distribution and show that it is in quan-
titative agreement with the asymptotic theory. The
central idea is to perform the simulations in sequen-
tial steps.

We construct the quasi-stationary distribution
in stages, patching together intermediate results,
starting from the minimum of the potential and
gradually moving away from it. We find that the
time required for the simulations at each step is re-
duced by an exponentially large factor as compared
to the standard technique: if the time necessary for
a conventional Monte Carlo simulation technique is
T , our modified method would require only time

Tm ≈ NT exp−(N−1)
∆Φ

D ,

where N is the number of steps involved and ∆Φ
D

is distance in logarithm of the probability between
them. Given that T is exponentially large, the ben-
efit in reduced processing time can be very substan-
tial. The result of simulations for Duffing system
(Fig.3, for D = 0.02) can be practically directly
compared with a result given by an ordinary tech-
nique. It took us around 15 minutes to simulate the
whole distribution shown in Fig.3 (for D = 0.02)
with our fast technique, and it takes around four
days of standard Monte Carlo simulation to obtain
comparable statistics close to the boundary of at-
traction.

We explain the underlying principle of the
method in Sec. 2, testing it by application to a very
simple equilibrium stochastic system where all the
results are already known. Then, in Sec. 3 we apply
it to two much-studied non-equilibrium systems and
compare the numerical results with the correspond-
ing theoretical predictions. Finally, we summarise
our conclusions in Sec. 4.

2. THE FAST MONTE CARLO SIMULA-

TIONS TECHNIQUE

To illustrate the technique, we consider an over-

damped Brownian particle moving in a bistable
Duffing potential U(x) = −x2/2 + x4/4. The cor-
responding Langevin equation is

ẋ = −U ′(x) + ξ(t), (1)

where ξ(t) is zero-mean white Gaussian noise with
intensity D and moments

〈ξ(t)〉 = 0, 〈ξ(t)ξ(0)〉 = 2Dδ(t).

The form of the probability distribution is com-
pletely defined by the potential U(x), and is of the
Boltzmann type ρ(x) ∝ exp(−U(x)/D). As in the
case of a non-equilibrium system (where the prob-
ability distribution is not defined by a potential) a
standard Monte Carlo technique can be used to de-
duce ρ(x). Numerical integration of the Langevin
equation (1), assuming the system to be located
initially at one of the potential minima xm, gives
the discrete probability distribution ρ(x), peaked
at xm. The potential can be deduced as Φ(x) ∝
−D ln ρ(x). If the noise intensity is very small, the
system fluctuates in a close vicinity of xm and large
deviations from it are extremely rare. The conven-
tional Monte Carlo method cannot be used to study
the dynamics of optimal escape paths, or the prop-
erties of the probability distribution far from the
potential minima: the statistics required cannot in
practice be collected within a realistic time when
the noise intensity is within the range of interest,
i.e. small but finite. We have overcome this problem
by starting from the distribution already obtained
near xm.

We fix two probability levels ρi and ρf , lying
well within the region where the numerical ρ is ac-
curate, with ρf < ρi corresponding to two levels
in the potential Φi and Φf , and two coordinates xi

and xf , as shown in Fig. 1. We require the levels
ρi and ρf to be fairly different, such that the corre-
sponding xi and xf are sufficiently separated: the

distance between them must exceed
√
Dh, where h

is the integration time step used in the Monte Carlo
simulation, and must also exceed the discretization
step ∆x in the discrete probability distribution. All
simulations were carried out following the proce-
dure described by Mannella [2000].

The next simulation step is started from the
level Φi (putting the system at x = xi as its ini-
tial condition). If the system starts to evolve along
a fluctuational trajectory (towards the boundary of
attraction) we just follow its natural dynamics ac-
cording to (1) and collect the statistics for building
the probability distribution in a usual way. If the
system starts with a relaxation trajectory (towards
xm), or when it crosses the boundary xi due to re-
laxation some time later, we stop the simulation
and reinject the system back to the initial state xi.



In this way we simulate the full dynamics of the sys-
tem at higher levels of the potential Φ(x) > Φi (in
the region of coordinate space x > xi for this par-
ticular case). Thus, in the subsequent simulation
step we follow only those fluctuations that have al-
ready attained a certain level in the potential Φi,
without waiting for this exponentially slow event to
happen. In this way, a new piece of the probability
distribution is built with a time saving ∼ expΦi/D
compared to a simulation starting from the poten-
tial minimum xm. The upper curve of Fig.1 shows
the new piece of the potential Φ2(x), as computed.
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Fig. 1: The first (Φ1(x), lower curve) and second
(Φ2(x), upper curve) pieces of the inferred poten-
tial Φ(x) for the system (1) with D = 0.005. The
discontinuity in the gradient of Φ2(x) near xi is an
artefact due to a boundary effect in the calculation
of the discrete probability distribution. To avoid this
problem Φ1(x) and Φ2(x) are merged at the point xf

and the initial part of Φ2(x) is discarded. We nor-
malize Φ1(x) choosing Φ1(xm) = 0, and each suc-
cessive piece of Φ(x) is normalized in order to match
with the previous one at the point where they join.
Inset: The inferred potential Φ(x) for the system
(1) with D = 0.005. The new technique (circles)
is compared with standard Monte Carlo simulations
(bold line) and with the Duffing potential U(x) (thin
line).

The merging of the two pieces of the inferred
potential (the original Φ1(x) and the new Φ2(x))
at xf can be effected in a unique way. Continu-
ing this procedure, the probability distribution and
the corresponding potential can be built, step by
step, for the whole region of interest. The inset
in Fig. 1 shows the resultant potential, built from
13 such pieces between the minimum at xm = −1
and the maximum at x = 0. It coincides closely
with the Duffing potential U(x) itself. The poten-
tial Φ(x) is thus inferred within a region of coor-
dinate space that is inaccessible in a conventional

simulation (shown as bold curve for comparison).
The advantage of our new technique is immediately
evident. We stress that, in the simulations, no a
priori knowledge of the dynamics was required.
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Fig. 2: The whole inferred Φ(x, t) for the system
(2) for A = 0.1, Ω = 1, D = 0.005. Two lines
are the lines of constant probability found after the
first step of simulations. The corresponding levels of
probability were chosen as Φi = 3D and Φf = 5D.

Essentially the same procedure can be applied
to a two dimensional system. The main differ-
ence is that, instead of identifying two boundary
points xi and xf , we need to identify two bound-
ary lines of constant probability. One line is for
staring simulations from, and another one is a ref-
erence line for matching together different pieces of
the probability distribution (see Fig.2 for clarifica-
tion). In turn, this implies that we should consider
the reinjection location probability (RLP) along the
“lower” boundary line corresponding to ρi. Starting
from the second step of the simulations, the system
should be reinjected back according to the RLP af-
ter it relaxes across the boundary. We emphasize
that the RLP is not the same as the probability
distribution ρ(x), which is constant on the bound-
ary line. The RLP is an additional important mea-
sure which describes local discrete dynamics in the
neighborhood of the boundary line. It is a distri-
bution along the boundary of how often the system
crosses the boundary.

The principle of detailed balance that applies in
equilibrium systems provides a symmetry that can
be used to reinject the system back at the bound-
ary level, without any need to compute the RLP.
For non-equilibrium systems, however, detailed bal-
ance does not apply and so the procedure cannot be
used. The RLP must be considered separately (and
calculated explicitly) for the particular system be-
ing investigated. It can be obtained from an anal-
ysis of the finite difference equation corresponding
to the model. In the limit of small integration time



step the probability to cross the boundary is pro-
portional to the diffusion-related term in the finite
difference equation. Then the RLP is simply pro-
portional to the projection of the vector orthogonal
to the boundary onto the coordinate affected by the
noise ξ. It can also be computed numerically.

3. APPLICATION TO NON-EQUILIBRIUM

SYSTEMS

As a first example of a non-equilibrium system,
consider the periodically-driven overdamped Duff-
ing oscillator

ẋ = −U ′(x) +A cosΩt+ ξ(t). (2)

We infer Φ(x, t) as −D ln ρ(x, t). This quantity cor-
responds to the theoretical “global minimum of the
modified action” in the Hamiltonian theory of large
fluctuations [Bandrivskyy et al., 2003] and, in the
limit D → 0, it becomes the non-equilibrium po-
tential.
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Fig. 3: A time section of the inferred Φ(x, t = 4.1)
for the system (2) with A = 0.1, Ω = 1, and dif-
ferent noise intensities: D = 0.005 (diamonds);
D = 0.01 (circles); and D = 0.02 (triangles). The
theoretical predictions are shown by full lines for fi-
nite noise intensities, and by dashed line for D = 0.
Inset: oscillations of Φ(x, t) at the boundary of at-
traction for different noise intensities.

The limit of small noise intensity is of par-
ticular interest and importance in the case of
non-equilibrium systems. A sufficiently small D
gives rise to the possibility of revealing the non-
equilibrium potential

Φ(x) = lim
D→0

−D ln ρ(x),

directly through a numerical experiment. Observa-
tions of the predicted singular shape of ln ρ(x), and
of its dependence on D, are thus of considerable
interest.

Fig. 2 shows the complete Φ(x, t), constructed
from 12 such pieces, and a time section of Φ(x, t)
calculated for different noise intensities together
with the results of theoretical calculations (Hamil-
tonian theory including the prefactor) [Bandrivskyy
et al., 2003] is shown in Fig. 3. The RLP in the sim-
ulations can be taken as constant if a small enough
integration time step is used in the scheme. A small
difference between the theory and the simulations
results appears for the larger noise intensities, and
then the asymptotic theory starts to break down
and becomes inapplicable.
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Fig. 4: Inferred Φ(x, y) for the system (3) with
ω0 = 1, noise intensity D = 0.01, and η = 0.5.
The boundary of attraction (unstable limit cycle) is
shown by a bold curve.
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Fig. 5: A section (x = y) of the inferred Φ(A)
for the system (3) with ω0 = 1, noise intensity
D = 0.01 and η = 0.25 (circles); and η = 0.5 (dia-
monds). Theoretical predictions are shown in each
case for D = 0 (dashed curves) and D = 0.01 (full
curves).



We now consider, as a second more complicated
non-equilibrium example, the inverted Van-der-Pol
oscillator

ẍ+ 2η(1− x2)ẋ+ ω20x = ξ(t) (3)

In order to be able to merge more easily the different
pieces of Φ(x, y), we apply a coordinate transforma-
tion from x and y = ẋ to amplitude A and phase
φ

x = A cos(φ), y = −Aω0 sin(φ).

It is then possible to analyse the probability ρ(x, y)
in the (A, φ) coordinate space. This makes the
problem very similar to the periodically driven Duff-
ing oscillator: the only difference is the RLP which,
in the case of the Van der Pol oscillator, turns out
to be strongly modulated. It is essential for this
modulation to be taken into account when reinject-
ing the system back to the boundary of constant
probability. The complete Φ(x, y) built by the Fast
Monte Carlo simulations is shown in Fig.4. Two
sections of Φ(x, y), obtained from the simulations
for two different parameters η, are compared with
the theory in Fig. 5. Here again, excellent agree-
ment is obtained between numerics and theory.

4. CONCLUSIONS

The same structure of singularities is found in both
of the non-equilibrium systems considered in this
paper. Using the fast Monte Carlo simulations
we reveal plateaus, the essentially flat regions in
the probability distribution, which can be observed
close to boundaries of attraction. They result from
a purely dynamical effect that is not associated
with the flatness of any potential. We have shown
that its origin is related to switching between dif-
ferent types of optimal fluctuational path, and it is
a general feature of non-equilibrium systems with
metastable states [Bandrivskyy et al., 2003, 2002].
The switching lines [Smelyanskiy et al., 1997] are
revealed as lines along which the “global minimum
of the modified action” Φ(x) exhibits sharp bends
– corresponding to the predicted line at which the
non-equilibrium potential is non-differentiable. In
the boundary region we found the oscillations of the
probability distribution and their dependence on
noise intensity (see the inset in Fig.3) discussed in
the recent publications [Smelyanskiy et al., 1999a;
Lehmann et al., 2000; Maier and Stein, 2001]. The
noise-induced shift of the singularities and the op-
timal escape path revealed by the simulations has
stimulated a new step in the development of the
theory [Bandrivskyy et al., 2003].

It is only in the limit of extremely small noise
intensity that the singularities can be confidently
observed, so that the use of our new fast technique

is crucial to their investigation. In addition to being
fast, it preserves dynamical information. It can be
further extended to encompass higher dimensional
systems and maps, and it can readily be modified to
analyse optimal fluctuational paths, including those
that arise in the energy-optimal control problem
[Khovanov et al., 2000].
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Abstract1: Product life cycles in communications and other technology related industries are getting shorter and 
shorter. Consequently the performance of such systems must be evaluated early in the architecture design stage. 
In the wireless networks area new radio access technologies are applied and form a multistandard radio access 
network (MxRAN) which denotes an evolution of the current UMTS (Universal Mobile Telecommunications 
System) architecture defined by standards bodies. The MxRAN is a main part of the IPonAir [IPonAir 
homepage] project. For this project several network architecture options and protocol stacks must be assessed. 
This makes the availability of an easy to use performance evaluation tool indispensable. In this paper the 
requirements and the modeling concept of a flexible signaling performance model are depicted. Thereby a use 
case approach starting with a description in Message Sequence Charts (MSCs) is applied. This set of MSCs is 
then converted automatically to a generic model that can be executed in an event driven environment. 
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1. INTRODUCTION  
 
In the IPonAir project a new flexible radio access 
network (RAN) architecture supporting existing 
and future IP-based protocols is conceived. Starting 
from the UMTS Release 5 (R5) RAN architecture 
new architecture options of the above mentioned 
type are evolved. Several different solutions must 
be compared to derive an optimal architecture with 
respect to protocol processing cost and signaling 
delay. Therefore a performance assessment in an 
early stage of the software design is needed to 
detect the most advantageous architectures and 
avoid capital investment in technologies which are 
not efficient. This is why a flexible signaling 
performance assessment methodology for decision 
support is provided and implemented in a tool 
chain. Thus the methodology can be applied easily 
for the comparison of different MxRAN 
architectures. 
 

The paper is organized as follows. First the 
requirements for the envisaged performance tool 
are identified. Then after a short overview on 

UMTS R5 the main scenarios (use cases) of the 
MxRAN control plane are listed. MSCs [SDL 
Forum 2001] are used for the specification of the 
use cases. The MSCs are annotated with additional 
processing related information. From the set of 
MSCs a table related representation is derived 
automatically. This representation of the use cases 
is transferred into an event driven simulation tool. 
Predefined generic modules are used in the network 
nodes of the event driven system. The modeling 
concept and the node internal generic modules 
applied are described. Then the realization within 
an OPNET event driven environment is explained 
by means of two architecture examples. The paper 
closes with a summary of the simulation 
methodology and some remarks concerning the 
future development and implementation of this 
simulation methodology. 
 
 
2. REQUIREMENTS  
 
In this paragraph the requirements that have to be 
met by the envisaged simulation methodology are 
described. 



• The focus is to evaluate MxRAN architecture 
alternatives by simulation with regard to 
performance in terms of signaling load, 
processing and memory capacity as well as 
delays assuming different traffic loads and 
mobility models. 

• The evaluation of architecture variants shall be 
performed easily and efficiently.  

• The bundling of protocol entities to network 
elements and the mapping of protocol entities 
to processors shall be possible in a flexible 
manner. 

• The modeling concept shall support the 
separation of functions belonging to different 
planes, e.g. user plane and control plane. 

• Main focus of the intended investigations is the 
signaling traffic load. 

 

In order to meet these requirements, a generic and 
flexible modeling approach for the intended 
simulation study is needed.  
 
3. UMTS R5 MODEL  
 
As the future MxRAN architecture evolves from 
the current UTRAN R5 architecture, a short 
overview of the latter architecture is given 
hereafter.  
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Fig. 3.1: UMTS Schematic R5 Architecture 

Figure 3.1 depicts a simplified picture of the UMTS 
R5 architecture as defined by 3rd Generation 
Partnership Project (3GPP). Three different 
domains are depicted. First there is the UMTS 
Radio Access Network (UTRAN) consisting of 
base transceiver station (Node B) and Radio 
Network Controller (RNC) network elements. 
Second there exists the Circuit Switched (CS) 
domain of the Core Network (CN) consisting of a 
Media Gateway (MGW) for voice user data, the 
Mobile Switching Center (MSC) server for 
signaling purposes and the Gateway MSC (GMSC) 
server for connection to external networks. It must 
be noted that unfortunately inside the CN of the 
UMTS system the term MSC denotes Mobile 
Switching Center, but in the rest of this paper an 
MSC denotes a Message Sequence Chart. The third 

domain is the Packet Switched (PS) domain within 
the CN comprising the Serving GPRS Support 
Node (SGSN) which is comparable to the Mobile 
Switching Center but for PS connections and the 
Gateway GPRS Support Node (GGSN) for 
connection to external packet data networks. The 
UTRAN handles all radio specific functionality. 
The CS domain handles all circuit switched 
sessions and connects the UTRAN to the Public 
Switched Telephone Network (PSTN) while the PS 
domain handles the packet switched sessions and 
connects the UTRAN to the public internet. Also 
depicted is the user equipment (UE) handling the 
user traffic in the cellular system and the Home 
Subscriber Server (HSS) storing the relevant user 
data. In UMTS R5 there are some more network 
elements performing call control and other 
signaling functions as well as multimedia resource 
functions. Those are not shown here for shortness 
sake. In Figure 3.1 dotted lines denote pure 
signaling links. Solid lines can transport signaling 
as well as user traffic. 
 

The current UMTS architecture originates from the 
second generation (2G) GSM (Global System for 
Mobile communications) voice network. In GSM 
the PS domain was added later on in the form of the 
General Packet Radio Service (GPRS) subsystem. 
All this clarifies the fairly complex 3G architecture 
today and also in R5 as well as the permanent 
process of enhancing and optimizing these 
architectures. The further development of such 3rd 
generation networks and the finding of new 
improved architectures with regard to performance 
is a topic of active research just now [Uskela, 
2003], [Yungsoo et al, 2003]. 
 

Certainly such rather complex networks impose 
strict delay requirements both on user and signaling 
traffic handling. Those requirements have to be met 
by the architectures under consideration and are one 
criterion for assessing these architecture options by 
simulation. In order to investigate this criterion, 
traffic has to be imposed on the simulation system. 
The traffic modeling concept and the traffic flows 
of interest as well as their derivation and adaptation 
to the overall simulation modeling concept are the 
main focal point now. To impose load on the 
modeled network elements, traffic must be 
generated inside the system. Within the traffic 
modeling concept the focus is on the signaling 
traffic, i.e. the control plane of the MxRAN. With 
regard to the signaling traffic the following use 
cases are of interest: 
• CS Mobile Originated (MO) and Mobile 

Terminated (MT) Call Setup and Release 
• PS MO and MT Call Setup and Release 
• Intra- and Intersystem Handover 
• Location Update procedure 



• Paging procedure. 
 
The first two procedures indicate the main activities 
of a user in a cellular network. Those are starting or 
receiving a voice call and using packet switched 
services by reading e-mail or surfing the web. The 
others are mobility related procedures involved 
when a user transits to a new cell or cell area or 
when the UE has to be located by the system when 
receiving a call. 
 
These use cases can be described in the form of 
high level MSCs as specified in [3GPP TSG RAN, 
2002] and [Kaaranen et al, 2001] where those 
MSCs are used to describe important UTRAN 
functions. The dominant signaling load is generated 
by these MSCs. In Fig. 3.2 the “RRC Connection 
Setup” procedure which is part of the CS MO Call 
Setup scenario is taken as an example. A Radio 
Resource Control (RRC) Connection is a point-to-
point bi-directional connection between RRC peer 
entities on the UE and the UMTS RAN side, 
respectively. An UE has either zero or one RRC 
connection. The “RRC Connection Setup” 
procedure is used in several basic signaling traffic 
procedures to set up a signaling channel between a 
mobile terminal (UE) and the corresponding RNC 
via a base station (Node B). 

ALCAP_setup_resp

UE Node B RNC

RRC_setup_req

RRC_setup_resp

NBAP_setup_resp

NBAP_setup_req

ALCAP_setup_req

Fig. 3.2: High Level MSC for “RRC Connection 
Setup” 

 

In the developed modeling concept the relevant 
network elements and protocol entities are 
identified from the MSCs given in the appropriate 
standards documents, e.g. [3GPP TSG RAN, 2002]. 
Considering the “RRC Connection Setup” 
procedure as an example, the relevant network 
elements which can be identified from Fig. 3.2 are 
the 
• UE with the protocol entity RRC 
• Node B and the protocol entities Access Link 

Control Application Protocol (ALCAP) and 
Node B Application Part (NBAP) 

• RNC with the protocol entities ALCAP, NBAP 
and RRC. 

As a consequence of this identification procedure, 
the MSCs provided by standards documents are 
refined as illustrated in Fig. 3.3 where the MSCs 
are extended by additional trigger messages to 
model the exchange of messages between protocol 
entities. 
 
In the refined MSC (see Fig. 3.3) the relevant 
protocol entities explicitly communicate with each 
other while this communication is only implicitly 
modeled by the high level MSC illustrated in Fig. 
3.2. 
 

In the modeling concept the relevant protocol 
entities are modeled as stateless Functional Entities 
(FEs). This implies that a full functional model 
based on extended finite state machines (EFSMs) 
for the protocols is not needed. Hence the presented 
modeling approach is not state based. The reason 
for this design decision is that the modeling 
approach has to meet the requirement of a quick 
and easy evaluation of MxRAN architecture 
options.  
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Fig. 3.3: Refined MSC 

The context of FEs, MSCs and signaling traffic can 
be described as follows: FEs exchange specific 
sequences of signaling messages which are 
provided in the form of refined MSCs and model 
the use cases of interest described above. 
 
4. MODELING CONCEPT  
 
In order to set up network elements, a generic and 
modular node modeling concept is used. This is 
depicted in Fig. 4.1 and described subsequently. 
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Fig. 4.1: Generic Node 

Each network element consists of: 
• One or more Lower Service Access Points 

(LSAPs) 
• External Routing (ER) module 
• Internal Routing (IR) module 
• (Multiple) Functional Entities (FEs) 
• One or more resource modules 
• Sink module 
• Optionally one or more traffic source modules. 
 

Network elements which initiate signaling traffic 
contain traffic sources to model user (outgoing) and 
network generated (incoming) traffic. All sources 
starting a specific signaling sequence (e.g. all users 
in a cell starting an outgoing call) are aggregated. In 
a first step, the signaling sequences are triggered 
independently from each other and a statistical mix 
of signaling procedures derived from measurement 
data is used. One of the current activities is to refine 
the traffic model in order to model correlation 
among signaling procedures (e.g. setup and release 
of calls) without having to explicitly model every 
single traffic source. 
 

An LSAP transparently interconnects the elements 
within the network. The LSAP can also be used as 
an interface to lower layer protocol stacks. 
 
The ER and IR modules realize the routing 
functionality between network elements and within 
network elements, respectively. If a message 
reaches the ER module it is checked whether the 
message is addressed to the local node or not. If it is 
addressed to the local node the message is passed to 
the IR module, otherwise it is sent to the LSAP in 
direction to the addressed node which means that 
the message is just relayed by the ER module (e.g. 

in Fig. 3.2 the “RRC Setup Request” within the 
“RRC Connection Setup” procedure is sent by the 
UE, addressed to the RNC and relayed by the ER 
module of Node B).  
The IR module forwards an incoming message to 
the addressed FE. 
 

FEs logically process incoming messages (e.g. 
convert them to another message type and provide 
new addresses) and pass the processed message to 
the resource module which models time 
consumption and resource contention. In reality 
FEs are located on physical processors which are 
modeled by the resource in this case. On a single 
processor one or more FEs can be located.  
 

The resource forwards the last message of a 
signaling sequence to the sink module so that the 
End-to-End delay of the signaling procedure can be 
measured. Other messages are forwarded to the IR 
module which determines whether the message is 
addressed to a FE within the local node or not. If 
the message is addressed to a FE within the local 
node, the IR module sends the message to the 
addressed FE, otherwise the message is passed to 
the ER module. In this case the ER module sends 
the message to the LSAP in direction to the 
addressed node. 
 

According to this generic node modeling concept 
and using the “RRC Connection Setup” procedure 
(see Fig. 3.2 and 3.3) as an example, the network 
element RNC can for example be modeled as 
illustrated in Fig. 4.2. Here the three FEs depicted 
in the RRC Connection Setup procedure are located 
on two resource modules. The ALCAP FE runs on 
the first resource while the NBAP and the RRC 
entities run on the second resource. 
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Fig. 4.2: Network Element RNC Modeled 

According To Generic Node Modeling Concept 



5. REALIZATION  
 
As far as an implementation of the simulation 
methodology is concerned, the OPNET Modeler 
environment was chosen to execute the simulations 
and analyze the results. OPNET is a quasi standard 
event-driven simulation environment provided by 
OPNET Technologies [OPNET homepage]. 
Despite the fact that OPNET provides a huge set of 
libraries for many well-known protocols, e.g. from 
the TCP/IP suite, the implementation of the 
methodology presented here does not necessarily 
make use of those OPNET built in protocol stacks. 
However, from the OPNET event driven 
environment the traffic generation package, 
queuing modules, links, graphical network editor 
and the analysis tool are used.  
 
The refined MSCs (cf. section 3) that describe 
relevant signaling procedures are noted down in 
Microsoft Excel and automatically loaded into the 
OPNET simulation model via a Visual Basic for 
Applications (VBA) transformation algorithm. This 
VBA script generates the tables that can be 
imported directly into the OPNET environment. 
Extensible Markup Language (XML) or simple 
ASCII tables are used to specify and interchange 
the data. The network elements within the OPNET 
simulator are designed according to the generic 
node modeling concept (cf. Fig. 4.1). A simple 
RNC model with seven FEs mapped onto one 
resource is shown in Fig. 5.1 as an example for the 
OPNET node model of the network element RNC. 
The generic modules which build up the network 
elements (cf. section 4) are interconnected by 
packet streams, which is the mechanism for the 
exchange of messages between node internal 
modules provided by OPNET. 
 

 

Fig. 5.1: Simple RNC Node Architecture 
Implemented in OPNET  

Within the OPNET simulation model the MSCs are 
represented by a C code data structure within the 
FE modules. The FEs process incoming messages 
according to the MSC logic. Messages are 
annotated using complexity factors in order to 
specify the amount of processing time spent in the 
resource module. Thereby a higher complexity 
factor denotes more processing time in the resource. 
Moreover each message between two FEs is 
annotated with its message length. This determines 
the transport delay between two FEs. Within the 
current simulation model each signaling sequence is 
triggered by a single traffic source. Different traffic 
scenarios can simply be created by changing the 
simulation parameters of the traffic sources.  
 
The OPNET implementation of the simulation 
concept at hand in particular fulfils the 
requirements presented in section 2. A flexible 
grouping of protocol entities to network elements 
and resources is easily possible by adding and 
removing FE modules and resources to and from 
network elements and re-interconnecting them by 
packet streams. For example the RNC illustrated in 
Fig. 5.2 contains seven FEs mapped onto two CPU 
(Central Processing Unit) resources. By doing so it 
is easily possible to set up different MxRAN 
architecture alternatives of interest for evaluation 
within simulation scenarios and assess them by 
means of performance figures (e.g. utilization of 
single resources, End-to-End delays of signaling 
sequences) provided by simulation runs. 
 

 
Fig. 5.2: Alternative RNC Node Architecture 

Mapping of FEs to Resources in OPNET 

A detailed description about the implementation of 
the modeling concept using the OPNET Modeler 
simulation toolkit is provided in [Frangiadakis et al, 
2002]. 



6. CONCLUSION  
 
This paper introduces a general simulation 
methodology for the evaluation of different 
signaling architectures with respect to their 
performance. The approach is characterized by the 
automatic conveyance of the use cases under study 
to an event driven simulation environment.  
 
There are many benefits of the proposed 
methodology. On the one hand the error prone 
transfer of MSCs into a simulation model is 
bypassed and a refinement of the use cases under 
study is assisted. On the other hand the approach is 
flexible and alternative MxRAN architectures under 
study can be modeled easily. Particularly the 
relocation of functional entities within one node is 
performed at the OPNET graphical user interface 
without difficulty. Thus the derivation of an 
optimized system architecture can be tackled in an 
iterative way and in a very early design stage so 
that the risk of capital investment into a suboptimal 
architecture is considerably reduced. 
 

In the future the relocation of functional entities 
between different nodes is envisioned for the tool 
chain. Moreover it is intended to integrate and 
correlate all traffic sources within a Central 
Intelligent Traffic Control node. Inside this central 
traffic source node also additional information on 
occupied resources like radio channel elements or 
links can be kept. Besides the modeling of 
thousands of nodes will be incorporated as 
signaling background traffic by means of a 
stochastic process that switches ON and OFF the 
related resources. For this reason processing 
resources are available for processing foreground 
traffic only in ON mode. In the same way user 
traffic shall be supported as background traffic. 
Moreover the incorporation of resource specific 
state information for scarce resources like 
maximum number of channels is envisaged. 
 

In general the devised approach and tool 
implementation helps to design complex next 
generation communication systems. This pertains to 
an optimized architecture choice in terms of 
signaling overhead, scalability and performance. 
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Abstract: We consider continuous-time Markov chains representing queueing systems in random
environment and we obtain necessary and sufficient conditions for having product-form stationary
distributions. The related topics of partial balance and the ESTA property are also studied. As an
illustration, we apply the results to study the stationary distributions of Jackson networks in random
environment.

For models that do not satisfy the product-form conditions, we develop a product-form
approximation, which is proved to be very good for models evolving in a slowly changing random
environment. We justify this fact and we propose a methodology for estimating the error of this
approximation.
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1. INTRODUCTION

In many applications of queueing we find
systems that evolve in random environment.
The random environment may model the
irregularity of the arrival process (for example
when there are rush-hour phenomena), the
irregularity of the service mechanism (due to
servers' breakdowns, servers' vacations,
availability of resources etc.) or both. Many
authors have studied the properties of such
models (see e.g. Neuts (1981), Gaver at al.
(1984), O' Cinneide and Purdue (1986), Falin
(1996) etc.). The reported results concern
either qualitative properties or computational
issues. The focus of the present work is on a
computational issue and more specifically on
the problem of computing the stationary
distribution of a Markovian queueing system
in random environment. Several authors have
considered the same problem using various
approaches. Matrix-analytic and tranform
methods have been used extensively. However,
although in many cases the above methods
give very satisfactory results, their
implementation is computationaly very
demanding. The reason is that they require
strong computational power to perform a great
number of matrix operations. As the
environmental state space grows large, the
numerical complexity of the underlying
algorithms increases rapidly and the efficient

implementation of these methods becomes
very difficult.

To avoid the computational burden of the
above methods, several authors have tried to
identify some categories of models for which
the stationary distributions assumes a simple
product form. Although product-form
stationary distributions and the related
phenomenon of partial balance have been
extensively studied within the framework of
queueing networks, there are only few papers
that apply these ideas to queueing systems in
random environment. More specifically Sztrik
(1987), Zhu (1994) and Falin (1996) have
identified conditions that ensure product-form
stationary distributions for several concrete
classes of queueing systems in random
environment. In the present paper we study the
same problem within a general framework and
we state necessary and sufficient conditions for
product-form. Moreover, whenever these
conditions fail, we develop a product-form
approximation which is very good for
queueing systems evolving in a slowly
changing environment. We also study the
relationship between the stationary distribution
of a given Markovian queueing model and the
stationary distributions of its embedded chains
at environmental change epochs. Thus, we also
study the Events See Time Averages (ESTA)
property for the class of Markovian queueing
systems in random environment.



To be concrete, we now define a general
structure for a continuous-time Markov chain
in a random environment. The model is an
ergodic (i.e. irreducible and positive recurrent)
Markov chain }0:))(),({( ≥ttXtE  with state
space XE× , where )}({ tE , )}({ tX  represent
the random environment and the queueing
process of interest respectively. We assume
that )}({ tE jumps from state to state according
to an ergodic continuous-time Markov chain
with transition rate matrix

)',:)',(( EQ ∈= eeeeqEE . In the meantime
between two successive environmental
transitions, the process )}({ tX  is governed by
a transition matrix :)|',(()( || exxqe EXEX =Q

)', X∈xx  of an irreducible Markov chain on
X, where e is the current environmental state.
More specifically the transition rates

))','(),,(( xexeq of ))}(),({( tXtE are given by
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Let ),:),(( XE ∈∈= xexeππ  be the joint
stationary distribution of ))}(),({( tXtE  and

):)(( E∈= eeEE ππ , ):)(( X∈= xxXX ππ its
marginal distributions. The (full) balance
equations are
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By summing these equation over x for
every environmental state e we obtain after
some easy manipulations that
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Hence, the marginal distribution
))(( eEE ππ =  is the stationary distribution of

the Markov chain with transition rate matrix
)).',(( eeqEE =Q

Let )',:)|',(()( )(
|
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EX
t

EX  be
the transition probability matrix at time t for
the Markov chain with rate matrix )(| eEXQ and

):)|(()( || X∈= xexe EXEX ππ  its stationary
distribution (in the ergodic case in which it
exists and is unique). We are interested in

determining ,π Xπ and in examining their
relationships with the transition rate matrices

EQ  and )e(E|XQ , .e E∈  We are also
interested in studying the Palm (or embedded)
distributions of )}({ tX  just after (or before)
certain environmental transitions. For every

E∈e  let )()( nX ea  be the state of )}({ tX  just
after the n-th environmental arrival to e and

)()( nX ed  be the state of )}({ tX  just before the
n-th environmental departure from e.
Moreover, let ):)(( )()( X∈= xxeaea ππ  and

):)(( )()( X∈= xxeded ππ  be the stationary
distributions of )}({ )( nX ea  and )}({ )( nX ed
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It is known that the Palm distributions of a
process that correspond to different sets of
transitions do not coincide with each other nor
do they coincide with the stationary
distribution of the process in general. In such
cases it is important to study the relationships
of these distributions and also to find
conditions under which they do coincide
(Events See Time Averages (ESTA) property).

2. CHARACTERIZATION OF PRODUCT-
FORM DISTRIBUTIONS

Equations (2) are decomposed to the following
partial balance equations that are not satisfied
by π  in general:
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The phenomenon of partial balance and its
implications have been extensively studied in
the literature (see e.g. Kelly (1979)). It has
been generally noted that the presence of
partial balance facilitates the study of a given
model. First, it implies the equality of the Palm
distributions at certain event epochs (see e.g.
Kelly (1979) Ch. 9 and Fakinos and Economou
(1998)). Second, under certain additional
conditions, it implies that the stationary
distribution assumes a certain product form. In
characterizing the phenomenon of partial
balance and product-form for the general
model (1), we use the following result that
gives the stationary distribution π in terms of
the Palm distributions ,)(eaπ .E∈e  For a proof
see Economou (2002).

Proposition 1 (Inversion formula) Given the
Palm distributions ,)(eaπ  the stationary
distribution π  can be computed by
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where ):)(( )(
)(

)(
)( X∈= xxt

ea
t
ea ππ  is the transient

probability function at time t of a Markov
chain with initial distribution )(eaπ  and
transition rate matrix ).(| eEXQ

We are now in position to investigate the
phenomenon of partial balance within the
framework of our model.

Theorem 2 For the general model with
transition rates given by (1) the following are
equivalent:
(i) The Palm distributions )(eaπ and )(edπ

coincide for every .E∈e
(ii) The stationary π  satisfies the partial

balance equations (6).
(iii) The stationary π  satisfies the partial

balance equations (7).
If moreover the transition matrices )(| eEXQ
are ergodic with stationary distributions

),(| eEXπ E∈e  then (i)-(iii) are also
equivalent to:
(iv) The distributions )(edπ  and )(| eEXπ

coincide for every .E∈e

(v) The distributions )(eaπ  and )(| eEXπ
coincide for every .E∈e

(vi) The stationary distribution π is given by
the product-form formula

     ),|()(),( | exexe EXE πππ = ,E∈e .X∈x  (9)

Proof. )()( iii ⇔ The probabilities )()( xeaπ
and )()( xedπ  given by (4) and (5) are
respectively equal to the right and the left side
of the partial balance equations (6) divided by

).()( eqe EEπ

)()( iiiii ⇔ Immediate, in light of the full
balance equations (2).

)()( viiii ⇒  Consider a fixed .E∈e  Because
of (7) we have that the vector

):),(( X∈xxeπ satisfies the balance equations
of the Markov chain with transition rate matrix

).(| eEXQ  Due the ergodicity of ),(| eEXQ we
have that ):),(( X∈xxeπ  is a scalar multiple
of the stationary distribution ),(| eEXπ  i.e.

),|()(),( | execxe EXππ =  .X∈x  By summing
over x we obtain );()( eec Eπ=  hence ),( xeπ
assumes the form (9).

)()( viiv ⇒  Immediate using (5).

)()( viv ⇒  Since )(eaπ  and )(| eEXπ  coincide,
the Inversion formula (8) assumes the form

   )()(),( eqexe EEππ =

      ,)|(
0

)(
|

)(∫
∞ −⋅ dtexe t

EX
teqE π ,E∈e .X∈x   (10)

But ):)|(( | X∈xexEXπ  is the stationary
distribution of )(| eEXQ  and we have that

),|()|( |
)(
| exex EX

t
EX ππ =  ,0≥t  ,E∈e  .X∈x

Equation (10) is reduced to (9).

)(),(),()( viviiivi ⇒  If the stationary
distribution π is given by (9) then we have
obviously that the partial balance equations (7)
hold, i.e. (iii) is valid. Moreover, by (5) we
have that ),|()( |)( exx EXed ππ =  ,X∈x  i.e. (iv)
is valid. We have also that (i) holds because of
the implication )()( iiii ⇒ that has already been
proved. Hence ),|()()( |)()( exxx EXedea πππ ==

,E∈e  ,X∈x  i.e. (v) is valid.                         

The above result characterizes completely the
partial balance, the product form and the
ESTA properties for the model (1). However,
we see that the conditions that imply a
product-form stationary distribution are very



restrictive. We now consider a 'perturbed'
model that has always a product-form
distribution. We have the following.

Theorem 3 Consider a continuous-time
Markov chain with state-space XE×  and
transition rates     

 ))','(),,((~ xexeq
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where ),|',(| exxq EX  )',( eeqE  and )|(| exEXπ
are the same as in the model (1). Then its
stationary distribution is given by the product-
form formula

),|()(),(~
| exexe EXE πππ = ,E∈e .X∈x

Proof. The balance equations of the model are
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By direct substitution we see that the
distribution ),:),(~( XE ∈∈ xexeπ  satisfies the
equations (12); hence it is the stationary
distribution of the model.                                

Whenever the transition rates )',( eeqE of the
environmental process )}({ tE  are small, the
rates ))','(),,((~ xexeq  of the perturbed model
(11) are very close to the rates ))','(),,(( xexeq
of the original model (1). Hence the stationary
distributions of the two models are expected to
be also very close to each other and we
conclude that the product-form distribution of
the modified model (11) is indeed a good
approximation for the stationary distribution of
the original model (1). Thus, this product-form
distribution is a legitimate approximation for
queueing systems evolving in a slowly
changing environment. More importantly, in
the context of specific concrete models we can
estimate the error of the approximation using
the results obtained by van Dijk (1992). These
results provide error bounds for the
approximation of the stationary distribution of
a given model by the stationary distribution of
a perturbed model in terms of the differences
of their transition rates, using a Markov reward
approach.

3. AN APPLICATION TO JACKSON
NETWORKS IN RANDOM ENVIRON-
MENT

As an illustration of the main result, we present
its application in the study of Jackson networks
in random environment. A Jackson network in
random environment is a continuous-time
Markov chain on J

+×ZE  with transition rates
given by (1) and matrices ),(| eEXQ  E∈e
corresponding to Jackson networks, i.e.

  )|',(| exxq EX
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  (13)

where by ),...,,( 21 Jxxxx =  we denote a
generic state of the network representing the
queue lengths at the J stations and je is the j-th
unit vector with J components (with 1 in the j-
th position and 0 elsewhere).

Therefore, in any time interval during
which the environmental process )}({ tE  is in
state e, the network operates as follows:
Customers arrive at the network according to a
Poisson process with rate )(eλ . An arriving
customer goes to the j-th station with
probability )(0 ep j  ( Jj ,...,2,1= ). The service
at the i-th station of the network is offered at
exponential rate )|( exiiµ  which depends on
the number ix  of the present customers at that
same station ( Ji ,...,2,1= ). Upon completing
service at the i-th station, a customer is routed
to station j with probability )(epij  or leaves
the network with probability )(0 epi ,
( Jji ,...,2,1, = ). For every fixed E∈e , the
discrete-time Markov chain with transition
probabilities )(epij  ( Jji ,...,2,1, = ) is
supposed to be irreducible. This implies that
the traffic equations

)()()( 0 epee jj λα =

   ∑
=

+
J

i
iji epe

1
),()(α   Jj ,...,2,1=  (14)

have a unique positive solution
))(),...,(),(()( 21 eeee Jαααα = . Moreover, all

the arrival and service processes are assumed
independent. For a fixed e, the Markov chain
representing a Jackson network with rates



given by (13) is positive recurrent if and only
if
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The stationary distribution is then given by

  )|(| exEXπ
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Zhu (1994) proved from scratch a sufficient
condition for product form. Using Theorem 2
we can easily show the necessity and the
sufficiency of that condition for product form.

Corollary 4 Let )}(),({ tXtE  be a Jackson
network in random environment with transition
rates given by (1) and (13). For every ,E∈e
let ))(),...,(),(()( 21 eeee Jαααα =  be the
unique solution of the system of equations (14)
and assume that the stability condition (15)
holds. The following are equivalent:
(i) )|(/)( exe jjj µα  is independent of e, for all

Jj ,...,2,1=  and .1≥jx
(ii) The stationary distribution π  is given by

the product-form formula

),( xeπ
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           ,E∈e   ,Jx +∈ Z                           (17)

where ):)(( E∈eeEπ  is the stationary
distribution of a Markov chain with
transition rates ))',(( eeqE  and )(eB j  are
given by (15), i.e. all the equivalent
conditions (i)-(vi) of Theorem 2 hold.

Proof. )()( iii ⇒  Suppose that (i) holds. Then
by direct substitution we can show that the
distribution given by (17) satisfies the balance
equations (2). Indeed, using the fact that

):)(( E∈eeEπ  and ):)|(( |
J

EX xex +∈ Zπ are
the stationary distributions of EQ  and

)(| eEXQ  respectively, we have that

)|()( | exe EXE ππ
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But by condition (i) and (15) we obtain that
)(1 eB j

−  is independent of e for all .,...,2,1 Jj =
Hence by (16) we conclude that )|(| exEXπ  is
independent of e for all .x  Then (18) assumes
the form
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i.e. the distribution )),(( xeπ  given by (17)
satisfies the balance equations (2).

)()( iii ⇒  By Theorem 2 )()( iivi ⇒  we have
that for every x  the vector ):),(( E∈exeπ
satisfies the balance equations for the process

)}.({ tE  Hence ):),(( E∈exeπ  is a scallar
multiple of ):)(( E∈eeEπ  and we conclude

that ),()(),( exxe Eπφπ = ,E∈e .Jx +∈ Z  Then
for every Jj ,...,2,1=  and 1≥jx  we have
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 i.e. )|(/)( exe jjj µα  is independent of e.      
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Abstract: The performance of Time Division Multiple Access (TDMA) is affected by various factors. Accurate 
coverage prediction, modulation and coverage control techniques can significantly improve the capacity. Spectrum 
efficiency and good coverage are the main objectives of radio system planning. The capacity of a cellular system is 
directly related to spectrum efficiency and is directly proportional to the cluster size, so that any decrease in the size 
indicates that co-channel cells are located much closer together. This allows more frequency channels to be reused 
taking into account minimum co-channel interference (CCI). The above factors have an impact on the capacity, it is 
therefore crucial to include them in the evaluation to minimize the assumptions made. This paper shows development 
of a Monte Carlo simulation model which accurately assesses the performance of cellular systems. 
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1 INTRODUCTION 
 
The radio spectrum is a finite resource and it is 
important that it is exploited efficiently by all users. 
Accordingly modulation scheme used for mobile 
environment should utilise the RF channel bandwidth 
and the transmitted power as efficiently as possible. 
This is due to the fact that the mobile radio channel is 
power and bandwidth limited, which implies the need 
to investigate different digital modulation, schemes 
under different propagation channels. A typical 
application of such results would be the choice of 
modulation technique for a digital mobile radio 
system in a specific environment. 
 
This paper discusses the impact of the choice of a 
modulation scheme on the reuse distance. Since the 
value of the reuse distance has a decisive effect on the 
performance of the spectral Efficiency, a relation is 
set between the chosen modulation level and the 
spectral efficiency. Assuming the downlink case, the 
power at the mobile receiver from the desired base 
station (BS) and the co-channel BS's was calculated 
according to the propagation model used. 
 
The CCI associated with a certain bit error rate (BER) 
for a particular modulation scheme will define the 
reuse distance, D. The value of D is the maximum 
value that complies with the constraint set by CCI 
ratio.  
 
As detailed in [Parsons, 1992], selected propagation 
model for both desired and interfering signals are 

applied. It is acceptable that frequencies are reused at 
distance D, therefore the area covered by the service 
of one set of these reused frequencies is roughly 
covered by, 2)2/(Dπ . The relation of the reuse 
distance D with radius R is given by the reuse 
distance factor, Ru = D/R as shown in Figure 0. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Manhattan microcell, Cost231-Hata and Lee models 
were used to assess the capacity potential for high-
level modulation schemes. In order to provide a 
comparative capacity evaluation, diversity vs. omni 
directional configurations where applied in different 
propagation models. These coverage control schemes 
are used to increase capacity by reducing the co-
channel interference, thus the reuse distance D. 
 
The spectrum efficiency evaluation technique 
described studies the effective area of each cell in a 
co-channel interference limited environment. By 

Figure 0: The relation of reuse distance D 
and radius R where a and b are mobile 



specifying the BER performance, the corresponding 
carrier-to-interference ratio (CIR) can be obtained for 
a specific modulation scheme, thus the reuse distance 
is evaluated. 
 
The following sections describe the capacity 
evaluation method and the simulation results obtained 
using different propagation models. 
 
 
2 CHANNEL AND SYSTEM MODELS 
 
Spectral efficiency is evaluated so that minimum 
assumptions are made. In this section, the propagation 
and interference models are explained. 
 
2.1 Propagation models 
 
Cell radius and path loss exponent are critical 
parameters, derived from the propagation model.  
These are assessed from the received signal in a 
specific environment. 
 
The work done here describes three cells: 
 
2 Macrocell, R>1km, Sth=65 dBm 
3 Microcell, 300m>R>1 km, Sth=115 dBm. 
4 Microcell, R<300m, Sth=115 dBm. 

 
Using different propagation models, the cell radius is 
determined by the predefined system threshold, Sth, 
below which the mobile receiver may not be able to 
detect the desired signal from noise [Holma and  
Toskala, 2000]. The path loss exponent 20 dB/dec 
can also be easily derived.  
 
2.1.1 Lee Model 
 
Lee's empirical propagation model is considered 
accurate enough and simple to use for macrocellular 
systems [Lee, 1990a]. Since this model is a semi 
statistical model, the results are also considered 
statistical. The model is used to predict the field 
strength of the received signal Pr which can be 
expressed as 
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where fc is the carrier frequency, Po and η  are the 
parameters found from empirical measurements at a 
1.6 km point of interception , -64 dBm and -43.1 dBm  
respectively. 
 

In this paper, these were taken for an urban area 
(Newark, USA), where β  is the path loss exponent, 
d is distance in km from the transmitter, do is 1.6 km, 
and oα is the correction factor for a different set of 
conditions. 
 
2.1.2 Cost-231 Hata Model 
 
This model can distinguish between three different 
environmental types. The model is expressed in terms 
of the carrier frequency fc (in MHz), the base station 
antenna height hb (between 30 and 200 meters), the 
mobile station antenna height hm (between 1 and 10 
meters), and the distance d (between 1 and 20 km) 
between transmitter and receiver. The urban path loss 
LU is given as A + B log10 d,  for urban areas with 
some correction factors for suburban areas (LSU )= 
LU -15.11 and for open areas (LO) = LU - 30.23. The 
terms A and B are expressed as follows [6]: 
 

( ) ( ) ( ),log2.13log9.333.46 mbc hahfA −−+=  

( ),log55.69.44 bhB +=  
 
where a(hm) depends on the city type; for small and 
medium cities: 
 
( ) ( ) ( ),8.0log56.1*7.0log1.1 1010 −−−= cmcm fhfha

 
for large cities: 
 
( ) ,97.7))*75.11((log2.3 2

10 −= mm hha  
 
In our simulation, environment only large cities and 
urban areas is considered. 
 
2.1.3 Manhattan Model 
 
The line of sight path loss LLOS is defined using this 
model for the microcell scenario, for a distance d= 
300  [Holma and Toskala, 2000], 
 

300
log4082 10

dLLOS +=  

 From the previously described models, Table 1 
shows the derived path loss exponent and radius. 

Table 1:  Path loss exponents and cell radius. 

Propagation 
model 

Sth 
(dBm) 

Radius Path loss 
exponent 

Lee model 65 2.5 km 4.31 
Cost231-hata 115 780 m 3.0647 
manhattan 115 213 m 2.028 



2.2 Interference Models 
 
To simplify the analysis only first tier co-channel 
interference is taken into account. The desired user 
CIR is as follows, 
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Where dS (r) is the desired power level from the 

desired mobile at a distance r from its BS, iS  is the 
total received interfering power level from the ith  
interfering mobile at a distance ri from the desired 
mobiles BS, and  ni  is the number of active 
interferences, for the case of non-sectorized cellular 
systems  ni =6. 
 
 
3 AREA SPECTRAL EFFICIENCY 
 
The performance measure used in this paper is the 
area spectral efficiency, areaη , as defined by Alouini 
[Alouini and Goldsmith, 1999b] for FDMA/TDMA 
systems and is given by, 

∫ +=
R

R
rarea drrp

D 0
22 )()1(log4 γ

π
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where D is the reuse distance at which the frequency 
are reused, R0 corresponds to the closest distance the 
mobile can be from the BS antenna and R is the cell 
radius.  The average area spectral efficiency 

areaη measured in [bits/s/Hz/km2] is defined as the 
sum of the maximum average data rates/Hz/Unit area 
for the system derived from Shannon capacity,  
 

C=W log(1+CIR) 
 
where W is the total allocated bandwidth /cell [Lee, 
1990b]. 
 
It should be noted that as spectral efficiency increases 
the constellation lattice becomes denser, hence, 
detection at the receiver becomes more difficult and 
BER may rise significantly. For this reason, greater 
power transmission is needed in order to maintain a 
specific quality of service. The higher transmitted 
power would raise the interference level in the system, 
which suggests larger reuse distance. Therefore by 
letting the CIR obtained from the modulation scheme 

for a certain BER to determine the size of the cell, 
will lead to optimum results. 
  
In cellular systems, modulation has a significant 
impact on the system capacity. The capacity can be 
obtained by estimating for each required CIR level 
which is determined by the BER requirement. In this 
paper all the simulation is performed for a BER 
performance of 0.001, the required co-channel 
interference ratio is obtained by using Figure 1 .  
 
 

 
Figure 1: C/I  required to meet BER requirement 
for different M. 

 
The total bandwidth is determined from the following 
equation, 
 

β
α )1( +

= b
w

R
B  

where Rb is the bit rate, α is the excessive bandwidth 
often assumed 0.35 and β is the  bandwidth 
efficiency measured in bits/sec/Hz. 
 
With reference to the required signal to interference 
ratio, the six co-channel cells are moved towards the 
centre cell. The minimum reuse distance, D, 
corresponds to the point where the co-channel 
interference ratio is satisfied. 
 
Using the evaluated cell radius, R, the reuse distance 
is obtained by estimating for each required co-
channel interference level determined by the (BER) 
requirement. 
 
The optimal reuse distance is based on the worst case 
configuration, where ri=D-R. The simulated model 
also takes into account the effect of users’ random 
location in their respective cells, the impact of 
propagation parameters, cell size, and cell 
sectorization is also considered. The spectral 



efficiency is computed for the practical case where 
the user and the interferer are randomly allocated. 
 

4 ADAPTIVE MQAM AND DIVERSITY 

 
The radio channels in a wireless mobile 
communication system are affected by different types 
of fading (multipath, shadowing, etc), therefore, they 
will have negative effect on signals carried on these 
channels. 
 
To compensate for these channel impairments 
imposed by fading, adaptive modulation scheme is 
used. In adaptive MQAM, information about the 
channel conditions at the receiver is fed back to the 
transmitter so that it will adjust its transmitted 
modulation level (constellation size) accordingly. 
This channel information is usually acquired by using 
a pilot signal or inserting a training sequence into the 
stream of MQAM data symbol to extract the channel 
induced attenuation and phase shift [Alouini and 
Golsmith, 1999a].  
 
In this work, the adaptive rate fixed-power MQAM 
system is combined with a well-known diversity 
combining techniques. In particular we use the 
maximal ratio combining (MRC) and selection 
combining (SC) of the received signal. The former 
requires the M signals to be weighted proportionately 
to their CIR and then summed coherently. Perfect 
knowledge of the branch amplitudes and phase is 
assumed. The disadvantage of MRC is that it requires 
knowledge of the branch parameters and independent 
processing of each branch. The PDF of the received 
CIR at the output of a perfect M-branch MRC is 
derived in in [Alouini and Goldsmith, 2000] to be: 
        

MMmrc MeP γγγ
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In the SC technique only one of the M receivers 
having the highest baseband CIR is connected to the 
output. Unlike the MRC it does not require coherent 
reception. 
 
The PDF of the received CIR at the output of M-
branch is again derived in [Alouini and Goldsmith, 
2000] and it is given by: 
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Assuming perfect coherent detection, thus the only 
source of error is noise and interference from the 

channel BER is approximated by [Goldsmith and 
Chua, 1997] 
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where γ  is the CIR. 
 
For given CIR and assuming ideal Nyquist pulses the 
spectral efficiency of a continuous rate MQAM can 
be approximated by inverting Eqn.  5 giving; 
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2
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Where K= -ln (5BER) 
 
In practice the CIR is not fixed, it is rather fluctuating 
due to channel impairments. Therefore the area 
spectral efficiency is calculated by integrating the 
above equation over the distribution of CIR and 
substituting in Eqn. 2. In this case we integrate over 
MRC distribution function to yield the following: 
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 Where oγ = γ
K2
3

, and γ is the average received 

CIR.  
 
In the case of SC diversity, an alternative diversity 
combining technique, we integrate for a selection 
combining distribution function to yield the following 
approximation [Alouini and Goldsmith, 2000] 
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Where the binomial coefficient is given as, 
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Figure 4: Modulation and diversity effects on 
system capacity in microcell environment. 
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The results have shown a significant increase when 
using diversity combining technique; these will be 
shown in details in the following section. 
 
5 SIMULATION SETUP AND RESULTS 
 
In this section, the effects of the different propagation 
parameters, cell size and modulation level is 
computed on the spectral efficiency. 
 
Monte Carlo method is applied to determine the rates 
for the user. The user position is randomly picked and 
the CIR is evaluated accordingly. After 30,000 
repetitions, the average spectral efficiency is 
evaluated. In the case of MRC and SC diversity, 
number of branches assumed is 4.   
 
Figure 3-5 depicts the effect of MRC and SC 
diversity on macrocells and microcells.  For all cell 
sizes, the best performance can be seen using MRC 
diversity technique. It should also be noted that 
higher modulation level reduces the performance 
since they require higher CIR values. This will lead to 
larger sizes to mitigate the increased interference. 

 

 

 

 

 

 

 

 

 

 

 

 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
6 CONCLUSION 
 
Higher modulation and different antenna pattern 
using diversity were investigated using the developed 
capacity evaluation technique. In order, to improve 
system capacity, the factors, which are limiting the 
system performance, must be identified. It is also 
evident, that the best performance was obtained when 
a microcell is considered. Thus, the radius of the cell 
is inversely proportional to the spectral efficiency. 
 
In a microcell, the performance of M-QAM degrades 
as the level increases. Despite better bandwidth 
efficiency at higher level modulation, more power is 
needed to maintain energy to noise, Eb/No, ratio to 
achieve a fixed BER at the receiver. The increase in 
power will require larger cell sizes to mitigate the 
increased interference level, thus reducing the 
spectral efficiency of the system. Consequently, 4-
QAM=QPSK is the best modulation scheme to 
achieve high capacity, nonetheless if the modulation 
level is controlled according to the CIR very high 
spectral efficiency can be expected. MRC 
significantly increased the performance of the system 
when using M=4.  
 
In a macrocell, a higher level modulation scheme may 
be used to take advantage of higher transmitted power 
around the base site. A lower level modulation can be 
accommodated when the receiving power level is low. 
According to distance from the base station, different 
modulation schemes are adapted to site coverage, 
thus improving the system performance. 
 
Finally, the improvement on the factors mentioned in 
this paper and the investigation of different 

Figure 3: Modulation and diversity effects on 
system capacity in macrocell environment.

Figure 5: Modulation and diversity effects on 
system capacity in microcell environment.



parameters, results in an overall capacity 
improvement.  
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Abstract: A performance evaluation of a crossbar network is presented using discrete-time 
Markov chain (MC). Identical processors, totally synchronized with system clock and 
communicating through common memory modules. Simple MC models the behavior of each 
processor. We have developed state and output equations for discrete-time state space model. 
The transition probabilities of transition matrices are computed. The memory contention 
situation of the multiprocessor systems is considered. We show that the network is reliable for 
less then 100 processors. For network larger than 100 processors, a considerable degradation 
performance is observed which is due to contention. 

 
Keywords: Crossbar - Performance analysis - Markov chains – Multiprocessor systems. 
 
1- INTRODUCTION 
 
Generally in multiprocessing systems, the 
processors can communicate and cooperate at 
different levels in solving a given problem, i. e., by 
sending messages or by sharing memory. Parallel 
systems are said to be tightly coupled if there is 
many processor interactions via shared memory. 
The speed of the machine is restricted by the 
memory bandwidth and hence by the 
interconnection network (IN) topology, and an IN 
with a dynamic topology is required. ALICE 
[Harrison and Reeve, 1987], designed to execute 
functional languages in parallel [Fiel and Harrison, 
1988], and the NYU ultracomputer [Gottlieb et al, 
1983] are examples of tightly coupled 
multiprocessor systems. 
The performance studies of tightly coupled 
multiprocessor systems have generated a great 
interest [Marsan and Gerla, 1982]. The principle 
characteristic of a multiprocessor system is the 
ability of each processor to share a single main 
memory. The partitioning of main memory into 
several independent memory modules (MM), that 
can be in operation simultaneously, is known as 
memory interleaving. A memory system consisting 
of M memory modules (M-way interleaving) can be 
used to control severe performance degradation of 
the memory system. The interference occurs when 
two or more processors simultaneously attempt to 
access the same MM. 
The mathematical models used to evaluate this 
class of multiprocessor systems are based on 
discrete-time Markov chains. A limit on the use of 
Markovian models of complex computer systems 
comes from the fact that their direct construction is 

practically very difficult. Various approaches were 
examined [Skinner and Asher, 1969; Bhandarkar 
1975; Ran, 1979]. 
The number of states increases very rapidly with 
system size. The explosive growth is due to the 
detailed information that the state must record the 
exact status of the queues at each server in the 
system. MC approach has been very successful 
technique for modelling, analysis and design of 
various kinds of systems [Florin et al. 1991; 
Benazzouz and Farah, 1998]. 
In this correspondence we develop a discrete time 
MC model for crossbar multiprocessor systems. It 
is assumed that the processors share M-way 
interleaved memory and can access any MM 
through the network. The entire system is 
synchronized with a system clock whose time 
period is referred to as the system cycle. The 
operation of the system can be assumed as under. 
At the beginning of each system cycle the 
processors are permitted to make selections of a 
MM at random. In case more than one request is 
made to same MM, the information is supplied to 
one of the processors selected at random, and the 
remaining processors permitted to make a retry at 
the next cycle. The behavior of the processors is 
considered to be independent but statistically 
identical. The entire process is thus stochastic in 
nature, and permits us to use MC to represent the 
state transition behavior of the processors. Section 
II describes the multiprocessor system 
interconnects. A detailed description of the crossbar 
network is presented in this section. The proposed 
model and the mathematical approach were 
developed in section III and IV respectively. The 
paper concludes with section V. 



 

 
 2- MULTIPROCESSOR SYSTEM 
INTERCONNECTS 
 
Parallel processing demands the use of efficient 
system interconnect for fast communication among 
multiprocessors and shared memory, I/O, and 
peripheral devices. Hierarchical buses, crossbar 
switches, multistage and single stage networks are 
often used for this purpose. Switched networks 
provide dynamic interconnections between the 
processors and MM. Many classes of switched 
networks may be found in literature particularly the 
single stage interconnection network (SSIN) and 
multistage interconnection network (MIN) [El-
Reweni and Lewis, 1997]. The crossbar switch 
network is a SSIN, nonblocking permutation 
network.  
 
2.1- Crossbar Network 
 
Crossbar networks provide the highest bandwidth 
and interconnection capability. A crossbar network 
can be visualized as a single stage switch network. 
Each crosspoint switch can provide a dedicated 
connection path between a pair. The switch can be 
set on or off dynamically upon program demand. 
The crossbar switch network configuration is 
illustrated in Fig.1. To build a shared memory 
multiprocessor, one can use a crossbar network 
between the processors and MM (Fig.1). This is 
essentially a memory access network. The Cmmp 
multiprocessor[Wulf and Bell, 1972] has 
implemented a 16x16 crossbar network which 
connects 16 PDP 11 processors to 16 MM, each of 
which has a capacity of 1 million words of memory 
cells. The 16 MM can be accessed by at most 16 
processors simultaneously. A crossbar network is 
cost effective only for small multiprocessors with a 
few processors accessing a few MM. A single stage 
crossbar network is not expandable one it is built. 
All processors can send memory requests 
independently and asynchronously. This poses the 
problem of multiple requests destined for the same 
MM at the same time. In such cases, only one of the 
requests is serviced at a time.  
 
3- PROPOSED MODEL 
 
One set of characteristics of a system is the states of 
the system. If we know all possible states of the 
system, then the behaviour of the system is 
completely described by its states. A system may 
have finite or infinite number of states. Here, we 
are concerned with only finite state systems. 
Suppose X(t) describes the state of the system and 
has n values. That is, at a given time, X1(t), X2(t),… 
Xn(t) are the possible states of the system. Xi(t) 
could be demand access to the MM or a process 

with the private memory (PM) of the processor (a 
PM is an interne memory within the processor). 
The system will move from one state to another 
with some random fashion. That is, there is a 
probability attached to this. Let us suppose that p(t) 
represents the probability distribution over X(t) 
(note: X(t) and p(t) are vectors of size nx1) i.e. p1(t) 
is the probability of finding the system in state 
X1(t). In general, the predictive distribution for X(t) 
is quite complicated with p(t), being a function of 
all previous state variables X(t-1), X(t-2) and so on. 
However, if p(t) depends only upon the preceding 
state then the process is called Markov process.  
A Markov process is a mathematical model that 
describes, in probabilistic terms, the dynamic 
behavior of certain type of system over time. The 
change of state occurs only at the end of the time 
period and nothing happens during the time period 
chosen. Thus, a Markov process is a stochastic 
process which has the property that the probability 
of a transition from a given state pi(t) to a future 
state pj(t+1) is dependent only on the present state 
and not on the manner in which the current state 
was reached.       
The multiprocessor arrangement under 
consideration is shown in figure1. It consists of P 
processors and M memory modules interconnected 
through crossbar. Besides an M-way interleaved 
shared main memory, each processor has its own 
PM. 
Contention problem arises when a message is 
attempted to be written in (or read from) a common 
MM by more than one processors. In crossbar 
multiprocessor systems (Fig.1) two types of 
possible interference can occur;  
- When more than one processor attempts to access 
an idle MM at the same time. 
- When a processor attempts to access a busy MM, 
(the processor is executing in its PM).  
Due to this interference, a subset of processors 
might be blocked, thus giving degradation in the 
performance. The state space X(t) of a processor in 
crossbar system can be a P valued random variable, 
taking only 3 values as a column vector; 
 
            X(t) = [ X1(t), X2(t), X3(t) ]                    (1) 
 
X1(t) is the probability that the processor is in 
active state. It means that the processor is busy with 
its own private memory. 
X2(t) is the probability that the processor is in 
accessing state. 
X3(t) is the probability that the processor is queued 
at the required MM, due to nonavailability of MM. 
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Fig. 1 Interprocessor-memory crossbar network 
built in C.mmp multiprocessor at Carnagie Mellon 
University (1972).  
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Fig. 2. Markov chain for a single processor. 
 
For the sake of simplicity MC for the single 
processor is shown in Fig. 2 and can be coupled P 
times for P processors. The state transition behavior 
of each processor can be understood as follows. 
The processor stays in active state for time duration 
equal to its processing time. It will enter the state 
X2(t) (accessing state) only if MM is idle and no 
other processor is a candidate for that module. The 
processor stays in this state for a time equal to the 
memory access time (processor-memory connection 
time is assumed to be zero). From accessing state it 
can go back to the active state after completing the 
memory access. Processor enter the queued state if 
MM has more than one simultaneous request from 
other processors and one of those requests is 
successful in getting access to the MM. In this state 
the processor has to wait in the queue until memory 
is available and then it goes back to the active state. 
 
4- MATHEMATICAL APPROACH 
 
A vector Markov process can be represented by the 
help of the discrete time state equation [Stark and 
Woods, 1986] provided that the input r(t) is 
independent of previous state X(t-1). The state and 
output equations are; 
 
           X(t+1) = AX(t) + Br(t)                     (2) 

 
where X(t) and X(t+1) are the probabilities that the 
system lies in specified state of the processor 
during current system cycle and the next cycle 
respectively. 
The input probability vector r(t) can be represented 
as a B-valued random variable and can be 
considered as; 
                   r(t) = [ r1(t), r2(t) ]                          (3) 
 
where the probability r1(t) represents that the 
requesting MM is not available and r2(t) is the 
probability that the requesting MM is available. 
The probability of the successful request (requests 
for which MM is idle) can be considered as an 
output C(t) (which can be defined as P-valued 
random variable for the P processors) of the 
system. 
 
               C(t) = DX(t) + Er(t)                           (4) 
 
The matrices A, B, D, and E are of appropriate 
dimensions, and their components are the transition 
probabilities aij , bij , dij , and eij  respectively. These 
components are defined as follows; 
aij: the transition probability that the processor 
currently in state i goes to state j in the next system 
cycle. 
bij : the transition probability that MM are available 
for transition to next state. 
dij : the transition probability that the processor 
currently in any one of the states, active, accessing, 
queued, is successful to access requested MM in 
the next system cycle. 
eij : the transition probability that the successful 
request i in the next system cycle is effected by the 
input j. 
In order to calculate the transition probabilities 
following terms are introduced. The probability that 
a processor makes a request to access a particular 
MM at the beginning of a bus cycle is denoted by 
R. This is the probability of leaving states, active, 
and queued to access a particular MM. Therefore R 
is given by;  

                    )(1
31 gg

M
R +=                         (5) 

where gi is the probability of leaving state i at the 
beginning of a system cycle. As the states of the 
processors are represented by irreductible ergodic 
MC, the gi can be defined as the rate of leaving 

state i. Thus gi can be written as 
i

i
i T

K
g =   

where Ti is the average time in any one of the states 
which is at least one system cycle and Ki is the 
limiting probability of being in state i. The 
probability that the processor finds a MM busy at 
the beginning of a system cycle and is also not 



 

available in the next system cycle is denoted by BM 
and calculated as follows; 
 

               )(1
22 gK

M
PBM −
−

=                      (6) 

 
That means one of the (P-1) processors is accessing 
that MM and is not going to release it in the next 
system cycle. Where K2 is the probability that the 
processor is accessing MM and (K2-g2) is the 
probability that the processor is accessing and not 
going to release that MM in the next system cycle. 
The term α is the probability that the memory 
request initiated by a processor finds the MM idle. 
The probability that a processor will not request a 
particular MM is (1-R), the probability that none of 
the P processors requests that MM is (1-R)P, and 
therefore the probability that a particular MM is 
requested by at least one of the processors is S=1-
(1-R)P. The number of processors which request 
that MM at the beginning of the system cycle is PR. 
Then the value of α is given by; 

                    
PR
S

=α                                   (7) 

The transition probability matrix of the model is 
denoted as T and given as follows, 
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Using Eqs. 5, 6, and 7, Eqs. 2 and 3 can be written 
as follows; 
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 To solve these equations let’s suppose a discrete 
time as said earlier, which means that we have a 
stationary homogeneous MC, where the 
probabilities X1(t), X2(t), and X3(t) are independent 
of time. Therefore, we can say that; 
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We can consider the fundamental relation to this 
linear system that consists of the sum of the state 
probabilities which is equal to 1.  This relation is 
written as follows; 

 
       X1(t) + X2(t) + X3(t) = 1                        (10) 
 
Therefore, we can rewrite Eq.(8) by considering 
Eq.(9) and replacing one row by Eq.(10), thus we 
obtain the following expression, 
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We have developed an algorithm based on Gauss 
method to solve these equations. We calculate the 
probability states for one processor, then for P 
processors and try to see if these probabilities 
change as function of the number of processor. 
From fig. 3, we can conclude that these probability 
states X1(t),  X2(t) and X3(t) stay almost constant. 
This is a very important result to proof the validity 
of the method since we can generalize the approach 
to P processors.     
Two parameters were taken to evaluate the 
performance of a crossbar network. These 
parameters are the bandwidth (BW) and the 
probability of connection C(t). 
The crossbar model will be analyzed under the 
same assumptions given by Agrawal [Bhuyan and 
Agrawal, 1983] which are: 
1- The operation is synchronous; i.e., the messages 
begin and end simultaneously. 
2- Each processor generates a random and 
independent request. The requests are uniformly 
distributed over all the memory modules. 
3- At the beginning of a cycle, each processor 
generates a new request with a probability Pm. 
Thus is the average number of requests generated 
per cycle by each processor. 
4- The requests which are not accepted are ignored. 
The requests issued at a cycle are independent of 
the requests issued in the previous cycle. 
When the requests are random, it is possible for 
two or more processors to address the same 
memory module. Assumptions 1-4 are there to 
simplify the analysis. 
The bandwidth (BW) and the probability of 
acceptance (Pa) of MxP crossbar network are 
presented by Agrawal and adapted to the model. 
BW is defined as the expected number of memory 
requests accepted per cycle. The BW and the Pa of 
the proposed model are given as follows; 
 
                         BW = M - M (1 - C(t) / M) P   
 
where M is the number of MM and P is the number 
of processors. 
Pa defines the probability that a request will be 
accepted; 
                             Pa = BW/(C(t).P)  



 

Pa is defined as the ratio of the expected BW to the 
expected number of requests generated by cycle. 
 
5. RESULTS 
 
In this section, we present performance figures for 
a crossbar network in presence of contention. The 
simulation results are obtained from the proposed 
model where the number of processor is 500. 
Figures 3 shows the variation of the probability 
states of X1, X2 and X3. For processors  P ≤ 100, we 
obtain an increase sharp of the state probabilities of 
X1, whereby a decrease sharp of the state 
probabilities of X2 and X3 is observed. We can say 
that, for low processors, most of the state 
probabilities show that the processors are in the 
active states. They are busy with there private 
memories. Almost, with the same state 
probabilities, the processors are either in the 
accessing or in the queuing states. For processors 
P>100, the three state probabilities stay constant, 
X1=0.513, X2=0.258 and X3=0.229. It is clearly 
shown in Fig.3d. We believe that there exits a 
degradation in performance and the system saturate 
in this range of processors. In the range of 
memories M ≤ 100, a significant decrease of the 
probability of connection C(t) and probability of 
acceptance Pa are shown in Fig.5 and 6 
respectively. For M >100, the memories are 
continuously busy and the C(t) and Pa are small 
and stay almost constant. In this range of memories, 
the processors cannot access easily the memories. 
This causes a degradation performance which is 
due to the network size. 
 
6. CONCLUSION 
 
We have presented analytic model for blocking 
probability of crossbar network. The model is based 
on discrete-time MC under the assumption of 
random memory requests.  
We believe that, the proposed analytic model of the 
crossbar can be used to adapt analytic models for 
the blocking probability of any arbitrary multistage 
interconnection network. The concepts developed 
here can later on be used to study the behavior of 
complex multiprocessor systems to resolve the 
memory contention problems under other 
considerations. 
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Abstract: Multistage interconnection networks are frequently proposed as connections in multiprocessor systems or
network switches. In this paper, a new tool for stochastic simulation of such networks is presented. Simple crossbars
can be simulated as well as multistage interconnection networks that are arranged in multiple layers.
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1 Introduction

Multistage interconnection networks (MINs) with the
banyan property are proposed to connect a large num-
ber of processors to establish a multiprocessor system [1].
They are also used as interconnection networks in Gigabit
Ethernet [2] and ATM switches [3]. Such systems require
high performance of the network. MINs were first intro-
duced for circuit switching networks. To increase the per-
formance of a MIN, buffered MINs were established as
packet switching networks. For instance, Dias and Jump
[4] inserted a buffer at each input of the switching ele-
ments (SE). Patel [5] defined delta networks. Delta net-
works are a subset of banyan networks (MINs with just
one path between a given input and output). It is addition-
ally required that packets can use the same routing tag to
reach a certain network output independently of the input
at which they enter the network.

Many variations of delta networks were introduced.
Most of them result in MINs that lose the unique path
property (and therefore the delta property) in order to re-
duce blocking. Clos [6] presented a MIN consisting of
three stages and non-quadratic SEs. Turnaround MINs
[7] are established by bidirectional links between the SEs.
Network inputs and SE inputs operate also as outputs. Di-
lated banyan networks [8] arise by multiplying the links
between the SEs: the link bandwidth is enhanced. Repli-
cated banyan networks [8] originate from multiplying the
whole banyan network. Multilayer multistage intercon-
nection networks (MLMINs) are introduced to apply espe-
cially to multicast traffic. Those networks are established
similarly to replicated MINs but a new replication starts at
every network stage [9]. The network results in a grow-
ing number of layers from sources to destinations. Many
other kinds of MINs are known. A detailed description
can be found for instance in [3].

In this paper, a simulation tool for performance eval-
uation of MINs is presented. The tool is designed to in-
vestigate MINs with the delta property or with multiple
layers. Various design parameters can be examined con-
cerning network performance in terms of throughput and

delay. Network traffic and resource scheduling is mod-
elled by stochastic simulation.

The paper is organized as follows. The architecture of
MINs is described in Section 2. Section 3 applies to the
simulator features and shows how the simulator operates.
Some examples of results are given in Section 4. Section
5 summarizes and gives conclusions.

2 Architecture of MIN

Various architectures of multistage interconnection net-
works exist. This section presents those architectures that
can be modeled by the new simulator (called MINSimu-
late).

2.1 MIN with Banyan Property

Multistage interconnection networks with the banyan
property are networks where a unique path from an in-
put to an output exists. Such MINs of size N×N consist
of c×c switching elements with n = logc N stages. An
8×8 MIN consisting of 2×2 SEs is represented by Figure
1.

To achieve synchronously operating switches, the net-
work is internally clocked. In each stage k (0 ≤ k ≤ n−1)
of non-shared buffer networks, there is a FIFO buffer of
size mmax(k) in front of each switch input. The pack-
ets are routed by store and forward routing or cut-through
switching from a stage to its succeeding one by backpres-
sure mechanism.

Networks consisting of shared buffers are established
by replacing the c FIFO input buffers of size mmax(k) of
a c×c switch with one common buffer of size c · mmax(k)

[10]. This shared buffer is organized as follows: Each
switch input reserves sufficient buffer space to store at
least one packet in order to avoid the isolation of inputs
(see below). The remaining buffer space of c ·mmax(k)−c
packets is available to all inputs. Each input forms a FIFO
input queue of packets. If an input receives a new packet
from the previous stage that has to be stored, the input al-



locates buffer space of the commonly used buffer part if
available. If there is no further buffer available the packet
is blocked at the previous stage.

An input with a queue of more than one packet deallo-
cates buffer space if it sends a packet to the next network
stage. This space is returned to the pool of the commonly
available buffer space.

Guaranteeing at least one buffer space to each input
avoids that an input without any buffer cannot participate
in the switch routing process because it is not able to re-
ceive a packet that has to be forwarded. For instance, let
us assume that one of the inputs (hot spot input) receives
much more packets than the other ones. This input would
allocate up to all of the buffers. Packets of the previous
stage that are directed to the other inputs would be blocked
at the previous stage even if their final destination is differ-
ent from the first packet queued at the hot spot input. Only
the hot spot input would contribute to the switch traffic
and all other inputs would remain idle.

Multicasting is performed by copying the packets
within the c×c switches. In ATM context, this scheme
is called cell replication while routing (CRWR). Figure 1
shows such a scenario for an 8×8 MIN consisting of 2×2
SEs. A packet is received by Input 3 and destined to Out-
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Figure 1: Multicast while routing

put 5 and Output 7. The packet enters the network and
is not copied until it reaches the middle stage. Then, two
copies of the packet proceed on their way through the re-
maining stages.

Packet replication before routing in the above exam-
ple would copy the packet and send it twice into the net-
work. Therefore, packet replication while routing reduces
the amount of packets in the first stages.

Comparing the packet density in the stages in case of
replication while routing shows that the greater the stage
number, the higher is the amount of packets. In other
words: there are much more packets in the last stages due
to replication than in the first stages. The only exception
is if the traffic pattern results in such a destination distri-
bution that packet replication has to take place at the first
stage. Then, the amount of packets is equal in all stages.
But such a distribution is very unlikely, in general.

To set up multistage interconnection networks that are

appropriate for multicasting, the previously mentioned
different traffic densities of the stages must be considered.
MLMINs, which are described later in this section, be-
long to this kind of networks. Their roots are in replicated
MINs.

2.2 Replicated MIN

Replicated MINs enlarge regular multistage interconnec-
tion networks by replicating them L times. The resulting
MINs are arranged in L layers. Corresponding input ports
are connected as well as corresponding output ports. Fig-
ure 2 shows the architecture of an 8 × 8 replicated MIN
consisting of two layers in a three-dimensional view. Such
a concept was introduced by Kruskal and Snir [8]. Packets
are received by the inputs of the network and distributed
to the layers. Layers may be chosen at random, by round
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Figure 2: Replicated multistage interconnection network
(L = 2, 3D view)

robin, dependent on layer loads, or any other scheduling
algorithm. The distribution is performed by a 1:L demul-
tiplexer.

At each network output, an L:1 multiplexer collects
the packets from the corresponding layer outputs and for-
wards them to the network output. Two different output
schemes are distinguished: single acceptance (SA) and
multiple acceptance (MA). Single acceptance means that
just one packet is accepted by the network output per clock
cycle. If there are packets in more than one correspond-
ing layer output, one of them is chosen. All others are
blocked at the last stage of their layer. The multiplexer de-
cides according to its scheduling algorithm which packet
to choose.

Multiple acceptance means that more than one packet
may be accepted by the network output per clock cycle.
Either all packets are accepted or just an upper limit R.
If an upper limit is given, R packets are chosen to be for-
warded to the network output and all others are blocked at
the last stage of their layer. As a result, single acceptance
is a special case of multiple acceptance with R = 1.

In contrast to regular multistage interconnection net-
works, replicated MINs may cause out of order packet se-
quences. Sending packets belonging to the same connec-
tion to the same layer avoids destruction of packet order.

2.3 Multilayer MIN

Multilayer multistage interconnection networks
(MLMINs) consider the multicast traffic character-



istics. As mentioned above, the amount of packets
increases from stage to stage due to packet replication.
Thus, more switching power is needed in the last stages
compared to the first stages of a network.

To supply the network with the required switching
power, MLMIN structure increases the number of layers
in each stage. The factor with which the number of lay-
ers is increased is called growth factor G F (GF ∈

�
\{0}).

Figure 3 shows an 8 × 8 MLMIN (3 stages) with growth
factor G F = 2 in lateral view. That means the number of

Inputs Outputs

Stage 1 Stage 2Stage 0

Figure 3: Multilayer multistage interconnection network
(GF = 2)

layers is doubled each stage and each switching element
has twice as much outputs as inputs. Consider for instance
that 2 × 2 SEs are used. Such an architecture ensures
that even in case of two broadcast packets at the inputs all
packets can be sent to the outputs (if there is buffer space
available at the succeeding stage). On the other hand, un-
necessary layer replications in the first stages are avoided.

Choosing G F = c ensures that no internal blocking
occurs in an SE, even if all SE inputs broadcast their pack-
ets to all SE outputs. Nevertheless, blocking may still oc-
cur at the network output depending on R.

A drawback of MLMIN architecture arises from the
exponentially growing number of layers for each further
stage. The more network inputs are established, the more
stages and the more layers result. To limit the number of
layers and therefore the amount of hardware, two options
are available: starting the replication in a more rear stage
and/or stopping further layer replication if a given number
of layers is reached.

The first option is demonstrated in Figure 4 in lateral
view. The example presents an 8 × 8 MLMIN in which
replication does not start before Stage 2 (last stage) with
GF = 2. A 3D view is given in Figure 5. The stage num-
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Figure 4: MLMIN in which replication starts at Stage 2
(lateral view)

ber in which replication starts is defined by G S (GS ∈
�

).
Figures 4 and 5 introduce a MLMIN with G S = 2. Of
course, moving the start of layer replications some stages
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Figure 5: MLMIN in which replication starts at Stage 2
(3D view)

to the rear not just reduces the number of layers. It also re-
duces the network performance due to less SEs and there-
fore less paths through the network.

Stopping further layer replication if a given number
GL of layers is reached also reduces the network complex-
ity (G L ∈

�
\{0}). It prevents exponential growth beyond

resonable limits in case of large networks. Figure 6 shows
such an MLMIN with limited number of layers in lateral
view. 3D view is presented in Figure 7. The number of
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Figure 6: MLMIN with limited number of layers (lateral
view)
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Figure 7: MLMIN with limited number of layers (3D
view)

layers of this 8×8 MLMIN is limited to an upper number
of G L = 2. Layers are replicated with a growth factor of
GF = 2. As in the previous option, the reduced amount
of SEs decreases network performance as well.

Both presented options can be combined to reduce net-
work complexity further. Such a network is determined by
parameters GS (start of replication), G F (growth factor),
and G L (layer limit). For instance, Figure 7 shows an
MLMIN with GS = 1, G F = 2, and G L = 2.

Regular MINs and replicated MINs can be considered
as special cases of MLMINs. Regular MINs are equiv-
alent to MLMINs with G F = 1. In this case, GS and
GL have no effect. Replicated MINs are equivalent to
MLMINs with GS = 0, G F = L, and G L = L.



3 Simulator MINSimulate

The new simulator presented in this paper is called MIN-
Simulate. It is designed to model MINs with the banyan
property, replicated MINs, and MLMINs, as well as sim-
ple crossbar switches.

3.1 Features

Stochastic simulation is performed by C++ code. Accord-
ing to the network parameters given by the user, the net-
work is first established. It is represented as a directed
graph starting at the sources (network inputs) and end-
ing at the destinations (network outputs). The simulator is
packet based. Packets are generated at the sources. Each
packet is provided with a tag determining its destination.
Due to multicasting this tag is modeled by a vector of N
binary elements, each representing a network output. The
elements of the desired outputs are set to “true”. If the
packet arrives at a c×c switch, the tag is divided into c
subtags of equal size. Each subtag belongs to one switch
output, the first (lower indices) subtag to the first output,
etc. If a subtag contains at least one “true” value a copy of
the packet is sent to the corresponding output containing
the subtag as the new tag.

To keep the amount of allocated memory as small as
possible, just a representation of the packets, referred to
as containers, is routed along the network paths. These
containers are replaced by the actual packets at the net-
work outputs allowing evaluations. Figure 8 gives a short
sketch of the simulation model. So called Contain-
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Figure 8: Sketch of the simulation model

erMultiputs (CM) receive the containers and store
them in the queues. At the first network stage, First-
ContainerMultiputs (FCM) additionally perform
the replacement of the packets by containers. So called
ContainerOutputs (CO) send the containers to the
next network stage. At the last stage, LastContainer-
Outputs (LCO) additionally replace the containers by
the corresponding packets. Each operation of a switch is
controlled by its Crossbar Manager. The clocks per-
form the sequencing of the parallel actions due to com-
puter simulation.

Confidence level and relative error of simulation re-
sults is observed by the toolkit Akaroa. The simulation is
stopped when those termination criteria are met. Akaroa
is developed at the University of Canterbury, New Zealand
[11].

3.2 Graphical User Interface

The network to be evaluated is determined by the user
via a graphical user interface (GUI). Figure 9 shows the
main tab to settle simulation parameters. A short sketch

Figure 9: Main tab of MINSimulate

of the parameters and their available settings is given be-
low. They are described in more detail in [12].

First, it can be chosen whether to simulate single
crossbars or MINs. If crossbars are chosen the number
of inputs can be defined. If MINs are chosen two of the
three parameters according to equation n = logc N must
be set by the user. The third one is determined by the
GUI. Input buffers can be chosen as shared ones (with a
minimum size and maximum size for each crossbar in-
put, as well as the overall buffer size of a crossbar) or as



non-shared ones (with the size per crossbar input). Tab
Special Buffer Configuration allows individ-
ual buffer settings for each stage.

The global address destination distribution of packets
entering the network can also be varied. The most im-
portant patterns are onl1 (only unicast; all targets are
with equal probability a packet’s destination), N over
K (multicast; all target combinations are with equal proba-
bility a packet’s destination), Ufun (multicast with many
unicasts and many broadcasts), and onlN (only broad-
cast). If single sources are desired to produce deviat-
ing address distributions, tab Non-uniform Traffic
helps.

When choosing the routing algorithm the following
packet switching schemes are available: store and for-
ward routing, cut-through switching, or wormhole rout-
ing. Multicast in case of wormhole routing usually suffers
from deadlocks. The wormhole routing algorithm of MIN-
Simulate avoids deadlocks by grouping appropriate parts
of the network [13]. Wormhole routing requires dividing
the packets into flits. The number of flits per packet is also
a parameter for the simulation.

The kind of multicast can be set to complete multi-
cast, partial multicast, or a two phase version of both. A
further parameter represents the offered load to each net-
work input. The last parameter in the main tab determines
whether to observe measures transiently instead of observ-
ing the steady state. In case of transient simulation, the
number of clock cycles to simulate can be fixed.

Tab Multilayer allows to configure MLMINs as
presented in Section 2.3. Choosing constant number
of layers refers to replicated MINs.

Instead of simulating a particular network configura-
tion, a parameter can be varied to deal with parameter de-
pendent results. In tab Simulation Series, the pa-
rameter to vary is chosen. A start value, end value, and
step size determines the variation. If desired, step size can
be changed once in the parameter interval.

Performance measures are chosen via tab Output.
Most important ones are throughput, delay times, and
queue lengths. A histogram of delay times within an in-
terval is also available. Deadlines can be added to packets
and packets that exceed their deadline are then removed.
In such scenario packet loss results as a measure.

Akaroa parameters to determine confidence level and
relative error of results are set in tab Akaroa.

4 Example

To present an example of the results obtainable using
MINSimulate the following evaluation will be performed:
Given the task to design a multistage interconnection net-
work of size N = 64, how will the network’s performance
be affected by the choice of the switching element size c?

Simulations are run for MINs composed of 2 × 2 and
4 × 4 SEs. This example’s simulations were performed
using an accuracy of 0.02 and a confidence level of 98%.

The size of the buffer in front of each SE (non-shared

buffering) is set to mmax(k) = 2 for all stages k. Routing
is performed according to a store and forward scheme.

The MINs to be evaluated are being offered multicast
traffic governed by multicast traffic pattern N over K, that
is, all possible combinations of target ports have an equal
probability of being a packet’s destination. Packets are
offered to the network at a constant (time-independent)
rate.

Figure 10 shows the output throughput for both net-
work configurations. There is little to no difference in
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Figure 10: Throughput at the network’s outputs

throughput performance between MINs based on 2 × 2
and 4 × 4 SEs. When the offered load rises above ap-
prox. 0.02 (average number of offered packets per input
and clock cycle) the network begins to saturate: Due to the
multiplication of packets inside the SEs, queues build up
and by the aforementioned backpressure mechanism the
actual input throughput is limited to about 0.02 as well.
I. e., in saturation there are less packets accepted by the
MIN than are being generated and ready to be sent.

0

20

40

60

80

100

120

140

160

180

0.001 0.01 0.1 1

m
ea

n 
de

la
y

offered load

c=2, n=6
c=4, n=3

Figure 11: Mean packet delay times



When looking at the average time it takes a packet to
reach its destination, differences between the two network
configurations become apparent (Figure 11). In case of
store and forward routing the minimum amount of time re-
quired to traverse the MIN is equal to the number of stages
in the network (3 and 6, respectively). Of course, this re-
quires that the packet is not being delayed even a single
time. With rising offered load the number of conflicts be-
tween packets increases and buffers in front of the switch-
ing elements fill up. Thus, for an offered load greater than
approx. 0.02 the mean delay time rises considerably. In
case of an unlimited buffer space mmax(k) the delay times
would grow beyond limit, similar to an unstable queuing
system.

The most apparent difference between the two MIN
configurations is the lower mean delay of the 4 × 4-based
one in saturation (offered load > 0.02): 80–90 opposed to
120–140 clock cycles for the 2×2-configuration. Because
of the lower number of stages there occur less conflicts
between packets, resulting in an overall lower delay. In
addition, the slope of the curve in the area of 0.02 to 0.07
is less steep for the MIN consisting of only 3 stages.

To conclude this example, if achieving low packet de-
lay times was an issue in designing a MIN, one would opt
for 4 × 4 switching elements (if the additional cost would
be acceptable), although throughput would not benefit.

5 Conclusion

This paper presents the tool MINSimulate for stochas-
tic simulation of multistage interconnection networks
(MINs). Due to the tool’s GUI support the wide variety
of simulation parameters is easily accessible to the user.

MINSimulate is able to simulate simple (i. e. fully
meshed) crossbars, multistage interconnection networks
(MINs) with the delta property, and MINs that are ar-
ranged in multiple layers. Within each network architec-
ture, simulations can be performed using a wide variety
of input parameters such as offered load, multicast traf-
fic pattern, routing scheme or (internal) buffer configura-
tion. The simulations yield performance measures such as
throughput, mean delay, delay time distributions or mean
buffer queue lengths in individual network stages. During
simulation, all data is evaluated according to pre-set lev-
els of confidence and accuracy using the statistical library
Akaroa[11].

Transient network behavior can also be evaluated with
MINSimulate, this is useful for studies of the fine grain
time-dependent performance, especially when observing
traffic that changes with time.

The presented tool allows for evaluating various net-
work configurations under different traffic conditions.
Therefore, one can easily establish knowledge whether a
particular network design suits a task at hand.

Currently, MINSimulate is extended in the way that
also non-delta networks can be simulated. As a first step,
Clos networks and turnaround MINs are incorporated.
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AbstractSubstantial work has applied stochastic techniques to network reliability models. These techniques can estimaterisk,
varianceanduncertaintyvalues. Unfortunately, these models do not address the issues of revenues, return on investment, or
the time-value of money. To address these issues, we have developed an Economic Reliability Analysis [ERA] framework at
the University of Virginia that fuses reliability engineering methods with economic analysis. We combine theERA framework
with stochastic techniques to evaluate a simple network and a proposed network upgrade. We simulate key availability and
financial elements of both networks and apply theERAframework to these elements. These results are compared with full path
enumeration results of the same networks. This analysis provides a richer, more complete method to apply stochastic network
techniques to operational network upgrades.

Index TermsStochastic network models, Reliability and maintenance models, Stochastic simulation.

I. INTRODUCTION

Consider the following scenario. A company has a network that
provides the basis for its revenue. The company must choose
whether to maintain the status quo or modify the network to
gain a new revenue stream. The company only has resources
to choose one of these projects. The question is,which project
should be implemented. The general problem, simply stated
is: ”How do you profitably operate, maintain and evolve a
dependable operational network?”This general problem can
be addressed by a set of smaller, more directed questions. These
questions are:

1) What is the economic effect of developing and imple-
menting a network change?

2) What is the economic improvement associated with im-
proving network reliability?

3) When do the costs of improving network availability
exceed its expected benefits?

4) How reliable must a new network be before it becomes
operational?

These questions can be difficult to answer. Most organiza-
tions have several different types of network components in
a network, each with different associated reliability and repair
cost data. In addition, differentuser-orientedmeasurements for
availability and their economic impact must be understood.
As such, these two costs associated with a network failure
(network component repair costand, lost revenue associated
with a network failure) must be considered when modeling the
economic impact of network repairs.

This article aims to extend the network reliability model tech-
niques with an Economic Reliability Analysis (ERA) framework
developed at the University of Virginia [7] and apply it to an
operational network system.

The motivation for writing this paper is threefold. First, we want
to address the dilemma of picking a project that will affect the
reliability and economics of anoperationalnetwork system. We
also want to extend the framework to provide some estimates
of risk andconfidencethat can be provided from the inclusion
of stochastic modeling techniques. Finally, we want to illustrate
the power and usefulness that simulation techniques can provide
to practical business and engineering decisions.

II. RELATED WORK

Several research groups have investigated the relationship be-
tween reliability and economic value. Current literature indi-
cates this relationship has taken several directions.

Research at British Telecom, [8], [1], [9] focused on modeling
repair costs of their own telecommunications network. This
directed research aimed at predicting expected costs without
providing any structural insight into controlling these costs.
Their system was a very large, distributed network, where
the principal issue was the rapid detection, identification and
restoral of telephone service outages. Network design or new
service offerings were not considered.

Economic models have been proposed to deal with the produc-
tion and distribution of electrical power in which the reliability
of the power grid, electrical production and distribution costs
along with macroeconomic models are considered [10], [11],
[12]. Yoon and Ilic̀ treat electrical power as a commodity and
propose a new business model for this industry. Their research
aims to improve delivery of electrical power to consumers with
greater economic efficiency.

Mitchell and Gelles [4] describe a framework for risk-value
models. Research in Markov reward models [3], Petri net
models [2], advanced Monte-Carlo simulation procedures [5],



and rare event simulation [6] provide insights into the use of
stochastic techniques to estimate network reliability.

Current approaches do not adequately describe the monetary
benefits (i.e.revenues) associated withoperationalnetworks
or the time-value of money. Inclusion of these concepts can
produce a better understanding of the economicworth of a
reliableoperationalnetwork.

In [7], Stoker and Dugan define an Economic Reliability Anal-
ysis methodology to evaluate the economic worth of a reliable
network. The general strategy behind theERAframework is to
collect and useavailability andfinancial data about a system
from within an organization rather than build”yet another
reliability/financial model.” The ERA framework provides a
means to determine howchangesin component reliability,
service pricing, and component/task dependencies influence
systemavailability, return on investments, anddesign.

Step Function
1� Determine the duration, size and scope of the analysis.
2� Build network reliability models for all design choices.
3� Map network reliability information into

component and task failure data.
4� Calculate revenue vectors for all design choices.
5� Calculate lost revenue vectors for all design choices.
6� Calculate recurring cost vectors for all design choices.
7� Calculate other cost vectors for all design choices.
8� Calculate capital cost vectors for all design choices.
9� Calculate [ERV] for all design choices.

10� Analyze and interpret results of evaluation.

TABLE I

ERAFRAMEWORK ALGORITHM

Table I provides a summary of the operational set of processes
performed by theERA framework. These processes will be
illustrated in the following example.

III. STOCHASTIC RELIABILITY EXAMPLE

Economic and reliability processes will be simulated using
stochasticmethods, sampled and evaluated with theERAframe-
work. The results of this simulation will be compared to results
usingdeterministicmethods. See [7] for a complete description
of the Economic Framework, network solutions and exact re-
sults. These simple simulations will allow us to easily compare
the impact ofuncertaintyon expected systemreliability and
economic worth. In addition, these simulations will provide
an expected range of parametric values for both networks. Fi-
nally, comparisons that account for normal variances between
networks can be made.
Figure 1 shows a current network (Network A) and a pro-
posed network (Network B). The proposed change will be to
add a node and move two links (A3 andA6) to connect between
Nodess andt. Network B is morereliable thanNetwork A,
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Fig. 1. Example Networks

assuming that only edges fail and that edge reliability metrics
are identical in both Networks.

IV. QUESTIONS TO ANSWER

Stochastic network reliability models can provideconfidence
intervals on reliability parameters by simulating when com-
ponents components fail and repair rates. These models also
allow one to examine the impact ofuncertaintyon network
availability. Both of these elements can significantly alter net-
work design choices. Below are a set of questions that can be
answered using a stochastic network model.

1) What is the range of expected availability for a given
network?

2) What is the range of expectedEconomic Reliability Val-
uesfor a given network?

3) What is the impact ofuncertaintyon expected network
availability?

4) What is the impact ofuncertaintyon networkEconomic
Reliability Value?

5) How does component reliabilityvariancesaffect net-
work availability?

6) How does component reliabilityvariancesaffect net-
work Economic Reliability Value?

A. Model Assumptions

1) ANetA � $1500 andANetB � $1550.
2) Network failure cost is $100 per failure. Network failure

duration is 2 hours.
3) Edge MTTR is 2 hours, edge availability is .99, average

edge repair cost is $10/repair and the average edge repair
rate is $0/hour for all edge repairs and applies to both
networks.

4) FNetA � $0 andFNetB � $10.
5) GNetB � $1000 for the initial time period else,GNetB �

$0. GNetA � $0.
6) Discount rate process (DR ) is 1% per month for the

duration of the analysis.
7) Investment period is 24 months.This is used to limit the

size of the economicvectors.
8) All revenues and expenses are estimated on a monthly

basis.
9) Only edges fail.Nodes do not fail.



10) All edges fail identically and independently in all time
periods.

11) The analysis only deals with the two-terminal (s - t)
network availability.

12) Performance failures and costs are ignored in this anal-
ysis.This limits the size and complexity of the analysis.

B. Uncertainty

We will now adduncertaintyto stochastic model assumptions
(1,2 and 3) by incorporatingstochasticrather thandetermin-
istic revenue, cost, and component failure functions. We will
also assume that all network failures in both networks are
detected and solved. Revenueuncertainty is usually treated
as receivingless than expected (or contracted) payments for
services. Typically, accountants will assign a ’reserve’ for bad
credit extended to customers. It is important to model revenue
stochastically rather than as a weighted average to account
for the time valueof the revenue vector. The same reasoning
applies to modeling network and component costs.

1) ANetA �$1500 occurs with a probability of 0.95;ANetA �

$1300 occurs with a probability of 0.05 of the time when
one or more customers do not pay. This amounts to a
$200 loss of revenue in the month that it occurs.ANetB �

$1550 occurs with a probability of 0.95;ANetB � $1300
occurs with a probability of 0.05 of the time when one
or more customers do not pay. This amounts to a $250
loss of revenue in the month that it occurs.

2) The network failure cost function forNetA and NetB
exhibits auniform pdfbetween $75 per failure and $125
per failure with an average of $100 per failure. The
networkMTBF function has auniform pdfbetween 5667
hours per failure and 7667 hours per failure with an
average of 6667 hours per failure.

3) The component failure cost function forNetA exhibits
a uniform pdfbetween $5 per failure and $15 per fail-
ure with an average of $10 per failure. The component
MTBF function has auniform pdf between 168 hours
per failure and 228 hours per failure with an average of
198 hours per failure.

V. QUESTIONS ANSWERED

A simulation was run on both networks using the assump-
tions described above. The simulation consisted of 10,000 runs
for each month for both networks. Minimum, mean, median,
and maximum along with the 5th and 95th quantile values
for revenues, lost revenuesand component repair costswere
captured. TheERVs for both networks were also solved using
full path enumerationto get adeterministicset of values. This
analysis is used to answer the questions raised earlier.

1. What is the range of expected availability for a given
network?

Monthly availability for NetworkA ranges from a minimum
of 0�9962 in month3 to a maximum of 0�9983 in month4
with an average of 0�9970 over the 24 month duration. These
values compare with the exact monthly availability value for
NetworkA of 0�9997. The monthly availability for NetworkB
ranges from a minimum of 0�9996 in months0�11�21 to a max-
imum of 1�0 in months15�17�22 with an average of 0�9998 over
the 24 month duration. These values compare with the exact
monthly availability value for NetworkB of 0�99998.

2. What is the range of expectedEconomic Reliability Val-
uesfor a given network?

Table II compares the exact and stochasticERVs for both
networks over a 24 month period. The first observation to note
is that, for the duration of the analysis, the stochasticNetwork
A model always has a greaterERV than stochasticNetwork B
model. This is a different result than is obtained from solving
ananalyticmodel. Theanalyticchoice over a 24 month period
is Network B.

Time Analytic Analytic Stochastic Stochastic
NetA NetB NetA NetB

0 1196�91 247�36 1184�58 221�13
1 2381�97 1482�37 2357�69 1430�95
2 3555�29 2705�15 3518�68 2627�69
3 4717�00 3915�82 4668�45 3812�46
4 5867�20 5114�51 5806�76 4986�87
5 7006�02 6301�33 6932�82 6149�30
6 8133�56 7476�40 8049�11 7300�59
7 9249�94 8639�83 9153�63 8440�15
8 10355�26 9791�75 10247�23 9569�16
9 11449�64 10932�26 11330�45 10686�28

10 12533�19 12061�48 12402�32 11791�63
11 13606�01 13179�52 13463�29 12886�36
12 14668�20 14286�48 14514�58 13970�91
13 15719�88 15382�49 15555�11 15043�87
14 16761�14 16467�65 16585�21 16106�32
15 17792�10 17542�06 17605�11 17158�98
16 18812�85 18605�84 18615�53 18200�40
17 19823�49 19659�08 19615�43 19232�11
18 20824�13 20701�89 20606�20 20254�02
19 21814�86 21734�38 21587�05 21264�86
20 22795�77 22756�65 22557�30 22265�48
21 23766�98 23768�79 23518�55 23256�84
22 24728�57 24770�92 24470�17 24238�40
23 25680�64 25763�12 25411�69 25210�39

TABLE II

ANALYTIC / STOCHASTICERV TABLE

The discrepancies between thestochasticandanalyticmodels
occur in therevenues. They are lower in thestochasticmodels
and most notably in the network costs which are higher in the
stochasticmodels. These differences disappear as onenarrows
the range of the costs and theMTBFvalues to theaverage. The
net result shows the difference in theanalytic ERVs decreases
more quickly than thestochastic ERVs.

3. What is the impact ofuncertaintyon expected network
availability?



Allowing uncertaintyinto availability calculations (in the form
of a probablistic function for component MTBF), produced a
slightly lower average network availability over the two year
forecast for both networks (see Table III). The proportional
error difference for the expected network availability of these
networks is 0�27% for NetworkA and 0�019% forNetworkB.

Network Min. Avg. Exact Max.
Avail. Avail. Avail. Avail.

NetA 0�9962 0�9970 0�9997 0�9983
NetB �9996 �9998 �99998 1�0

TABLE III

AVAILABILITY COMPARISONTABLE

4. What is the impact ofuncertaintyon networkEconomic
Reliability Value?

Uncertainty has a slightly greater impact on the economic
elements that form theERVthan it has on network availability.
This is due in part to the asymmetric nature ofuncertainty
leading tolower revenueandhigher failure costs. This impact
can be seen in Table IV.

Month Min. 5th Q Mean Median 95th Q Max.
Annuity Annuity Annuity Annuity Annuity Annuity

0 952.06 1111.67 1184.58 1190.69 1244.94 1301.74
1 930.11 1113.39 1184.84 1190.60 1245.50 1319.61
2 942.99 1113.84 1184.32 1190.07 1244.95 1305.40
3 949.17 1116.69 1184.60 1190.40 1245.31 1298.22
4 950.34 1113.21 1184.53 1190.67 1244.99 1299.44
5 962.09 1109.98 1183.50 1189.80 1244.26 1296.89
6 960.24 1119.12 1184.97 1190.05 1245.41 1299.84
7 966.44 1110.77 1184.19 1190.15 1246.20 1312.84
8 948.55 1107.64 1184.21 1190.02 1244.21 1301.29
9 946.44 1109.43 1184.70 1190.24 1244.93 1300.53
10 921.13 1108.02 1184.02 1190.19 1245.17 1296.77
11 943.77 1112.36 1183.69 1190.00 1245.15 1312.01
12 960.12 1111.44 1184.62 1191.04 1244.83 1323.03
13 944.08 1111.83 1184.22 1189.78 1244.07 1301.74
14 949.72 1106.15 1184.07 1190.03 1244.66 1308.01
15 949.22 1111.66 1184.07 1190.28 1245.47 1302.65
16 893.83 1114.04 1184.80 1190.36 1245.06 1300.81
17 949.10 1108.18 1184.18 1189.74 1245.72 1313.72
18 946.72 1110.85 1185.11 1191.04 1244.79 1302.16
19 929.60 1112.14 1184.97 1191.39 1245.68 1309.00
20 925.56 1103.78 1183.88 1190.40 1245.17 1310.42
21 940.28 1114.16 1184.64 1190.44 1244.48 1300.13
22 953.94 1114.66 1184.49 1189.93 1243.06 1299.00
23 948.04 1106.08 1183.64 1189.77 1243.49 1302.75

Average 944.31 1111.30 1184.37 1190.30 1244.90 1304.92

TABLE IV

NETWORKA MONTHLY ANNUITY METRICSTABLE

The exact monthlyannuity for NetworkA is 1193�96. The
percentage error for the median stochastic annuity and the
exact annuity is 0�31%, which compares with the relative net-
work availability error of 0�27%. The percentage error of the
expected stochasticERV from the expected closed formERV
is 0�32% for NetworkA and 0�89% for NetworkB. Figure 2
plots the relativeERVerror for both networks over time. The
comparatively large relative error in NetworkB in the first
month is caused by the small size of NetworkB ERV in the
first month.

VI. SUMMARY AND CONCLUSIONS
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Fig. 2. NetworkA & NetworkB relative error over time

Stochastic reliability techniques have long been used to esti-
mate network availability. Even simple stochastic models of
networks can provide reasonable estimates of both economic
efficiency and network availability with greater behavioral re-
alism than comparable analytical methods. We have applied
these techniques to estimate the expected economic impact of
network and component availability and validated the results
against a closed form solution.

The initial results are encouraging. We have taken ourEco-
nomic Reliability Analysisframework and incorporated stochas-
tic methods into it with satisfactory results. Further research
and application is planned. Current plans are to apply the
methods described in this paper to an operational network.
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APPENDIX

Symbol Definition
BPR Business Process Re-engineering
DCF Discounted Cash Flow
ERA Economic Reliability Analysis
ERV Economic Reliability Value
NPV Net Present Value

A Revenue process as a function of network
design and finance

�A Revenue vector produced by A
B Lost revenue process as a function of network failure
�B Lost revenue vector produced by B

�T F n Taskn failure vector
�T Cn Taskn repair cost per failure vector
�PF n Processn failure vector
�PCn Processn repair cost per failure vector

C Lost revenue process as a function of QoS failure
�C Lost revenue vector produced by C

LR Lost revenue process: B�C
�LR Lost revenue vector: �B��C
D Component repair cost process as a function

of network failures
�D Component repair cost produced by D
E Component repair cost process as a

function of QoS failures
�E Component repair cost vector produced by E
F Other recurring cost process based on

normal network operations
�F Other recurring cost vector produced by F

OC Other recurring cost process unrelated to
normal network operations

�OC Other recurring cost vector produced by OC
R C Recurring Cost process: D�E �F �OC
�R C Recurring cost vector: �D��E� �F� �OC
G Capital cost process as a function of
G network design and finance
�G Capital cost vector produced by G
H Annuity process as a function of reliability
�H Annuity vector produced by H

DR Discount rate process
�DR Discount rate vector produced by DR
EC ERV Contribution process
�EC ERV Contribution vector produced by EC

TABLE V

NOTATION
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Abstract: A Monte Carlo dispersion analysis has been completed on a medium range solid propellant rocket 
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INTRODUCTION: 
 
If all characteristics of a rocket, together with 
atmospheric conditions are exactly equal to a set of 
predicted values, the rocket will fly on a known 
trajectory and hits a target point. This trajectory is 
called nominal trajectory. In practice, there are 
always some differences between the real and 
predicted values. These are mainly due to 
manufacturing, measurement and atmospheric 
modeling errors. These differences make the rocket 
not to fly exactly on its nominal trajectory, and to hit 
a target. Therefore, there are always some errors 
between the positions of a desired and a real impact 
point. Estimation of these errors is very important 
from the operational point of view. Also, 
investigation of the error sources and their effects 
can help a rocket designer to optimize design 
parameters for the lowest impact point error. 
 
In this study, a Monte Carlo dispersion analysis has 
been completed on flight simulation software of a 
rocket to investigate its impact point error. The 
rocket is a solid propellant medium range type with 
320-km range, 9-m length, 0.5-m diameter and a 
maximum weight of 3500 kg. Four cross type 
stabilizer fins and a spin motor provide the rocket 
static stability. The rocket six-degree-of-freedom 
simulation was used to repeatedly fly a near nominal 
trajectory. This simulation software has been 
developed based on the rotating earth equations of 
motion. It has many components such as, 
aerodynamics, mass properties, equations of motion, 
atmospheric model, wind model at different altitudes 
and a gravity model. No intervention was required to 
simulate a complete trajectory because there is no 

control on a rocket after it is launched. This allows 
multiple runs to be directly compared. 
 
The Monte Carlo method of dispersion analysis uses 
a given system model (in this case, the rocket flight 
mathematical model) and introduces statistical 
uncertainties on as many of the individual 
parameters as practical. In this work, a set of forty-
one parameters is selected in different categories 
including Aerodynamics, Propulsion, Atmosphere 
and Wind, Mass and Inertia, Dimension and 
Launching. A uniform distribution of uncertainties 
around the nominal values of each parameter is 
considered. The range of magnitudes of uncertainties 
are defined based on a set of known observations 
and a first step individual error analysis. Uniformly 
distributed random values in the defined ranges were 
selected and applied to the simulation parameter. 
Each Monte Carlo simulation run had different 
random variation of the dispersions. 
 
The number of Monte Carlo runs containing 
uncertainty combinations that result in failure to 
complete a normal flight were identified. Thus, the 
probability of flight-to-target success was 
established. Although, establishing the probability of 
flight-to-target success was one of the primary goals 
of this analysis, other objectives such as system 
validation also were accomplished. Completing, the 
Monte Carlo analysis also allowed for the 
identification of weaknesses in rocket design and 
margins in specific rocket parameter. 
 
The objective of this report is to demonstrate how 
Monte Carlo simulation analysis can be used to 
identify and analyze the trajectory problems for a 
rocket and provide some preliminary results. Results 



 

are presented for 70000 Monte Carlo runs done in 
this analysis in the form of dispersion plots of 
different parameters including maximum angular 
speed, flight time, maximum speed, maximum angle 
of attack, range error, directional error and radial 
error. 
 
DISPERSION MODELS: 
 
The dispersions used in the Monte Carlo simulation 
has been applied to the rocket dynamics and external 
enviroment models. The models modified in the 
rocket simulation to include dispersion capabilities 
were the aerodynamics, mass properties, propulsion, 

atmospheric and launching models. Table 1 shows a 
list of fourty-one uncertainty parameters that have 
been used in this work. It is tried to consider all the 
important parameters except the aerodynamic 
coefficients. A similar study has already been 
carried out to investigate the effect of the 
aerodynamic coefficients uncertainties on the rocket 
impact point error when all other parametres were in 
their nominal values [Sarikhani and Roshanaiyan, 
2002]. Therefore, in the present work, for the sake of 
computational time reduction, efforts focused to find 
out the errors  associated with the other parameter 
uncertainties. 

 
Table 1: Uncertainty parameters and ranges 

 Parameter definition Uncertainty range Unit 
1 Launching pitch angle  [-0.3        0.3] deg 
2 Launching yaw angle [-0.5        0.5] deg 
3 Fuel burnning time [-1.0        1.0] sec 
4 Fuel mass [-1.0        1.0] % 
5 Rocket gross weight [-0.75    0.75] % 
6 Angular thrust vector deviation in xz plane [-0.3        0.3] deg 
7 Angular thrust vector deviation in xy plane [-0.3        0.3] deg 
8 Linear thrust vector deviation in body x direction [-20          20] mm 
9 Linear thrust vector deviation in body y direction [-10          10] mm 
10 Linear thrust vector deviation in body z direction [-10          10] mm 
11 Thrust [-1.0        1.0] % 
12 Rocket lenght [-50          50] mm 
13 Rocket diameter [-2              2] mm 
14 Moment of inertia Ixx, (with fuel) [-2              2] % 
15 Moment of inertia Ixx, (without fuel) [-2              2] % 
16 Moment of inertia Iyy, (with fuel) [-2              2] % 
17 Moment of inertia Iyy, (without fuel) [-2              2] % 
18 Center of mass position, (with fuel) [-20          20] mm 
19 Center of mass position, (without fuel) [-20          20] mm 
20 Air density [-5              5] % 
21 Wind speed, zero altitude [-2              2] m/s 
22 Wind direction, zero altitude [-2              2] deg 
23 Wind speed, 1km altitude [-5              5] m/s 
24 Wind direction, 1km altitude [-5              5] deg 
25 Wind speed, 2km altitude [-5              5] m/s 
26 Wind direction, 2km altitude [-5              5] deg 
27 Wind speed, 5km altitude [-10          10] m/s 
28 Wind direction, 5km altitude [-5              5] deg 
29 Wind speed, 10km altitude [-10          10] m/s 
30 Wind direction, 10km altitude [-5              5] deg 
31 Jet force damping coefficient [-0.1        0.1] ton.m/s 
32 Jet moment damping coefficient [-0.2        0.2] ton.m^2/s 
33 Launcher coefficient of friction [-15          15] % 
34 Spin motor starting time [-5              5] % 
35 Spin motor operation time [2               2] % 
36 Spin motor torque [-0.0        0.0] % 
37 Izz & Iyy difference [-0.2        0.2] % 
38 Product moment of inertia, Ixy [-5              5] % of Ixx 
39 Product moment of inertia, Ixz [-5              5] % of Ixx 
40 Product moment of inertia, Iyz [-5              5] % of Ixx 
41 Fincant angle [-0.0        0.0] deg 



 

 
The limits of uncertainties presented in Table 1 were 
based on a set of previously known observations and 
meaurements completed with a first step individual 
error analysis. In this individual error analysis, a 
range of values in the defined limits, Table 1, was 
given to each parameter and simulation was run 
several times. Using simulation results, it was 
possible to plot the impact point distance error vs 
different parameters variation. Some of these plots 

are shown in Figs. 1-6. The plots were then used to 
find a good estimation for each parameter 
uncertainty, so that the impact point error was in a 
normal practically observed range. The analysis 
discussed in this report tested over the entire 
uniform distribution mainly to ensure that most of 
the worst possible cases are considered, and to 
identify the probability of flight-to-target success. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

            
METHODS OF APPROACH: 
 
Monte Carlo analysis estimates the statistics of 
random variables by analyzing the statistics of many 

trials. One important question associated with Monte 
Carlo analysis is determining the number of trials 
needed before the statistics of a variable can be 
estimated with reasonable accuracy. In this work, the 

Fig 1: The effect of  thrust misalignment (e1) on dispersion Fig 2: The effect of thrust error on dispersion 

Fig 3: The effect of air density error on dispersion Fig 4: The effect of rocket diameter error on dispersion 

Fig  5: The effect of elevation angle error on dispersion Fig 6: The effect of wind velocity at h=0 on dispersion 



 

number of Monte Carlo trials were determined based 
on the work previously done by [Williams, 2001], 
and was selected to be one thousant trials. When the 
desired number of runs was determined, files were 
generated containing all relevant dispersions. 
Dispersion values were randomly selected from a 
uniform distribution, and then stored in individual 
input files. 
 
This collection of files was sequentially run from a 
main script, which directed the storage of relevant 
data. Additional scripts were written to process the 
data for analysis. Because each simulation run lasted 
approximately two minutes and was recording large 
amounts of data, storing the relevant data for flight 
without storing the entire data file generated by the 
simulation became necessary. For this reason, scripts 
were developed that took “snapshots” of the data. 
This snapshot process was performed on the entire 
data file after a run was completed. These scripts 
extracted the data at the beginning of each flight 
phase and directed the storage into separate and 
much smaller files. In this way, most of the data 
were discarded, and the process of completing many 
runs could be automated without exceeding memory 
limitations. 
 
One of the most important reasons for the present 
work to be carried out was to find out the effect of 
the rocket fincant angle and spin motor torque on the 
minimum impact point error, and select the best 

combination of them. These are two terms which can 
be set relatively accurate during the rocket 
manufacturing time. Therefore, these two parameters 
were selected as control parameters in running the 
simulation software. A set of known discrete values 
for fincant angle containing –0.5, -0.2, 0.0, 0.3, 0.5, 
0.7 and 1.0 deg. was selected. For each of the 
selected values, dispersion analysis has been carried 
out over a range of spin motor torque from 0 to 9000 
N.M with a step of 1000 N.M. For each pair of the 
fincant angle and spin motor torque, 1000 simulation 
were run, totally 70000 times, in which all 
dispersions were randomly varried over a uniform 
distribution. For each simulation run, the maximum 
value of the rocket angle of attack, sideslip angle, 
linear and angular velocities and accelerations, 
dynamic pressure and attitude angles during flight 
were obtained and stored together with the flight 
time, range, directional and radial impact point 
errors and the random values selected automatically 
for the other thirty-nine parameters in Table 1. 
 
SIMULATION RESULTS: 
 
This section presents results for the 70000 Monte 
Carlo runs completed in this analysis. Some typical 
distribution plots of various variables are shown in 
Figs. 7-10. The plotted data in these figures are 
generated with 0.5 deg. fincant angle and maximum 
spin motor torque. As shown, a reasonable normal 
distribution of different variables is observed. 

 
 

          
 

 

 

 

 

 

 

 

 

  
       
 
 
 
 
 
 
 
 

Fig 7: The freq. distrib. of flight time (Max. Spin, Fin=0.5 deg) Fig 8: The freq. distrib. of “Max Wx” (Max. Spin, Fin=0.5deg.)

Fig 9: The freq. distrib. Of Max. A.O.A (Max Spin, Fin=0.5 deg.) Fig 10: The freq. dist. of rocket Max. Vel. (M. Spin, Fin=0.5 deg.) 



 

It should be pointed out that the aerodynamic model 
of the simulation software is valid over a certain 
range of the angle of attack and sideslip, therefore, 
any simulation run in which the maximum angle of 
attack or sideslip angle has exceeded the model 
validity range, can not be invoked. The generated 
data for these cases are only meaningless 
numerically calculated values and does not 
demonstrate the real flight specifications of the 
rocket. For a correct analysis, these kind of data 
must be removed from the total set of the output 
data. Similarly, there is a structural limitation on the 
maximum tolerable acceleration of the rocket. 
Again, those simulation runs showing unacceptable 
maximum values of longitudinal and lateral rocket 
accelerations are not useful and should be removed. 
In this analysis, acceptable maximum longitudinal 
and lateral accelerations are +/-20g and +/-10g, 

respectively [Saghafi and Khalilidelshad, 2003]. 
Also, the validity range of the aerodynamic model is 
up to 50 deg. angle of attack or sideslip. 
 
The percentage of out of limit maximum angle of 
attack runs to the total runs for various combinations 
of fincant angle and spin motor torque are shown in 
Fig. 11. In general, the percentage of out of limit 
angle of attack is increased with increasing fincant 
angle and decreasing spin motor torque. It should be 
noted that flight in high angle of attack and load 
factor (high acceleration) as big as the given limiting 
values is practically impossible for an uncontrolled 
rocket. Therefore, flight-to-target in these cases are 
considered to be unsuccessful. Thus, the probability 
of flight-to-target success can be estimated by 
dividing the number of the out of limit simulation 
runs to the total number of runs. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Having removed the unacceptable simulation data, 
the statistical characteristics such as mean values 
and standard deviations were calculated and used for 
examining the results. The variations of the mean 
value and standard deviation of the rocket 
directional impact point errors in different fincant 
angles versus spin motor torque are shown in Figs. 

12-13. These results and the other similar plots for 
the rocket range and radial impact point errors, not 
presented here, show the great effect of the spin 
motor torque on the rocket impact point error 
reduction. Therefore, an obvious conclusion is that 
the maximum spin motor torque is the best value for 
all flight conditions. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
           

 

Fig 11: The percentage of out of limit max. angle of attack

Fig 12: The mean value of X-error in different launchs Fig 13: The standard deviation of X-error 



 

Having set the torque, the fincant angle should be 
selected. A fincant angle corresponding to a 
minimum mean value and standard deviation of the 
impact point errors in maximum spin motor torque, 
would be the optimium value. To find this optimum 
value, dispersion plots for the range, directional and 
radial impact point errors in different fincant angles 
and maximum spin motor torque were used. Typical 
dispersion plots of these kinds for 0.3 and 1.0 deg. 
fincant angles are shown in Figs. 14-17. Using these 
plots, the cumulative probability of impact point 
errors to be in predefined limits, could be 
determined. The cumulative probabilities of the 
range, directional and radial impact point errors for 
different fincant angles and limitations are shown in 

Figs. 18-20. As shown, the cumulative probability 
does not change noticably with the fincant angles. In 
fact, there is no fincant angle which have a 
considerable effect on the cumulative probability of 
errors. Therefore, from the error point of view any 
fincant angle can be selected for the rocket. 
However, other considerations such as the severe 
effect of negative fincant angles on  the rocket 
lateral acceleration, or fincant angles bigger than 
one, on impact point error, have limited the 
selectable values in the range of 0.0 to 1.0. 
Considering the possibility of manufacturing errors 
and to be far enough from the limits, a value of 0.5 
deg. for fincant angle is proposed. 

 

 

 

 

 

 

 

 

 

 

 
 
 
 
 
 
 
 
 
 
 
 
 

 

 
 
 
 
 

 
 
 
 
 
 
 
 
 

Fig 18: The cumulative probability of different ranges Fig 19: The cumulative probabilty of different Z-errors

Fig 14: The probability distribution of X-error
Fig 15: The probability distribution of X-error

Fig 16: The probability distribution of radial error
Fig 17: The probability distribution of radial error



 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
SUMMARY: 
 
A Monte Carlo dispersion analysis of a medium 
range solid propellant simulation software was 
undertaken to show the usefulness of this type of 
analysis in the identification of design weaknesses in 
margins of specific parameters. Also, it is used to 
find out the optimum values of the rocket fincant 
angles and spin motor torque for the lowest impact 
point error, and the probability of flight-to-target 
success. 

Results were presented for the selected conditions in 
the form of dispersion and statistical plots. This 
Monte Carlo analysis showed that the spin motor 
torque has a great effect on the rocket stability and 
its impact point error. Instead, the fincant angle has 
no noticable effect on these parameters in high 
values of spin motor torque. Finally, regarding other 
considerations, a fincant angle of 0.5 deg. together 
with a maximum value for spin motor torque are 
proposed. 
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Fig 20: The cumulative probability of different radial errors
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Abstract: TCP protocols have scarce performance when transmitting over wireless channels. In fact, wireless
medium is characterized by multipath fading and high time variability which lead to a great amount of losses
in the transmitted packets. In such environments many new problems arise, the most serious of which are the
decrease of throughput performance and the unfairness due to the great difference in the Round Trip Times
(RTTs) of the connections sharing the same wireless link. In particular, the unfairness is related to the fact that
the lower is the RTT of a connection, the higher is its throughput.
In literature many solutions aimed at improving TCP fairness through modifications of the congestion avoidance
algorithm have been proposed. However, all these solutions are not suitable for wireless networks because
they still interpret transmission losses as congestion clue while it is not. In this paper it is demonstrated
that the unfairness problem can be solved through appropriate power management. In particular, by letting
connections with longer RTT transmit with stronger power, the proposed approach tries to increase the fairness.
The performance evaluation is carried out using the NS2 Simulator and interesting simulation results are provided.
In particular, it can be observed that, if compared to standard wireless CDMA solutions for transmission over
wireless networks, the proposed approach allows to guarantee a good level of throughput and a higher fairness.

keywords: Analytical and Numerical Simulation, Information Networks, Communication Systems.

1 INTRODUCTION
The use of a TCP protocol over wireless networks

introduces problems mainly related to the medium
characteristics. In fact, it is known that the TCP pro-
tocol, thought to work on traditional wired networks,
assumes that all losses and possible delays are due to
network congestion. When dealing with wireless links,
however, packet losses are mainly due to transmission
errors. As a consequence, when a timeout elapses, the
TCP protocol decreases immediately its transmission
rate thus trying to solve congestion. The sudden reduc-
tion in the transmission rate, causes a serious decrease
in throughput performance as we can see in [Zorzi
et al, 2002]. Another problem is the unfairness in
the bandwidth allocation when many connections with
different RTT share the same congestioned network.
This behavior is due to the congestion avoidance
algorithm commonly used by the TCP protocol. During
the Congestion Avoidance, the congestion window is
increased by one segment when no congestion is de-
tected, and decreased to half its value when congestion

1This paper was partially supported by CEC under contract
ANWIRE-IST 2001-38835

is observed. This mechanism is known as Additive
Increase and Multiplicative Decrease (AIMD). It is
clear that, since the decreasing rate in TCP is about one
half for all connections, and the increasing rate is about
one segment per RTT, the increase in the transmission
rate is not uniform but varies strictly depending on
the RTT of each connection [Lakshman and Madhow,
1997]. If TCP works over a wireless network, AIMD
is more frequent because of the common link failures
which, as said above, are misinterpreted by TCP and
considered as congestion clue. If connections with
different RTT share the same link, unfairness will be
encountered because connections with lower RTT will
monopolize resources before slower connections get
some bandwidth. In literature, many solutions which
aim at improving TCP fairness in various environ-
ments have been proposed so far [Henderson et al,
1998; Pilosof et al, 2003]. However, they are mainly
based on modifications of the congestion avoidance
algorithm and, for this reason, they are suitable only
for wired networks. The target of this paper is, instead,
to demonstrate that an appropriate power management
can give a good improvement in TCP fairness without



requiring any modification to the congestion avoidance
algorithm. Based on this approach, the paper will be
organized on follows. In Section Analytical Frame-
work, the analytical framework required for evaluating
the transmission power levels needed to obtain the
desired fairness is introduced. In Section Performance
Evaluation the performance of the considered system is
evaluated through simulation. Finally, some concluding
remarks are drawn in Section Conclusions.

2 ANALYTICAL FRAMEWORK

The target of this section is deriving an analytical
relationship linking the loss probability to the power
received by a Base Station and related to a given
connection. Our study refers to a system composed
of � wireless connections in a W-CDMA scenario.
Connections employ a TCP protocol and are charac-
terized by different ����. Let us say �� the received
power at the Base Station for the �-th connection and
let us neglect the thermal noise, because of its lower
value with respect to the interference due to the other
� � � mobile users [Wu, 1999; Grandhi et al, 1994;
Lee and Lin 1996]. Let us consider the ��

��
ratio, which

is defined as the ratio between the average energy for
an information bit, ����, and the power spectral density
of interference ����. The considered ratio, for the �-th
user, evaluated at the Base Station, can be written as
follows:

�
��
��

�
�

�
��	�����

���� ��� ��
�
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��
�

����

���� ��� ��
(1)

where �� is the considered user bit rate, while 

represents the chip rate chosen equal to that of a
FDD-type W-CDMA interface, which is, for UMTS,
equal to 3.84 Mcps [Ojampera and Prasad, 1998]. The
ratio 
	�� in Eq. (1) represents the so called Process
Gain (��) of the W-CDMA system. Looking at Eq.
(1) it can be observed that, in a W-CDMA multiple
access scenario, if the transmission power and thus the
received power of a connection increases, an higher ��

��
ratio for the same connection is expected. This means
that other connections employing the same link will
suffer of higher levels of interference. We maintain,
in particular, that a right choice of the transmission
power distribution for all connections can give an
improvement in the overall fairness. To this aim, let
us consider the relationship between the Bit Error
Rate (BER) and the ��

��
ratio for the i-th connection.

Let us suppose to refer to a spread spectrum system
employing a BPSK modulation that is the most com-
mon type of modulation employed in CDMA systems.
In addition, in order to improve the link reliability
observed by TCP, forward error correction (FEC)
should be introduced. FEC is based on adding a certain
amount of redundancy to the data being transmitted.

This redundancy will be used at the destination to
correct possible transmission errors which could be
encountered. If we consider an information packet of
� bits, FEC adds some redundant data, so that the size
of the new coded data packet becomes  bits, where
 � �. According to [Proakis, 1995], the ��� for
the i-th connection can be written as:

���� � �� ��
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�
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��
��
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�

�� � �	

�
(2)

In the previous equation, � represents the code rate
defined as � � 


�
, �	 is the Hamming distance

representing the number of bits by which two valid
codewords differ from each other, while ���� �
�

�
� erfc� ��

�
�, where erfc(x) is the Complementary

Error Function. Since it is known that the relationship
between the packet loss probability ����� , and ����
can be written as:

�����
2 � �� ��������

�� (3)

being �� the packet size (in bit), Eq. (3) can be
inverted to derive ���� and thus find a relationship
between

�
��

��

�
�

and �����.

3 PERFORMANCE EVALUATION

3.1 Simulation Model
In order to solve the unfairness problem and guar-

antee an equal throughput for all the connections
employing the same link, we made a set of simulations
to derive the ���� values which satisfy the condition
of giving the same throughput.

In our simulation, we refer to a topology like the
one shown in Fig. 1.

Fig. 1. Network Topology

Four mobile terminals, using a CDMA multiple
access interface, communicate with a Base Station
through a shared wireless link. This Station is equipped

2The formula applies if we assume that bit errors are indepen-
dently distributed



with a router with an output link connecting to a sink
by using a wired link. Connections are grouped in two
sets, consisting, each of them, of two connections with
the same RTT. The Process Gain value was assumed
to be the same for the four connections, i.e. ��=10,
while three different scenarios for the RTT and two set
of connections were considered:

� Case I: two of the four connections have the same
fixed RTT equal to 100 ms while the other two
connections have the same RTT, but variable in
the range ����� ���	 ms.

� Case II: two of the four connections have the same
fixed RTT equal to 200 ms while the other two
connections have the same RTT, but variable in
the range ����� ���	 ms.

� Case III: two of the four connections have the
same fixed RTT equal to 300 ms while the other
two connections have the same RTT, but variable
in the range ����� ���	 ms.

Simulations aimed at evaluating TCP performance
were done by using the Berkeley Network Simulator
[Fall and Vardhan, 1999], version 2. For the character-
ization of TCP, the New Reno version was used [Floyd
and Henderson, 1999], because its implementation of
fast recovery and fast retransmit allows to achieve very
good performance in wireless networks, if compared to
other TCP versions. The TCP connections support a
File Transfer Protocol (FTP) application and, in order
to model a large file transfer, are represented as always
having a packet to send.

In order to simulate a situation of resource sharing,
we put a buffer in the router with a FIFO (First In First
Out) queue scheme. The maximum queue size was
chosen to be 50 packets. In our simulations, data packet
size is fixed at 128 byte. The wired link represents the
bottleneck of the network and the available bit rate is
384 kbit/s. The packet loss probability ���� over the
wireless links, was assumed to be variable in the range
������ ����	. Simulation parameters are summarized
in Table I.

Numerous simulations were run in order to find the
values of the ���� which guarantee the desired fair
throughput. The derived values of the packet loss prob-
ability were substituted in Eq. (3) so that, combining
Eq. (2) and Eq. (1), the searched values for the received
power of each connection can be obtained.

3.2 Simulation Results
The performance of the proposed algorithm was

evaluated in terms of the average throughput for each
of the involved TCP connections as well as of a fairness
metric. Our approach was compared with the Standard
power controlled technique used in typical cellular and
CDMA systems. This Standard scheme aims at limiting
the near-far effect through an appropriate equalization
of the transmission power of all the involved connec-
tions.The near-far effect is the condition in which, the

more a given sender is close to the destination, the
higher will be, at this destination, the perceived level
of its signal with respect to the other connections. If
the Standard scheme is used, the ratio of the received
power for the involved connections is one and the ��

��
ratio for a particular connection, evaluated at the Base
Station, is: �

��
��

�
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If ��=10 and � = 4, from Eq. (2) and Eq. (3), a
���� =
�� � ���� can be obtained.

As regards the fairness metric, in this paper we
refer to a fairness parameter which has demonstrated
to be the most complete among those who have been
proposed so far in literature. This metric is called
the Jain fairness index [Jain et al, 1984]. Considering
n flows, with flow i receiving a fraction �� of the
given link bandwidth, the fairness index, using the Jain
metric, is defined as:
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As can be seen in Eq. (5), the fairness index ranges
in the interval � �

�
� �	.

Figs. 2-7 show the average throughput and the fair-
ness index values for the three considered and above
described scenarios. In particular, these figures aim at
comparing the performance which can be achieved by
using the Standard and Modified power management
approaches.

Fig. 2 shows the throughput for the two considered
set of connections employing a Modified approach,
with respect to the throughput obtained with a Stan-
dard equalized approach. In this figure, the couple
of connections having the same RTT (i. e. 100 ms)
and thus the same throughput, are plot together. As
it can be seen, the Modified approach guarantees that
the two throughput curves remain very close to each
other in spite of the RTT increase. This is the evidence
that the fairness we expected can be achieved. On the
other hand, a Standard solution causes an increasing
difference in the throughput of the two set of con-
nections as long as the RTT increases. In addition, it
can be observed that, within 200 ms, the total average
throughput, which can be obtained by summing the
two throughput contributions for each of the proposed
approaches, is the same. Fig. 3 shows the fairness
index for the two Modified and Standard approaches.
It is evident that, as expected by observing Fig. 2, the
fairness which the proposed Modified solution allows
to achieve, is very close to 1. This is the evidence
that, our power management solution gives, not only
an average throughput which is very close to the one
which can be obtained in Standard CDMA systems, but
also the desirable fairness which, on the other hand,
Standard CDMA systems do not preserve, as evident



Parameter Value
Number of connections 4
TCP version New Reno
Packet size 128 bytes
Buffer type FIFO
Buffer size 50 pkts
Wireless link bandwidth 384 Kb/s
����� ��

��
� ��

��

Wired link bandwidth 384 Kb/s
Simulation time 200 sec

TABLE I

SIMULATION PARAMETERS

in Fig. 3. When the fixed RTT of two of the four
connections is 200 ms or 300 ms, Figs. 4-7 can be
derived. In these last cases, the situation is additionally
improved. In fact, not only the throughput curves
derived for the two power management approaches are
very close, but also the fairness index obtained with
the Modified technique greatly outperforms the one
derived for Standard CDMA solutions.

By simulations, it has been observed that, employ-
ing a fair throughput strategy actually increases the
performance of the system leading to a balance in
terms of throughput and reduction of interference for
connections sharing the same resources. Finally, it is
worth noting that, the Modified approach outperforms,
in terms of fairness, the Standard CDMA approach for
all the considered scenarios.
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Fig. 2. Throughput comparison for Modified and Standard approach
in Case I.

4 CONCLUSIONS

In this paper we have developed a new approach for
power management in order to resolve the unfairness
problem which arises when many connections with
different values of the RTT share the same resources.
In particular, by simulations, it has been possible to
calculate the required values of transmission power for
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Fig. 3. Fairness index comparison for Modified and Standard
approach in Case I.

the involved connections which guarantee the fairness
in the exploitation of the available resources. The per-
formance of the proposed power management strategy
has been evaluated through simulation and it has been
demonstrated that, with respect to a Standard CDMA
approach, the introduced approach allows to achieve
the desirable fairness as well as a good throughput.
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Abstract: We consider an infinite capacity fluid queue governed by a continuous time Markov chain and with
linear service rate. The transient behavior of this fluid flow model is described by a linear differential equation.
We study the transient distribution of the fluid level in the queue and we derive a partial differential equation
satisfied by the cumulative distribution function of the fluid level. Using this partial differential equation, we
obtain a simple expression of the moments of this transient distribution, as well as its Laplace transform.
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1 INTRODUCTION

We consider in this paper an infinite capacity flu-
id queue of which level at time t is denoted by
Q(t). Fluid arrives in this queue according to a non
decreasing process A(t) and leaves the buffer at a
rate τ(X(t), Q(t)), where X(t) is a continuous time
Markov chain and τ is a non negative function. This
is a generalization of standard fluid queues driven
by a superposition of On-Off sources (see [Anick et
al, 1982]), since here the service rate depends on the
queue level, in addition to the state of the underlying
Markov chain.
The fluid level in the queue Q(t) then satisfies the
following differential equation reflected at 0

dQ(t) = dA(t) − τ(X(t), Q(t))dt + dLt

where Lt is a non decreasing process, (called the regu-
lator), interfering only when Q(t) = 0 and preventing
it from being negative.
We consider in this paper the linear model which
corresponds to the case where τ(X(t), Q(t)) is linear
in Q(t), that is τ(X(t), Q(t)) = µ(X(t))Q(t), where
µ is a positive function which depends only on the
Markov chain X . This model has been studied in
[Asmussen and Kella, 1996], [Kella and Stadje, 2002]
and [Kella and Whitt, 1999], where A(t) is a Lévy
process or a Markov modulated Lévy process. These
papers mainly focus on the limiting distribution of

Q(t). The authors identify a functional equation sat-
isfied by the Laplace-Stieltjes transform of the lim-
iting distribution, which can be used to evaluate the
two first moments of the buffer level distribution.
We consider in this paper the case where dA(t) =
λ(X(t))dt, where λ is a non negative function of
the Markov chain. The evolution of Q(t) is then
described by the following equation.

dQ(t) = λ(X(t))dt − µ(X(t))Q(t)dt, (1)

the term Lt having disappeared because 0 is an im-
penetrable barrier for Q(t) (see [Asmussen and Kel-
la, 1996]. Note that (X(t), Q(t)) is then a Markov
process. In the literature, the differential equations
governing this process are generally obtained from
backward analysis. In this paper we use a forward
argument to obtain them, this yields an easier study
of the moments of Q(t).
Throughout this paper, X denotes a stationary er-
godic Markov chain evolving on a finite state space
S = {1, ..., N}. We denote by A = (ai,j)(i,j)∈S×S

its infinitesimal generator and by π = (π1, ..., πN ) its
stationary distribution. We also suppose that X is a
two sided process, i.e. indexed by R.
The paper is organized as follows. In Section 2, we
give an explicit expression of the fluid level Q(t) and
we describe the jumps of its distribution. In Sec-
tion 3, we derive a partial differential equation satis-
fied by the cumulative distribution function of Q(t)



and we obtain in Section 4 an expression of the mo-
ments of Q(t), as well as its Laplace transform.

2 PRELIMINARIES

Let us denote by Qy(t) the fluid level in the queue
at time t with the initial condition Qy(0) = y. For
t ≥ 0, Qy(t) satisfies the equation (1) and it can be
easily checked that Qy(t) is given by

Qy(t) = y exp
(
−
∫ t

0

µ(X(s))ds

)
+

∫ t

0

exp
(
−
∫ t

s

µ(X(v))dv

)
λ(X(s))ds.

We also have the following relation between Qy(t)
and Qy(t′) for t ≥ t′ ≥ 0,

Qy(t) = Qy(t′) exp
(
−
∫ t

t′
µ(X(s))ds

)
+

∫ t

t′
exp

(
−
∫ t

s

µ(X(v))dv

)
λ(X(s))ds.

Using the stationarity of X , we have that Qy(t) and
Q̃y(t) have the same distribution, where Q̃y(t) is giv-
en by

Q̃y(t) = y exp
(
−
∫ 0

−t

µ(X(s))ds

)
+
∫ 0

−t

exp
(
−
∫ 0

s

µ(X(v))dv

)
λ(X(s))ds. (2)

Let us denote by X∗ the reversed process of X de-
fined by X∗(s) = X(−s). It is standard that X∗

is a continuous time Markov chain with infinitesi-
mal generator A∗ = Π−1AT Π, where T denotes the
transpose operator and Π is the diagonal matrix con-
taining the vector π, which is also the stationary dis-
tribution of X∗. The variable changes s := −s and
v := −v in Relation (2) leads to the following expres-
sion for Q̃y(t)

Q̃y(t) = y exp
(
−
∫ t

0

µ(X∗(s))ds

)
+
∫ t

0

exp
(
−
∫ s

0

µ(X∗(v))dv

)
λ(X∗(s))ds. (3)

Because the initial buffer level y is fixed throughout
this paper, and for readability purpose, we simply
use the notation Q(t) instead of Q̃y(t).
It is easy to check that for a fixed t > 0, the dis-
tribution of Q(t) has jumps which correspond to the
fact that the Markov chain X∗ stays during the w-
hole interval [0, t] in a subset of states having the
same values for λ(i) and µ(i). More precisely, let

m be the number of distinct pairs (λ(i), µ(i)) for
i ∈ S. If we denote these m different pairs by
(u(1), v(1)), . . . , (u(m), v(m)), we obtain the parti-
tion B1, . . . , Bm of the state space S by defining Bl

as

Bl = {i ∈ S | (λ(i), µ(i)) = (u(l), v(l))}.
For l = 1, . . . , m and t > 0, we denote by sl(t) the
quantities

sl(t) = ye−v(l)t +
u(l)(1 − e−v(l)t)

v(l)
.

We then have from Relation (3)

Q(t) = sl(t) ⇐⇒ X∗(s) ∈ Bl, ∀s ∈ [0, t)

It follows that

Pr{Q(t) = sl(t)} = πBl
eABlBl

t
1,

where ABlBl
is the sub-infinitesimal generator of di-

mension |Bl| obtained from A by considering only
the internal transitions of the subset Bl and πBl

is
the subvector of dimension |Bl| obtained from vector
π by considering the stationary probabilities of the
subset Bl. The vector 1 is the column vector with
all its entries equal 1, its dimension being given by
the context.

3 DISTRIBUTION OF THE
FLUID LEVEL IN THE
QUEUE

We denote by Fi(t, x) the cumulative distribution
function of Q(t) given that X∗(0) = i, that is,
Fi(t, x) = Pr{Q(t) ≤ x|X∗(0) = i}. We denote by
F (t, x) the column vector (Fi(t, x))i∈S , by D the di-
agonal matrix containing the µ(i)’s and by Λ the
diagonal matrix containing the λ(i)’s.
The distribution F (t, x) of Q(t) verifies the following
differential equation.

Theorem 3.1 For every (t, x) such that ye−µ(i)t +
λ(i)(1 − e−µ(i)t)/µ(i) 6= x for all i ∈ S we have

∂tF (t, x) = A∗F (t, x) + (Dx − Λ)∂xF (t, x). (4)

Proof. Let us denote by P ∗ the transition probabil-
ity matrix of the uniformized discrete-time Markov
chain associated with X∗. We then have P ∗ = I +
A∗/ν, where I is the identity matrix and ν is the u-
niformization rate satisfying ν ≥ max{−a∗

i,i, i ∈ S}.
Let T1 be the first instant of jump of X∗. T1 is linked
to the uniformized Markov chain via the equality

d Pr{X∗(T1) = j, T1 = u | X∗(0) = i} = p∗i,jνe−νudu.



Defining Gi,j(t, u, x) = Pr{Q(t) ≤ x | X∗(T1) =
j, T1 = u, X∗(0) = i}, we obtain

Fi(t, x) =
∑
j∈S

∫ ∞

0

Gi,j(t, u, x)

d Pr{X∗(T1) = j, T1 = u | X∗(0) = i}
= ν

∑
j∈S

p∗i,j

∫ ∞

0

Gi,j(t, u, x)e−νudu. (5)

Let us define for all t ≥ 0

I1(i, t, x) = ν
∑
j∈S

p∗i,j

∫ t

0

Gi,j(t, u, x)e−νudu

and I2(i, t, x) = ν
∑
j∈S

p∗i,j

∫ ∞

t

Gi,j(t, u, x)e−νudu.

We first consider I1(i, t, x), where we integrate
Gi,j(t, u, x)e−νu for u ∈ [0, t]. Then, when u lies
in that interval and T1 = u and X∗(0) = i, we have

Q(t) = y exp
(
−
∫ t

0

µ(X∗(s))ds

)
+

∫ t

0

exp
(
−
∫ s

0

µ(X∗(v))dv

)
λ(X∗(s))ds

= y exp
(
−
∫ u

0

µ(X∗(s))ds −
∫ t

u

µ(X∗(s))ds

)
+

∫ u

0

exp
(
−
∫ s

0

µ(X∗(v))dv

)
λ(X∗(s))ds

+
∫ t

u

exp
(
−
∫ s

0

µ(X∗(v))dv

)
λ(X∗(s))ds

= ye−µ(i)u exp
(
−
∫ t

u

µ(X∗(s))ds

)
+

λ(i)(1 − e−µ(i)u)
µ(i)

+
∫ t

u

exp
(
−
∫ s

0

µ(X∗(v))dv

)
λ(X∗(s))ds

= ye−µ(i)u exp
(
−
∫ t

u

µ(X∗(s))ds

)
+

λ(i)(1 − e−µ(i)u)
µ(i)

+ e−µ(i)u

∫ t

u

exp
(
−
∫ s

u

µ(X∗(v))dv

)
λ(X∗(s))ds

=
λ(i)(1 − e−µ(i)u)

µ(i)
+ e−µ(i)uQu(t),

where

Qu(t) = y exp
(
−
∫ t

u

µ(X∗(s))ds

)
+
∫ t

u

exp
(
−
∫ s

u

µ(X∗(v))dv

)
λ(X∗(s))ds.

Hence for u ∈ [0, t], we have

Gi,j(t, u, x)
= Pr{Q(t) ≤ x | X∗(T1) = j, T1 = u, X∗(0) = i}

= Pr{λ(i)(1 − e−µ(i)u)
µ(i)

+ e−µ(i)uQu(t) ≤ x

| X∗(T1) = j, T1 = u, X∗(0) = i}.

Now from the Markov property and the homogene-
ity of X∗ we get that the distribution of Qu(t) given
X∗(u) is the same as the distribution of Q(t − u)
given X∗(0), thus

Gi,j(t, u, x)

= Pr{λ(i)(1 − e−µ(i)u)
µ(i)

+e−µ(i)uQ(t − u) ≤ x | X∗(0) = j}
= Pr{Q(t − u) ≤ eµ(i)u(

x − λ(i)(1 − e−µ(i)u)
µ(i)

)
| X∗(0) = j}

= Fj(t − u, xeµ(i)u + λ(i)(1 − eµ(i)u)/µ(i)).(6)

Let us now consider I2(i, t, x). For u ≥ t, the expres-
sion of Gi,j(t, u, x) is given by

Gi,j(t, u, x)

= Pr{ye−µ(i)t + λ(i)(1 − e−µ(i)t)/µ(i) ≤ x

| X∗(T1) = j, T1 = u, X∗(0) = i}
= 1{ye−µ(i)t+λ(i)(1−e−µ(i)t)/µ(i)≤x}. (7)

We denote this indicator function by η(i, t, x).
η(i, t, x) is differentiable in t and x for all (t, x) in the
domain {(t, x)| ye−µ(i)t +λ(i)(1−e−µ(i)t)/µ(i) 6= x}.
Since η(i, t, x) is a constant equal to 0 or 1 in this do-
main, its derivatives in t and x are both equal to 0.
Hence from (6) and (7) we have

I1(i, t, x) = ν
∑
j∈S

p∗i,j

∫ t

0

Fj(t − u, xeµ(i)u

+ λ(i)(1 − eµ(i)u)/µ(i))e−νudu

= νe−νt
∑
j∈S

p∗i,j

∫ t

0

Fj(u, xeµ(i)(t−u)

+ λ(i)(1 − eµ(i)(t−u))/µ(i))eνudu,

I2(i, t, x) =
∑
j∈S

p∗i,jη(i, t, x)e−νt

= η(i, t, x)e−νt

where we made the change variable u := t− u in the
expression of I1(i, t, x).



Let us now derive (5) with respect to t. We have
∂tFi(t, x) = ∂tI1(i, t, x) + ∂tI2(i, t, x), and direct cal-
culation yields

∂tI1(i, t, x) = −νI1(i, t, x) + ν
∑
j∈S

p∗i,jFj(t, x)

+ νe−νt(µ(i)x − λ(i))
∑
j∈S

p∗i,j

∫ t

0

∂xFj(u,

xeµ(i)(t−u) + λ(i)(1 − eµ(i)(t−u))/µ(i))eνudu

= −νI1(i, t, x) + ν
∑
j∈S

p∗i,jFj(t, x)

+ (µ(i)x − λ(i))∂x

[
νe−νt

∑
j∈S

p∗i,j

∫ t

0

Fj(u,

xeµ(i)(t−u) + λ(i)(1 − eµ(i)(t−u))/µ(i))eνudu
]

= −νI1(i, t, x) + ν
∑
j∈S

p∗i,jFj(t, x)

+(µ(i)x − λ(i))∂xI1(i, t, x).

and

∂tI2(i, t, x) = −νη(i, t, x)e−νt

= −νI2(i, t, x).

By adding these terms, we get

∂tFi(t, x) = −νFi(t, x)

+ν
∑
j∈S

p∗i,jFj(t, x) + (µ(i)x − λ(i))∂xI1(i, t, x).

But since ∂xI2(i, t, x) = 0, we obtain

∂tFi(t, x) = −νFi(t, x)

+ν
∑
j∈S

p∗i,jFj(t, x) + (µ(i)x − λ(i))∂xFi(t, x),

and the results follow by using the relation P ∗ =
I + A∗/ν.

3.1 Moments evaluation

We consider in this section the moments of the tran-
sient buffer level Q(t). Let us note that, since the
jumps of the cumulative distribution function of Q(t)
are known, the equation (4) has a unique solution
provided that the initial conditions are fixed. How-
ever, we succeed in finding an expression of the mo-
ments of Q(t) and an expression of its Laplace trans-
form, without solving this equation.
We first recall the following well-known result

Lemma 3.2 Let H be the cumulative distribution
function of a non negative random variable. For ev-
ery r ≥ 1, if the r-th order moment exists, we have∫ ∞

0

xrdH(x) = r

∫ ∞

0

xr−1(1 − H(x))dx.

Proof. See for instance [Feller, 1957].

Let us denote by vi(t, k) the kth moment of Q(t) giv-
en that the initial state of the Markov chain X∗ is i,
that is

vi(t, k) = E(Q(t)k | X∗(0) = i).

We denote by V (t, k) the column vector containing
the vi(t, k). By definition, we have V (t, 0) = 1. In
the following corollary of Theorem 3.1, we give an ex-
pression for all the moments of the buffer level Q(t).

Corollary 3.3 For every k ≥ 1, we have the follow-
ing recursion for the process {V (t, k), t ≥ 0}

V (t, k) = e(A∗−kD)tyk
1

+e(A∗−kD)t

∫ t

0

e−(A∗−kD)skΛV (s, k − 1)ds.(8)

Proof. Since A∗
1 = 0, relation (4) can be written

as

−∂t(1− F (t, x)) = −A∗(1− F (t, x))
+(Dx − Λ)∂xF (t, x).

Multiplying both sides by xk−1, for k ≥ 1, and after
integration, we get

−∂t

∫ ∞

0

xk−1(1− F (t, x))dx

= −A∗
∫ ∞

0

xk−1(1− F (t, x))dx

+D

∫ ∞

0

xk∂xF (t, x)dx

− Λ
∫ ∞

0

xk−1∂xF (t, x)dx.

Using Lemma 3.2, we easily get

V ′(t, k) = (A∗ − kD)V (t, k) + kΛV (t, k − 1).

It is easily checked that the solution to this equation
is (8), which completes the proof.

The kth moment of Q(t) is then easily given by
E(Q(t)k) = πV (t, k). Note that in the case k = 1
simple computation yields the following expression
for E(Q(t)):

E(Q(t)) = yπe(A∗−D)t
1+π(A∗−D)−1[e(A∗−D)t−I]Λ1.



It is easy to verify that in the case µ(i) = µ (i.e.
D = µI) we have

E(Q(t)) = ye−µt − 1
µ

[e−µt − 1]πΛ1.

We now easily deduce the Laplace transform
φ(t, θ) = E(exp(θQ(t))) of Q(t) for all t:

Corollary 3.4 For every θ ∈ R, we have

φ(t, θ) = π
∞∑

k=0

V (t, k)θk

k!
.

Proof. First note that it is easy to see that
Q(t) is upper bounded by the deterministic val-
ue c(t, y) = y + t supi∈S λ(i). Besides we have
∂k

θ φ(t, 0) = E(Q(t)k) = πV (t, k). Hence we have
for all N ≥ 0∣∣∣∣∣φ(t, θ) −

N∑
k=0

∂k
θ φ(t, 0)θk

k!

∣∣∣∣∣
=

∣∣∣∣∣E
(

exp(θQ(t)) −
N∑

k=0

Q(t)kθk

k!

)∣∣∣∣∣
=

∣∣∣∣∣E
( ∞∑

k=N+1

Q(t)kθk

k!

)∣∣∣∣∣
≤

∞∑
k=N+1

c(y, t)k θk

k!

−→ 0 as N → ∞.

This completes the proof.
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Abstract: We consider a fluid system composed of multiple buffers in series. The first buffer receives fluid
from a finite superposition of independent identical on-off sources. The active and silent periods of sources
are exponentially distributed. The ith buffer releases fluid in the (i + 1)th buffer. Assuming that the input
rate of one source is greater than the service rate of the first buffer, the output process of each buffer can
be modeled by an on-off source with the active period distributed as the busy period of an M/M/1 queue.
For i ≥ 2, the stationary content distribution of the ith buffer is obtained by the use of generating functions
which are explicitly inverted.
Keywords: Tandem fluid queues, output process, generating functions.

1 INTRODUCTION

We consider tandem fluid queues fed by a finite
number of identical on-off sources. It is assumed
that silent and active periods of the sources are
independent and exponentially distributed. Tan-
dem fluid queues are composed of consecutive in-
finite capacity buffers. The stationary behavior
of the first buffer is explicitly derived in [Anick
et al., 1982], using spectral decomposition argu-
ments. As far as the other buffers are concerned,
the output processes need to be characterized. In
[Aalto, 1998] and [Boxma and Dumas, 1998], the
authors consider a fluid queue driven by a su-
perposition of on-off sources, with exponentially
distributed silent periods and generally distribut-
ed active periods. Assuming that the input rate
of one source is greater than the constant service
rate of the buffer, they prove that the output pro-
cess behaves as an on-off source with exponentially
distributed silent periods and active periods dis-
tributed like the busy periods of a M/G/1 queue.
In this paper, we consider the stationary behav-
ior of each buffer level in the tandem fluid queues,
apart from the first one. Using results of [Aalto,
1998] and [Boxma and Dumas, 1998], the output
processes look like on-off sources with active pe-
riods distributed as busy periods of an M/M/1

queue. This tandem of fluid queues has been s-
tudied in [Aalto, 1998], where the output processes
have been considered as alternating renewal pro-
cesses. The authors obtained the stationary flu-
id level distribution of each buffer in terms of a
Bessel function integral. Here, we derive a new
analytic expression of these distributions. By us-
ing the method developped in [Leguesdron et al,
1991] and [Barbot and Sericola, 2002], we write
the solutions in terms of a matrix exponential and
then via generating functions that are explicitly
inverted. Nevertheless, as shown in the next sec-
tion, we deal here with a more general setting than
the one of [Barbot and Sericola, 2002].

2 MODEL FORMULATION

We consider M infinite capacity fluid queues in se-
ries. The first one is fed by the superposition of N
independent identical on-off sources with exponen-
tially distributed on-off periods with parameters µ
and λ respectively. During the on period, a source
emits fluid at a constant rate c0. The first buffer
empties in the second one at the rate c1. For i ≥ 2,
the input of the ith buffer is the output from the
buffer i−1 and its service rate is denoted by ci. It
is assumed that Nc0 > c1 > . . . > cM > 0 in order
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to avoid the trivial case where one or more buffers
remain empty. Moreover, we make the restrictive
assumption c0 ≥ c1 which permits the output pro-
cess of the first buffer to be simply derived.

Definition 1 An on-off source is called an
MM1(β,a,b,r) source if the off periods are expo-
nentially distributed with rate β and the on periods
are distributed as the busy periods of an M/M/1
queue with arrival rate a and service rate b. Dur-
ing the on periods, the source emits fluid at rate r.

The infinitesimal generator associated with such a
source is denoted by A. Its non-zero entries are

A0,0 = −β, A0,1 = β, Aj,j−1 = b,

Aj,j = −(a + b) and Aj,j+1 = a for j ≥ 1. (1)

Note that in [Barbot and Sericola, 2002], we con-
sidered a single fluid queue fed by a classical
M/M/1 queue, which is, our definition, a fluid
queue fed by an MM1(a,a,b,r) source. Here we
have to deal with MM1(β,a,b,r) sources, where
β �= a, which generalizes the results of [Barbot
and Sericola, 2002].
The following lemmas are proved in [Aalto, 1998]
and [Boxma and Dumas, 1998].

Lemma 2 In the stationary regime, the output
process of the first buffer is equivalent to an
MM1(Nλ,λ1,µ1,c1) source where λ1 = λ(N −
c1/c0) and µ1 = µc1/c0.

Lemma 3 In the stationary regime, the output
process of a buffer with service rate c and fed
by an MM1(β,a,b,r) source is equivalent to an
MM1(β,a′,b′,c) source where a′ = ac/r+β(1−c/r)
and b′ = bc/r.

Using Lemmas 2 and 3, the output process of the
ith buffer, for 1 ≤ i ≤ M , is equivalent to an
MM1(Nλ,λi,µi,ci) source where λi = λ(N −ci/c0)
and µi = µci/c0. Therefore, the traffic intensity in
the ith buffer is given by ρi = c0Nλ/(ci(λ+µ)) and
the stability condition of the tandem fluid queues
is ρM < 1.

3 A BUFFER FED BY AN
MM1(β,a,b,r) SOURCE

We consider a single fluid buffer fed by an
MM1(β,a,b,r) source. The service rate of the
buffer is denoted by c, c < r. We derive an expres-
sion of the stationary buffer content distribution
in terms of a series whose coefficients correspond
to the successive powers of a key matrix G. The

generating function of G is expressed as a function
of the known generating function of a key matrix
T and is explicitly inverted.
The continuous time birth and death process as-
sociated with the MM1(β,a,b,r) source is denoted
by {Xt, t ≥ 0} and its infinitesimal generator A is
described by (1). We assume that a ≤ β.
The drifts of that fluid queue represent the differ-
ence between the input and the service rates. Let
dj be the drift when Xt is in the state j. We thus
have d0 = −c and dj = r− c, for every j ≥ 1. The
diagonal matrix containing these drifts is denoted
by D. Since we are concerned by the stationary be-
havior of that fluid queue, we suppose that a < b
and that the stability condition is satisfied. Since
the mean duration of on periods is 1/(b − a), we
have

ρ0 =
rβ

c(b − a + β)
< 1.

The stationary state of the Markov chain {Xt, t ≥
0} and the stationary amount of fluid in the buffer
are denoted X and Q respectively.
Let Fj(x) = Pr{X = j, Q ≤ x}. It is easy
to see that for j ≥ 1, we have Fj(0) = 0 and
it has been shown in [Sericola and Tuffin, 1999]
that F0(0) = 1 − ρ0. It is well-known, see e.g.
[Mitra, 1988], that the functions Fj satisfy, for
x > 0, the following system of differential equa-
tions F ′(x) = F (x)AD−1 where F (x) denotes
the infinite row vector containing the Fj(x) and
F ′(x) the derivative of F (x) with respect to x. It-
s solution is given by F (x) = F (0)eAD−1x. Us-
ing a method similar to the uniformization tech-
nique, we introduce the key matrix G defined by
G = I + AD−1/θ, where θ = (a + b)/(r − c) and
I is the identity matrix. We then have, for every
j ≥ 0,

Fj(x) = (1 − ρ0)
∞∑

n=0

e−θx (θx)
n!

n

Gn
0,j , (2)

where Gn
0,j denotes the (0, j) entry of matrix Gn.

In what follows, we focus on the calculation of Gn
0,j

using generating functions.

3.1 Generating Functions

Let us consider the complex matrices M indexed
on N×N. We define

ν(M) = sup
i∈N

∞∑
j=0

|Mij |

and denote by M the set of infinite complex ma-
trices M such that ν(M) is finite. ν is a norm on



M and (M, ν) is a Banach algebra. With each
M ∈ M, we associate the complex function ΦM ,
called potential kernel of M or generating func-
tion, defined by

ΦM (z) =
∞∑

k=0

Mkzk

for every z such that |z| < 1/ν(M). Note that for
M ∈ M and z such that |z| < 1/ν(M), we have
ΦM (z) ∈ M since ν (ΦM (z)) ≤ 1/(1− |z|ν(M)) <
+∞.
The following lemma is a classical straightforward
result, so we give it without proof.

Lemma 4 For every matrix H, HΦM is the only
solution to the matrix equation

X(z) = H + zX(z)M

for every z such that |z| < 1/ν(M).

We shall also need the following result, due to
[Leguesdron et al., 1991], which will be used along
with Lemma 4.

Lemma 5 For every M and N in M, we have
ΦM+N (z) = ΦM (z) + zΦM+N (z)NΦM (z)
for every z such that |z| < min{1/ν(M), 1/ν(M +
N)}.
Let us now introduce some notations. We define
the infinite matrices V , W , R and S as

Vi,j = Ii+1,j , Wi,j = Ii,j+1 , Ri,j = Ii,0I0,j

and Si,j = Ii,0I1,j for i and j ∈ N. We studied in
[Barbot and Sericola, 2002] the key matrix T as-
sociated to a fluid buffer fed by an M/M/1 queue
with arrival rate a and service rate b. The input
and service rates of the buffer are respectively r
and c. Therefore, the non-zero entries of T are
given by

T0,0 = q + pr/c , T0,1 = p , T1,0 = q − qr/c

T1,2 = p and for i ≥ 2, Ti,i−1 = q , Ti,i+1 = p

where p and q are defined by

p = a/(a + b) and q = b/(a + b) .

Notice that the stability condition of the flu-
id model associated with T is satisfied, that is
ρ = ra/cb < 1.
After some algebra, we easily obtain the following
relation between matrices G and T .

Lemma 6 We have G = T + U where U =
(p0 − p)((r/c − 1)R + S) and p0 = β/(a + b).

Since β ≥ a, we have p0 ≥ p and so ν(G) ≥ ν(T ).
Using Lemma 5, we obtain

ΦG(z) = ΦT (z) + zΦG(z)UΦT (z) (3)

for every z such that |z| < 1/ν(G). We define the
matrix L(z) as

L(z) = UΦT (z) .

For |z| < 1/ν(T ), we have ν(L(z)) = ν(UΦT (z)) ≤
ν(U)/(1 − |z|ν(T )), and so for every z such as
|z| < 1/(ν(T ) + ν(U)), we have |z| < 1/ν(L(z))
which proves that L(z) ∈ M. Lemma 4 applied to
Relation (3) with X(z) = ΦG(z), H = ΦT (z) and
M = L(z) leads to

ΦG(z) = ΦT (z)ΦL(z)(z) (4)

for |z| < min{1/ν(G), 1/(ν(T ) + ν(U))} where
ν(U) = (p0 − p)r/c.
In order to derive an expression of the potential
kernel ΦG given in (4), we first recall in the nex-
t lemma the expression of ΦT obtained in [Bar-
bot and Sericola, 2002]. For that, we introduce,
for z such that |z| ≤ 1/4, the function C(z) =
(1 −√

1 − 4z)/2z.

Lemma 7 Let |z| < 1 and η(z) = C(pqz2). Let
X(z) and Y (z) be the matrices defined by

Xi,j(z) = (qzη(z))i(pzη(z))j

Y (z) =
∞∑

k=0

W kX(z)V k .

For every z such that |z| < min{1/2, c/(qr + c)},
we have

ΦT (z) = η(z)Y (z)+

qzη2(z)
(1 + ρ − ρqzη(z))X(z)− r

c
WX(z)

(1 − qzη(z))(1 − ρqzη(z))
. (5)

Theorem 8 For every z such that |z| < 1/2, we
have

L(z) = u(z)RX(z) + η(z)(p0 − p)RX(z)V , (6)

ΦL(z)(z) = I +
z

1 − zu(z)
L(z) , (7)

where u(z) = (p0 − p)(r/c − 1)
η(z)

1 − ρqzη(z)
.



Proof. Let z be such that |z| < 1/2. Since RW = 0
and SW = R, we have by definition of X(z) and
Y (z)

RY (z) = RX(z) , SX(z) = qzη(z)RX(z)

and

SY (z) = qzη(z)RX(z) + RX(z)V .

Lemma 7 leads to

L(z) = η(z)(p0 − p)
(
(r/c − 1)R + S

)(
Y (z)+

qzη(z)
(1 + ρ − ρqzη(z))X(z)− r

c
WX(z)

(1 − qzη(z))(1 − ρqzη(z))

)

and using the relations above, we obtain (6). Con-
sider now the successive powers Lk(z) of matrix
L(z). Observing that V R = 0 and

X(z)RX(z) = X(z) , (8)

we easily get from (6) that L2(z) = u(z)L(z). It
follows by induction that for every k ≥ 0,

Lk+1(z) = uk(z)L(z) .

Since |z| < 1/2, it is easy to check, from the defi-
nition of the function C, that |η(z)| ≤ 2 and there-
fore |qzη(z)| < 1. Moreover, since ρ0 < 1, we have
(p0 − p)(r/c − 1) < q(1 − ρ) and so |u(z)| < 1.
Thus, we obtain

ΦL(z)(z) = I + z
∞∑

k=0

(zu(z))kL(z)

= I +
z

1 − zu(z)
L(z) .

Theorem 9 For |z| < min{1/2, c/(qr + c),
1/(ν(G) + ν(U))}, we have

ΦG(z) = η(z)Y (z)

+ η(z)
qzη(z)(1 + ρ − ρqzη(z)) +

zu(z)
1 − zu(z)

(1 − qzη(z))(1 − ρqzη(z))
X(z)

+
(

c

r − c

)
zu(z)

(1 − qzη(z))(1 − zu(z))
X(z)V

−
(r

c

) qzη2(z)
(1 − qzη(z))(1 − zu(z))

WX(z)

−
(

r

r − c

)
qz2η2(z)u(z)

(1 − qzη(z))(1 − zu(z))
WX(z)V (9)

Proof. Let z be such that |z| < min{1/2, c/(qr +
c), 1/(ν(G)+ ν(U))}. Replacing Relations (5) and
(7) in (4), we obtain

ΦG(z) = η(z)
(

I +
z

1 − zu(z)
L(z)

) (
Y (z)+

qzη(z)
(1 + ρ − ρqzη(z))X(z) − r

c
WX(z)

(1 − qzη(z))(1 − ρqzη(z))

)
. (10)

Now, since V R = 0, we obtain from (8) that
Y (z)RX(z) = X(z). We get from (6),

Y (z)L(z) = u(z)X(z) + η(z)(p0 − p)X(z)V

and using (8), X(z)L(z) = Y (z)L(z). Putting
these relations in (10), we obtain (9).

3.2 Explicit Solution For A Single
Buffer

We obtain in this section a closed-form expression

for Gn
0,j and so for Pr{Q ≤ x} =

∞∑
j=0

Fj(x). For

that purpose, we need the following well-known
lemma which gives an analytical expression of the
powers of η(z). For the proof, see e.g. [Riordan,
1968] page 154.

Lemma 10 For every k ≥ 1 and |z| ≤ 1/4, we

have Ck(z) =
∞∑

n=0

s(k, n)zn where s(k, n) are the

ballot defined by

s(k, n) = k
(2n + k − 1)!

n!(n + k)!
.

Theorem 11 For every x ≥ 0,

Pr{Q ≤ x} = (1 − ρ0)
∞∑

n=0

e−θx (θx)
n!

n

×
(

1 + (p0 − p)
θx

n + 1

) n∑
j=0

(
p

q

)j n−j∑
m=0

γm

×
�n−j−m

2 �∑
k=0

s(n − 2k + 1, k)pkqn−m−k

×
n−j−m−2k∑

h=0

(m + h)!
h!

ρh

where �u� denotes the largest integer less than or
equal to the real number u and

γ = (p0 − p)(r/c − 1) ∈ [0, 1] .



Proof. Let z be such that |z| < min{1/2, c/(qr +
c), 1/(ν(G) + ν(U))}. Since the first row of the
matrix WX(z) has all its entries equal to zero, we
have from (9), for every j ∈ N,

(ΦG(z))0,j = η(z)Y0,j(z)

+ η(z)
qzη(z)(1 + ρ − ρqzη(z)) +

zu(z)
1 − zu(z)

(1 − qzη(z))(1 − ρqzη(z))
X0,j(z)

+
(

c

r − c

)
zu(z)

(1 − zu(z))(1 − qzη(z))
(X(z)V )0,j

By definition of X(z), Y (z) and V , we can easily
verify that

Y0,j(z) = X0,j(z) = (pzη(z))j , (X(z)V )0,0 = 0

and
(X(z)V )0,j = (pzη(z))j−1 .

So, we obtain

(ΦG(z))0,0 =

η(z)
(1 − qzη(z))(1 − ρqzη(z))(1 − zu(z))

(11)

and for j ≥ 1

(ΦG(z))0,j =
pjzjηj+1(z)

(1 − qzη(z))(1 − ρqzη(z))(1 − zu(z))

+
(

c

r − c

)
pj−1zjηj−1(z)u(z)

(1 − qzη(z))(1 − zu(z))
. (12)

Before inverting the expressions (11) and (12), it
must be remembered that for |x| < 1 and n ∈ N

(1 − x)−n−1 =
∞∑

l=0

(n + l)!
l!

xl .

For |z| < 1/2, we have |u(z)| < 1 and |qzη(z)| < 1
and therefore, using the Cauchy product of two
series, we obtain

(ΦG(z))0,0 =
η(z)

(1 − qzη(z))(1 − ρqzη(z))

∞∑
n=0

(zu(z))n

=
η(z)

1 − qzη(z)

∞∑
n=0

(γzη(z))n(1 − ρqzη(z))−n−1

=
η(z)

1 − qzη(z)

∞∑
n,l=0

(γzη(z))n (n + l)!
l!

(ρqzη(z))l

= η(z)
∞∑

n,l=0

(γzη(z))n
l∑

h=0

(n + h)!
h!

(ρqzη(z))h

× (qzη(z))l−h

=
∞∑

n,l=0

zn+lηn+l+1(z)γnql
l∑

h=0

(n + h)!
h!

ρh .

From Lemma 10, we have

ηn+l+1(z) = Cn+l+1(pqz2)

=
∞∑

k=0

s(n + l + 1, k)pkqkz2k

which leads, by changing the order of summations,
to

(ΦG(z))0,0 =
∞∑

n,l,k=0

zn+l+2ks(n+l+1, k)γnpkql+k

×
l∑

h=0

(n + h)!
h!

ρh

=
∞∑

n=0

zn
n∑

m=0

γm

�n−m
2 �∑

k=0

s(n − 2k + 1, k)pk

× qn−m−k
n−m−2k∑

h=0

(m + h)!
h!

ρh .

Then, we have for every n ∈ N,

Gn
0,0 =

n∑
m=0

γm

�n−m
2 �∑

k=0

s(n − 2k + 1, k)pk

× qn−m−k
n−m−2k∑

h=0

(m + h)!
h!

ρh . (13)

Similary, for j ≥ 1, we obtain

(ΦG(z))0,j = zjpj
∞∑

n=0

zn
n∑

m=0

γm

�n−m
2 �∑

k=0

pkqn−m−k

× s(n − 2k + j + 1, k)
n−m−2k∑

h=0

(m + h)!
h!

ρh

+ zjpj−1(p0 − p)
∞∑

n=0

zn
n∑

m=0

γm

�n−m
2 �∑

k=0

pkqn−m−k

× s(n − 2k + j, k)
n−m−2k∑

h=0

(m + h)!
h!

ρh .

Therefore, Gn
0,j = 0 if n < j , and for n ≥ j

Gn
0,j =

(
p

q

)j n−j∑
m=0

γm

�n−j−m
2 �∑

k=0

pkqn−m−k

× s(n − 2k + 1, k)
n−j−m−2k∑

h=0

(m + h)!
h!

ρh

+
p0 − p

q

(
p

q

)j−1 n−j∑
m=0

γm

�n−j−m
2 �∑

k=0

pkqn−m−k

× s(n − 2k, k)
n−j−m−2k∑

h=0

(m + h)!
h!

ρh . (14)



Putting Relations (13) and (14) in (2), we obtain
the result by summing over j and changing the
order of summations.

4 THE FLUID CONTENT
OF THE (i+1)TH BUFFER

We suppose that the stability condition of the tan-
dem fluid queues is satisfied, that is, ρM < 1. For
1 ≤ i ≤ M − 1, we derive the distribution of the
stationary level Qi+1 of the (i + 1)th buffer.

Theorem 12 For every x ≥ 0 and 1 ≤ i ≤ M −1

Pr{Qi+1 ≤ x} = (1 − ρi)
∞∑

n=0

e−θix
(θix)
n!

n

×
(

1 +
λx

(n + 1)c0(1 − ci+1/ci)

) n∑
j=0

(
pi

qi

)j

×
n−j∑
m=0

γm
i

�n−j−m
2 �∑

k=0

s(n − 2k + 1, k)pk
i qn−m−k

i

×
n−j−m−2k∑

h=0

(m + h)!
h!

ρ′hi

where

λi = λ(N − ci/c0) , µi = µci/c0 ,

pi = λi/(λi + µi) , qi = 1 − pi ,

θi = (λi + µi)/(ci − ci+1) ,

ρ′i = ciλi/(ci+1µi) ,

γi = (ci/c0)(ci/ci+1 − 1)λ/(λi + µi) .

Proof. We saw that the stationary level of the
(i + 1)th buffer is equivalent to the stationary lev-
el of an infinite buffer with service rate ci+1 and fed
by an MM1(Nλ,λi,µi,ci). We then apply Theorem
11 to this fluid model and set β = Nλ, a = λi,
b = µi, r = ci and c = ci+1.
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Abstract: In the study of stochastic process algebra it is necessary to consider not only how systems are to be
specified, but also how complex systems can be simplified and solved efficiently. In this paper a relationship between
the behaviour of stochastic systems and a product form solution over components is explored. A number of char-
acterisations of increasing complexity are derived which extend the class of model subject to product form solution
that have been defined for Markovian process algebra.
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1. INTRODUCTION

In recent years some effort has been made to identify
efficient methods for analysing and solving stochastic
process algebra models by decomposition (see [Hill-
ston, 2001]). Such solutions are derived on the basis
that the components in the model are statistically inde-
pendent in their steady state behaviour and so the steady
state solutions for components may be found in isola-
tion without the need to generate the entire state space
of the model. Clearly product form solutions are an ex-
tremely efficient mechanism in deriving important nu-
merical solutions.

The aim of this paper is to address the issue of how
the behaviour of the model may be used to directly
show product form results in general models without
relying on additional insight from the modeller. The
product form solutions that are derived here are related
to the class of model previously defined by Boucherie
[Boucherie, 1994]. This class of model gives a prod-
uct form over components interacting only through a
resource, to which exclusive access is granted to one
component at a time. No other interaction is possible
between components and without the resource a com-
ponent may only carry out internal actions.

The paper begins by re-introducing Hillston’s
Markovian process algebra, PEPA [Hillston, 1996], to-
gether with the set of concepts required to describe fea-
tures of a model and then briefly discusses the notion

of behavioural independence and control. In Section 3
the exploitation of behavioural independence is made
in relation to simple product form decomposition. In
Section 4 this is developed to consider more complex
classes of model. Finally some conclusions and future
work directions are presented.

2. PEPA

A formal presentation of PEPA is given in [Hill-
ston, 1996], in this section a brief informal summary
is presented. PEPA, being a Markovian Process Alge-
bra, only supports actions that are negative exponen-
tially distributed at given rates. Specifications written in
PEPA represent Markov processes and can be mapped
to a continuous time Markov chain (CTMC). Systems
are specified in PEPA in terms of activities and compo-
nents. An activity

���������
is described by the type of the

activity,
�

, and the rate of the associated negative ex-
ponential distribution,

�
. This rate may be any positive

real number, or given as unspecified using the symbol	
. The syntax for describing components is given as:
����� ����������� 
���
�������
�������
 ��!"��#��$
The component

�%�&�'���(� 

performs the activity of

type
�

at rate
�

and then behaves like



. The compo-
nent

)�*�

behaves either like



or like
�

, the resultant
behaviour being given by the first activity to complete.
The component


����
behaves exactly like



except that



the activities in the set
�

are concealed, their type is
not visible and instead appears as the unknown type + .
Concurrent components can be synchronised,


#�%!"��
,

such that activities in the cooperation set
�

involve the
participation of both components. In PEPA the shared
activity occurs at the slowest of the rates of the partic-
ipants and if a rate is unspecified in a component, the
component is passive with respect to the activities of
that type. The parallel combinator , is used as short-
hand to denote synchronisation with no shared activi-
ties, i.e.


 , �.-/
 �%! 0 � .
$ def�1


gives the constant
$

the behaviour of the component



. A small number of
addition definitions are required.

DEFINITION 1: Fertile action. An action 2 is said to
be fertile in derivative


43
if

53768:9 
<; and =?>�A@ .

DEFINITION 2: Current fertile action type set. The
current fertile action type set of



, denoted BDC � 
 � , is

the set of all action types of actions that are fertile in the
current derivative of



.

DEFINITION 3: Complete fertile action type set.
The complete fertile action type set of



, denotedEBFC � 
 � , is the set of all action types of actions that are

fertile in at least one derivative of



.

3. BEHAVIOURAL INDEPENDENCE

Put simply the notion of behavioural independence
is simply that a component in a model behaves iden-
tically regardless of the current behaviour of the other
components in the model.

DEFINITION 4: Behavioural Independence. The
component



is said to be behaviourally independent

in the model

 ��! " �

if for every

G3IHKJML � 
 �N �O; � �FP.HQJML � � � L � R(�S� 
53T�%!" �O; ���U� 
53T�%!" �VP � HJWL � 
#��!"1� �

B)X�Y�Z � 
 3���!"/� ; � �M[ B � 
 3T��! "�� ; � �W[ BFC � 
 3 �<\ �^]�]`_�
BaX�Y Z � 
 3&�%!" � P � �M[ B � 
 3T��! " � P � �M[ BbC � 
 3 �c\ �?]�] _

Obviously the trivial case for behavioural indepen-
dence is where there are no shared actions, i.e.


S�d� �
,

however this is not the only case where components
may be considered to be behaviourally independent.
Furthermore, the fact that no actions are shared be-
tween two components does not mean they will always

be behaviourally independent in the presence of other
components. For example, in

� 
S�� � � ��! "�e
the inter-

action between



and
e

may influence the interaction
between

�
and
e

, causing



and
�

to be behaviourally
dependent. If a component is not behaviourally inde-
pendent then it must be dependent on some other com-
ponent to perform one of more actions during its evolu-
tion. This dependence is referred to by saying that com-
ponent



controls component

�
over actions fhg � in
 ��! " �

if the rate at which an action of type i H f can
happen in

� 3 HjJML`�
depends on the current derivative

of



. Clearly, if



controls
�

over f then
�

cannot
be behaviourally independent, but the independence, or
otherwise, of



is not known by this statement.

3.1 Exploiting behavioural independence

It is clear that if a component is behaviourally in-
dependent (even it is also controlling) then it may be
studied in isolation without affecting its behaviour, sub-
ject to the rates of shared actions being set. If a shared
action is not enabled by the partner in the cooperation
then the rate of that action will be zero when that com-
ponent is considered in isolation, otherwise the rate of
the shared action will be determined by the rates speci-
fied in each participating component. To illustrate such
a situation, consider a number of queues in sequence.
If all the queues are basic k � k �ml`�on then the system
is clearly a simple Jackson network and has a product
form solution. However, even if this is not the case then
the first queue will still be behaviourally independent
(unless there is blocking at the server) and so may be
studied in isolation.

As well as being used to identify independent be-
haviour leading to decomposition, behavioural indepen-
dence and control can also be used to identify cases
where product form solutions exist. Such a case is the
queueing model with breakdowns illustrated below.

�qp:rsptrsu def� �%vo�`� =xw vWy�� 	 �(� �qp:rsptr�z�qp:rsptr 3 def� �%vo�`� =xw vWy�� 	 �(� �qp:rsptr 3{ z� � LUr � wM=x| r � 	 �(� �qp:rUp:r 3~} z� l���@S��� 8 l�qp:rsptr`� def� � LUr � wM=x| r � 	 �(� �qp:rUp:r`�O} z� r � w r �s�'� def� ���:v = y������(� � r � w r �`� C`C� �%vo�`� =xw vWy����t�(� � r � w r � �'�� � LUr � wM=x| r �'���(� � r � w r � �'�



� r � w r � � C`C def� ��� r'� v = ���'���(� � r � w r � �'��qp:rsptr u �%!���%�%�x���d�%��� �����x�d������� � r � w r �s�'�
It is clear that the Server component is behaviourally

independent in this model as neither of the shared ac-
tions affects its evolution. Similarly it is clear that the
Server component controls the Queue component over
the actions service and arrival. A number of other
important factors are also apparent: all the actions of
Queue are shared actions, all shared actions are en-
abled in

� r � w r � �'� , no shared actions are enabled in� r � w r � � C`C , the action fail does not alter the deriva-
tive of Queue. These six factors mean that a product
form solution exists over the Server and Queue com-
ponents such that the joint steady state probabilities are
given as �� ¡W¢�£'¤�¢�£�¥�¦ §5¨`¢�¨`¢ �%© � � ¡W¢�£�¤�¢�£ ¥ � � §�¨�¢�¨�¢ � where@SHª[`«`¬ � « �<� ]

and  � = �®� .

The model illustrated in here is reversible and it
is possible to derive a product form solution using
the characterisation derived in [Hillston and Thomas,
1998]. In fact an example with the same structure, re-
ferred to as the drinking gambler appeared in [Hillston
and Thomas, 1998]. That approach required the iden-
tification of reversible components and the application
of restrictions on the cooperation between them. This
requires a detailed study of both the components and
the interface, whereas the approach described here only
requires a simple inspection of the components, only
adherence to the five criteria.

1. Component,
$

, of a pair
$ �%!"�¯

is behaviourally
independent.

2. Component,
¯

, is controlled by
$

over all the ac-
tions in the cooperation set, ° � ¯ � �/� .

3. The complete action type set of
$

,
EB � ¯ � is con-

tained within its interface,
EB � ¯ � �/� .

4. All actions in the cooperation set,
�

, are enabled
in exactly one derivative of

$
,
$±3

.

5. No actions in the cooperation set,
�

, are enabled
in any other derivative of

$
.

6. Any action
�

such that
$ 3³²8´9 $ ; , $ 3 >�7$ ; is

not fertile in
¯

.

This product form solution relies on the fact that com-
ponent

$
turns the interaction in the model off and on;

and when it turns back on the system returns to ex-
actly the same global state as it was before it turned

off. Hence, as long as these 5 stated conditions are not
broken then the model illustrated above can be easily
adapted to incorporate additional (non-reversible) fea-
tures, such as batch service, without compromising the
product form solution.��ptrsp:r u def� ��vM�`� =xw vWy�� 	 ��� ��ptrsp:r z��ptrsp:r 3 def� ��vM�`� =xw vWy�� 	 ��� ��ptrsp:r 3{ z� � Lsr � wM=�| r � 	 ��� �qp:rsptrsu� lq�µ@*�®� 8 l�qp:rsptr � def� � Lsr � wM=�| r � 	 ��� �qp:rsptrsu� r � w r � ��� def� �%�:v = y�������� � r � w r � � CsC� ��vM�`� =xw vWy����t�(� � r � w r �`���� � LUr � wM=x| r �'���(� � r � w r �s�'�� r � w r �s� C`C def� �~� r�� v = � l ��� z �(� � r � w r �s¶�·�¸(��¹(º�»� r � w r �s¶x·�¸(�o¹(º%» def� �~� r�� v = ��¼�����½s�(� � r � w r �s�'�

�qp:rUp:r u ��!���%�%�x���d�%��� ���x�x�¾�'����� � r � w r �s�'�
4. PARTIAL BEHAVIOURAL INDEPENDENCE

The simple product form developed in Section 3 can
be extended by considering parts of components as be-
haviourally independent and parts which exert control.
This may be achieved by observing that component



controls

�
over the set of actions f , but that the actions

in f are not affected by changes in derivative within a
subset of



.

DEFINITION 5: Partial Behavioural Independence
The component



is said to have partial behavioural in-

dependence in the model

 �%! "��

with respect to the
subset ¿ � � � g JML � � � , if for every


 3 HÀJML � 
 �N � ; � � P H ¿ � � � L � R(�Á� 
 3���!" � ; �(�U� 
 3���!" � P � HJWL � 
 ��!" � �
BaX�Y Z � 
 3&�%!" � ; � �M[ B � 
 3T��! " � ; � �W[ BFC � 
 3 �<\ �^]�] _�
B)XÂY Z � 
 3&�%!" � P � �M[ B � 
 3T��! " � P � �W[ BFC � 
 3 ��\ �^]�] _

This definition states that the



will behave identi-
cally as long as

�
behaves as some derivative

�b3ÃH
¿ � � � . Clearly there may be many such subsets for any
given component. In product form solution introduced
in Section 3.1, the component

$
has two subsets; one

subset consists of the single derivative where all actions



in the cooperation set,
�

, are enabled, and the other sub-
set consists off all the other derivatives where no actions
in the cooperation set are enabled. The single ”on” be-
haviour restriction from

$
can be relaxed as long as

the result of returning to ”on” always returns to exactly
the same derivative of

$
as immediately before turning

”off”.

1. Component,
$

, of a pair
$ �%!" ¯

is behaviourally
independent.

2. Component,
¯

, is controlled by
$

over all the ac-
tions in the cooperation set, ° � ¯ � �/� .

3. The complete action type set of
¯

,
EB � ¯ � is con-

tained within its interface,
EB � ¯ � �/� .

4. It is possible to divide the derivatives of
$

into�
subsets ¿ z � $ ���Â�U�Â�s� ¿ � � $ � , �³Ä ¼ , such thatÅ �3Æ z ¿ 3 � $ � ��JML � $ � , ¿ 3 � $ �4\ ¿ ; � $ � � Ç , =b>�@

, and
¯

has partial behavioural independence in$ ��!" ¯
with respect to ¿ 3 � $ � , = �.l �U�Â�Â�Â� � .

5. All actions in the cooperation set,
�

, are enabled
in all derivatives in ¿ z � $ � .

6. No actions in the cooperation set,
�

, are enabled
in any derivative in ¿ 3 � $ � , = Ä ¼ .

7. For any
y Ä ¼

, there exists at most one derivative,$ 3 H ¿ z � $ � such that
$ 3 8:9 $ ; and

$ P 8t9 $ 3
where

$ ; � $ P H ¿�È � $ � .
8. For any =b>�/@ , Ä ¼ there are no derivatives

$ P H
¿ 3 � $ � and

$ È H ¿ ; � $ � such that
$ P 8´9 $ È .

9. Any action
�

such that
$O3É²8t9 $Ê; , $O3?H ¿ z � $ � ,$?;)�H ¿ z � $ � , � is not fertile in

¯
.

This set of rules allows for multiple ”on” behaviours
and multiple ”off” behaviours, by partitioning the ”off”
behaviours into distinct subsets that do not have any sin-
gle actions linking them. However, this definition still
imposes the restriction the ”on” and ”off” behaviours
are controlled by a single behaviourally independent
component. It is possible to relax even this restriction,
however, this can be done only if the actions in the ”on”
subset, ¿ z � $ � are restricted to the actions in the coop-
eration set. This further restriction would mean that two
components

$
and Ë , could both control

¯
over
�

, and
also that

$
controls Ë over

�
and Ë controls

$
over�

. In fact it it not necessary for the component
¯

to
be constrained by its interface, and it can in fact be an
on-off component in the same way as

$
.

DEFINITION 6: Restricted Partial Behavioural In-
dependence The component



is said to have restricted

partial behavioural independence in the model

��%!"��

with respect to the subsets ¿ � � � g JWL � � � and ¿ � 
 � gJWL � 
 �
, if for every


G3TH ¿ � 
 �N �O; � �VP H ¿ � � � L � R(�Á� 
53���!"1�O; �(�U� 
53���!"1�VP � HJWL � 
#��!"/� �
BaX�Y�Z � 
G3&�%!" �O; � �M[ B � 
G3T��! " �O; � �W[ B C � 
G3 �<\ �^]�]s_�
B)XÂY�Z � 
G3&�%!" �VP � �M[ B � 
G3T��! " �VP � �W[ B C � 
G3 ��\ �^]�]`_

Thus it is possible to derive a product form solution
in a model without a resource component subject to the
following conditions.

1. Two components,
$

and
¯

in
$ �%! " ¯

are con-
trolled and controlling over all the actions in the
cooperation set, ° � ¯ � � ° � $ � �/� .

2. It is possible to divide the derivatives of
$

into�
distinct subsets ¿ z � $ �(�Â�U�Â�s� ¿ � � $ � , � Ä¼

, and the derivatives of
¯

into k subsets¿ z � ¯ ���Â�U�Â�Â� ¿FÌ � ¯ � , k Ä ¼
such that

¯
has restricted partial behavioural independence in$.�%!" ¯

with respect to ¿ 3 � $ � and ¿ z � ¯ � , = �l �Â�Â�U��� �
and
$

has restricted partial behavioural
independence in

$���!"�¯
with respect to ¿ ; � ¯ �

and ¿ z � $ � , @Í�Îl �Â�Â�U��� k .

3. All actions in the cooperation set,
�

, are enabled
in all derivatives in ¿ z � $ � and all derivatives in¿ z � ¯ � .

4. No actions in the cooperation set,
�

, are enabled in
any derivative in ¿ 3 � $ � , = Ä ¼ , or any derivative
in ¿ ; � ¯ � , @*Ä ¼ .

5. The current action type set of all
$ 3 H ¿ z � $ � ,B � $ 3 � , is contained within its interface; B � $ 3 � g�

,
N $ 3 H ¿ z � $ � .

6. The current action type set of all
¯O; H ¿ z � ¯ � ,B � ¯?; � , is contained within its interface; B � ¯�; � g�

,
N:¯^; H ¿ z � ¯ � .

7. For any
y Ä ¼

, there exists at most one derivative,$ 3 H ¿ z � $ � such that
$ 3 8t9 $ ; and

$ P 8t9 $ 3
where

$ ; � $ P H ¿�È � $ � .
8. For any =F>�1@ , Ä ¼ there are no derivatives

$ P H
¿ 3 � $ � and

$ È H ¿ ; � $ � such that
$ P 8´9 $ È .



9. For any
y Ä ¼

, there exists at most one derivative,¯±3 H ¿ z � ¯ � such that
¯±3 8t9 ¯^; and

¯±P 8t9 ¯±3
where

¯ ; � ¯ PbH ¿ È � ¯ � .
10. For any =V>�Ï@ , Ä ¼ there are no derivatives

¯ P)H
¿ 3 � ¯ � and

¯ È H ¿ ; � ¯ � such that
¯qP 8´9 ¯ È .

11. Any action
�

such that
$O3É²8t9 $Ê; , $O3?H ¿ z � $ � ,$?;)�H ¿ z � $ � is not fertile in
¯

.

12. Any action Ð such that
¯q3Ñ²8t9 ¯^; , ¯O3 H ¿ z � ¯ � ,¯ ;a�H ¿ z � ¯ � is not fertile in
$

.

These conditions follow as a simple consequence of
the earlier discussion. All interaction between

$
and¯

is restricted to the subsets ¿ z � $ � and ¿ ½o� ¯ � . If
$

enters a behaviour outside ¿ z � $ � , then all actions of¯
will be blocked until

$
returns to ¿ � $ � . Further-

more, if
$

was behaving as
$ z H ¿ z � $ � and the action�

occurred causing
$

to behave as
$±Òz �H ¿ z � $ � then¯

will be blocked until
$

is once again behaving as$qz
. Likewise

¯
will block the actions of

$
if its be-

haviour leaves the subset ¿ z � ¯ � . Clearly therefore this
characterisation gives rise to a separable system, but
in general this does not mean a product form solution
will exist. This is only guaranteed if each of the activ-
ities in

�
are fertile in at most one component in every

derivative of
$.��!" ¯

,
$�Ò���! " ¯ Ò

, such that
$OÒ<H ¿ z � $ �

and
¯ Ò�H ¿ z � ¯ � (the same condition is present in the

Boucherie product form). This gives a product form so-
lution of the following structure.

�� dÓ:¥(¦ ÔcÕ © � lÖ � Ó:¥ � � ÔcÕ
where

l`��Ö
is the normalising constant resulting from

the fact that not all combinations of derivatives of
$

and¯
are reachable in

$.�%!"�¯
.

4.1 Security guards example

In this simple example there are a pair of security
guards. The only stipulation is that at least one must
be awake and on duty at any time. Thus, any guard
may choose to go to sleep only if another of his col-
leagues is awake. The correctness is held by the fact
that in order to make the transition from ×FØ $�Ù v i r to×�Ø $OL y r`r�� , each guard must have the (passive) cooper-
ation of his colleague. Once asleep however, the guards
are incapable of communicating, and so the guard who
is awake must remain so.

× Ó $^Ù v i r def� ��vm�:vWy�y $±L y r`r�� ��� ½ �(� × Ó $OL y r`r��b�

��Ú��:vWy�y $OL y r`r�� � 	 �(� × Ó $^Ù v i r× Ó $OL y rsr�� def� � Ù v i rspo� ���UÛs�(� × Ó $^Ù v i r× Ô $^Ù v i r def� ��Ú��:vWy�y $OL y r`r�� �'�U½(�(� × Ô $±L y r`r��� �%vm�:vMy%y $±L y r`r'� � 	 ��� × Ô $^Ù v i r× Ô $OL y rsr�� def� � Ù v i rspo� ���sÜU�(� × Ô $^Ù v i r
× Ó $�Ù v i r �%!���'Ý'������ÞM�%�����àßÂ� á%Ý��'����Þo�����%�~ßâ� × Ô $^Ù v i r

Thus the model has the excluded state of× Ó $OL y rsr��4� × Ô $±L y r`r�� , and a trivial product form
over the remaining states, given by,

�� dã Þ´ä ¦ ãGå´æ © � lÖ � ã Þ ä � � ã å æ
where ç �(è � [`$^Ù v i r � $±L y r`r��c] and

Ö �
� ã Þ Ó<é ¸ P ¢ � � ã å Ó<é ¸ P ¢ � � ã Þ Ó<é ¸ P ¢ � � ã å Ó ¶ È ¢�¢%ê �� ã Þ Ó ¶ È ¢�¢%ê � � ã5å:Ó<é ¸ P ¢ . The model can be made slightly
more interesting if guards go out on patrol. There are a
number of possibilities in this regard.

ë Both guards patrol together at all times.× Ó $�Ù v i r def� �àì «�í±p R(���Uî`�(� × Ó 
 vMR�� « y� ��vm�:vWy�y $OL y r`r�� �'� ½ ��� × Ó $OL y rsr��� �%ÚÂ�:vMy%y $±L y r`r'� � 	 ��� × Ó $�Ù v i r× Ó 
 vMR�� « y def� �àì « ¯ v |Âi ���Uï`�(� × Ó $^Ù v i r× Ô $�Ù v i r def� �àì «�í±p R(��� î �(� × Ô 
 voR�� « y� �%ÚÂ�:vMy%y $±L y r`r'� ���s½â��� × Ô $OL y rsr��� ��vm�:vWy�y $OL y r`r�� � 	 �(� × Ô $^Ù v i r× Ô 
 vMR�� « y def� �àì « ¯ v |Âi ���Uï`�(� × Ô $^Ù v i r
× Ó $�Ù v i r �%!��ð�ñxòMó(ô~� ð�ñ å ��� Õ ���Ý��'����Þo�������àß�� á�Ý'������ÞM�����%�~ßâ� × Ô $�Ù v i r

ë One or both of the guards go out, the other must
be awake.× Ó $�Ù v i r def� �àì «�í±p R(��� î �(� × Ó 
 vMR�� « y� �àì «�í±p R(� 	 �(� × Ó $^Ù v i r� ��vm�:vWy�y $OL y r`r�� �'�U½���� × Ó $OL y rsr��� �%ÚÂ�:vMy%y $±L y r`r'� � 	 ��� × Ó $�Ù v i r× Ó 
 vMR�� « y def� �àì « ¯ v |Âi ���Uï`�(� × Ó $^Ù v i r× Ô $�Ù v i r def� �àì «�í±p R(���Uõ`�(� × Ô 
 voR�� « y� �àì «�í±p R(� 	 �(� × Ô $�Ù v i r� �%ÚÂ�:vMy%y $±L y r`r'� ���s½â��� × Ô $OL y rsr��� ��vm�:vWy�y $OL y r`r�� � 	 �(� × Ô $^Ù v i r× Ô 
 vMR�� « y def� �àì « ¯ v |Âi ���Uï`�(� × Ô $^Ù v i r



× Ó $�Ù v i r ��!���'Ý'������ÞM�%�����àßÂ� á%Ý��'����Þo�����%�~ß�� ð�ñxòMó(ôö� × Ô $^Ù v i r
Here both components might be simultaneously passive
on
ì «�í±p R

, however this is not a fertile action in this
case. This case only has a product form if

�`î � �Uõ
.

ë Either guard may go out at anytime regardless of
whether the other is awake or not.

× Ó $^Ù v i r def� �~ì «�í±p R(��� î ��� × Ó 
 vMR�� « y� �~ì «�í±p R(� 	 ��� × Ó $^Ù v i r� �%vW�:vWy%y $OL y rsr�� ���U½���� × Ó $±L y r`r'�� ��Ú��:vWy�y $±L y r`r�� � 	 ��� × Ó $^Ù v i r× Ó 
 vMR�� « y def� �~ì « ¯ v |Ui ���sïs��� × Ó $�Ù v i r� ��Ú��:vWy�y $±L y r`r�� � 	 ��� × Ó $^Ù v i r× Ô $^Ù v i r def� �~ì «�í±p R(���sõs��� × Ô 
 vMR�� « y� �~ì «�í±p R(� 	 ��� × Ô $^Ù v i r� ��Ú��:vWy�y $±L y r`r�� ���s½(�(� × Ô $±L y r`r'�� �%vW�:vWy%y $OL y rsr�� � 	 �(� × Ô $^Ù v i r× Ô 
 vMR�� « y def� �~ì « ¯ v |Ui ��� ï ��� × Ô $^Ù v i r� �%vW�:vWy%y $OL y rsr�� � 	 �(� × Ô $^Ù v i r
× Ó $^Ù v i r ��!���'Ý'������ÞM�%�����~ß�� á�Ý��'����Þo�������àßâ� × Ô $^Ù v i r

This final model is not captured by the characteri-
sation presented here, but instead belongs to a further
class of model where independent actions are allowed
to continue. Capturing this class of model remains on-
going work.

5. CONCLUSIONS

In this paper a discussion of the notions of be-
havioural independence and control has been presented
in relation to product form solution. It is probable that
many additional classes of product form solution will
have subclasses that can be defined using behavioural
independence and control, although this remains to be
proved. By exploring these subclasses of solutions it
will be possible to gain greater understanding of the
links between different product form solutions and near
and non-product form solutions and where they may
overlap. The class of product form here is related to
the class defined by Boucherie [Boucherie, 1994] and
is thus related to an earlier characterisation in PEPA
[Hillston and Thomas, 1999], although it is conceptu-
ally somewhat simpler than either of these cases. These

earlier characterisations have some advantages over that
presented here, however the class defined here differs
from those earlier characterisations in three important
ways. The equivalent of the resource component used
here is not redundant. This means that queues (and
other state dependent structures) can be used under a
Boucherie-like framework. Furthermore, by develop-
ing the notion of restricted partial behavioural inde-
pendence it has been possible to achieve a characterisa-
tion without an explicit resource. Given the Boucherie
result it should be possible to relax the on-off behaviour
such that component

¯
in
$ �%! " ¯

will still be able to
perform internal actions even if

$
is in some derivative$�Ò÷�H ¿ z � $ � . This remains as future work.
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APPROXIMATE SOLUTION OF A CLASS OF QUEUEING
NETWORKS WITH BREAKDOWNS

NIGEL THOMAS
�
, DAVID THORNLEY

�
and HARF ZATSCHLER

�
Abstract: In this paper we study a class of open queueing network where servers suffer breakdowns and are
subsequently repaired. The network topology is a pipeline with feedback from the final node to the first. Each node
consists of a number of queues each with an unreliable server. There are no losses from the queues in this system,
however jobs are routed according to the distribution of operational servers at each node in the pipeline. This model
is in general intractable, however an iterative technique is presented which combines a number of earlier results to
generate an approximation to steady state measures found by simulation.

Keywords: Queueing theory, breakdowns, approximation, decomposition

1. INTRODUCTION

Queueing networks with breakdowns are a class of
problem that are of obvious practical interest and have
consequently been considered for many years. How-
ever, the vast majority of studies that have been made
concern only single queue models or solve more gen-
eral topologies using simulation. A number of papers
have addressed the problem of queues in parallel, most
notably Mitrani and Wright [Mitrani and Wright, 1994]
who analysed a system of nodes in parallel which suf-
fered failures that caused all jobs to be lost, incom-
ing jobs were then routed away from failed nodes,
this resulted in an interesting trade off in performance
between response time and job loss. Models with-
out loss on failure are not without practical applica-
tion, particularly in transaction processing and manu-
facturing. Thomas and Mitrani [Thomas and Mitrani,
1995] started with the same basic model as [Mitrani
and Wright, 1994], but changed the nature of the fail-
ure so that queues were preserved during repair peri-
ods. The same authors also considered an extension
to their model [Thomas and Mitrani, 1998] where a
pipeline was constructed where each node was a sys-
tem of parallel queues. It was not possible to solve this
model exactly, instead they considered each node in se-
ries and compared a simple Poisson approximation with

�
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a Markov-modulated arrival process based on the con-
figuration of operational servers at the previous node in
the pipeline.

In this paper we present an extension to the model pre-
sented in [Thomas and Mitrani, 1998] to consider the
existence of a feedback loop which returns jobs to the
start of the pipeline with a given probability. The ex-
istence of such a loop means that the approach used
previously will no longer be applicable because all the
nodes are now dependent of their predecessor, whereas
in [Thomas and Mitrani, 1998] the first node had only
external arrivals. We employ an iterative approach re-
cently applied to Markovian process algebra [Thomas
et al, 2003]. In the context of the queueing systems de-
scribed here this iterative method is extremely close to
that applied recently in [Harrison et al, 2002]. The ap-
proach described in [Thomas et al, 2003] requires that
all shared actions (in queueing terms this refers to de-
partures from one node which become arrivals at an-
other) are represented in a reduced model to estimate
the marginal distribution for each component (node) in
turn. The method is repeated until convergence over a
particular measure is reached and hence all the marginal
distributions are found. In this paper the reduced model
is a single queue with Markov-modulated arrivals and
convergence is required of the parameters of the ar-
rival process at each node. As in earlier studies these
marginal queue size distributions do not in general give
rise to a product form solution, but nevertheless can be
used to find many performance measures of interest,
such as average response time and utilisation.



2 THE MODEL

Jobs arrive into the system in a Poisson stream with
rate � . There are � nodes in series and in node �
there are 	�
 servers in parallel, each with an associ-
ated unbounded queue, to which incoming jobs may
be directed. Server � at node � goes through alternat-
ing independent operative and inoperative periods, dis-
tributed exponentially with means ���� 
�� � and ���� 
�� � re-
spectively. While it is operative, the jobs in its queue
receive service of an exponentially distributed duration
with mean �����
�� � , and leave the node upon comple-
tion to proceed to the next (if any) node in the pipeline.
When a server becomes inoperative (breaks down), the
corresponding queue, including the job in service (if
any), remains in place. Services that are interrupted in
this way are eventually resumed from the point of in-
terruption. On completion of service at the final node a
proportion of jobs, �������� , leave the system and the
remainder return to the first node. The system model is
illustrated in Figure 1.

 "! 
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�� ()&

 "! 
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Figure 1. A single source to a pipeline of �
nodes, split between the queues in each
node

The external arrival rate is given in Figure 1 as � 
 , and
since no jobs are lost the overall arrival rate at all nodes
will be the same, namely, �@�"� . However, since the
arrivals at node � depend on the departures from node�A:B then the arrival stream will, in general, cease
to be Poisson (the only case where this is not true is
for node 1 if �DCE ). The system configuration at any
moment is specified by the subset, F , of servers that
are currently operative (that subset may be empty, or it
may be the set of all servers): F�GIH # , where H # CJLK NMOQPRM K SMUTSPVMXWOWXWVM K NMU	 + PVM K TYMOQPVMOWXWOWRM K �ZM)	�[\P^] ,
where the pair

J �^M_�8] represents server � at node � .
There are of course T # possible system configurations,
where 	`Cba [
dc%+ 	 
 . In general it is more convenient
to consider the subset Fe
 whose elements are those
servers at node � which are operative. The set of

all servers at node � is denoted by H;#f$ . ClearlyF8
gGhHi#f$�GhHi# and F8
gGjF . The steady-state
marginal probability, k@lO$ , of configuration F 
 at node �
is given by

k l $mC`n�Ro lQ$ �S
'� �� 
�� �qp � 
�� � n�Ro l"$ �X
�� �� 
�� �qp � 
�� � MrF8
sG�Hi#%$qM
And the steady-state marginal probability, k2l , of con-
figuration F is given by

k l Chn
'� �Ro l �N
�� �� 
�� �tp � 
'� � n
'� �Ro l �O
'� �� 
'� �tp � 
'� � MuFuG�Hi#vM
where F2
 is the complement of Fe
 with respect to H;#%$ ,F is the complement of F with respect to H;# and an
empty product is by definition equal to 1. These ex-
pressions follow from the fact that servers break down
and are repaired independently of each other.

If, at the time of arrival at node � , a new job finds the
node in configuration F 
 , then it is directed to the queue
at server � with probability  
�� � K Fe
/P . These decisions
are independent of each other, of past history, of the
sizes of the various queues and of the state of any other
node in the pipeline. Thus, a routing policy at node � is
defined by specifying T # $ vectors,w 
 K F 
 PmCyx  
�� + K F 
 PVM  
'� ( K F 
 PRMXWOWXWXM  
�� # $ K F 
 P/zMrF 
 G�H # $^M
such that for every Fe
 ,#f${�)c%+  
�� � K Fe
_PmCb
There are clearly many strategies that can be employed
using this system and a number have been studied pre-
viously. Intuitively, it seems better not to send jobs to
queues where the server is inoperative, unless that is un-
avoidable. This suggests the following strategy: If the
subset of operative servers at node � in the current sys-
tem configuration is F 
 , and that subset is non-empty,
send jobs to queue � only if �g|�F 
 , with probability
proportional to  � : � K F8
}PmC  �a�~ o l  ~ M���|�F�W
If F is empty (i.e. all servers are broken), send jobs to
queue � with probability  � K ��C�NMUT�MXWOWXWVM)	 
 P . Note
that this strategy does not take account of the states of
servers at other nodes in the system. However the ex-
istence of other nodes may have an effect on the op-
timal routing vector for a given strategy, for instances



in spreading jobs when all preceding servers are oper-
ative, but directing jobs only to fast servers when few
preceding servers are operative.

The system state at time � is specified by the pairx � K �>PVM>� K �>P/z , where � K �>P indicates the current configura-
tion (the configurations can be numbered, so that � K �>P is
an integer in the range ��MONMOWXWXWVM^T # :< ), and � K �>P is an
integer vector whose � ’th element, �Y� K �>P , is the number
of jobs in queue � K ��CBSMUTYMOWXWOWVM)	�P . The integer � is
used here instead of the pair �^M_� for simplicity, the rela-
tionship between � and �^M/� is a simple 1 to 1 mapping
such that

� p 
'��+{� c%+ 	 � Cg�
Under the assumptions that have been made, � CJ x � K �>PRM,� K �>P}zqM;�D���Y] is an irreducible Markov pro-
cess. The condition for ergodicity of � is that, for every
queue �^M_� , the overall arrival rate is lower than the over-
all service capacity:{ � l $ �e
�k l $  
'� � K F8
/P�����
'� � �N
�� �� 
'� �tp � 
'� �Ms�sC�NM^TiWXWOWRM)��M_��C�NM^TYMOWXWXWXM)	 
 W
When the routing probabilities at each node depend on
the system configuration, the process � is not separable
(i.e., it does not have a product-form solution). Conse-
quently, the problem of determining its equilibrium dis-
tribution is intractable in general. On the other hand, the
quantities of principal interest are expressed in terms
of averages only; they are the steady-state mean queue
sizes, �t� , and the overall average response time, � ,
given by

�hC �
[{ 
dc%+
#%${�)c%+ � 
'� � W

To determine those performance measures, it is not nec-
essary to know the joint distribution of all queue sizes;
the marginal distributions of the 	 queues in isolation
are sufficient. Unfortunately, the isolated queue pro-
cesses,

J �L� K �>P�M;�D���Y] K ��CjSMUT�MXWXWOWRM)	�P , are not
Markov. As mentioned earlier the arrival stream at any
node � is not Poisson since it depends on the activity
of all the previous nodes (ad infinitum given �y�� ),
this makes an exact solution of the marginal queue size
distributions almost as intractable a problem as solv-
ing the joint distribution of all queue sizes. However,
it is possible to obtain good approximate solutions for
the marginal queue size distributions by assuming the

arrival stream at node � to be Markov-modulated Pois-
son. However, unlike the pipeline model presented in
[Thomas and Mitrani, 1998], there is no explicit start
point in this model where the arrival process at a node
is known, therefore an iterative solution is employed
and a further approximation is used to start the process.
This iterative process and the formation of the Markov-
modulated arrival processes are discussed in Sections 3
and 4.

Consider the stochastic processes �2
'� � ,
� 
'� �¡C J x �L¢ K �>PVMX�S
�� � K �>P}z_M��t�£�Y]M��sC�NM^TYMOWXWXWXM)�`M¤��CbNM^TYMXWOWXWVMU	¥
)M

which model the joint behaviour of the configuration
and the size of an individual queue �^M_� , where � ¢ K �>P in-
dicates the current mode of the Markov-modulated ar-
rival process (MMPP). The state space of �@
�� � is infinite
in one dimension only, which simplifies the solution
considerably and makes it tractable for reasonably large
values of the number of modes in the MMPP, �O¦;§ � . The
important observation here is that, with the assumption
of a Markov-modulated Poisson process, � 
'� � is an irre-
ducible Markov process, for every �^M_� . This is because
the arrivals into, and departures from queue �^M_� during
a small interval

K � M)� p<¨ �>P depend only on the approx-
imated system configuration and the size of queue �^M_�
at time � , and not on the sizes of the other queues. As
mentioned earlier, without the approximation of the ar-
rival stream to a Markov-modulated Poisson process,
this statement would not be true, since a job only ar-
rives at node � p  after successfully completing service
at node � , therefore making the queue size at any node
dependent on all previous nodes of service. It is then
necessary to find the equilibrium distribution of � 
'� � :

ke
�� � K'© M>ª�P«C¬¯®d°±�²´³rµ x �Y¢ K �>P«C © M2�S
�� � K �>PmC¶ª·zM © Cg��MONMXWOWXWVMU�R¦;§ � :�¸Muª�Cg��MXSMXWOWXW
Given the probabilities k 
�� � K'© M)ª�P , the average size of
queue �^M/� is obtained from

� 
'� � C ³{¹ c%+ ªiº/»¤¼>½
�2+{� c2¾ k 
'� � K�© M)ªYP

There are three established approaches to solving sys-
tems of this kind, matrix geometric methods [Neuts,
1981], solution by generating functions and spectral
expansion [Mitrani and Chakka, 1995]. We have em-
ployed spectral expansion due primarily to familiarity
with this technique and this choice is somewhat arbi-
trary. The use of spectral expansion has some issues



regarding stability with respect to deriving eigenvalues,
although the method is well known, elegant and effi-
cient. Since it appears in detail elsewhere we do not
present the application of the spectral method here and
the interested reader is directed to that earlier work [Mi-
trani and Chakka, 1995].

3 APPROXIMATION USING AN MMPP

In the previous section it was stated that the arrivals at
node � could be approximated by a Markov-modulated
arrival process. In the study of the simpler pipeline
model [Thomas and Mitrani, 1998] a comparison was
made between a simple Poisson approximation and an
MMPP where the modes correspond to the operational
state at the preceding node, i.e. F 
��2+ , thus the MMPP
used at node � will have T #%$'¿·À modes. In each mode
the arrival rate is calculated as the sum of the departure
streams in that operational state:

# ${�)c%+ ��
�� � K k l $Á:�ke
�� �)� ¾ K Fe
_P)P
If this model was specified using Markovian process
algebra and the technique described in [Thomas et al,
2003] applied then there would in fact be Â # $'¿·À modes
in the MMPP. This is because the separation of actions
in process algebra gives rise to separate modes not only
when each server is operational or not, but also whether
its queue is empty or not. Hence the mode in the MMPP
is described by the superset of the pairs

KÄÃ 
 M)Å 
 P , whereÃ 
 |bSM)� indicates whether the server � is operational
or not and Å 
 |<��MO indicates whether the queue at � is
empty or not. The arrival rate in each mode is the sum
of service rates for each server that is both working and
has a non-empty queue. The transitions between modes
in this case are somewhat more complex. Clearly the
transitions arising from a change in operational state
are the same as previously, and the transition rate from
empty to non-empty is simply the average arrival rate
into that queue in that operational state. The transition
from non-empty to empty is calculated as the service
rate multiplied by the probability that there is exactly
job in the queue given that it is non-empty. Clearly this
requires knowing the probabilities k 
��2+V� � K F 
'��+ MU�SP andk 
'��+^� � K F 
��2+ M)�·P for all � and F 
��2+ , except F 
 CgÆ . 1 The
number of modes in the MMPP clearly has implications
for the amount of work required to solve the model.
Therefore a move from T #%$'¿·À to Â #%$'¿·À is clearly not

1Clearly the predecessor of node 1 is node Ç , hence we interpretÈ�ÉÊÈ
as Ç in this instance.

desirable when 	�
'��+ is large except if there is a signif-
icant increase in accuracy of the approximation.

4 ITERATIVE SOLUTION

If the probability of leaving the system after the last
node is not certain, �I�Ë , then there is no node for
which the input process is entirely known. To address
this problem an iterative approach is adopted (from
[Thomas et al, 2003] to tackle this problem as follows.

1. Calculate the rate of an equivalent Poisson arrival
process at node 1.

2. Solve to find the approximate marginal queue size
probabilities at node 1.

3. Use the calculated queue empty probabilities to
generate a Markov-modulated arrival process at
the next node.

4. Use this to calculate the approximate marginal
queue size probabilities at the next node.

5. Repeat steps 3 and 4 until convergence criterion is
satisfied (or abandon).

The convergence criterion employed is that the same
MMPP is calculated twice in succession (to some num-
ber of decimal places) for any given node. The equiv-
alent Poisson stream at node 1 is easily shown to have
rate +Ì � in steady state since there is no job loss.

5 NUMERICAL RESULTS

Figures 2 and 3 show illustrate that the MMPP approx-
imation based on the operative state at the preceding
node is generally very successful at predicting average
response time except when the periods of operation and
inoperation were very long (Figure 3) and at high load
(Figure 2). One of the reasons for this inaccuracy is
that during long inoperative periods the number of jobs
at the preceding node will become much larger (all the
servers may be broken or sufficient such that the re-
mainder are saturated) and so on repair there will be
a period of continuous service before steady state be-
haviour can eventually be resumed. The more com-
plex MMPP approximation including states where the
preceding queues are empty are similar in accuracy to
the MMPP case. The advantage of these two methods
of approximation is that they appear to offer an upper



and lower bound respectively, but only in the absence
of feedback.
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The divergence between a simple Poisson approxima-
tion and the MMPP approximation becomes more ex-
aggerated when the feedback probability � is decreased
Under these conditions the traffic at each node be-
comes increasingly less Poisson and the accuracy of
both approximations diminishes dramatically. Unlike
the pipeline case these approximations give an over es-
timate of the average response time in the presence of
feedback. This is due to the tightly coupled nature of
this model. The key point to observe is when the bulk of
the arrivals occur into a queue, not how bursty they are.
If node 1 breaks down then all arrivals into node 2 are
blocked and so (after a number of services at node 2) is
the feedback. This means that during most of the break-
down period the arrivals into node 1 are just the exter-
nal arrivals. The same happens during breakdowns at
node 2, although obviously here the external jobs have
to pass through node 1 before reaching node 2. Thus
in both cases relatively few jobs arrive at a node when
it is broken so the queue sizes don’t grow too much.
Contrast this to the Poisson approximation; here jobs
are assumed to arrive at a node regardless of its state,
a constant rate of �@�"� . Hence in the feedback case the
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Figure 3. Average response time at node
2 against repair rate; ��
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Poisson approximation ceases to be a lower bound. The
more complex approximation captures some of this be-
haviour, but it’s still fairly crude.

Figures 4 and 5 show the behaviour of the same two
node model where �vCÐ�8W Î . In Figure 4 the average
system response time is shown when the external arrival
rate is varied. Note that the effective rate of arrivals is
in fact twice the rate given on average, but the arrivals
are made much more bursty by the occurrence of break-
downs. At low load the iterative approach clearly gives
the best approximation, but this becomes less accurate
as load increases. At even higher load, nearer satura-
tion, the Poisson approximation becomes more accu-
rate. This is due to the fact that the queue lengths are
generally so large that the queues rarely empty during
a breakdown at the other node, and so the ”steady” ar-
rivals of the Poisson approximation are more realistic.

6 CONCLUSIONS

The method proposed here seeks to extend the pipeline
model to include a feedback which is incorporated into
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the solution method using an iterative approach. The
class of models that it is possible to consider using this
method includes more general network structures, al-
though it is evaluated here with a simple loop. Simple
approximations work well under most conditions but
become increasingly less accurate as load and inoper-
ative periods increase. These approximations form a
lower bound to the exact solution when there is no feed-
back, but become overly pessimistic when feedback ex-
ists. The more complex approximation with iterative
solution method performs somewhat better under these
conditions, but there is still considerable room for im-
provement, particularly at high load. Incorporating a
burst of services following repair may increase the ac-
curacy of this method, this remains an area of continu-
ing investigation.
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Abstract: This paper describes the use of stochastic process algebra to model and to evaluate the performance of 
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of view. 
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1. INTRODUCTION 
 
Network devices can be described using classical 
process algebra which provides a means for 
constructing an abstract model of the device in 
question [Bernardo, 1998]. This model is used only to 
establish the correct functional behaviour by deriving 
qualitative properties such as freedom from deadlock 
or livelock [Benzekri, 2002]. Performance evaluation 
of the model was in a separate phase, after the fully 
design and implementation of the model. 
Consequently, if the performance is detected to be 
poor, the model will be redesigned with negative 
consequences for both design cost and time lost, 
where the need of integrating the performance 
analysis into the design process. 
 
Stochastic Process Algebra (SPA) has been 
developed for this purpose. It is a formal 
specification technique which extends classical 
process algebras via the inclusion of timing 
information by using random variables in the 
generated models, in order to express the durations of 
an activity [Benzekri, 2002; Brinksma and Hermanns, 
2001]. Once the model has been defined and 
parameterized, it can be used to investigate 
numerically the performance parameters. 
 
Designing Diffserv [Nichols and Blake, 1998] routers 
using SPA is a complicated task because there are 
many factors to be considered such as penalty policy 
of malicious traffic inside a class. This policy may 
fluctuate from delaying to dropping packets from this 
flow. In contrast, formal specification can be a 
valuable aid to routers designers as it allows a range 
of options for configuration to be explored in a 
precise setting, such as policy requirements which 
may be clarified during the performance evaluation 
of a router model, because it becomes evident what 

information about the state of the model is required to 
ensure that it operates effectively. For example, it 
would be possible for the designer to demonstrate 
that under any constraints, a minimum threshold for 
throughput and delay may be satisfied for such class 
of traffic. 
 
This paper is organized as follows. In section 2 we 
recall the syntax and semantics of Extended 
Markovian Process Algebra EMPA. In section 3 we 
recall the principle of the DiffServ technology. In 
section 4 we give the specification of a DiffServ 
router. In section 5 we analyze the performance of 
this model by using EMPA algebraic reward method 
and the CTMC diagram derived from model 
specification. Finally, conclusions work is presented. 
 
2. STOCHASTIC PROCESS ALGEBRA 
 
Stochastic Process Algebras are formal descriptions 
techniques used to describe the functionality of 
concurrent and distributed systems and to analyze 
their related performance [Benzekri, 2002; Brinksma 
and Hermanns, 2001]. Several SPA languages have 
been appeared in the literature, these include PEPA 
[Hillston, 1996], TIPP [Herzog, 1993], EMPA 
[Bernardo, 1998]. These languages have been 
introduced as an extension to classical process 
algebras like CCS [Milner, 1989] and CSP [Hoare, 
1985]. They are abstract languages constructed from 
a small set of powerful operators where it is possible 
to construct algebraic models whose key features are: 
compositionality (which allows the designer to build 
a complex model from smaller ones by means of 
languages operators, and to study the behaviour of 
each component separately), and abstraction (which 
allows the internal details of a system description to 



be hidden from an external observer at analysis time). 
In these languages, systems are modeled as a 
collection of entities, called agents or processes, 
which execute actions. These actions are the building 
blocks of these languages and they are used to 
describe sequential behaviours which may run 
concurrently by synchronizations or by 
communications between them. 
 
These languages propose the same approach to 
performance modeling: a random variable is 
associated with each action, representing its duration. 
This random variable is assumed to be exponentially 
distributed and this leads to a clear relationship 
between the process algebra model and a Continuous 
Time Markov Chains (CTMC). Via this underlying 
CTMC derived from the model semantic description 
[Benzekri, 2002], different types of analysis may be 
performed, like steady-state and transient probability 
distribution. This analysis is done through the 
compilation of the infinitesimal generator matrix of 
the Markov diagram. 
 
In this paper, we will use the Extended Markovian 
Process Algebra (EMPA) language [Bernardo, 1998] 
which is supported by a tool called TwoTowers. 
EMPA is inspired and developed on the basis of 
PEPA (Performance Evaluation Process Algebra 
[Hillston, 1996]) and TIPP (TImed Processes and 
Performability evaluation) languages [Herzog, 1993]. 
It extends these languages by including three 
different kinds of actions: exponentially timed 
actions, passive actions and prioritized weighted 
immediate actions. In addition to this reason, EMPA 
allows one to specify performance measures with the 
algebraic specifications of the system through atomic 
rewards attached to states and transitions of the 
Markov chains (MC for short). This leads to an 
automatic derivation of performance measures and 
may avoid a full scan of the CTMC diagram. The 
syntax of EMPA can be summarized by the following 
expression:  

 
P = 0│<a,λ>.P│<a,∞L,W>.P│<a,*>.P│P/L│P[φ]│ 

P + P│P ||s P│A 
 
Since the deadlock term "0", the prefix operator 
"<a,λ>._", the functional abstraction operator "_/L", 
the functional relabeling operator "_[φ]", the 
alternative choice operator "_+_", the cooperation 
operator "_||s_" and the constant operator are the 
same operators used in classical process algebras. 
Due to lack of space, the reader is referred to 
[Bernardo, 1998] for an extensive presentation of 
EMPA syntax and semantics. 
 
In EMPA, every activity is represented by <a,λ> 
which means the execution of action "a" after 
exponential distributed delay with rate "λ" (denoted 
by F(t)=1-e-λt). An immediate action is represented 

with rate λ = ∞ or "<a,∞L,W>", where L is used to 
express the priority level and W is used for the 
probability weight. In some cases, the rate of an 
action is outside the control of this component, such 
actions are carried out jointly with another 
component in order to model activities waiting for 
synchronization, so this component is playing a 
passive role and is recorded by the distinguished 
symbol "*". 
 
The choice in the alternative composition operator 
"_+_" is governed by the race policy, where the 
action with least duration will be executed. In this 
situation, immediate actions take precedence over 
exponentially distributed actions and over other 
immediate actions having small priority level with 
respect to their levels. If two immediate actions have 
the same priority level, they will be executed 
according to the probability associated with each one. 
 
3. THE DIFFSERV ROUTER 
 
Differentiated services (DiffServ) [Nichols and Blake 
1998] is a set of technologies which allow network 
service providers to offer services with different 
kinds of network quality of service (QoS) to different 
customers and their traffic streams, depending to a 
contract (Service Level Agreement or SLA) between 
them.  
 
DiffServ work by dividing traffic into many classes 
by marking a field in the IP packet header, called the 
Differentiated Services Code Point (DSCP) field. Its 
value depends on the customer profile and the traffic 
requirement. Network elements serve these classes 
with different priorities with respect to the DSCP 
field content. Applications requiring low loss, low 
latency, low jitter and assured bandwidth service 
generally send data as expedited forwarding (EF) 
class packets.  This class is used for loss and delay 
sensitive applications such as voice over IP (VoIP). 
Assured forwarding (AF) class offers a lower priority 
service from the previous one (EF), and itself is 
subdivided into four subclasses and each of these four 
classes is also divided into three subclasses (gold, 
silver, bronze) [Nichols and Blake 1998]. Generally 
AF carries best effort TCP data, such as HTTP and 
FTP traffic applications. 
 
Like we have seen that a DiffServ router has a large 
number of classes defined, but the most essential use 
of DiffServ is to provide support for the two most 
common applications: voice and video traffic with 
high priority level, and best effort data (TCP) with 
low priority level. This is why in the rest of this 
paper, we will be concerned only with the modelling 
of such a two classes router and we will denote these 
classes by H (high priority level) and L (low priority 
level), instead of modeling all classes in order to 
prevent a huge number of state and the state space 



explosion problem when analyzing the model by 
existing tools. 

Conforming pkt 
 
Nonconforming pkt 
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Unmetered traffic       Metered traffic 

 
The DiffServ router is composed from a classifier and 
a traffic conditioner. Traffic conditioners may contain 
meters, markers, droppers and shapers. We must 
notice that some of these blocks may be aggregated 
in another block or may be omitted. For example, in 
the case where no traffic profile is in effect, packets 
may only pass through a classifier and a marker, and 
in the case of core routers, marker may be omitted 
because packets were coded at the ingress router. 
Readers interested about the DiffServ technology can 
refer to [Nichols and Blake, 1998; Blake, 1998]. 
 
4. THE SPECIFICATION 
 
We take advantage from the compositional feature of 
SPA in order to model the DiffServ router which 
appears in figure 1. This feature allows us to deal 
with five entities: classifier, marker, meter, dropper 
and priority queueing. 
 

Classifier

Marker_H

Marker_L

Meter_H

Meter_L

Priority
queueing
system

Dropper_H

Dropper_L  
 
 

Figure 1. An ingress DiffServ router 
 
In this specification, we suppose that the customer 
has a service level specification (SLS) which 
specifies 2 service levels, to be identified to the 
provider by DSCP High and DSCP Low. Each 
components of this DiffServ router model [Bernet 
and Blake, 2002] can be specified as follows:  
 
Classifier: It takes a single traffic stream as input and 
generates N logically separated traffic streams as 
output. Figure 2 show a classifier that separates input 
traffic into one of two output streams based on 
matching filters: 
 
 
 
 
 

 

Figure 2. Classifier 
 
The specification of this agent using EMPA is: 
Classifier=    
         <packet_arrival,λ>.<check_pckt_header,θ>. 
         <classify,∞11>.(<send_messageH,λ1>.Classifier 
   +    <send_messageL,λ2>.Classifier); 
 
Marker: The marker sets the DS field of each packet 
received from the classifier to a particular code-point 

(e.g., DSCP). It can be represented logically by a box 
with one input one output like appear in figure 3.  
 

 

Marker 

Marked  
traffic 

Unmarked 
traffic       

 
 
 
 

Figure 3. Marker 
 
In our model, two markers are needed, one for the 
high priority level traffic and the other for the low 
priority level traffic. Their specification is the 
following: 
 
Marker_H =  <send_messageH,*>.<mark_DSCPH,α>. 
         <send_to_meterH,∞11>.Marker_H; 
Marker_L  =  <send_messageL,*>.<mark_DSCPL,α>. 
         <send_to_meterL,∞11>.Marker_L; 
 
Meter: It is used to monitor the traffic stream and 
sends malicious packets to the dropper agent, in order 
to prevent high level traffic from monopolizing the 
network resource. Figure 4 illustrates a simple meter 
with two levels of conformance. It will measure the 
rate of each traffic to determine its conformance. So, 
if the packet is judged conformed, then it will be sent 
to the priority queueing system in order to be served 
(forwarded to next hop), else the packet will be sent 
to the dropper. This agent can be specified by the 
following: 
 
 
 
 
 

Figure 4. Meter 
 
Meter0_H = <send_to_meterH,*>.<start_timer,∞11>. 
         <arrH,λH>.Meter1_H; 
Meter1_H = <send_to_meterH,*>. 
         <get_current_time,∞11>. 
         <compute_elapsed_time,∞11>. 
       (<time_elapsed,∞11>. 
         <average_conform,∞11>.<reset_timer,∞11>.             Unclassified    

  traffic       
Classified 
traffic          <arrH,λH>.Meter1_H  
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   +    <time_not_elapsed,∞11>. 
         <avrg_not_conform,∞11>. 
         <send_to_dropperH,γ>.Dropper_H  
   +    <timeout,η>. Meter0_H ); 
Meter0_L  = <send_to_meterL,*>.<start_timer,∞11>. 
         <arrL,λL>.Meter1_L; 
Meter1_L = <send_to_meterL,* >. 
         <get_current_time,∞11>. 
         <compute_elapsed_time,∞11>. 
        (<time_elapsed,∞11>. 
         <average_conform,∞11>.<reset_timer, ∞11>. 
         <arrL,λL>.Meter1_L  
   +    <time_not_elapsed,∞11>. 
         <avrg_not_conform,∞11>. 
         <send_to_dropperL,γ>.Dropper_L  



S = {send_to_meterH, send_to_meterL};    +    <timeout,η>.Meter0_L ); 
 M  = {send_to_dropperH, send_to_dropperL}; 
Dropper: The dropper discards some or all malicious 
packets in a traffic stream according to the service 
provider policy. The dropper can be implemented as 
a special case of shaper by setting the buffer size to 
zero. It can be represented logically by a box with 
one input one output and its specification is the 
following: 

Arr = {arrH, arrL}; 
Del = {deliverH, deliverL}; 
 
When the model is loaded in TwoTowers [Bernardo, 
1998], its descriptions are syntactically and 
semantically analyzed using a parser for detecting 
errors, then TwoTowers will find all possible states 
and transitions or in another expression the labelled 
transition diagram.  

 
Dropper_H = <send_to_dropper,*>.<discard,∞11>. 

            Meter1_H 
5. PERFORMANCE ANALYSIS Dropper_L = <send_to_dropper,*>.<discard,∞11>. 

           Meter1_L  
 TwoTowers will give us the steady state and the 

transient state distribution probability vector. So 
given the CTMC diagram and the value of the 
probability distribution in steady and transient states, 
we can evaluate the performance of the system by 
using queueing system theory. For example, the 
throughput which is given by the service rate 
multiplied by the stationary probability of being in a 
state where service action can be provided is given by 
the following formula: 

Priority queueing: The final agent is the queue where 
packets wait before being served (forwarded to next 
hop). We have taken a preemptive queue (e.g., 
arriving of high priority packet will interrupt the 
service of low priority packet already in service 
phase) with priority inter-arrival policy in the sense 
that if the queue is full and a high priority packet 
arrives, it will drop a low priority packet (if the queue 
contains at least one) in order to accept the high 
priority packet, but if it contains only a high priority 
packet, the arrival packet will be lost (dropped). The 
specification of this queue (M/M/1/N) [Thomas and 
Hillston, 1997] is the following:  

T = ∑  
=

πµ
N

2i
i.

The utilization rate was defined to be the percentage 
of time the router spent in doing useful work by the 
fraction of time, and which is the sum of the 
stationary probabilities of states where there is at 
least one packet in the system. It is given by the 
following formula: 

 
Queue0,0 = <arrH,*>. Queue1,0 + <arrL,*>. Queue0,1;  
Queuei,0 = <arrH,*>. Queuei+1,0 + <arrL,*>. Queuei,1             

                   + <deliverH,*>. Queuei-1,0;                  (if 0<i<N-1) 
Queue0,j = <arrH,*>. Queue1,j + <arrL,*>. Queue0,j+1    

                     + <deliverL,*>. Queue0,j-1;                      (if 0<j<N-1) 
U= =   ∑

=
π

N

2i
i ).1( ∑

=
π

N

2i
iQueuei,j = <arrH,*>. Queuei+1,j + <arrL,*>. Queuei,j+1               

                    + <deliverH,*>.Queuei-1,j The vector distribution probability πi for all states is 
given by TwoTowers and the utilisation rate can be 
calculated by a simple addition. 

             + <deliverL,*>.Queuei,j-1;  
                                                     (if i,j>0 and i+j<N-1) 
QueueN-1,0 = <deliverH,*>. QueueN-2,0; 
Queue0,N-1 = <deliverL,*>.Queue0,N-2 
                 + <arrH,*>.<looseL,∞2,1>.Queue1,N-2; 
Queuei,j =   <deliverH,*>.Queuei-1,j  
             +    <deliverL,*>.Queuei,j-1  
             +   <arrH,*>.<looseL,∞2,1>.Queuei+1,j-1; 
                                                                              (if i,j>0 and i+j = N-1) 
Pre_Server = <deliverH,∞2,1>.<serve,µ>.Pre_Server             

The Markovian analyzer implemented in TwoTowers 
allow an automatic derivation of performance model 
and may allow us to avoid the full scan to the CTMC 
diagram, which will be exceedingly expensive, 
especially if we have a large number of states. The 
performance aspects of a system model in EMPA, 
can be taken into account in the early stages of its 
design (with algebra description), where performance 
measures can be specified by attaching a yield reward 
yi to every state i, which expresses the rate at which 
reward is accumulated at state i, and by attaching a 
bonus reward bi,j to every transition from state i to 
state j, which expresses the instantaneous gain due to 
the execution of the transition from state i to state j. 
Readers interested about yield and bonus rewards can 
refer to [Bernardo, 1997]. Actions with reward will 
be specified by <a,r,y,b> instead of <a,r>, and the 
desired stationary performance measure can be 
computed in EMPA according to the following 
formula: 

 

                  + <deliverL,∞1,1>.ServePLLow; 
ServePLLow = <serve,µ>.Pre_Server  
              +   <deliverH, ∞2,1>.<serve,µ>. ServePLLow; 
 
In order to obtain the complete DiffServ router 
specification, the individual agents described above 
need to be composed like in the following expression: 
 
DiffServ = Classifier ||T Markers ||S Meters ||M   

              Droppers ||Arr Queue00 ||Del Pre_emp_Server 
Markers = Marker_L || Marker_H 
Meters =  Meter0_H || Meter0_L 
Droppers = Dropper_L || Dropper_H 
T = {send_msgH, send_msgL}; 
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Many performance measures can be obtained using 
this formula, for example: if we want to compute the 
throughput, we must replace every action of the form 
<serve,µ> with <serve,µ,µ,0> (e.g., yi=µ and bij=0) 
for obtaining the following equation: 
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Mean system size 
    Mean packet arrival rate

EMPA will take into account all states that provide 
the action "serve" and will assign a reward to them. 
The first state is where no packet in the router and 
this is why it can not provide the action "serve". 
 
As a performance measure, we have computed the 
throughput and the router utilization by using the 
reward technique of EMPA. This is done by 
replacing every action <serve,µ> by <serve,µ ,µ,0> 
in our semantics model for obtaining the throughput, 
and by replacing every action <serve,µ> by 
<serve,µ,1,0> in order to obtain the utilization rate. In 
contrast, the algebra based method (reward 
technique) fails to determine the mean number and 
the mean waiting time of packets for each class due 
to the additivity assumption of transition labeled with 
"serve" action, and values for these performance 
aspects were calculated by a manual full scan to the 
transformed specification (CTMC diagram) and by 
using the probability distribution vector given by 
TwoTowers.   
The mean number of packet in the system can be 
obtained by using the following formula: 

The mean number of packet =  ∑
=

π
N

2i
i.i

 
And the mean packet delay (MPD) for each class is 
found by using Little’s law: 
 
               MPD = 
 
 

Mean packet arrival rate =  i

N

1i
i.πλ∑

=
 

 
Where λi take the value of λH for packet with high 
priority and λL for packet with low priority. 
 
The throughput was 2.38 packet/s, the utilisation rate 
was 33.34% and the mean waiting time was 1.12s for 
a packet in class high and 2.48s for packet in class 
low. These unacceptable results lead us to a set of 
experiment in order to detect the effect of each 
component at its performance. We begin by examine 
the effect of changing the rate (speed) of the marker 
at the system performance.  
 
Figure 5.a shows that the throughput increases by 
increasing marker speed but reaches a threshold 

afterwere there is no effect of increasing its speed at 
the system performance, and this effect can be 
explained by the limited speed of the classifier. 
However the utilisation rate of the marker decreases 
significantly by the fact of speeding the marker, 
because packets will spend a less time before being 
forwarded to next stage. The mean packets waiting 
time decreases slightly when we decrease the rate of 
this component because packets spend less time in 
this component. 
 

 
Figure 5. Effect of speeding up the marker 

 
We have experimented the effect of speeding up the 
meter (increasing its rate) at the performance model. 
Like expected the throughput and the utilisation rate 
of the model increase and reach quickly a maximum 
threshold value (curves variation are similar to those 
in Figure 5). 
 
The same experiment was repeated for the classifier 
and the queueing server. We have found that there 
was little profit from speeding up any of these 
components apart at the model performance.  
 
The result of these experiments motivate us to 
another set of experiments in order to investigate the 
effect of speeding up many components at the system 
performance, because every time we have increased 
the rate of a component we have found: the 
throughput of the system increases, the utilisation rate 
fluctuate, and the mean packet delay decreases for 
each class but still inside a specific margin.  
 
Figure 6 shows the result obtained by speeding up the 
marker and the queueing server, it can be seen from 
this figure that the increase of throughput is not at the 
expense of utilisation rate like we have seen when 
speeding up one component alone.   
 
We discover from these experiments that we can use 
relatively a slow classifier with no big influence at 



the system throughput in contrast like we have been 
thought. This result can be interpreted by the time 
that packets spend in other components especially in 
the server queueing. 
 

 
Figure 6. Effect of speeding up the marker and the server 

 
6. CONCLUSIONS  
 
The main aim of this work was to present a simple 
DiffServ router model and to analyze its functional 
and performance properties using stochastic process 
algebra. In order to achieve that, we begin by an 
algebraic description of this router using stochastic 
process algebra then we use EMPA tool 
(TwoTowers) for analyzing and detecting a 
missbehavioural functional error such as freedom 
from deadlock. After qualitative verification, a set of 
experiment has been done in order to detect the effect 
of each component at the performance of this model. 
Fortunately, the reward-based method in EMPA 
provides an automatic derivation for some 
performance aspect in our model (like throughput, 
utilisation rate...), but unfortunately not all. 
Therefore, a full scan to the CTMC diagram derived 
from the EMPA supported tool is necessary. 
 
These experiments lead us to discover some 
interesting information about which component limits 
the throughput and other performance aspect. It 
demonstrates that we can use a relatively slow 
component in the model with no significant 
difference in the throughput in contrast to that it has 
been thought originally. 
 
The coexistence of three kinds of actions in EMPA 
and especially the prioritized weighted action was a 
great characteristic because these actions are not 
taken in account in the performance semantic model 
(CTMC diagram) and this aids us to include only 
actions which are important for determining 
performance aspects. 
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Abstract

An open exponential queueing network with signals

and impatient service is considered. Upon comple-

tion of service at a node, a positive customer passes

to another node with fixed probabilities either as a

positive customer or as a signal, or quits the network.

Every signal is activated during a random exponen-

tially distributed amount of time. Activated signals

with fixed probabilities either move a customer from

the node they arrive to another node or kill a pos-

itive customer. Each customer can be served in a

node at most a random time (”patient” time) dis-

tributed exponentially. When the patient service is

finished, the customer with fixed probabilities either

goes to another node or quits the network. The sta-

tionary state probabilities for such a G-network in

which positive customers are processed in each node

by a single server is derived in product form. The

solution for an analogous symmetrical G-network in

which service rate of a positive customer at each node

depends on the number of positive customers in this

node is expressed in product form too.

Keywords: G-networks, positive customers, impa-

tient service and product form solution.
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1 Introduction

In the last years queueing networks with ”negative

and positive customers, triggers, signals”, called G-

networks have been studied and solution in product

form have been obtained [Gelenbe and Pujolle, 1998].

Positive customers are ordinary customers and they

are served by the server in the normal way, instead a

negative customer deletes (kills) a positive customer,

or a trigger, which moves a positive customer from

a node to another one; a signal combines these two

kinds of customers and can act either as a negative

costomer or as a trigger. The analysis of this new

class of queueing networks was first inspired by the

study of neural networks. G-networks can be applied

too in performance evaluation of computer networks,

to model, for example, the effect of flow control [Ge-

lenbe and Pujolle, 1998]. A vast review of papers con-

cerning with G-networks is done in [Artalejo 2000].

We consider queueing networks with positive cus-

tomers and signals. External arrival flows of posi-

tive customers and signals are independent Poisson

processes. The service times of positive customers

at each node are exponentially distributed. Upon

completion of service at a node, a positive customer

passes to another node with fixed probabilities ei-

ther as a positive customer or as a signal, or quits

the network. Every signal is activated during a ran-

dom exponentially distributed amount of time. Ac-

tivated signals with fixed probabilities either move a

customer from the node they arrive to another node

or kill a positive customer. We assume additionally

that each customer can be served in a node at most

a random time (”patient” time) distributed exponen-

tially. When the patient service is finished, the cus-

tomer with fixed probabilities either goes to another

node or quits the network.

A G-network with instantaneous signal activation

is studied in [Gelenbe and Pujolle, 1998]. An analo-

gous G-network with random signal activation period

without impatient time is considered in [Bocharov

2002]. The stationary state distributions for the

networks considered in [Gelenbe and Pujolle, 1998],

[Bocharov 2002], were derived in product form. In

this paper, the stationary state distribution for a G-

network with random delay of signals and impatient

service in which positive customers are processed by

a single server is derived in product form. Moreover,

the solution for an analogous symmetrical G-network

in which service rate of a positive customer at each

node depends on the number of positive customers in

this node is expressed in product form too.

2 Mathematical model

We deal with G-networks with M nodes, positive cus-

tomers and signals. Positive customers and signals

arrive from outside (from node 0) according to inde-
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pendent Poisson processes. We denote, respectively,

with λ+
0i and λ−0i the arrival rate of external positive

customers and external signals at node i.

The service of a positive customer is completed at

node i with probability µ+
i (k)∆ + o(∆) in a time

interval (t, t+∆), provided that k positive customers

are present at this node at instant t.

Upon completion of service at node i, a positive

customer goes from node i to node j with probability

p+
ij as a positive customer, and with probability p−ij

as a signal. He leaves the network with probability

pi0 = 1−
M∑

j=1

(p+
ij + p−ij).

Every signal is activated during a random time. A

signal arriving at node i is activated in a time interval

(t, t + ∆) with probability µ−i (n)∆ + o(∆), provided

that n non activated signals are present at this node

at instant t.

After the completion of the activation period a sig-

nal:

- with probability q+
ij moves a positive customer

from node i to node j and retains him as a positive

customer (in this case, a signal acts as a trigger);

- with probability q−ij moves a positive customer

from node i to node j and retains him as a signal;

- with probability qi0 kills a positive customer at

node i and he vanishes (in this case, the signal acts

as a negative customer).

If there are not positive customers at node i an

activated signal at the node disappears.

The impatience time of a customer in the node i is

completed in a time interval (t, t+∆) with probability

γi(k)∆ + o(∆), provided that k positive customers

are present at this node at instant t. Then a positive

customer with probability r+
ij goes from node i to

node j as a positive customer, with probability r−ij as

a signal, and with probability ri0 = 1−
M∑

j=1

(r+
ij + r−ij)

he leaves the network.

3 Equilibrium equations

Let us denote with P+, P−, Q+, Q−, R+, R− the

matrices with elements p+
ij , p−ij , q+

ij , q−ij , r+
ij , r−ij , re-

spectively, i, j = 1,M , and let us set P = P+ + P−,

Q = Q+ + Q−, and R = R+ + R−.

The stochastic behaviour of the queueing network

under consideration can be described by an homoge-

neous Markov process {X(t), t ≥ 0} with the fol-

lowing state space:

X={((k1, n1), ..., (kM , nM )), ki ≥ 0, ni ≥ 0, i = 1,M}.

The state ((k1, n1), (k2, n2), ..., (kM , nM )) means that

at any instant there are k1 positive customers and n1

non-activated signals at node 1, k2 customers and n2

signals at node 2, ..., and finally, kM customers and

nM signals at node M .

Introducing vectors ~k = (k1, k2, ..., kM ) and

~n = (n1, n2, ..., nM ), let us take (~k, ~n) =

((k1, n1), (k2, n2), ..., (kM , nM )). We also introduce

3
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the vector ~ei with i − th component equal to 1 and

other components equal to 0. We also use the nota-

tion λ+
0 =

M∑
i=1

λ+
0i and λ−0 =

M∑
i=1

λ−0i.

Let p(~k, ~n) denote the stationary probability of

the state (~k, ~n). If the stationary distribution

{p(~k, ~n), ~k, ~n ≥ ~0} of the process {X(t), t ≥ 0}

exists, then the following system of equilibrium equa-

tions holds:

p(~k, ~n)(λ+
0 + λ−0 +

M∑
i=1

µ+
i (ki)(1− p+

ii) +
M∑
i=1

µ−i (ni)

+
M∑
i=1

γi(ki)(1− γ+
ii )) =

M∑
i=1

p(~k − ~ei, ~n)λ+
0iu(ki)+

M∑
i=1

p(~k, ~n− ~ei)λ−0iu(ni)+

M∑
i=1

p(~k + ~ei, ~n)µ+
i (ki + 1)pi0+

M∑
i=1

p(~k + ~ei, ~n + ~ei)µ−i (ni + 1)qi0+

M∑
i=1

p(~k + ~ei, ~n)γi(ki + 1)ri0+

M∑
i=1

p(~k, ~n + ~ei)µ−i (ni + 1)(1− u(ki))+

M∑
i=1

M∑
j=1,j 6=i

p(~k + ~ei − ~ej , ~n)µ+
i (ki + 1)p+

iju(kj)+

M∑
i=1

M∑
j=1

p(~k + ~ei, ~n− ~ej)µ+
i (ki + 1)p−iju(nj)+

M∑
i=1

M∑
j=1

p(~k + ~ei − ~ej , ~n + ~ei)µ−i (ni + 1)q+
iju(kj)+

M∑
i=1

M∑
j=1,j 6=i

p(~k + ~ei, ~n + ~ei − ~ej)µ−i (ni + 1)q−iju(nj)+

M∑
i=1

p(~k + ~ei, ~n)µ−i (ni)q−ii +

M∑
i=1

M∑
j=1,j 6=i

p(~k + ~ei − ~ej , ~n)γi(ki + 1)r+
iju(kj)+

M∑
i=1

M∑
j=1

p(~k + ~ei, ~n− ~ej)γi(ki + 1)r−iju(nj),

(~k, ~n) ∈ X ,

(1)

where µ+
i (0) = 0, µ−i (0) = 0, γi(0) = 0 and u(x) is a

unit Heavyside function.

4 Solution in product form

We can not possible find the general product-form of

the system of equations (1). Nevertheless, solutions

for two important cases are given.

4.1 Service of positive customers by a

single server

Consider a network in which positive customers are

served at every node by a single server and the ser-

vice time at node i is exponentially distributed with

parameter µ+
i . Therefore

µ+
i (ki) = u(ki)µ+

i , i = 1,M. (2)

We also assume that

γi(ki) = u(ki)γi, i = 1,M. (3)

Let us introduce the following notations:

qi =
λ+

i

λ−i + µ+
i + γi

, ρ−i (j) =
λ−i

µ−i (j)
, i, j = 1,M.

(4)

λ+
i = λ+

0i +
M∑

j=1

qj(µ+
j p+

ji + λ−j q+
ji + γjr

+
ji), i = 1,M,

λ−i = λ−0i +
M∑

j=1

qj(µ+
j p−ji + λ−j q−ji + γjr

−
ji), i = 1,M.

(5)

As in [1] we can prove that there exists a unique pos-

itive solution λ+
i , λ−i , i = 1,M of the system of equa-

tions (5).
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Besides let us denote

Λ0 =
M∑

j=1

qjµ
+
j pj0 +

M∑
j=1

qjλ
−
j qj0 +

M∑
j=1

qjγjrj0. (6)

From (4) - (6) we obtain

Λ0+
M∑

j=1

(λ+
j +λ−j ) = λ+

0 +λ−0 +
M∑

j=1

qj(µ+
j +λ−j +γj) =

λ+
0 + λ−0 +

M∑
j=1

λ+
j .

Therefore

Λ0 +
M∑

j=1

λ−j = λ+
0 + λ−0 . (7)

The following theorem holds.

Theorem 1 If the matrices P , Q, and R are irre-

ducible, conditions (2) and (3) hold, and a unique

positive solution of equations (5) exists such that

λ+
i < λ−i + µ+

i + γi, i = 1,M,

Gi =
∞∑

ni=0

ni∏
j=1

ρ−i (j) < ∞, i = 1,M,

then the Markov process {X(t), t ≥ 0} is ergodic

and its stationary distribution is represented in a

product form as

p(~k, ~n) =
M∏
i=1

p(ki, ni), (8)

where

p(ki, ni) = (1− qi)qki
i G−1

i

ni∏
j=1

ρ−i (j), ki, ni ≥ 0.

(9)

and
0∏

j=1

≡ 1.

Proof. The substitution of expressions (8), (9),

(4) for the stationary distribution of the process

{X(t), t ≥ 0} into the equilibrium system of equa-

tions (1) leads to the following equalities:

λ+
0 + λ−0 +

M∑
i=1

µ+
i u(ki) +

M∑
i=1

µ−i (ni) +
M∑
i=1

γiu(ki)=

M∑
i=1

λ+
0i

qi
u(ki) +

M∑
i=1

µ−
i

(ni)

λ−
i

λ−0i +
M∑
i=1

qiµ
+
i pi0+

M∑
i=1

qiλ
−
i qi0 +

M∑
i=1

qiγiri0 +
M∑
i=1

λ−i (1− u(ki))+

M∑
i=1

M∑
j=1

qi

qj
µ+

i p+
iju(kj)+

M∑
i=1

M∑
j=1

qi
µ−

j
(nj)

λ−
j

µ+
i p−ij +

M∑
i=1

M∑
j=1

qi

qj
λ−i q+

iju(kj)+

M∑
i=1

M∑
j=1

qi
µ−

j
(nj)

λ−
j

λ−i q−ij +
M∑
i=1

M∑
j=1

qi

qj
γir

+
iju(kj)+

M∑
i=1

M∑
j=1

qi
µ−

j
(nj)

λ−
j

γir
−
ij .

(10)

The latter equality takes place for all (~k, ~n) ∈ X .

Let us denote by

A =
M∑
i=1

µ−
i

(ni)

λ−
i

λ−0i +
M∑
i=1

M∑
j=1

qi
µ−

j
(nj)

λ−
j

µ+
i p−ij+

M∑
i=1

M∑
j=1

qi
µ−

j
(nj)

λ−
j

λ−i q−ij +
M∑
i=1

M∑
j=1

qi
µ−

j
(nj)

λ−
j

γir
−
ij .

Taking into account (5) we obtain

A =
M∑

j=1

µ−j (nj). (11)

Further let us denote by

B =
M∑
i=1

λ+
0i

qi
u(ki) +

M∑
i=1

M∑
j=1

qi

qj
µ+

i p+
iju(kj)+

M∑
i=1

M∑
j=1

qi

qj
λ−i q+

iju(kj) +
M∑
i=1

M∑
j=1

qi

qj
γir

+
iju(kj).

After some transformations of the right part with
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combination with (5) we obtain

B =
M∑

j=1

λ−
j

+µ+
j

+γj

λ+
j

[λ+
0j+

M∑
i=1

qi(µ+
i p+

ij + λ−i q+
ij + γir

+
ij)]u(kj) =

M∑
j=1

(λ−j + µ+
j + γj)u(kj).

(12)

Finally let us introduce

C = Λ0 +
M∑
i=1

λ−i (1− u(ki)). (13)

Then the right part of equalities (10) can be repre-

sented as A + B + C. Then we have

A + B + C =
M∑

j=1

µ−j (nj) +
M∑

j=1

(λ−j + µ+
j + γj)u(kj) + Λ0+

M∑
i=1

λ−i −
M∑
i=1

λ−i u(ki) =

M∑
j=1

µ−j (nj) +
M∑

j=1

(µ+
j + γj)u(kj) + Λ0 +

M∑
i=1

λ−i =

λ+
0 + λ−0 +

M∑
j=1

µ−j (nj) +
M∑

j=1

(µ+
j + γj)u(kj).

This coincides with the left part of equalities (10).

Thus the substitution of (8), (9) into the system of

equations (1) - (3) leads to a system of identities for

all (~k, ~n) ∈ X . Under the assumptions of the theorem

the expressions (8), (9) determine a positive solution

of the equilibrium system of equations (1) - (3) and

this solution is bounded. Moreover under theorem as-

sumptions the process {X(t), t ≥ 0} is irreducible.

Therefore, according to Foster’s theorem the process

is ergodic and the relations (8), (9) give us its unique

stationary distribution. Thus, the theorem is proved.

4.2 Symmetrical network

We consider the network described in the section 2

with (i, j = 1,M)

p+
ij = q+

ij = r+
ij , p−ij = q−ij = r−ij , pi0 = qi0 = ri0. (14)

It is convenient to call a queueing network under

these conditions as a symmetrical network.

Let us introduce the following notations:

qi(j) =
λ+

i

λ−i + µ+
i (j) + γi(j)

, ρ−(j) =
λ−i

µ−i (j)
,

i, j = 1,M. (15)

λ+
i = λ+

0i +
M∑

j=1

λ+
j p+

ji, i = 1,M,

λ−i = λ−0i +
M∑

j=1

λ+
j p−ji, i = 1,M.

(16)

If the matrix P is irreducible, the system (16) has a

unique positive solution for λ+
i , λ−i , i = 1,M .

Let us denote

Λ0 =
M∑
i=1

λ+
i pi0. (17)

From (16) and (17) we obtain

Λ0 +
M∑

j=1

(λ+
j + λ−j ) = λ+

0 + λ−0 +
M∑

j=1

λ+
j .

This yields

Λ0 +
M∑

j=1

λ+
j = λ+

0 + λ−0 . (18)

The relation (18) formally coincides with relation (7)

obtained for the case of single-server processing of

positive customers but the values of λ+
i and λ−i for
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the symmetrical network are determined from an-

other system of equations which is a linear one.

Theorem 2 If matrix P is irreducible and the fol-

lowing conditions hold (i = 1,M):

Fi =
∞∑

ki=0

ki∏
j=1

qi(j) < ∞, Gi =
∞∑

ni=0

ni∏
j=1

ρ−(j) < ∞,

then the Markov process {X(t), t ≥ 0} is ergodic

and its stationary distribution is represented in a

product form as

p(~k, ~n) =
M∏
i=1

p(ki, ni), (19)

where

p(ki, ni) = F−1
i G−1

i

ki∏
j=1

qi(j)
ni∏
l=1

ρ−l (j), ki, ni ≥ 0.

(20)

Proof. We make the substitution of (19), (20) into

the system of equations (1), for which the assump-

tions (14) take place.

After some algebraic transformations we obtain the

equality

λ+
0 + λ−0 +

M∑
i=1

µ+
i (ki) +

M∑
i=1

µ−i (ni) +
M∑
i=1

γi(ki) =

M∑
i=1

µ+
i (ki)p+

ii +
M∑
i=1

γi(ki)p+
ii +

M∑
i=1

λ+
0i

qi(ki)
u(ki)+

M∑
i=1

µ−
i

(ni)

λ−
i

λ−0i+

M∑
i=1

qi(ki + 1)µ+
i (ki + 1)pi0 +

M∑
i=1

qi(ki + 1)λ−i pi0+

M∑
i=1

qi(ki + 1)γ+
i (ki + 1)pi0 +

M∑
i=1

λ−i (1− u(ki))+

M∑
i=1

M∑
j=1,j 6=i

qi(ki+1)
qj(kj)

µ+
i (ki + 1)p+

iju(kj)+

M∑
i=1

M∑
j=1

µ−
j

(nj)

λ−
j

qi(ki + 1)µ+
i (ki + 1)p−ij+

M∑
i=1

M∑
j=1,j 6=i

qi(ki+1)
qj(kj)

λ−i p+
iju(kj)+

M∑
i=1

λ−i p+
iiu(ki) +

M∑
i=1

M∑
j=1

µ−
j

(nj)

λ−
j

qi(ki + 1)λ−i p−ij+

M∑
i=1

M∑
j=1,j 6=i

qi(ki+1)
qj(kj)

γi(ki + 1)p+
iju(kj)+

M∑
i=1

M∑
j=1

µ−
j

(nj)

λ−
j

qi(ki + 1)γi(ki + 1)p−ij .

(21)

This equality is true for all (~k, ~n) ∈ X .

Similarly to the proof of the theorem of the previ-

ous case we transform the right part of the equality

(21). Let us denote by

A =
M∑
i=1

µ−
i

(ni)

λ−
i

λ−0i+

M∑
i=1

M∑
j=1

µ−
j

(nj)

λ−
j

qi(ki + 1)µ+
i (ki + 1)p−ij+

M∑
i=1

M∑
j=1

µ−
j

(nj)

λ−
j

qi(ki + 1)λ−i p−ij+

M∑
i=1

M∑
j=1

µ−
j

(nj)

λ−
j

qi(ki + 1)γi(ki + 1)p−ij .

Taking into account the relation

qi(ki + 1)[λ−i + µ+
i (ki + 1) + γi(ki + 1)] = λ+

i ,
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we obtain

A =
M∑

j=1

µ−j (nj). (22)

Further let us denote by

B =
M∑
i=1

µ+
i (ki)p+

ii +
M∑
i=1

λ+
0i

qi(ki)
u(ki)+

M∑
i=1

M∑
j=1,j 6=i

qi(ki+1)
qj(kj)

µ+
i (ki + 1)p+

iju(kj)+

M∑
i=1

M∑
j=1,j 6=i

qi(ki+1)
qj(kj)

λ−i p+
iju(kj) +

M∑
i=1

λ−i p+
iiu(ki)+

M∑
i=1

γi(ki)p+
ii +

M∑
i=1

M∑
j=1,,j 6=i

qi(ki+1)
qj(kj)

γi(ki + 1)p+
iju(kj).

After some transformations of the right part with

combination with (15) and (16) we obtain

B =
M∑

j=1

(λ−j u(kj) + µ+
j (kj) + γj(kj)). (23)

Finally, introducing

C = Λ0 +
M∑
i=1

λ−i (1− u(ki)) (24)

we represent the right part of equalities (21) as A +

B + C.

Using (22) - (24), where Λ0, λ+
i and λ−i are deter-

mined by relations (16) and (17), we represent the

right part of the equality (21) in the following form:

A + B + C =
M∑

j=1

µ−j (nj) +
M∑

j=1

(λ−j u(kj) + µ+
j (kj) + γj(kj))+

Λ0 +
M∑
i=1

λ−i −
M∑
i=1

λ−i u(ki) =

M∑
j=1

µ−j (nj) +
M∑

j=1

(µ+
j (kj) + γj(kj)) + Λ0 +

M∑
i=1

λ−i =

λ+
0 + λ−0 +

M∑
j=1

µ−j (nj) +
M∑

j=1

(µ+
j (kj) + γj(kj)).

Thus the substitution of (19), (20) into the system

of equations (1), (14), for all (~k, ~n) ∈ X , leads to a

system of identities. Therefore, the expressions (19),

(20) give a solution of the equilibrium system of equa-

tions (1), (14) which under the assumptions of the

theorem is positive and bounded. As a consequence

of this result the process {X(t), t ≥ 0} is ergodic,

thus the theorem is proved.

4.3 Conclusion

G-networks provide a versatile class to model com-

plex systems in various applications fields such as

computer network and telecommunication systems.

In this paper we extended the results of G-netwowks

with product form solution introducing the impatient

service. We provided a proof of the product form re-

sults for a network in which positive customers are

processed by a single server at every node and for a

simmetrical networks.
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GJ`AN�XOIKÂu`8G ��! úm¿_](XOId]/UAkKNoF�](amP/DAÂ�GJ`ANx?´¿:]/XJIZ](U5kKNoF�FJN�kdN;Y-GJN;b�|
 ���682W7_6V�ÔÓ��'���w�x�����T }¡6 G¢�£¤¢�¥§¦E¥e�w¡¨¥#¡@��¡¨©`ª6�¬«©`��¢�®��3 }�¬�F¯�w����ª~ }¡�°��}ªC°��P¡¨��±}�Õ¡¬£ ®5�¬�F¢�¥e�(«Ö� ��m �AÀ~³8¢�¥e�×©��G¢�®��w }�¨���w����ª°F¢·¶����}ÀG¸3¡¨£K?E���}¡T±}�w�G°Ä¥��3��}�`¥§¢�«¸9«�¢�©��¨©`�Ä°}¥v�v��¢º°�½Q Jpo ò L}qce{P| ì S æ l

û SÏ Ñ ü ù � ìÏ Ñ � efÓ8j

c�XOPVP(QgÚ Ì LAU5FHGJIKGJLMGOIKD5Â�efÓ8j0IKD=e�ÔujT¾TN�ÂuN-GoÚ

Q Jpo ò LFqce{}| ì S æÆ� �SP��� ì � ������ ì S � � � ìì � �¬�û SÏ Ñ ü ù � ìÏ Ñ � � l� Sì � ���Ô

seidel
Ô



�'�.æ�[8l/êJÔ5êOn k N6Ø é Í Ù�Í ÚFÛ efñ�jñ�æ efwuw/wuw/wuj w/wuw/wuw low/w/wuw wuwAlow/w wuw/wuwAl l;wAlow/w l;w/wuwAl w/w5l;wAl l;w5l;wAl
ú w l À ÔQ Jpo ò L-é efñ�j wAëdloÀun wAëdloÀun w5ëKl:À/n w5ëKl:À/n w5ëKl:À/n wAëdloÀ/n wAëdloÀ/n wAëdloÀun

û Ì QÐJpo ò L�é/efñ�j wAëdloÀun w5ë ÔVÕ(n wAë Ô8Õ(n wAëdloÀunQRJpo ò L}qVefñ�j wAë À/n/w wAë wTÜuÔ w5ë w6Ü/Ô w5ë w6Ü/Ô w5ë w6Ü/Ô wAë wTÜ/Ô wAë wTÜ/Ô wAë À/n/w
û Ì Q Jpo ò LFq efñ�j wAë À/n/w w5ë Àun(w wAë À/n(w wAë À/n/w

Æ�](UAkdNml/Ú�r¡N-º5D5I»GOIKPuD�P/Q�Gg¾0P�bMIKÃ�N;XJN;DuG´DAN;IKÂu`VUWPuXJ`APVPMbsGJX,](D5FJI»GOIKPuD3½5XJPuU5](UAIdkdI»GOIKNoF"Q�PuX N é Í Ù�Í Ú efw/wuw/wuwuj¹|
RTP/D5FJIdbAN�XOIKDAÂ3GJ`5N�Y�]/FJNm¾´`AN�D×?�æ �B! úEi � [ � bÏw�]/D5b
FHLAUWFgGOI»GOLMGJIdDAÂ�IdDÅe¼Õ(j0¾0N�](XOXJId¿/N¡GJPWÚ

Q JÒo ò LFqce{}| ì S æ ��� | �� ìì � � d�| � � � ìì � �¬�û SÏ Ñ ü ù � ìÏ Ñ � � l� ì � � d�|ì � �Õ�æ úRÝ
e�ú !~� jFÝ � Ý � e �	! ú�i � jFÝZe�ú !~� jFÝ� Ý � � Ý

e �	! ú¤jFÝ úRÝ j� e �%! úBjGÝ � Ýe �	! ú�i � jFÝ � l
û ì � � d�|Ï Ñ ü ù � ìÏ Ñ �æ l

û ì � � d�|Ï Ñ ü ù � ìÏ Ñ � e�Õ/j

i�IdD5]/kKkdS/[5FJLAU5FHGJIKGJLAGJIdDAÂ � æI? !�� i=ú^IdD=e�Õ/j"¾0N�P/UAGO](IdD
GJ`AN�N�ÎV½5XJNoFJFJIKPuD�e�Óuj¹|Þ 2W7_2W���f>M7:�µß��]Q Jpo ò L}qce{P| ì S ¢º°z«$¡�Á6¢�«$¡¨£�³Ð�w��©	?%æ ��! ú�Åà4áT°M±5µ�¶�°Aµ�±w+Ò²"âq°w/#+�¯#+�·�-0/21�²�±3/�²�²�³>â,ãÒägå~æ
â,µ¡¯�¶�°A·g²T¯

×�N�IdDV¿/NoFgGOIKÂ8]_GJN´D5P_¾�GO`AN�XOP/kdN´P(QBGJ`5N�DAN�IdÂ/`VU�P/XO`APVPMb.FHGJXOL5Y-v
GJLAXON"IdD�GO`AN0Y;]/FJN"P/QMGJ`AN�
¤ú ��� Q�LADWY¹GJIdP/D?|�i5P/X�GJ`AIZF�Q�LAD5Y¹GOIKPuD
a.P8FgGTP(QBGJ`AN¡FgGON�½5FTFH½�N�D8G"UVSm]�DAN�IdÂ/`VU�P/XO`APVPMb.FJN;]/XOY,`m](kdÂ/P/v
XJIKGJ`AaÍ¾´IKGJ`�DAN�IdÂ/`VU�P/XO`APVPMb^FHIdÄ�N$?m](XON&L5FJN;b+GJP�½5]/FOF�Q�XOP/a
]�kdPMY�]/k¤P/½MGOIKa�LAaÙ¾´IKGJ`�LADAIKGO](GJIdP/D �E! � ���$! l%GOP�GO`AN�P/½Av
GJIda&LAaÞP(Q�LADAIKGO]_GOIKPuD � |
Æ�`AN�N-ÎM½WNoY¹GON;b.DVLAa&U�N�X!P/Q�FHGJN�½WF�GJP¨XJNo]/Y,`&GJ`AN�P/½AGJIda&LAa

Y�](D�UWN�Y;](kZY-LAkZ]_GON;b^]uF�GO`ANmIKDV¿uN�X,FHN�P(Q�GO`ANm½AXJPuU5](U5IKkdI»GgS�Q�PuX
XJNo]/Y,`AIdDAÂ�I»Go|^¸�FJIKD5Âªe�xVj¹[!](DWb¥e�Õ(j�¾TN�NoFgGOIKa�]_GON�GJ`5N�GJP/GO]/k
D8L5a&U�N�X�P/Q¨FHGJN;½5F�GOP=XJNo]/Y,`ªGJ`AN^Pu½MGJIda&L5açP(Q%GJ`5N¼
¤ú ���
Q�LAD5Y¹GOIKPuD�¾´IKGJ`�Âu]/½�N;Ñ8L5]/k0� ��� ¾´`AN;D<� ��m �Bls](D5bn� ��m �AÀ
](XON3L5FJN;b�|�×�N�FJLAU5FHGJIKGJLAGJN�ú¥UVS ��! � ���M! l�]/D5b�?+U8S� ��� iqlUi � | �>Jpo ò L-é�æ � ìL | � d é d�| �� ì � L | � � é| � �;À L | � d é d�| e�Ü8j

�JÒo ò LFq%æ L | � d é dÐ|çÏ�ÑKü ù è �Ç _�é e�ê8j
iAP/X¡GJ`5N@
¤ú ��� Q�L5D5Y¹GOIKPuD^I»G¨IZF¡Y�kKNo](X�GO`5]_G%GJ`5N&amIKD5IKa�](k

D8L5a&U�N�X�P(Q�FgGON�½5F�GJP�XJNo]/Y,`�GJ`AN�Pu½MGJIda&LAaÒDAN�NobMN;b�UVS+GJ`5N

� ��m �MÀ�e�N;Ñ8L5](GJIdP/D�e�ê8jHj�IdF�]uY,`AIdN�¿/Nob�¾´`AN;D²?�æë� ��� i lu[
P(GO`AN�XO¾´IdFJN�GJ`5N�DVLAa&U�N�X�P(Q�FHGJN;½5FsIZF�IdD5Y�XJN;a.N;D8GJN;b�| Æ�`AIZF
XJNoFHL5k»G�bMN;a.PuD5FHGJX,]_GJNoF�GJ`AN�Q�PukKkdP_¾´IKD5Â¡GO`AN�PuXJN;a ½AXON;FJN�D8GJNob�]uF
](D�N�am½AIdXJIZY�]/k¤kd]:¾�IKD=È Ó:É¼|
Æ�`AN�N�ÎM½WNoY¹GJNob�DVLAa&U�N�X0P(Q?FHGJN;½5F2�>Jpo ò L}q�Q�P/X"GJ`AN
¤ú ���

Q�LAD5Y-GJIdP/D�](D5b�bAI»ÃBN�XON�D8G�DVLAa&U�N�X?P(QM¿_](XOId]/UAkKNoF¤](XON�½AXJNoFHN;D8GJN;b
IKD^GO](U5kKN�ÀM|¨Æ�`AN&½5XJNobMIdY-GJIdP/D5F%](XON&Y�P/am½5](XON;b^¾´I»GO`�XON;FJLAk»G,F
P(Q�GJ`5NsFHIda&L5kd](GJIdP/D5F�](½A½�N;]/XJNob�IdDÈ Ó:É¼|^h�F��>Jpo ò L}qsIdF#�gL5FHG
GJ`AN�DVLAa�UWN;X�P(Q�GO`AN&FHGJN�½WF´XJNoÑ8LAIKXON;bsGJPÄ�gLAam½�Q�XJPuaÙGJ`5N�kKP/v
Y�]/k¤P/½MGOIKa�LAaãGOPmGJ`AN&P/½MGOIKa�LAa�[AI»G¡IdF´PuDAkdS3]mkdP_¾TN;X´UWPuLAD5b
P(Q�GO`AN�N-ÎM½�N;Y-GJN;b3½5]uFJFO](ÂuN�GJIdamN]ì¤|"Û�N;¿/N�XJGJ`5N�kdN;FOFTIKG�Y�]/D3U�N
](½A½5XJNoY-IZ]_GJNob�IdD�GJ`AN¨G,](UAkdN�`AP_¾�Y�kKP8FHN%IZF�GJ`AN�½5XJNobMIdY-GJIdP/D�|
Æ?P3](D5]/kKSVÄ�N�GJ`AN.Y�]/FJN�P/Q0� ��m �Bl�¾0N&Y-PuD5FHIZbMN;X¡]�FJIKam½AkdIKv

ºWY�](GJIdP/D�P(Q�N;Ñ8L5]_GOIKPuD�e�ÜujTQ�PuX#� Jpo ò L-é |
�>Jpo ò L�é�æ � Ý � ÝZe �	! ee� ��� iqlUi � jHjGÝ À L | � d é dÐ|

e �	! e�� ��� i¥lUi � jHjGÝdee� ��� il0i � jFÝZe ��! � ���í! lojGÝ
æ � Ý � Ý
ee� ��� iqlUi � jFÝZe �	! � ���í! lojFÝ À L | � d é d�|

æ � ÝZe ��! � ���$! l:jFÝ}î L | � d éòdü é e ��! � ���í! lUi m j
e �%! � ���í! lojGÝ � Ý î L | � d éòdü é e � i m j À L | � d é d�|
æhï L | � d éð

òKü é
�	! � ���í! lUi m� i m ñ À L | � d é d�| egl;w8j

CED�eglowuj�IKG%Y;](D+U�N�FJN�N�D^GJ`5](G�GJ`AN�DVLAa&U�N�X¡P(Q"FHGJN�½WF�bMN�v
½WN;D5bAF!PuD&Gg¾0P%GJN;XJa�F;|�×¥`5N�D � IZF!IdD5Y-XON;]uFHNob�GJ`5N�º5XOFHG!GJN;XJa
bMN;Y�XJNo]/FJN;F�UALMG!GO`AN�FHNoY-PuD5b&PuDAN�Â/N�GOF�N-ÎM½�P/DAN;D8GJIZ](kdkKS�`5IKÂu`AN�Xo|
×¥`AN�D � æ ��! � ���z! l�GJ`AN�º5X,FgG0GJN;XJa IZF�l%](D5b@�Jpo ò L�é�IZF
N;Ñ8L5]/kuGOP¨GJ`AN�FJIdÄ�N�P(QWGJ`AN�FJ½5]/Y�N/|�C¼Q � æqw¡GJ`5N�D.GJ`AN�DVLAa�UWN;X
P(Q�FgGON�½5F´U�N;Y�P/amN;F;Ú� Jpo ò L�é æ è �� ��� iql é À L | � d é
](D5bGJ`5IdF�¿:]/kKL5N�Y�](DÜU�N�N�¿uN�D�`AIdÂ/`AN;X�GJ`5]/D À ì | Ì PW[

Q�P/X�GJ`ANB
¤ú ��� Q�LAD5Y¹GOIKPuD�GO`AN	� ��m �AÀ+a�](ÁuN;F.]^amP/XONsN��mv
Y-IdN�D8G�FHNo](X,Y,`�|�i�IKÂuLAXJN�À�FJ`AP_¾�F¨`AP_¾Ê�Jpo ò L�ém]/D5b~�>Jpo ò LFq

x

seidel
Y-x



� � ì �>Jpo ò LFq � ì �>Jpo ò LFq � ì �>Jpo ò L}qÜ l xVÕVë Ó Ô8ÕVë w À ê/Ó5ë Õ ê/Ô5ë w Ô l;Ó/x5ë Ó loÓ/Ô5ë w
l;Ó l l�êAl/ë w loÔ8ÕMë w À ÕMl�Ü5ë Ó ÓTê8ÕMë w Ô À/n(Ô6ÜAë n À/nAl:ÕMë w
À_x l x8Ô/wAë w ÔuwAluë w À À/Ô8Õ¬ê5ëKl À/ÔuÀ/nAë w Ô loÔ/w8À(ÓAë Ó loÀTêunMluë w
ÔuÀ l Õ(Ó(x5ë Ó nuÀ¨ê5ë w À nun¨ê/w5ë n n(x6ÜTê5ë w Ô xWl;ÓuÔ/ÔAë w x5l;x/x6ê5ë w
Ó(x l Ô/w8n¨ê5ë x À(w6ÜAluë w À x/xVÀ(wuÀAë À xuÔVÕ:xVnMë w Ô ÓTÜuwTÜuÓ/ÔAë n ÓVÕ¬ê5loÀMluë w

Æ�]/UAkKN�ÀAÚ�RTPua.½W](XOIdFJP/D�P(Q�GJ`AN�FJIKa�LAkZ]_GJIdP/D.XON;FJLAk»G,F8ì�Q�P/X!GO`AN�Q�LAD5Y-GJIdP/D	
¤ú ��� ¾´I»GO`.GJ`AN´N�ÎV½�N;Y-GJNobmD8L5a&U�N�X!P(Q¤FHGJN�½WFg�>Jpo ò LFq
FJY;](kdN�¾´`AN;DsGO`AN¡DVLAa�UWN;X�P(Q?¿_](XOIZ](UAkdN;FTIdF0IdD5Y-XON;]uFHNobmQ�P/XTGJ`5N
Bú ��� Q�LADWY¹GJIdP/D?[�� ��� æãluêOnM|�Æ�`5NmFJIdÄ�N.P(QTD5N�IdÂ/`VUWPuXJ`5P8PMb
Q�P/XÄ� ��m ��lm](DWb�� ��m �AÀs]/XJNmXON;FJ½WNoY¹GOIK¿uN�kdS�e�À¬� ��� i�loj¨]/D5b
e�� ��� i�loj-|�CED.GJ`5N´º5Â/L5XJN�GO`AN´þ.](ÎMN;F�IZF!kKPuÂ(vEFJY;](kdN;b¤[/¿/N�XJGJIZY�]/k
kKIdDAN;F�FJ`AP_¾©GJ`5N�º5X,FHG � Q�PuXT¾´`5IdY,`sGJ`AN�Y-Puam½ALMGO](GJIdP/D�P/Q�GJ`5N
D8L5a&U�N�X�P(Q¨FgGON�½5F�IdFm½�PuFOFHIdUAkdN=e � �ë?oj-|©C¼GsY�](D�U�N^FHN;N�D
IKD�GJ`5N¡ºWÂ/LAXON%GJ`5](G´GJ`AN�DVLAa�UWN;X´P(Q�FHGJN;½5F�IZF�](kd¾0]:SMFT`AIdÂ/`AN;X
Q�P/XU� ��m �AÀM|�Æ�`AN�bMIKÃ�N;XJN;D5Y-N�UWN�Gg¾TN;N�DmGJ`5N�DVLAa&U�N�XTP(Q�FHGJN�½WF
DAN�NobMN;b�U8S�U�P(GO`�](kdÂ/PuXJIKGJ`5amF¡Y�]/D^UWN.IdDuGOLAIKGJId¿/N�kdS^](½5½AXJNoY-IKv
]_GJNobsIKQ�¾TN¨XON;](kdIdÄ�N¡GJ`5](G´GJ`AN�]:¿/N;XO]/Â/N¡D8L5a&U�N�X´P(Q�¿_](XOId]/UAkKNoF
GJ`5](G�Y,`5](D5Â/NmGJ`5N�IdX&¿_](kdLAN�IdD�N�¿uN�XOS�FHGJN;½=P(Q�GJ`AN%� ��m �Bl�IZF
kKNoFJF0GO`5](D3GJ`AN�]:¿uN�X,](Â/N�Q�P/X#� ��m �MÀA|�h¡F�]�Y�P/D5FJN;Ñ8LAN;D5Y-N¡GJ`5N
º5XOFHG.]/kKÂuP/XOI»GO`Aa D5N�N;b5F&amP/XONsFHGJN;½5F�Q�PuX�º5DWbMIKD5Â�]+¾�]:S�GOP
Y-XOPuFOF"GO`AN�Âu]/½�|

1

10

100

1000

10000

100000

1e+06

1e+07

0 5 10 15 20 25 30 35 40

S
te

ps

n
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i�IdÂ/L5XJN=ÀMÚ�Ê!ÎM½WNoY¹GON;bqDVLAa�UWN;X�P(Q�FHGJN;½5F�P(Q&GO`AN�XO]/D5bMP/a
UAkKPMY,ÁuN;b Ç IKUAUWF Ì ]/a.½5kKIdDAÂ�Q�P/X�GJ`AN�
¤ú �� Q�LADWY¹GJIdP/DÅ¾´`AN;D� IZF�IKDWY-XON;]/FJN;b�|
ò4ó�²"¯�¶�7Jµ�äV·g²T¯�ä
iAP/X+L5DAI»G,]_GOIKPuD�Q�L5D5Y¹GOIKPuD5F+¾0N=`5]:¿/N=Y�]/kdY�LAkZ]_GJNob¾´`5IdY,`�IZF
GJ`ANma�]_ÎMIda&LAaÍ½AXOP/UW](UAIdkKIKGgS�Q�P/X�]3XO]/D5bMP/aÍD5N�IdÂ/`VUWPuXJ`5P8PMb
U5]/FJN;bÜFHNo](X,Y,`](kdÂ/PuXJIKGJ`5aï¾´I»GO`�D5N�IdÂ/`VUWPuXJ`5P8PMb�FHIdÄ�N×?ÅGOP
XJNo]/Y,`�GO`AN¡Pu½MGJIda&L5aèIKD3P/DAN%FgGON�½�|�Æ�`AIZF"Q�P/XOa&LAkZ]&]/kKkdP_¾�F�GOP
N;FHGJIdam](GJN´GO`AN�]:¿uN�X,](Â/N0DVLAa&U�N�XTP(Q�FHGJN�½WF!DAN�NobMN;bmUVS�GJ`AN¡](kKv
Â/P/XOIKGJ`AaÏGJPp�gL5a.½�Q�XJPuaÝ]�kdPMY�]/kWFJLAUWPu½MGJIda&L5aÝP/Q¤LADAIKGO]_GOIKPuD
ú+GJP�GO`AN�Pu½MGJIda&LAa�|0×�N&`5]:¿/N�]/kdFJPm½AXJNoFHN;D8GJN;b3GO`AN�Q�P/XOa&LAv

kd]/N�Q�PuX�Y�]/kdY�LAkZ]_GJIdDAÂ�GJ`AIZF.½AXJPuU5](U5IKkdI»GgS�Q�P/X�Gg¾0P�Y-Puama.PuDAkdS
L5FJN;b�D5N�IdÂ/`VUWPuXJ`5P8PMb�FHGJXOL5Y-GJLAXON;F;[g� ��m ��ls]/D5bn� ��m �AÀM|ÅCED
GJ`AN%Y�]uFHN�P/Q�� ��m �MÀ%¾0N�`5]:¿uN�](kZFHP�FH`AP_¾´DmGO`5]_GTGJ`AN¡P/½MGOIKa�]/k
Y,`AP/IZY-N�P(QTGJ`AN.DAN�IdÂ/`VU�P/XO`APVPMb�FJIKÄ;N�IZFz?mæ �'! ú�|&Ø´NoFHL5k»G,F
`5]:¿/NTUWN;N�D�](½5½AkKIdN;b&GJP�bMN;XJId¿/NTGJ`5N´D8L5a&U�N�X!P(QBFgGON�½5F�D5N�N;bAN;b
UVS�Q�LAD5Y-GJIdP/D¼
¤ú �� GOP�XON;]/Y,`3GJ`5N&P/½AGJIda&LAa�[WbAN�amP/D5FHGJX,]_GJv
IKD5Â�GJ`5NÅY�P/D¬�gNoY¹GOLAXJN�½AXON;FJN�D8GJNob¥IdDÝÈ Ó:É¼|íRTP/D5Y�N�XODAIdDAÂ�GO`AN
bMIKÃ�N;XJN;D5Y-NoF�U�N-Gg¾0N�N;D�� ��m �Bls](D5b<� ��m �MÀ^](kdÂ/P/XOIKGJ`Aa�F;[�](D
IKam½�P/XJGO]/DuG�Y-PuD5Y-kdL5FJIKPuDªP/Q¡PuLAX�](D5]/kKSMFJIdF.IZF.GJ`5](G�GJ`AN�¾�]:S
GJX,](D5FJIKGJIdP/D�½AXOP/UW](UAIdkKIKGJIdN;F�P/QAGJ`AN0DAN;IKÂu`8U�P/XO`APVPMb�](XON�bMN-º5D5N;b
IdF´]uF´Y-XOI»GOIdY;](k¤Q�PuX�GJ`AN�N���Y-IdN�D5Y�SsP(Q�GJ`5N�FHNo](X,Y,`3]/F0GO`AN�P_¾´D
Y,`AP/IZY-N%P(Q�GJ`5N�DAN�IdÂ/`VU�P/XO`APVPVb3FHIdÄ�N�IZF;|ô s¥¶wõ´¯�²Ðö�7�+�³#-0:Â+?¯T°Aä
Æ�`AN+](LMGO`AP/XmGO`5](D5ÁVF�GJP=z�N;IKDAÄ�\+LAN�`5kKN;D8U�N�IdD�Q�P/X�`5]:¿VIdDAÂ
IKD8GOXJPMbML5Y�N;b�`5IKaèGOP�GO`AN¨½AXJPuUAkdN�aè](D5b�GJP.y�IKv�t�]/DAÂ.y?P/Äo]/bA]
RT`5](D5Â�Q�P/XT`AIdF0Y-Puama.N;D8GOF�PuDmGJ`AN¡½5](½�N�Xo[8¿:]/kKLW](UAkdN¡bMIZFOY-L5FHv
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Abstract. This paper presents some views on the problem of application-specific systems (ASCS) performance 
modelling based on statistical measurement during a program's run time. The probabilistic model considered in 
this paper defines a performance measure relative to a given domain of application tasks, and it may be used as a 
base for performance verification. This measure follows a random sum of random summands, corresponding to 
various runtime component execution times. We consider theoretically whether the current state-of-the-art of 
random sums' theory can be used as  the basis of applied ASCS performance modelling. Relying on the results of 
the analysis,  it is possible to construct a mathematical model which is based on a random sum of the program's  
operations execution times  
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1. INTRODUCTION 
 
Performance analysis to predict the execution time of 
target programs is the basis of the effective design of 
various application-specific computer systems 
[ASCS]. Let us consider the prototyping stage (either 
physical or virtual) of the design process (which may 
follow the high-level synthesis, simulation). Usually, a 
designer has a hardware platform variant by this time, 
as well as a sufficient suite of software modules. In the 
design phase, the designer tries to define the 
performance parameters of the application software by 
using a trace analysis tool. Let us call as 
"measurement-based", any approach to the execution 
time prediction, which is based on the results of the 
tracing and the profiling of a prototype of system 
design. Ideally, the timing performance verification at 
this design stage requires a mathematical model to 
represent the time in terms of some system 
characteristics, namely, in terms of the measured times 
of execution of some of the runtime components (e.g., 
function calls, basic blocks). Various mathematical 
models that enable the execution time prediction in 
terms of these measurements results have been 
suggested by [Saavedra and Smith, 1989; Li, 1996; 
Gautama, 1998]. Some of these models are 
deterministic in nature, and they just try to compute 
the execution time in terms of the various performance 
“indexes” (e.g., "cycles per instruction" (CPI) or their 
a high-level analog ) [Ferrari, 1983; Saavedra, 
1996;Hennessy, 1996]. Since applications' behavior 
are stochastic (e.g., due to data dependency in 
programs), the probabilistic performance models are 
most appropriate for this aim [Gautama, 1998]. 
However, these probabilistic models are not very 
practical, since on the one hand, they are based on 
some specific program models, and, on the other hand, 
they are fairly time-consuming. Since, in general, the 
execution time is a random sum of random durations 

of the above mentioned  runtime components, which  
may be random values, thereby, the number of these 
components are also often random, the random sums 
theory would be very helpful for the performance 
modelling. This paper considers theoretically whether 
the current state-of-the-art of random sums theory can 
be used as a basis of applied ASCS performance 
modelling. The rest of the paper is organized as 
follows. Section 2 describes some related work 
concerning programs' execution times prediction. 
Section 3 describes the structure of execution time. 
Section 4 describes random sums concerning the 
execution time definition. Section 5 describes a 
random sum based mathematical model in terms of 
programs' operation execution time. Section 6 
describes an example of an application-specific system 
performance analysis, which is based on the model. 
This paper, because of limited size, does not contain 
detailed statistical techniques description, but it only 
briefly explains some ideas.  
 
 
2.  MEASUREMENT-BASED PERFORMANCE  
     MODELS. RELATED WORKS  
 
Presently the prevalent approach to ASCS 
performance prediction is based on CPI conception 
(mentioned above), and represents the time spent  by a 
processor to complete the task [Hennessy, 1996]: 
 
CPU_time=Clock_Cycle_Time∑i=1,n(CPI(i)*IC(i))               (2.1)                
                                                                                                          
where CPI(i) is the average cycles per instruction for i-
th instruction class (e.g. float-pointed, arithmetic, etc.),  
IC(i) is the counter of i-th instruction, i=1,2,...n are the 
indexes of  the instructions set. 
More advanced deterministic ways of execution time 
prediction have been suggested in [Saavedra, 1996], 
where the machine model consists of a set of abstract 



operations of some particular programming language. 
The predicted execution time of program A on 
machine M is performed by using detailed measured 
information about the execution time of these 
constructs. Since the models are not probabilistic, they 
may not provide relevant devices to estimate the 
performance prediction accuracy for some target 
applications set. Since the goal of our work is to 
predict the execution time of a program on an 
application-specific system, we have to be able to 
estimate both the accuracy of the prediction and the 
representative features of the data sample used. It is 
clearly an impossibility to provide it in the framework 
of such deterministic conceptual model. 
 
Many probabilistic models of execution time 
estimation (applicable both for sequential and 
concurrent systems) have been suggested recently [Li, 
1996; Gautama, 1998]. These models have been 
developed in the framework of a "task graph" 
conception [Adve,1993]. A task graph is a directed 
acyclic graph (DAG) in which nodes represent some 
subtasks and arcs represent the data-dependencies 
among the subtasks (in terms of which the program is 
represented). Correspondingly, DAG-based models 
consider the programs as a set of tasks on a particular 
input, and consider the program trace in terms of a task 
set. In [Adve, 93] the focus of the work is on the 
behaviour of a parallel program for a single input data 
set, rather than across different input sets, that takes 
place in case of ASCS designing. In this case, a 
characteristic of execution time concerning some input 
domain would be more interesting. The program in 
this model is decomposed into computationally 
homogeneous subtasks, and the computational 
requirements for each subtask are determined. The 
application is assumed to consist of a set of non-
overlapping code segments that are totally ordered in 
time. The total execution time of the application is the 
sum of the execution times of all its code segments. 
 
In fact, current publications [Adve, 93; Gautama, 
1998] either assume that the execution time is 
normally distributed, or try to estimate the 
distributions by computing of moments of the program 
execution time. However, since by using various 
probability models we deal with decision rules like 
inequalities Prob( S<t), Prob( S>t), where S is a 
random value, t is a real one, dealing with so-called 
"distribution tails", the assumptions about distributions 
mentioned above may lead to situation of the dramatic 
loss of accuracy.  Secondly, the rate of convergence to 
the normal  distribution may turn out rather slow, so 
the using  the sum may be not suitable if we consider a 
trace as a sequence of several quite big tasks. Besides, 
these models deal, in fact, only with the deterministic 
sums of random items, whereas, the designers often 
deal with unknown numbers of sequential-performed 
activities that determine the total time execution, for 

example, as a result of a non-deterministic programs 
behaviour  due to branching, data dependencies. 
 
In  the above mentioned approaches, the programs-
and-data used for the model parameters estimation are 
assumed as sufficient to reflect the behaviour of all 
application domains of the designed system. The 
question is whether indeed set benchmarks are able to 
predict the machine performance on programs not 
included in the benchmark suite? For example, 
formula (2.1) assumes, in fact, that the CPI (i) values 
have to be estimated from a benchmark suite, while 
there is no any statistical model for its rational choice. 
 
 
3. STRUCTURE  OF  A  PROGRAM 
EXECUTION TIME 
 
Let us consider that we can apply special language 
features to split the program into intervals and to get 
performance characteristics for each interval. In 
general, the execution time of parallel programs on 
multiprocessor computers is determined by the various 
factors, e.g., a part of parallel calculations in the total 
volume of calculations time, or degree of overlapping 
of interprocessor communications with calculations. 
Ultimately, execution time is the maximum of the 
times of the program execution on each processor. 
 
Let us call as "Application Domain" (AD) any set of 
applied programs with all possible input data  to be 
executed on the designed applied platform. So, the 
application domain is defined by set of application 
programs {AP} with defined domains of their possible 
input data, that is an AD is  a set of pairs{ APi , IDi},  i 
is some integer, where each of APi is an applied 
program under input data IDi . 
 
Let O1. Oi ., Or be a set of some specific items ("basic 
operations" or some disjoint works, functions call,  
basic blocks), in terms of which we represent a 
program behaviour as a trace in a sequential manner. 
Each of Oi is characterized both by the type "i" (i=1,.r) 
and the random time of execution Xi with a 
distribution function Gi(Xi ) (in particular, they may be 
measured on some system prototype).  If the system 
can execute some operations simultaneously, thanks to 
either multiprocessing or availability of several 
executive units in one uni-processor (for example, as it 
is performed in Alpha 21264 [Alpha, 2000]), then we 
may consider corresponding individual combinations 
of operations that can be executed simultaneously. The 
time of the operations execution should be considered 
as some random variable. Note, that this randomness 
may take place both in multi-processors and single-
processor systems. The cache hit/miss, pipeline stalls 
due to hazard, may be considered as corresponding 
technical factors in a single processor.  
 



When we are able to describe a program runtime as a 
sequence of some activity pieces (which, in general, 
may be some aggregations of overlapped operations 
[Li, 1996]), the execution time of a program APi can 
be expressed as a sums of some summands, 
corresponding to the execution times, that is expressed 
as NP 
 
                            TP =  ∑i=1, NP (Xj)                         (3.1)                                                                                                                           
                                                                               
                                                 
where Xj  is the duration of j-th sequential actions in 
the trace, NP is the trace length, which should be 
considered as a random variable, because the different 
input data suites from a given program input domain 
may generate different paths in the program execution. 
 
For example, let us consider the distributed execution 
of any applications in a p-processors's  computer 
system [Ivannikov et al, 2000]. The application 
execution may be considered as an ordered system of n 
processes, where each of the processes is an activity 
dealing with a block of the application running, 
thereby there is a linear order of executions over the 
blocks set 1,.s, where s is the numbers of the blocks. 
Under some certain condition about the processes-and 
-block interactions (e.g. it is impossible to process 
each block more then on one processor 
simultaneously, each j-th blocks is distributed to j-th 
processor), and synchonization conditions (the end of 
a block in i-th processor coincides with the start of the 
next block execution in (i+1) processors),  the time of  
n concurrent processes execution is  
 
T =Σi=1,n-1

 max1 ≤u ≤ p [Σj=1,u tij - Σj=1, u-1 ti+1j ] 
+Σj=i,ptnj ,  

 
where tij is an execution time of j-th block of the i-th 
process.  
 
In practice, such times can be random ones, for 
example, because of some pipelining effects, the 
number of processes n may also be dependent of the 
program input data, .so we deal with the random sums. 
 
 
4. RANDOM SUMS  MODEL OF 
PERFORMANCE CHARACTERIZATION 
 
Let us consider some possibilities to estimate 
execution time using the random sums properties.       
We can consider the set of operation execution 
durations (which are the summands) as a  triangular 
array of independent non-negative integer-valued rv’s 
{τij }1≤j≤r, defined on a probability space (Ω,F,P), where 
F is a sigma-algebra, generated by random variables 
τij, r is a number of  operation types. "The columns" 
j=1,2….define the operations location in the sequence 
(in a program trace, in fact). In general, we may 

consider sampling sums deals with this "triangle array" 
scheme of random variables 
 
                                 Sn = Σm(j) vi.j τij                                    (4.1)                                             
 
 
where m(j) is a sequence of integer- random rv’s such 
that m(j) is a stopping time with respect to Fi

j,  that is 
{m(j)≤1}∈ Fi

j), vi.j are random variables taking values 
0 or 1, vij, τij are independent in each row. This sum 
corresponds to the scheme of random sampling from a 
population of real numbers without replacement, 
where the "population" is a set of arrays {τij }, each of 
which corresponds to a program trace. Note, that for 
some computer architectures, the operations duration 
can depend on the operation execution order because 
of pipelining and/or caching influence [Alpha, 2000].  
This circumstance is reflected in the sum (4.1 ), as vij, 
which determines implicitly the location of the 
operation "i" on a place "j" in program trace 
considered. 
 
So, in fact, (4.1) means that any program trace is a 
random sample from all possible traces, generated by 
input data (part of which, of course, can be understood 
as some "controls"). Any differences between traces 
are reflected in their operations composition, and rv's  
vi.j  just define if an operation "i" is present on j-th 
place in the trace, or it is absent. 
 
The key question of the execution time model choice 
is whether there exists a mathematical technique to 
compute such a distribution. 
 
 
4.1 Random Sums Theory:  an  Applied View 
 
The classical random sums theory results rely 
essentially on the Kolmogorov-Lindeberg  assumption 
[Zolotorev, 1997] about summands' smallness that is, 
in the general case, not to be justified for the execution 
times of program's operations. Some new results 
[Rahimov,1995] concern the asymptotic behaviour of 
(4.1) sums distribution, where the number of array 
rows (“i”) → ∞, where the above smallness 
assumptions have been transformed into more weak 
ones; that is the summand variances are decreasing as 
O( i2 ). However, this result is also not very practical, 
because it is asymptotical in nature, and, in fact, it 
requires to estimate a distribution of very sophisticated 
random value. 
 
To obtain more practical results we should include in 
the estimation model the knowledge about the 
distribution of numbers of summand Np in (3.1). For 
some creditable assumptions about the Poisson 
distribution of the number of operations, a uniform 
estimator for the sum distribution deviation about 
normal law has been obtained (The Berry-Essen 
inequality for Poisson random sums) [Bening and 



Korolev, 2002]. However, this result is also very 
difficult in  practice.  
 
Since our main goal is to characterize the performance 
relative to some set of programs ("application 
domain"), and, ultimately, presently the most practical 
execution time prediction techniques are various 
regression models (parametric, non-parametric), which 
deal with some conditional expectations values 
[Iverson, 1999], studying the expected value of 
execution time calculation issue is, perhaps, even more 
important then the probability distribution. 
 
 
4.2 Expected Value of Random Sums 
 
Speaking about expected values of execution time, we, 
in fact, should deal with various averaging techniques, 
that is just what we would have dealt with using any 
regression techniques of execution time estimation 
over a benchmarks set [Iverson et al, 1999]. 
One of the theoretical problems concerning the 
expected value definition is the Law of Large 
Numbers (LLN) conditions for the random sums. 
Strictly speaking, unlike the classical case of sums 
with non-random summands number, the limit for the 
"arithmetic mean" is a random value even for the 
independent identically distributed (i.i.d.) summands, 
thereby its distribution is completely determined by 
the asymptotic behavior of the random number of 
summands [Bening and Korolev, 2002]. So, one of 
questions is to provide some appropriate averaging.    
 
Formally, we can rely on fact that the above triangular 
array model corresponds to i.i.d  summands, where the 
distribution is a mixture of operation type duration 
distributions Gi(x) (Section 3 )  that is    
                   
           G(x)=Prob(τij ≤x ) =∑i=1,r pj

 Gi(x)            (4.2.1)                                                                       
 
where pj are  probabilities of appearance of each of the 
r operations type in the program traces. 
 
Following  the Wald identity, we can express the 
expected value of the execution time as 
   
                    E(TE )= E(Np)E(x)                           (4.2.2)                                                                 
 
where E(Np) is the expected value of the trace length 
Np over an application domain considered, 
 
E(X)= ∫ xG(x)dx =∑ i=1,r pi ∫xGi(x)dx = ∑i=1,r pi E(τi),  
           Гx                            Гx 
 
Гx is an integration domain (corresponding to x 
definition).  
  
So, the expected value of the execution time can be 
expressed as  
 

             E(TE)= E(Np)∑j=1,r pj E(τj)                      (4.2.3)                             
 
Taking into account above remark about logical 
difficulties of LLN performing due to randomness of 
the numbers of summands, the main question deals 
with the {pj }estimation, which, in classical case ( 
when Np is a deterministic value) would be estimated 
as Ki/ Np, where Ki is the numbers of i-th operations 
appearances in a representative set of traces from an 
application domain considered. To overcome this 
problem let us consider an obvious way of the 
execution time TE representation in terms of the i.i.d. 
rv's, corresponding to the  execution time structure 
(Section 3)   
 
                          TE=Σi=1,rΣj=1,Kiτij (4.2.4)                             
 
where the summands in the inner sum  are i.i.d.  rv’s,  
thereby, all the numbers of i-th operation appearances 
Ki  are mutually dependent (but they are  independent 
of the  r.v’s  τij),  K1+ ... + Kr= Np.  The Wald  identity 
can be expressed in this case [Khokhlov, 2003] as 
 
                        E(TE ) =Σi=1,r E(τi)E(Ki)              ( 4.2.5)                              
 
where single index “i” is used just to stand for the fact, 
that all operations of “i” types have the same 
distribution. Dividing the right side of (4.2.3) by 
E(Np), we obtain   
                                                 
    E(TE)/E(Np) = ∑i=1,r (E(Ki )/E(Np))E(τi)         (4.2.6)                               
   
Comparing (4.2.3) and (4.2.6) we can obtain the 
probability estimator pi= E(Ki )/E(Np).  
 
The fact of such averaging over the total numbers of 
the operations in each of traces, as well as over set of 
each of operations type is correlated with the above 
mentioned character of LLN for the random sums. 
 
The main question is what is a set of traces (program 
instances), over which this averaging should be 
performed. The answer is in interpretation both 
{Ki}set and Np as a statistics from a representative set 
of  serially run programs which are a rational 
“benchmarks” set.   
 
 
5. PERFORMANCE VERIFICATION   
    
Since our main goal is a computer system performance 
prediction, the question is whether we are able to 
predict the execution time TE of a program P of a 
length NP  with a sufficient accuracy as                                                                                  

                                 TE ≈ NP ∑ i=1,r pi E(τi)                        (5.1)                              
                                                                   
We may consider this approximation as a regression of 
TE  on NP that is as a conditional expected value given 
NP . Correspondingly, we may represent the execution 
time TP estimator as  



 

                                  TE = NP ∑ i=1,r pi E(τi) +ε                  (5.2)                                                               
                                                                    
where ε, is stochastic, that is represents the possible 
errors of time prediction [Iverson99].  
 
But what is a set of traces (program instances), over 
which this averaging should fulfillment to maximize 
(5.1) accuracy?  In the most general sense this 
accuracy is determined by both operation times 
distribution and accuracy of the (p1 ,.. , pr) vector 

estimations. It would be attractive to reduce the ε error 
analysis (5.2) to the rate of convergence for the Law of 
Large Numbers (e.g., rely on Kolmogorov inequality). 
However, while for the non-random sums case 
summands dispersions impact on convergence rate 
follows the Kolmogorov inequality [Feller,66], the 
situation for random sum is considerably sophisticated 
[Bening and Korolev, 2002]. Note, that following the 
Wald identity, dispersion of the random sum can be 
calculated by the formula [Bening and Korolev, 2002] 
 
             DTE   = ENpDx+DNp(Ex)2                                    (5.3)                                                                      
 
where its random summands have the distribution  
G(x) (4.2.1).    
 
The calculation of this mean and dispersion measure 
can be carried out over a statistics obtaining from a 
considered application domain, represented by a 
program’s set. When we are able to estimate the mean 
and the variance of the execution time, we will be able 
to estimate the accuracy of the (5.1) representation in a 
standard statistical manner, calculating the TE 
confidence interval size as a function of the variance 
[Pollard, 1977]. The problem is how to choose the 
programs/input data ("benchmarks"), to provide these 
estimations. If the times τj are measured very 
accurately, than the dispersions are defined only by the 
values of corresponding operations Ki that are used in 
a program. So, we can choose a program/input data set 
for the performance verification so as to provide the 
(p1 ,.. , pr ) vector estimation (where p1 ,.. , pr  are  from ( 
4.2.6 ) ) with a suitable accuracy. To achieve this we 
should know the distribution of vectors, representing 
the frequency of operations occurring in the program's 
trace [Frenkel, 1998]. It is easy to see that the 
distribution is a multinomial. Indeed, as we do not 
consider any information about the structure of any 
selected programs, then any events corresponding to 
the appearance of the basic operation Oi is independent 
of each other Oj, i≠j, and the appearance of each of 
them does not change the appearance probability. (In 
other words, the independence of these events means 
ignoring  the program's semantics). 
 
So, knowing the frequency distribution, we can reduce 
the problem of benchmarks choice to the well-known 
problem of providing suitable confidence ellipsoids for 
the vectors [Pollard,77]. We may define the size and 

the structure of a suite of programs, that provides a 
suitable closeness of the frequencies, calculated over 
this suite, to the probabilities, used in the above 
formulas. This (under the above mentioned 
assumptions about operation's time execution) may 
ensure the closeness of (5.1) execution time prediction 
to the true value,  allowing performance verification in 
terms of any target program execution time estimation 
at the design stages, when the programs may be run 
only on a host machine, but the operation's duration on 
the target HW are known with a good accuracy.  
Operations duration variability impact on prediction 
ability depends mostly on the times distribution. 
Briefly, it depends mostly on the "tails" of the 
distributions. If their cumulative distribution functions 
F(x) obey the condition 1-F(x)=∼cx- α ,  0<α<2,  where 
∼ means a limit (by x→∝)  of the fraction of the 
functions on the left and the right is 1. If F(x) ) is 
heavy tailed then  the  operations’ durations  values 
shows a very high variability. 
 
 
6. AN  EXAMPLE 
 
The methodology of performance evaluation was used 
in our practice for both FX!32 translator (in emulation 
mode) [Sites, 1992] of x86 applications on the Alpha 
platform performance optimization and the 
performance optimization  of a RTL ("register-transver 
- level) model of a designed microprocessor. The 
emulator corresponds to a ASCS since it has been 
designed given all Alpha processor both hardware 
issues (external cache memory, register file, etc.) and 
Alpha Windows NT operating system. Some x86 
applications sets ( for example, MS-Office) could be 
considered as the system application domain. We can 
state the problem of FX!32 performance evaluation 
relative to the application domain.  Since we have to 
define a probabilistic space to operate with the model, 
we have to understand what the randomness of the 
operations means in this case. Duration distributions 
(measured on the Alpha platform) depend on both 
environmental factors (Dcache miss) and some 
architectural properties of the emulator (e.g., how 
much the emulator tables match the x86 instruction 
structures). Some statistics can be found in http: 
//www.ipi.ac.ru/~lab24/frenkel. 
 
7. DISCUSSION AND CONCLUSION 
 
It is well-known that random summation has just as 
great a role in probabilistic models applications 
[Zolotorev, 1997; Bening and Korolev, 2002]. 
However, there is less evidences of its use in such 
important areas of contemporary computer science as 
"performance evaluation". In this paper we have 
discussed a  probabilistic and statistical models for the 
prediction of execution times of sequential and parallel 
programs in a given operational and hardware 
environment. These models deal mostly with the some 



random sums of random summands. Therefore, the 
main question of the modelling  is whether present-day 
state-of-the-art of such theory, mostly concerning the 
LLN and CLT issues, allows us to build a well-
grounded model of execution times prediction. This is 
possible based on expected values of the time 
predicted. Relying on this analysis, suggests an 
approach which discharges the necessary to consider 
summation of enormous numbers of operation times.  
 
The results are in contrast to the traditional approaches 
(like [Hennessy, 1996]) which express the program 
execution time in terms of average of cycles per 
instructions. The traditional approach does not provide 
any devices both to estimate the accuracy and choose a 
reasonable benchmarks set, like the considered model, 
which enables these things. In fact, we  encounter the 
usual difference between some naive statistical 
approaches, based only on the average numbers and 
counters of some events, and strong statistical 
methods, based on a well-grounded  probabilistic 
model,  when we can reduce the problem of 
benchmarks choice to the well-known problem of 
providing a suitable confidence ellipsoid for the 
estimated probabilities vector.  So, in spite of 
numerous unresolved questions in the random sums 
theory, its principal results can be used effectively for 
performance prediction. 
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Abstract: This paper presents analytical results of a TCP (Transmission Control Protocol) model based on a Markov
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1 INTRODUCTION

The Transmission Control Protocol TCP represents a
large part of today’s Internet transfers. It has been,
for that reason, the subject of many studies, centered
either on live Internet measurements (downstream),
simulations or modeling (upstream). TCP principle is
to make sure that all data are actually received by the
endpoint. When lost, a segment – i.e. a TCP packet –
is retransmitted. Based on a sliding window dynamic,
new segments are released into the network each time
an acknowledgment (ACK), a small packet sent by the
receiver to confirm the arrival of a segment, arrives.
The function of TCP is to modify the window size,
that can be correlated to an instantaneous through-
put, according to an algorithm defined in the RFC2001
([Stevens, 2001]) : an exponential increase (slow start)
under a variable threshold, and then successive linear
increases (congestion avoidances) separated by loss
events that halve the window size.

A basic, but efficient, model presented in [Mathis et al,
1997] has shown that the mean throughput � of a TCP
connection was in the order of ����� � , where � denotes
the segment loss rate. Among earlier papers propos-
ing a TCP model, many use a continuous-time and
fluid approach ([Lakshman and Madhow, 1997], [Ku-
mar, 1998], [Misra et al, 1999], [Altman et al, 1997],
[Abouzeid et al, 1999] and [Altman et al, 1999]) and
are usually and mainly interested in getting an ana-
lytical expression for the mean throughput of a single
steady-state TCP connection. The case of multiple
TCP connections is the subject of [Ait-Hellal et al,
1997], and [Brown, 2000] for instance, and an original
modeling approach is provided in [Baccelli and Hong,

2000] by using the max-plus algebra.

Our paper is based on the reference works of [Padhye
et al, 1998], [Padhye et al, 1999], and [Cardwell et
al, 2000] which consider a discrete-time model and
a discrete evolution of the window size. We present
here the results of a discrete-time Markov chain model
that we introduced in [Fortin and Sericola, 2001], and
which aims to give analytical expressions not only for
the mean throughput, but also for various performance
measures, of a bulk transfer TCP-Reno flow among
exogenous traffic (a flow may represent the transfer of
a large data file as well as the global TCP traffic from
one ftp server to another for instance).

The organization of this paper is as follows : after a
presentation of the model in Section 2, we comment,
in Section 3, our results for the mean throughput with
a comparison to [Mathis et al, 1997] and [Padhye et
al, 1998]. We then give in Section 4 other examples
of performance measures which are the proportion of
time during which the throughput is maximum, and the
time-interval between two consecutive losses.

2 TCP MODELING

The choice of a discrete-time Markov chain model-
ing the congestion window evolution has been inspired
from the pioneering work [Padhye et al, 1998], where
the authors introduced the notion of round also used
in [Padhye et al, 1999], [Cardwell et al, 2000] and
[Fortin and Sericola, 2001]. A round is the period of
time between the departure of the first segment of the
current window and the arrival of its ACK. This defi-



nition is coherent when the dispatch duration of all the
segments and all the ACKs held in a given window is
negligible compared to the round trip time RTT. Note
that the duration of a round is thus close to the round
trip time.

2.1 Presentation Of The Markov Chain

We model the window behavior by a discrete-time
Markov chain ���������	�
���� with two components�������������� ������ � . ���� denotes, when positive, the� -th round congestion window size and the null value
for ���� is used to represent the time-out period. ������
denotes the value of the slow start threshold during the� -th round. We denote by � the number of segments
validated per ACK. Typically, � is equal to � or � (in the
case of delayed ACKs). TCP-Reno congestion control
mechanisms can be described as follows:� slow start (ss) : increase of 1 segment per ACK,

that is ������� � ����"!$# ���� ���&% , as long as
�(')����+* ������ and no loss occurs,� congestion avoidance (ca) : increase of ���,� �
segment per ACK, that is increase of 1 segment
every � rounds, as long as ������ '-���� '-�/.1032
and no loss occurs (when �4�� reaches the maxi-
mum receiver’s buffer capacity �5.1032 , it remains
constant),� segment loss detection by three dupli-
cate ACKs ( 687 ) : after the first ACK indicating
that segment number � is the next expected one,
the reception of three successive ACKs indicat-
ing that it is still missing notifies the loss of seg-
ment number � . � ����� �$9�:<;=�?>@� �� �,�BADC �E� ,��������F �G9�:<;(�B>����� ���<ADCH�I� , and then a new
congestion avoidance phase initiates,� segment loss detection by time-out ( 6KJ ) :
when its ACK has not arrived before a timer
( 6ML ) expiry : �N����F � O and ��������� �9P:�;(�E>����� ���<ADCH�,� , then enter a new time-out pe-
riod,� time-out period (to) : just after a 6KJ detec-
tion, the segment is retransmitted as long as no
ACK for this segment arrives (the timer value
doubling from 6�L to �<6ML , QI6RL , S�6ML , T?TUT untilV Q,6ML ), and then a new slow start phase begins
with ������� � � .

An illustration of the window evolution is given in Fig-
ure 1.

Because the state space W of the Markov chain is such
that WYX�ZEO � TUT?T � �/.1032\[^]5ZB� � T?TUT � �/.1032 �,��[ �
its size is less than or equal to �@�5.1032 ! �E�_���`.1032 ���ba �B� .
The number of states of W is thus less than or equal to��OIO,OIO for �/.1032 * ��OIO , and less than or equal to c�OIO,O
for �/.10
2 * �EO,O . In both cases, the state space is quite
small for the Markov chains computing methods.

2.2 Some Transition Probabilities

All transition probabilities of this Markov chain can
be found in [Fortin and Sericola, 2001]. However,
for a better understanding of this model, it is interest-
ing to detail the two following phases. We denote bydDegf�h i3jkegfml@h i3lgj

the transition probability from state ��n �ko � to
state �pnrq ��o qs� .
2.2.1 Time-out Period

The time-out period corresponds to the case where���� �tO . In order to make the mean duration of a
time-out period equal to u(6v6 times the mean number
of successive visits to the state ��O �ko � , we define the two
following transitions from each state �@O ��o � ,� dwe L h i3jke L h i3j � �Ka u(6v6Wyx 6 ��zH{ : lost segment not yet

ACKed,� dwe L h i3jke  h i3j � u(6v6W|x 6 ��z&{ : the ACK has just arrived,

where Wyx 6 ��z&{ �)6 L } � �R��~a � a�uK686
is the mean duration of a time-out period (see [Fortin
and Sericola, 2001]), and} � �R�D� � ! � ! ��� ! Q ��� ! S ��� ! � V �R� !/� � �R�BT
2.2.2 Congestion Avoidance

In congestion avoidance the congestion window is in-
creased by 1 every � rounds, thus for a completely ac-
curate model, we would have to define our model using
three components : �N�� , ������ , and a counter u(� going
from 1 to � (see [Padhye et al, 1999]), with :� � ����� ��� �� and u ���� ��u � ! � if u � * �

and no loss occurs (case 1),� ������� �������! � and u(����(� � if u(�y��� and
no loss occurs (case 2).

However, that would first of all significantly increase
the size of the Markov chain and thus any computing
time. Secondly, that would not change the measures
of interest since the stationary distribution on the state
space of the original Markov chain remains the same
if we define the transition probabilities such that the
mean sojourn time of the Markov chain in a state �pn �ko � ,
with o '�n * �/.10
2 , remains equal to � , that is, lasts �
rounds. We thus have� dwegf�h i3jkegf�h i3j �N� �Da �R� f1� �~a ���� (no loss, case 1),

� dwegf�h i3jkegf �� h i3j �4� �~a �R� f �� (no loss, case 2),



� dDegf�h i3jke L h � ��� e�� f�� � � h � j�j �
	 �~a � �va �M� f��� f ( 6KJ -
type loss),� dDegf�h i3jke�� ��� e�� f�� � � h  jkh � ��� e�� f�� � � h � j�j � 	 �Uav� �Ua �M� f �  f
( 687 -type loss),

where the probability that a loss (in a round of size n )
is a 6KJ -type loss is f � � �8a � �~a �M� ��� �F � 	 � ! � �~a �R� ��� �� a�� �~a �R� f ��~a�� �~a �R� f
if n�� �I� ! � , and

 f � � otherwise (see [Padhye et
al, 1998]). This formula is obtained by the study of
partial rounds, called the residual rounds.

This notion is based on the asumption that, when a
segment loss occurs, all the following segments in its
round get also lost, because the congestion responsible
of that loss has not yet disappeared when the last seg-
ment of the round arrives. In Figure 2, if the ��� ! �B� -th
segment (and thus all the following ones) of the cur-
rent window is lost, the � first segments will generate
ACKs, and thus the congestion window will slide a lit-
tle and release � new segments that form the residual
round.

2.3 Stationary Distribution

Long term TCP transfers are supposed to reach a sta-
tionary regime. We will therefore focus on the cyclic
stationary behavior of TCP (one ss phase, followed by
successive ca phases until the next 6KJ loss that causes
a time-out period, and so on).

Note that, because of the exponential growth during
slow start, the Markov chain does not reach all couples�pn �ko � for O�'�n+' �/.1032 and � ' o ' >��/.10
2 �,�BA .
For instance, for ��� � then the successive conges-
tion window values in slow start are 1, � !4# ���,�H%K�-� ,� ! # �����H% � Q , 8, 16, 32, 64, TUT?T , and for ���Y� they
are 1, � ! # ���,�H%=��� , � !Y# � ���&% � � , 5, 8, 12, 18, TUTUT
Excluding the states �pn ��o � which are not reached by
the Markov chain, we obtain an irreducible and aperi-
odic finite state Markov chain. Therefore, the station-
ary probability distribution, denoted by � , exists and
satisfies � d ��� , where

d
is the transition probabili-

ties matrix.

2.4 Results

Several measures of interest as, for instance, the speed
of convergence to stationary regime, the proportion of
time spent in slow start, the mean time-interval be-
tween two consecutive losses, the mean number of seg-
ments sent and received (successfully transmitted) be-
tween two losses or two time-out periods, the propor-
tion of time in which the maximum window size is
reached, and of course the mean throughput, can be ex-
pressed as functions of � , u(6v6 , 6�L and the stationary
probabilities �D�pn ��o � . Some of them have been explored
in [Fortin and Sericola, 2001]. We consider, in the fol-
lowing sections, the evaluation of the throughput, the

mean time-interval between consecutive losses and the
maximum window size.

3 THROUGHPUT COMPUTA-
TION

3.1 Send Rate And Goodput

First of all, let us make an important distinction be-
tween the throughput in terms of number of segments
sent per second which is called the send rate (the input
rate) and denoted by � , and the throughput in terms of
number of segments received by the endpoint which is
called the goodput (the output rate) and denoted by � L .
The send rate is given by the following formula

� � Wyx � ��z { ! W|x � ���U����� { !�� �mz! � Wyx �#"!" {W|x 6 ��z { ! Wyx 6 ���U����� { ! u(6v6�� � �gz$ � a �B� �%"$" �
where :� W|x � ��z { , W|x � ���U����� { and W|x �#"!" { denote the average

number of segments sent during, respectively,
each time-out period (to), each cycle (one ss and
successive ca until the next 6KJ -loss detection),
and each residual round (rr),� W|x 6 ��z&{ and W|x 6 ���U�����3{ denote the average dura-
tion of, respectively, each time-out period and
each cycle,� � �gz! & denotes the average number of losses per
cycle,� �'"!" denotes the probability that a residual round
is not empty, which means that at least one seg-
ment of the round that has experienced a loss,
has been ACKed (the last residual round of a cy-
cle, i.e. the one due to a 6KJ -type loss, is not
taken into account because it is considered as in-
cluded in the following time-out period).

Similarly, the goodput is given by

�\LK� W|x � L ���?����� { !�� �gz$ � Wyx � L "!" {W|x 6 ��z { ! W|x 6 ���U����� { ! u(6v6�� � �gz$ � a �E� �%"$" �
where W|x � L ���U����� { and W|x � L "$" { represent the mean num-
ber of segments successfully transmitted, respectively,
during a cycle and during a residual round.

The expressions of all these quantities are detailed in
[Fortin and Sericola, 2001].

For illustration, the expressions of the mean number
of segments, respectively sent and received, during a
cycle (between two successive time-out periods) are
given by :

Wyx � ���U�����H{ �
(*),+�-.f�/  n � (*),+�- � � �.i!/ � �D�pn ��o �
��L � ( )%+0- � � �.i!/ � �D�@O ��o � �



and

Wyx � L ���U����� { �
� �~a �M�

�
( )%+0-� f�/  � �~a � �~a �M� f �

� ( ),+�- � � ��i!/ � �D��n ��o �
� L � ( ),+�- � � �.i!/ � �D�@O �ko � �

where ��L^�Nu(6v6 ��W|x 6 ��z { � dwe L h i3jre  h i3j (which means

that ��L . � ( )%+0- � � �i!/ � �D��O ��o � is the probability that a cy-
cle starts with the slow start threshold equal to o ).
3.2 Comparison To Reference Models

Figure 3 shows that the results of our model are very
close to the reference models presented in [Mathis et
al, 1997] and [Padhye et al, 1998].

However, our results are slightly lower than theirs.
This is explained by the accuracy of our model which,
for instance, includes slow start phases and window
size limitation. This difference is more obvious for
lower u(6v6 values, as shown in Figure 4.

The goodput gives similar results.

3.3 Efficiency

We call efficiency, the ratio �=� � L � � (output rate over
input rate). This ratio represents the percentage of use-
ful data among the transfer load. The remaining load
constitutes the retransmission of lost segments. Figure
5 shows the efficiency � for different values of �".10
2 .
It confirms that, the higher the throughput is allowed to
be (large �/.1032 ), the more the transfer suffers losses.

4 OTHER EXAMPLES OF PER-
FORMANCE MEASURES

As we said in Section 2.4, many performance mea-
sures can be done with this model. Here we choose
to present, in a first Section, the proportion of time
� .1032 during which the congestion window size is max-
imum (the instantaneous send rate is �5.1032 segments
per RTT), and in a second Section, the time-interval
between two consecutive losses.

4.1 Maximum Window Size

Figure 6 shows the evolution of

� .1032 � � ( ),+�- � � ��i!/ � �D�@� .1032 �ko � �
for different values of � .1032 . Although it is not sur-
prising that � .1032 is sensitive to � .10
2 , this figure
shows that for high values of �5.10
2 and low values
of � , neglecting a maximum size for the congestion
window would not have much impact on the results.
This is absolutely wrong for lower values of � � � � and
higher values of � , e.g. for �5.1032 � � � and � � O T OIO �
we have ��.10
2�� �I��� .

This means that during one third of the time, the win-
dow size is equal to � .10
2 and is not growing anymore.
Any model that does not consider a window limita-
tion will thus significantly overestimate the connection
throughput.

4.2 Time-interval Between Two Consecu-
tive Losses

Figure 7 shows the mean time-interval between two
consecutive losses in a cycle, denoted by W|x � 6 �gz$ � { ,
and equal to the mean duration W|x 6 � � { of a congestion
avoidance phase. In [Fortin and Sericola, 2001], we
proved that

W|x 6 � � { �
� ( )%+0- � � �.i!/ � � � i �
	 � i ! 	 � i �FU� ! ������������ i��� ( ),+�- � � �.i!/ � ��	 � i ! 	 � i �� ! � i � �

where� 	 f � 	 �~a�� �va �R� f�� � �~a  f � � ( ),+�- � � �.i!/ � �D�pn �ko � ,� � i � �D��� � � �ko �_� �~a �R� � ��
,� � f �-uK686�� � a �M����� �"!#� $ �
%& � ( ),+�- � .

� / f('�� !*) � ,

� ' � �4� �~a �R�+� ,-!#,.$ �
%& �~a � �~a �M� � �
�~a�� �~a �R� � ,

� ) � � �~a �M�/��0
),+�-

!10
),+�-

$ �
%&
�~a � �~a �M� ( )%+0- .

When �`.1032 increases, the rounds are likely to reach
bigger sizes, and therefore, the risk of a segment loss
also increases. That is why the bigger the �".10
2 , the
higher the loss frequency, and the lower the W|x � 6 �gz$ � { .
5 CONCLUSION

This paper is based on a Markov model, and extends
the well-known discrete model of [Padhye et al, 1998]
which is a reference in modeling the TCP stationary
behavior. We have shown that our results for the mean
throughput are consistent with previous works led on
the subject.

However, we believe that we got more various and
accurate results than many other models, without us-
ing neither too complex mathematical theories, nor too
heavy computation methods. The examples of per-
formance measures that we developed in this paper
only represent an sample of what our model can bring.
What is more, its strength also lies in its easy adapt-
ability to other additive increase and multiplicative de-
crease parameters than ���,� and � ��� , and also to other
functions of increase and decrease with relatively rea-
sonable modifications. Such a generalization will be
the object of further work.
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A GENERALIZED MARKOVIAN QUEUE TO MODEL
AN OPTICAL PACKET SWITCHING MULTIPLEXER
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Abstract: Packet and burst switching have been proposed for optical networks because they can better accommodate bursty
traffic generated by IP applications. In optical packet switching networks the payload and the header of the same packet are
conveyed in the same channel, while burst switching networks allow the separate transportation of the payload and the header
of the same burst. In this paper we consider an optical packet switching node that assigns arriving packets to channels in a
link with c available data channels (wavelengths) and a buffer ofL − c size. The paper applies the novel MM

∑K
k=1 CPPk

/GE/c/L G-queue to model optical packet switching nodes. It is worth emphasizing that our method can be applied to model
burst switching nodes as well. Moreover, we show that a model previously presented in the literature is only the special case of
our model. Numerical results quantitatively demonstrate that the characteristics (e.g.: burstiness) of the offered traffic have a
significant impact on the performance of optical nodes.

Keywords: optical packet switching, optical burst switching, MM
∑K

k=1 CPPk/GE/c/L G-queue, G-networks

1 INTRODUCTION

To efficiently accommodate bursty IP data traffic two
technical solutions (packet and burst switching) are be-
ing proposed for networks based on optical technology.
The final aim is to have networks that switch packets of
constant or variable length while the payload data stays
in the optical domain. In burst switching networks pay-
load data and its control data (header) are transported
in different channels, while packet switching networks
convey payload data and its header in the same channel
[El-Bawab and Shin, 2002, Yao et al., 2002].

In this paper we develop a new model for optical nodes
operating in either optical packet switching or burst
switching networks. To evaluate the performance of op-
tical nodes a decomposition approach is used. Namely,
the performance of an optical node is determined if
we can evaluate the performance of multiplexers be-
fore the transmission links. That is, we consider an
optical packet (or burst) switching multiplexer that as-
signs arriving packets (or bursts) toc available data
channels (wavelengths) and has a buffer forL − c
packets (or bursts). Therefore, we propose the use
of the MM

∑K
k=1 CPPk/GE/c/L G-queue to model

nodes in both kinds of networks (burst and packet
switching), which queue has been proposed recently in
[Chakka et al., 2003]. This is a homogeneous multi-
server queue withc servers, GE service times and with
K independent customer arrival streams, each of which
is a CPP, i.e. a Poisson point process with batch arrivals
of geometrically distributed batch size.

The use of the MM
∑K

k=1 CPPk process to model
packet or burst arrival process is motivated by the fol-
lowing reason. Recent studies have shown that the
traffic in today’s telecommunications systems often ex-
hibits burstiness – i.e. batches of transmission units
(e.g. packets) arrive together – and correlation among
interarrival times. As a consequence different mod-

els have been proposed. These models include the
compound Poisson process (CPP) in which the inter-
arrival times are assumed to have generalized expo-
nential (GE) probability distribution [Kouvatsos, 1994],
the Markov modulated Poisson process (MMPP)
and self-similar traffic models such as Fractional
Brownian Motion (FBM) [Mandelbrot and Ness, 1968,
Norros, 1994]. A CPP traffic model often gives a
good representation of burstiness of the traffic from
one or more sources, e.g. [Bhabuta and Harrison, 1997,
Fretwell and Kouvatsos, 1999], but not of the auto-
correlations observed in real traffic. Conversely,
the MMPP models can capture auto-correlation but
not burstiness, e.g. [Fretwell and Kouvatsos, 1997,
Meier-Hellstern, 1989]. The self-similar models such
as FBM can account for both auto-correlation and
burstiness, but they are analytically intractable in a
queueing context. Often, the traffic to a node is
the superposition of traffic from a number of sources
complicating the system analysis further. The MM∑K

k=1 CPPk captures the burstiness and correla-
tion of the traffic, and its parameterK can be
used to model various traffic passing optical nodes
from different sources in a flexible manner. More-
over, the Markov modulated

∑K
k=1 CPPk/GE/c/L G-

queue is mathematically tractable with efficient ana-
lytical solution for the steady state probabilities with
the use of mathematically oriented transformations
[Chakka et al., 2003]. To obtain the steady state
probabilities and thus the performance measures ei-
ther the spectral expansion method [Chakka, 1995] or
Naoumov’s method [Naoumov et al., 1997] extended
for QBD processes, or the matrix-geometric solution
method [Neuts, 1995] can be used.

Related to the performance analysis aspect, Turner has
proposed a birth-death process to analyze a multiplexer
in optical burst switched networks [Turner, 1999]. How-
ever, Turner’s model has some limitations like the as-



sumption of exponential burst arrival process, expo-
nential service times and constant burst size. It can
be shown and numerically demonstrated that Turner’s
model is the special case of our model. Moreover, our
model overcomes the limitations of Turner’s model as
regards the arrival process.

The rest of the paper is organized as follows. The pro-
posed model is described in Section 2. Some numerical
results are then presented in Section 3. The paper con-
cludes in Section 4.

2 MODEL DESCRIPTION

Since we consider a multiplexer before a transmission
link with c available data channels (wavelengths) and a
buffer for L − c packets (or bursts), a queueing model
for a multiplexer hasc servers andL queueing capacity1

for packets (or bursts). In what follows we outline the
important characteristics of the proposed model.

2.1 The Arrival Process

The arrival and service processes are modulated by the
same continuous time, irreducible Markov phase pro-
cess withN states. LetQ be the generator matrix of
this process, given by

Q =


−q1 q1,2 . . . q1,N

q2,1 −q2 . . . q2,N

...
...

...
...

qN,1 qN,2 . . . −qN

 ,

whereqi,k(i 6= k) is the instantaneous transition rate
from phasei to phasek, and

qi =
N∑

j=1

qi,j , qi,i = 0 (i = 1, . . . , N)

Let r = (r1, r2, . . . , rN ) be the vector of equilib-
rium probabilities of the modulating phases. Then,r
is uniquely determined by the equations:

rQ = 0 ; reN = 1 .

where eN stands for the column vector withN ele-
ments, each of which is unity.

The arrival process (MM
∑K

k=1 CPPk) is the super-
position ofK independent CPP arrival streams of cus-
tomers2, in a Markov modulated environment. The cus-
tomers of different arrival streams are not distinguish-
able. The parameters of the GE inter-arrival time distri-
bution of thekth (1 ≤ k ≤ K) customer arrival stream
in phasei are(σi,k, θi,k). Thus, all theK arrival point-
processes are Poisson, with batches arriving at each

1Including the packets (or bursts) in service.
2A customer denotes either a packet or a burst

point having geometric size distribution. Specifically,
the probability that a batch is of sizes is (1− θi,k)θs−1

i,k ,
in phasei, for thekth stream of customers.

Let σi,., σi,. be the average arrival rate of customer
batches and customers in phasei respectively. Letσ, σ
be the overall average arrival rate of batches and cus-
tomers respectively. Then,

σi,. =
K∑

k=1

σi,k ; σi,. =
K∑

k=1

σi,k

(1− θi,k)
(1)

σ =
N∑

i=1

σi,.ri ; σ =
N∑

i=1

σi,.ri

Because of the superposition of many CPP’s, the over-
all arrivals in phasei can be considered as bulk-Poisson
(M [x]) with arrival rateσi,. and with a batch size distri-
bution{πl/i} (the probability of batch size beingl given
that the phase isi) that is more general than mere geo-
metric. The probability that this batch size isl is given
by,

πl/i =
K∑

k=1

σi,k

σi,.
(1− θi,k)θl−1

i,k (2)

∞∑
l=1

πl/i = 1.0 (3)

The overall batch size distribution is then given by,

πl/. =
N∑

i=1

riπl/i (4)

Defineπi,l as the probability that a given batch arrival is
during phasei and is of sizel, thenπi,l = riπl/i.

2.2 The GE Multi-server

Each data channel will be modelled as a server. There-
fore there arec homogeneous servers in parallel,
each with GE-distributed service times with parameters
(µi, φi) in phasei. The service discipline is FCFS and
each server serves at most one customer at any given
time. The operation of the GE server is similar to that
described for the CPP arrival processes above.L de-
notes the queueing capacity in all phases, including the
packets in service, if any.L can be finite or infinite.
When the number of packets isj and the arriving batch
size of customers is greater thanL − j (assuming a fi-
niteL), we assume that onlyL− j customers are taken
in and the rest are rejected.

However, the batch size associated with a service com-
pletion is bounded by one more than the number of cus-
tomers waiting to commence service at the departure in-
stant. For queues of lengthc ≤ j < L + 1 (including
any packets in service), the maximum batch size at a
departure instant isj − c + 1, only one server being



able to complete a service period at any one instant un-
der the assumption of exponentially distributed batch-
service times. Thus, the probability that a departing
batch has sizes is (1− φi)φs−1

i for 1 ≤ s ≤ j − c and
φj−c

i for s = j − c + 1. In particular, whenj = c, the
departing batch has size 1 with probability one, and this
is also the case for all1 ≤ j ≤ c since each packet is al-
ready engaged by a server and there are then no packets
waiting to commence service.

It is assumed that the first packet in a batch arriving at
an instant when the queue length is less thanc (so that at
least one server is free)neverskips service, i.e. always
has an exponentially distributed service time. How-
ever, even without this assumption the methodology de-
scribed in this paper is still applicable.

2.3 Negative Customers

The parameters of the GE inter-arrival time distribution
of negative customers are(ρi, δi) in phasei. That is,
the inter-arrival time probability distribution function is
1 − (1 − δi)e−ρit for the negative customers in phase
i. Thus, the negative customer arrivalpoint-process is
Poisson, with batches arriving at each point having geo-
metric size distribution.

A negative customer removes a positive customer in the
queue, according to a specifiedkilling discipline. When
a batch of negative customers of sizel (1 ≤ l < j −
c) arrives, l positive customers are removed from the
end of the queue leaving the remainingj − l positive
customers in the system. Ifl ≥ j − c ≥ 1, thenj − c
positive customers are removed, leaving none waiting to
commence service (queue length equals toc). If j ≤ c,
the negative arrivals have no effect.

ρi, the average arrival rate of negative customers in
phasei andρ, the overall average arrival rate of nega-
tive customers are given by,

ρi =
ρi

1− δi
; ρ =

N∑
i=1

riρi (5)

Negative customers remove (positive) customers in
the queue and have been used to model random
neural networks, task termination in speculative par-
allelism, faulty components in manufacturing sys-
tems and server breakdowns [Fourneau et al., 1996,
Fourneau and Hernandez, 1993]. The name G-queue
has been adopted for queues with negative customers
in acknowledgement of Gelenbe who first introduced
them. This queueing model can account for burstiness
and correlation, but in addition the negative customers,
with an appropriate killing discipline, can represent ad-
ditional behaviours such as breakdowns, killing signals,
cell losses and load balancing. We show in Section 3
how negative customers can be used to model packet
losses.

2.4 Condition for Stability

WhenL is finite, the system is ergodic since the repre-
senting Markov process is irreducible. Otherwise, i.e.
when L = ∞, the overall average departure rate in-
creases with the queue length, and its maximum (the
overall average departure rate when the queue length
tends to∞) can be determined as,

µ = c
N∑

i=1

riµi

1− φi
. (6)

Hence, we conjecture that the necessary and sufficient
condition for the existence of steady state probabilities
is

σ < ρ + µ . (7)

2.5 The Steady State Balance Equations

The state of the system at any timet can be speci-
fied completely by two integer-valued random variables,
I(t) and J(t). I(t) varies from1 to N , represent-
ing the phase of the modulating Markov chain, and
0 ≤ J(t) < L + 1 represents the number of posi-
tive customers in the system at timet, including any
in service. The system is now modelled by a contin-
uous time discrete state Markov process,Y (Y if L is
infinite), on a rectangular lattice strip. LetI(t), the
phase, vary in the horizontal direction andJ(t), the
queue length orlevel, in the vertical direction. We
denote the steady state probabilities by{pi,j}, where
pi,j = limt→∞ Prob(I(t) = i, J(t) = j), and letvj =
(p1,j , . . . , pN,j).

The processY evolves due to the following instanta-
neous transition rates:

(a) qi,k – purely lateral transition rate – from state
(i, j) to state(k, j), for all j ≥ 0 and1 ≤ i, k ≤
N (i 6= k), caused by a phase transition in
the Markov chain governing the arrival phase pro-
cess;

(b) Bi,j,j+s – s-step upward transition rate – from
state(i, j) to state(i, j + s), for all phasesi,
caused by a new batch arrival of sizes customers.
For a givenj, s can be seen as bounded whenL
is finite and unbounded whenL is infinite;

(c) Ci,j,j−s – s-step downward transition rate – from
state(i, j) to state(i, j − s), (j − s ≥ c + 1) for
all phasesi, caused by a batch service completion
of sizes, or a batch arrival of negative customers
of sizes;

(d) Ci,c+s,c – s-step downward transition rate – from
state(i, c + s) to state(i, c), for all phasesi,
caused by a batch arrival of negative customers
of size≥ s or a batch service completion of size
s (1 ≤ s ≤ L− c);



(e) Ci,c−1+s,c−1 – s-step downward transition rate,
from state(i, c − 1 + s) to state(i, c − 1), for
all phasesi, caused by a batch departure of size
s (1 ≤ s ≤ L− c + 1);

(f) Ci,j+1,j – 1-step downward transition rate, from
state(i, j +1) to state(i, j), (c ≥ 2 ; 0 ≤ j ≤ c−
2), for all phasesi, caused by a single departure.

Define,

Bj−s,j = Diag[B1,j−s,j , B2,j−s,j , . . . , BN,j−s,j ]
(j − s < j ≤ L) ;

Bs = Bj−s,j (j < L)

= Diag

[
. . . ,

K∑
k=1

σi,k(1− θi,k)θs−1
i,k , . . .

]
;

Σk = Diag[σ1,k, σ2,k, . . . , σN,k]
(k = 1, 2, . . . ,K) ;

Θk = Diag[θ1,k, θ2,k, . . . , θN,k]
(k = 1, 2, . . . ,K) ;

Σ =
K∑

k=1

Σk ;

R = Diag[ρ1, ρ2, . . . , ρN ] ;
∆ = Diag[δ1, δ2, . . . , δN ] ;
M = Diag[µ1, µ2, . . . , µN ] ;
Φ = Diag[φ1, φ2, . . . , φN ] ;

Cj = jM (0 ≤ j ≤ c) ;
= cM = C (j ≥ c) ;

Cj+s,j = Diag[C1,j+s,j , C2,j+s,j , . . . , CN,j+s,j ] ;

E = Diag(e
′

N ) .

Then, we get,

Bs =
K∑

k=1

Θs−1
k (E −Θk)Σk ;

B1 = B =
K∑

k=1

(E −Θk)Σk ;

BL−s,L =
K∑

k=1

Θs−1
k Σk ;

Cj+s,j = C(E − Φ)Φs−1 + R(E −∆)∆s−1

(c + 1 ≤ j ≤ L− 1 ; s = 1, 2, . . . , L− j) ;

= C(E − Φ)Φs−1 + R∆s−1

(j = c ; s = 1, 2, . . . , L− c) ;
= CΦs−1

(j = c− 1 ; s = 1, 2, . . . , L− c + 1) ;
= 0 (c ≥ 2 ; 0 ≤ j ≤ c− 2 ; s ≥ 2) ;
= Cj+1 (c ≥ 2 ; 0 ≤ j ≤ c− 2 ; s = 1) .

The steady state balance equations are,

(1) For theLth row or level:

L∑
s=1

vL−sBL−s,L + vL [Q− C −R] = 0 ; (8)

(2) For thejth row or level:

j∑
s=1

vj−sBs + vj [Q− Σ− Cj −RIj>c] +

L−j∑
s=1

vj+sCj+s,j = 0 (0 ≤ j ≤ L− 1) ; (9)

(3) Normalization

L∑
j=0

vjeN = 1 . (10)

where,Ij>c = 1 if j > c else0, andeN is a column
vector of sizeN with all ones.

Each equation ((8, 9, 10)) hasall the unknown vectors
vj’s. If L is unbounded, then each of these are infinite
number of equations in infinite number of unknowns,
vj’s, and each equation is infinitely long containing all
the infinite number of unknowns. Also, the coefficient
matrices ofvj are j-dependent. It may be noted that
there has been neither a solution nor a solution method-
ology to solve these equations. In [Chakka et al., 2003],
a novel methodology is developed to solve these equa-
tions exactly and efficiently. First these complicated
equations aretransformedto a computable form by
using certain mathematically oriented transformations.
The resulting transformed equations are of the QBD-M
type (QBD with simultaneous-multiple-bounded births
and simultaneous-multiple-bounded deaths) and hence
can be solved by one of the several available meth-
ods, viz. the spectral expansion method, Bini-Meini’s
method or the matrix-geometric method with folding or
block size enlargement [Haverkort and A.Ost, 1997].

2.6 Performance Measures

Some performance measures can be derived as follows:

• Packet loss probability

L∑
j=0

∞∑
l=L−j+1

vj(π1,l, . . . , πN,l)
′ l − (L− j)

l

(11)

• Average departure rate of positive customers

ν =
L−c+1∑

s=1

sνs (12)



where

νn =
N∑

i=1

L∑
j=c+n

pi,j(1− φi)φn−1
i cµi+

N∑
i=1

pi,c+n−1φ
n−1
i cµi (n = 2, ..., L− c + 1)

(13)

and
ν1 =

N∑
i=1

c∑
j=1

pi,jjµi +
N∑

i=1

L∑
j=c+1

pi,j(1−φi)cµi

(14)

3 NUMERICAL RESULTS

Three numerical results are presented. First, we show
that Turner’s model is the special case of our model.
Next, we present the impact of bursty traffic on the per-
formance of the system. Note that in the first two cases,
no negative customers are allowed in the system. Then,
we show how the throughput of connections can be de-
termined through the presence of negative customers.

3.1 Turner’s Model is the Special Case of our
Model

In this section we demonstrate that Turner’s model for
burst switching is the special case of our model by let-
ting K = 1, N = 1,

[
qi,j

]
=

[
0
]
, θ1,1 = 0, φ1 =

0, µ1 = 1. It easy to prove that the traffic load is deter-
mined byσ1,1.
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Figure 1: Packet loss probability vs load andc

Figure 1 is exactly the same as Figure 2 in
[Turner, 1999], except that the data was produced by
our model with the parameter settings mentioned ear-
lier. In order to demonstrate the equivalence, the results
were calculated and compared to 20 significant digits
using both models for a subset of the parameter set dis-
played on Figure 1. The calculations were executed on
a Sun Ultra 60 Workstation, which had a machine ep-
silon3 ε = 1.9 ∗ 10−34. Table 1 summarizes the out-
come. It is clear that the differences between the results
produced by the two models areO(ε).

3The machine epsilon is the smallest floating point number that
bounds the roundoff in individual floating point operations.

Table 1: Numerical comparison of Turner’s model and
the MM

∑K
k=1 CPPk/GE/c/L model forc = 32

load number of identical digits exponent of numerical value

b 0 8 16 24 32 0 8 16 24 32

0.2 20 16 9 4 0 -13 -18 -24 -30 -35
0.3 20 20 16 13 9 -9 -13 -17 -21 -25
0.4 20 20 20 18 15 -6 -9 -12 -16 -19
0.5 20 20 20 20 20 -4 -7 -9 -12 -14

...
...

1.2 20 20 20 20 20 -1 -1 -1 -1 -1

3.2 Impact of Bursty Traffic

In this section we show the impact of the burstiness of
the offered traffic on the performance of the multiplexer.
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Figure 2 plots the packet discard probability for this nu-
merical example where batch arrivals are allowed. It
is clearly observed that batch arrivals have a signifi-
cant impact on the performance of the system and batch
arrivals can be better handled by increasing the buffer
space (at the expense of some queueing delay) than by
increasing the number of channels. The performance
of 256 channels with no buffer is worse than that of 32
channels with a buffer for 8 packets in our example for
relative load values above 0.4.

3.3 Impact of the Connection Loss on the Connec-
tion Throughput

In this section we present an approximation to calculate
the performance parameter (throughput) of a connection
based in the presented queueing model. We also illus-
trate, then, the impact of a packet loss on the perfor-
mance of a connection. The considered problem here
is the approximation of the throughput of two commu-
nicating peers in optical networks. A preliminary ap-
proximation can be proposed as follows. The through-
put of two communicating peers can be approximated
with the queueing model of a single node incorporat-
ing the packet loss phenomena along the path. It is
showed based on measurements in [Yajnik et al., 1999]
that packet loss can be modelled as a 2-state Markov
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chain model. Therefore, the MM
∑K

k=1 CPPk /GE/c/L
G-queue can be applied in this case, where negative cus-
tomers model the loss along the path, and the departure
rate of positive customers is the performance measure
related to the throughput of a connection.

Figure 3 illustrates the dependency of the customer de-
parture rate on the parameter controlling the packet loss
process (modelled by negative customers). It can be ob-
served that the correlation of the packet losses has a sig-
nificant impact on the performance of the system.

4 CONCLUSIONS

We have applied a new queueing model for the perfor-
mance analysis of optical packet switching nodes, which
model overcomes some of the limitations of the previ-
ous work. Moreover, it is shown that Turner’s model is
the special case of our model. Numerical results quanti-
tatively demonstrate that the characteristics (e.g.: bursti-
ness) of the offered traffic have a significant impact on
the performance of optical nodes. In addition the pro-
posed model is able to handle large or unbounded batch
sizes, both in arrivals and services, with great compu-
tational efficiency and hence may have definite advan-
tages over BMAP based models.
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Abstract E-commerce systems are an important new application area in which maintaining good performance
under scaling workloads is crucial to business success. The TPC-W benchmark is a benchmark designed to ex-
ercise a web server and associated transaction processing system in representative e-commerce scenarios. Whilst
the benchmark specifies the architecture of the system, and the form of the interactions between users, web
server and underlying database, it does not stipulate the supporting technology used to communicate between
the web server and the database. In this paper we describe a tool which has been developed to allow compara-
tive benchmarking of different technologies with minimal re-implementation. The tool implements the TPC-W
specification in a modular fashion which allows different application servers to be inserted and experimented
upon. The use of the tool in the comparative benchmarking of Java Servlets and PHP is demonstrated

Keywords Software Tools, Software Performance, Performance Modelling, Measurements Techniques, Work-
load Modelling and Characterization.

1 INTRODUCTION

In recent years e-commerce systems have become one
of the most noticeable manifestations of the Internet
phenomenon. Although there are no widely accepted
definitions, such systems are generally deemed to pro-
vide facilities for commercial transactions to take place
between remote participants. In particular, three cat-
egories of e-commerce systems are identified [3]: Elec-
tronic Markets, Electronic Data Interchange (EDI) and
Internet Commerce. For the remainder of this paper
we will treat “e-commerce” as synonymous with Inter-
net commerce.

In many e-commerce systems, timely behaviour is cru-
cial in order to maintain the site owner’s competitive
edge: poor performance can quite literally translate
into lost revenue [1]. However, little systematic work
has been done on analysing the performance of such
systems and their supporting technologies. In this pa-
per we describe a tool which aims to provide a frame-
work in which different e-commerce programming tech-
nologies can be easily benchmarked against the stan-
dard TPC-W benchmark [11].

The TPC-W benchmark has been developed by the
Transaction Processing Performance Council (TPC) as
a response to the rise of e-commerce systems. It spec-
ifies the behaviour of an on-line bookstore, including
many of the elements commonly found in e-commerce
applications: a web-site supported by a web serving
component which can present both static and dynamic
web pages; a relational database which is accessed from
the web server to provide transaction processing and
decision support. Moreover the benchmark also spec-

ifies emulated remote browsers for different classes of
customers, providing the workload on the system.

Our tool implements the TPC-W benchmark, in Java,
as a framework for the investigation of application
server technologies. The application server sits be-
tween the web server and the database and provides
the business logic as well as the interface between the
manipulation and the presentation of the data. Whilst
the benchmark places constraints on the application
server it does not stipulate how it should be imple-
mented. Available technologies for this module of the
system include CGI, ASP, Java Servlets, JSP and PHP.
Furthermore, the tool incorporates support for experi-
ment design, allowing the user to replicate runs of the
benchmark and compare the results obtained with dif-
ferent workload mixes. A detailed description of the
tool design can be found in [8].

The remainder of the paper is structured as follows. In
Section 2 we review the role of the application server
within an e-commerce system and the different tech-
nologies currently available. In Section 3 we describe
the TPC-W benchmark and in the following section we
show how this is captured within the design of our tool.
Section 5 describes the implementation of the tool. Re-
sults of using the tool in evaluating the scalability of
Java Servlets and PHP are given in Section 6. Finally
in Section 7 we give some conclusions.

2 APPLICATION SERVERS

The application server is a vital component of an e-
commerce system: it is the software component that

∗Corresponding author, DIRC, supported by EPSRC studentship 00317428



contains the business logic of the system. It is respon-
sible for receiving HTTP requests via the web server
from clients and executing the business functions asso-
ciated with each of them. This can involve interacting
with database servers and/or transaction servers. The
application server also has the responsibility of dynam-
ically building web pages, formatting database query
results in HTML, to be sent back to clients.

Today, many programming environments exist for im-
plementing application servers, fulfilling the need for
dynamic web-site generation and allowing the connec-
tion between web front-ends and databases. These in-
clude the Common Gateway Interface (CGI) [4], Mi-
crosoft’s Active Server Pages (ASP) [5], Personal Home
Pages (PHP) [10], Java Servlets [7] and Java Server
Pages (JSP) [6]. Currently in the tool we offer imple-
mentations of Java Servlets and PHP, and we give a
brief description of these below:

Java Servlets Java Servlets [7] are server side Java
code that runs on a server to answer client HTTP
requests. Servlets make use of the Java standard
extension classes in the packages java.servlet and
javax.servlet.http. Since servlets are written in
the highly portable Java language and follow a stan-
dard framework, they provide a means to create so-
phisticated server extensions in a server and OS inde-
pendent way. When a servlet program is called for the
first time, it is loaded into memory. After the request is
processed, the servlet remains in memory and will not
be unloaded from memory until the server is shutted
down. Servlets offer excellent connectivity with many
databases through the use of Java’s JDBC package.
The output of HTML in a servlet environment is an
issue, as the servlet is required to output all HTML in-
ternally. This requires complicated output statements
to handle the output of the entire HTML content, as
well as the code for the rest of the application.

Personal Home Pages Personal Home Pages
(PHP) [10] is a server-side, cross-platform, HTML em-
bedded scripting language. It was developed late in
1994 by Rasmus Lerdorf to keep track of visitors to his
on-line resume. Since then, it has undergone several
changes with two versions released, PHP3 and PHP4.
Currently, PHP is shipped with a number of commer-
cial products such as Stronghold web server and Red-
Hat Linux. PHP provides a programming approach
similar to VBScript of ASP [5], but its broad support
for databases gives it an edge over VBScript. Its code
can be embedded directly into a HTML page and exe-
cutes on the server. PHP modules are lightweight and
speedy and have no process creation overhead.

3 TPC-W BENCHMARK

The TPC-W benchmark [11] has been developed by the
Transaction Processing Performance Council (TPC), a
consortium of system and database vendors. Histori-
cally, TPC has specified standard benchmarks for eval-
uating the performance of both transaction process-
ing and decision support database systems. One of its

latest benchmarks is TPC-W, an e-commerce-specific
benchmark. It specifies the behaviour of an on-line
bookstore, including the three main components of an
e-commerce application: remote browsing, web server
and database server. TPC-W’s remote browsing spec-
ifications are described next. This is followed by an
overview of the web and database server components.
Finally, TPC-W’s performance metrics and measure-
ment intervals specifications are discussed.

Remote Browser Emulator A main component of
the TPC-W benchmark is the Remote Browser Emu-
lator (RBE), which is a specification for a set of Em-
ulated Browsers (EBs). EBs simulate the activities
of concurrent web browsing e-commerce users, each
autonomously traversing the bookstore web pages by
making requests to a web server. Each EB can repre-
sent one of three classes of users: a customer, a new
user or a site administrator. As described in the next
paragraph, TPC-W defines 14 web interactions which
can be requested by an EB. During its lifetime, an EB
requests a sequence of these web interactions moving
from one interaction to the next, in the same way that
a web browsing user navigates a site clicking one hy-
pertext link after another. TPC-W specifies the next
possible navigation options that can be requested by
an EB on completion of each of the web interactions
defined in the benchmark. Threshold integer values
between 1 and 9999 are specified for each navigation
option. To select its next request, the EB generates a
random number, from a uniform distribution between
1 and 9999. It then selects the navigation option for
which the threshold is equal to, or most immediately
greater than the random number. The EB spends a
random period of time (Think Time) sleeping between
subsequent web interactions. This emulates the user’s
think time and is generated from an exponential distri-
bution specified in TPC-W. User-specific information
must be maintained in an EB, possibly including ses-
sion tracking details and customer identification.

Web and Database Servers The TPC-W bench-
mark defines 14 web interactions to be supported by
a web server component which are: Home, Shopping
Cart, Customer Registration, Buy Request, Buy Con-
firm, Order Inquiry, Order Display, Search Request,
Search Result, New Product, Best Seller, Product De-
tail, Admin Request and Admin Confirm. These in-
teractions vary in the amount of server-side processing
they need. Some require dynamically generated HTML
pages and one or more connections to a database. Oth-
ers are lightweight, requiring only web serving of static
HTML pages and images. For each web interaction,
TPC-W specifies its input requirements, processing
definition, response page definition and EB navigation
options which are the set of web interactions that can
be selected by the EB on completion of the interaction.

Session tracking is vital to any e-commerce application.
Some method is needed to retain information such as
shopping carts from one HTTP request to another.
TPC-W suggests two techniques for session tracking
which are URL-rewriting and cookies [2].



The TPC-W benchmark defines the exact schema used
for an online bookstore database consisting of eight ta-
bles: item, customer, address, order, order line, credit
card transaction, author and country. A scale factor
is also defined, that is the size of the item table. The
size of the database depends on the number of EBs
that will be used as a workload and the scale factor.
TPC-W specifies database table sizes as follows:

• Item: Scale Factor.
• Customer: 2880 * Number of EBs rows.
• Country: 92 rows.
• Address: 2 * Number of customers rows.
• Orders: 0.9 * Number of customers rows.
• Order line: 3 * Number of orders rows.
• Author: 0.25 * Number of items rows.
• cc xacts: 1 * Number of orders rows.

Performance Metrics and Measurement Inter-

vals TPC-W defines one primary performance met-
ric which is throughput, measured as the number of
completed web interactions per second (WIPS). Three
distinct measurement intervals are specified by TPC-
W: shopping, browsing and ordering. They are distin-
guished by the ratio of browsing-related web pages vis-
ited to ordering-related web pages visited during the
measurement interval. The shopping interval is in-
tended to reflect a shopping scenario, in which 80%
of the pages visited are related to browsing and 20%
are related to ordering. In a browsing interval, order-
ing pages visited go down to 5% whereas in an ordering
interval the ratio of browsing and ordering is even.

4 DESIGN OF THE TOOL

Our tool allows comparative benchmarking of e-
commerce programming technologies. In designing the
tool, a number of high-level design objectives were em-
phasised. These are discussed below. In the following
we present an overview of the design. A detailed design
description can be found in [8]

• It was felt important that the tool should pro-
vide experiment design features allowing the user
to specify a number of experiments. For each ex-
periment, factor level combinations such as size of
workload, size of store and measurement interval
type can be specified. The number of replications
for each experiment can also be specified.

• Another key objective was to provide perfor-
mance metrics to assist e-commerce technology
performance evaluators. Metrics such as response
time frequency distributions of web interactions,
overall response time and overall throughput are
analysed and presented graphically.

• Ensuring that the analysis of experimental re-
sults have minimal overhead was an objective
from early stages in the design, thus preserving
the realistic nature of the simulation. This re-
sulted in a local data collection strategy in the
design. Experimental data results are maintained
locally by different parts of the system. Results
are gathered at the end of each experiment run
from different parts of the system for analysis.

• Realistic e-commerce modelling was an impor-
tant design criterion. This was ensured by adopt-
ing TPC-W as an e-commerce model. Not only
different e-commerce site components are repre-
sented faithfully; the design also includes realistic
workload generation capabilities based on TPC-
W’s e-commerce access patterns.

• Developing a flexible, extendable tool was a ma-
jor concern. This led to a modular design where
incorporating a new programming technology for
benchmarking just involves adding a new module
to the tool. In addition, modular design allows
for the easy extension of the tool to benchmark
other e-commerce components such as security
protocols, session tracking techniques, etc.

Figure 1 illustrates the main modules of the tool. The
RBE module is responsible for generating and main-
taining the workload on the Web and Database Servers.
Its design is based on the TPC-W benchmark as de-
scribed in Section 3. The Web Server contains the ap-
plication server which represents the application code
for implementing the 14 web interactions specified in
the TPC-W benchmark (see Section 3). The Database
Server represents the persistent storage component of
the TPC-W e-commerce model. The final main mod-
ule in the design is the Control Unit which provides
experimental design features, data gathering and anal-
ysis. It is also responsible for controlling the setup
and maintenance of experiments on various parts of
the tool. The Control Unit module is described next,
this is followed by a description of RBE and finally the
Web and Database Servers are described.

Control Unit The Control Unit is the central com-
ponent of the benchmark. In addition to providing a
GUI to the user, it is responsible for setting up and
maintaining the running of experiments. It is also re-
sponsible for gathering experiment data results from
different parts of the system for analysis and presenta-
tion. Figure 2 illustrates the main sub-modules of the
Control Unit. The ControllerGUI provides a GUI al-
lowing the user to input experimental design details.
The Experimental Design component is responsible
for holding the experimental plan of the user. It in-
forms the Control Unit of the experiment design details
needed at each stage of the simulation. As the user is
allowed to specify a number of experiments which are
run sequentially, the Experimental Design component
consists of a set of Experiment objects, each holding
the design details for one experiment including: Num-
ber of replications, workload size (number of EBs to
instantiated), measurement interval type and a scale
factor contributing to the determination of the book-
store database size (see Section 3). Experimental data
gathering and analysis is the responsibility of the Re-
sult Analysis Unit. It consists of a set of Experiment
Results objects holding the results for each experiment
executed in the simulation. Each Experiment Results
object is linked with an Experiment object and con-
tains a set of Run objects holding the results of each
experiment run. During an experiment run, experi-
mental data is recorded locally by different parts of the
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system minimising data recording overhead. On com-
pletion of the run, the Result Analysis Unit receives
a request from the Control Unit to gather the exper-
imental data which are then stored in a Run object.
Data analysis is done after the completion of each ex-
periment. Performance metrics provided include over-
all average throughput, overall average response time
and individual interactions average response time (see
Section 6). Time Control is the central timing com-
ponent of the tool. It distributes timing information
to all parts of the system. The Control Unit also in-
cludes three controller components, RBE Controller,
Web Server Controller and Database Server Controller
for controlling the RBE, Web Server and Database
Server respectively. Instructed by the Control Unit,
these components configure and control the running of
experiments on the parts of the tool they are respon-
sible for. Controlling an extension to the tool requires
only adding a new controller to the Control Unit.

RBE RBE is the component responsible for driving
the tool workload. As shown in Figure 3, it includes
a set of EBs which emulate web browsing e-commerce
users requesting web interactions from a web server
as specified in the TPC-W benchmark (see Section 3).
Its Navigation Unit emulates the user’s navigational
behaviour. The decision on which navigation option to
select next is based on the current web interaction just
completed and its EB navigation option thresholds,
specified by TPC-W (see Section 3). The Navigation
Unit generates a random Think Time period which is
spent sleeping between web interaction requests. The
EB User Session sub-module is designed to emulate
the maintenance of e-commerce user-specific informa-
tion in a web browser including session tracking details
and customer identification. Cookies was the method
adopted for session tracking. The sending and receiv-
ing of HTML content via HTTP and TCP/IP is emu-
lated by the Request Unit sub-module. It is responsible
for forming HTTP requests for the different web inter-
actions specified in TPC-W. It is also responsible for
maintaining HTTP/TCP/IP connections with the web
server and associating these connections with User Ses-

sions. In addition, the Request Unit log data statistics
about web interactions requested and completed suc-
cessfully including the starting and finishing time of a
web interaction, its type and how many times it has
been requested in an experiment run.

EBs are created and maintained by the Browsing Con-
trol component. It receives instructions from the Con-
trol Unit (via its RBE Controller) on the measurement
interval type and the number of EBs required for each
experiment. When creating an EB, Browsing Control
provides it with the type of user it presents (customer,
new user, or site administrator) which is selected ran-
domly. The measurement interval type is also provided
to the EB. Browsing Control also informs EBs of the
start/end of a measurement interval and/or an exper-
iment run (as ordered by the Control Unit). Data
recorded by the Request Unit is collected by Brows-
ing Control to be passed to the Control Unit.

Web and Database Servers The Web and
Database Servers represent the system tested by the
workload. The Web Server is responsible for serving
HTTP requests for the 14 dynamic and static web in-
teractions specified in TPC-W (see Section 3). It con-
tains the application code for the dynamic web inter-
actions, implemented by the programming technologies
currently benchmarked by the tool. The HTML code
for the static web interaction and images for different
interactions also reside in the web server.

The Database Server contains the bookstore database
with a schema following exactly the one specified in
TPC-W (see Section 3). The Database Server Con-
troller of the Control Unit populates/de-populates the
database according to TPC-W specifications.

5 IMPLEMENTATION

In this section we discuss the tool implementation is-
sues. First, the decision to implement the tool in the
Java language is discussed. The use of Apache as the
web server of the tool is then described and the choice
of MySQL to manage the bookstore database is dis-
cussed. This is followed by a description of the support



provided for e-commerce programming technologies.

Java (SDK 1.4.1) is used to implement the tool. Be-
ing a pure object-oriented programming language, Java
ensured the realisation of the tool’s modular design.
The implementation in a portable programming lan-
guage as Java resulted in a platform-independent tool
which can be deployed on machines of different archi-
tectures across a network. Java’s java.net package,
with its URL and socket classes, provided a neat imple-
mentation of the interactions between the EBs and the
Web Server components (see Section 4). The reliable
System.currentTimeMillis() method, which is part
of Java’s java.lang package is used to get timestamps
from various parts of the system needed to produce
performance metrics. System.currentTimeMillis()

is quick with almost no overhead, thus enforcing the
realistic nature of the simulation.

A web server is needed to serve HTTP requests and
host the application server (see Section 4). The Apache
web server (Version 1.3) is used. It is a freeware web
server and is the choice of the majority of active site
developers. A survey by Netcraft [9] on October 2001
concluded that 61% of the active sites they monitor use
Apache. The way Apache is designed was another rea-
son for choosing it. It is built around an API which al-
lows third-party programmers to add new server func-
tionality. Everything in Apache is implemented as one
or several modules, using the same extension API avail-
able to third parties. Thus, extending the tool to pro-
vide support for a new e-commerce programming tech-
nology requires implementing a new Apache module
and incorporating it using Apache’s API.

A Database Management System (DBMS) is needed
to host the bookstore database (see Section 4). It was
decided to use MySQL (Version 3.23). MySQL is a
popular DBMS and works well with Apache for differ-
ent e-commerce programming technologies.

Currently, the tool provides application server im-
plementations in two e-commerce programming tech-
nologies; Java Servlets [7] (using mod jserv apache
module) and PHP [10] (using PHP apache mod-
ule). Providing benchmarking support for another e-
commerce programming technology requires only find-
ing/implementing a supporting Apache module and
implementing the application code for that technology.

6 RESULTS

To demonstrate the capabilities of the tool, experi-
ments were designed and implemented to compare the
scalability of the Java Servlets and PHP application
server implementations. The effect of varying the size
of the workload on overall average throughput, overall
average response time and individual web interaction
average response time was examined.

Experiment Design The technologies involved in
the experiments performed were Java Servlets and
PHP. The size of the workload was varied by doubling
the number of EBs at each stage with a minimum value

of 1 EB and a maximum value of 128 EBs. The scale
of the database used was 1000. The total time interval
of each experiment run was 400 sec. The tool allows
for a Rump up period of 1/4 * total time interval (100
sec in this case) for EBs initialisation. The measure-
ment interval (during which measurement is recorded)
takes the remaining 3/4 of the total time period (300
sec in this case). The measurement interval type used
was Shopping reflecting a shopping scenario (see Sec-
tion 3). Finally, each run was replicated 3 times. In all
experiment runs, the workload generator RBE, the web
server, the application server and the database server
were running on a GenuineIntel Pentium III, 1 GHz,
265MB Linux Dell Machine.

Workload Effect on Throughput Figure 4 sum-
marise the results obtained from examining the average
throughput when the number of EBs is varied between
1 and 128. The average throughput is considered as
the average number of web interactions completed suc-
cessfully per second during the measurement interval.
Figure 4 illustrates two points. Firstly, it can been
seen that both Java Servlets and PHP scale well up
to a workload size of 64 EBs before which the average
throughput starts to degrade. Secondly, one can argue
that Java Servlets scales slightly better as it degrades
at a slower rate than PHP.

Workload Effect on Response Time Results ob-
tained from varying the size of the workload and
recording average response time are shown in Figure
5. The response time of a web interaction is consid-
ered as the time elapsed from the last byte received
by the EB to compute a web interaction until the first
byte sent by the EB to request the next interaction.
Average response time is the total response time of all
web interactions completed successfully divided by the
number of these interactions. It can be seen from Fig-
ure 5 that the average response time starts to increase
almost exponentially when the size of the workload in-
creases above 64 EBs. Again, Java Servlets scale better
with a slower rate of average response time increase.
From Figure 4 and 5, one could argue that optimal
performance is achieved at the 64 EBs workload, with
maximum throughput and good response time

Workload Effect on Individual Web Interac-

tions Response Time Figure 6 shows the average
response time for the Shopping Cart interaction as an
example of a dynamic web interaction. The average re-
sponse time of the static interaction Search Request is
illustrated in Figure 7. The average response time of an
individual interaction is computed by totaling the re-
sponse time of all occurrences of that interaction and
dividing that by the number of times the interaction
was requested and completed successfully. Again, it
can be seen that the performance degrade point is when
the workload size exceeds 64 EBs with Java Servlets de-
grading at a slower rate in both the static and dynamic
interaction examples. It can also be noticed that the
Shopping Cart Interaction (a dynamically built HTML
page) average response time degrade faster than the
Search Request Interaction (a static HTML page).



Figure 4: Overall Average Throughput Figure 5: Overall Average Response Time

Figure 6: Shopping Cart Avg. Response Time Figure 7: Search Request Avg. Response Time

7 CONCLUSIONS

A tool to allow the comparative benchmarking of e-
commerce programming technologies has been devel-
oped. It is based on the TPC-W benchmark, ensur-
ing the realistic modelling of e-commerce components.
It provides a set of experiment support features al-
lowing the user to design a set of experiments to be
run sequentially by the tool. For each experiment, a
number of replications can also be specified. A set
of e-commerce relevant performance metrics are anal-
ysed and presented with minimal overhead on the sim-
ulation. This was achieved by adopting a local ex-
perimental data recording strategy during experiment
runs. Data is gathered and analysed on completion.

The modular design of the tool widens the scope of fur-
ther work. New modules can be incorporated to bench-
mark other programming languages/technologies. The
RBE module can be enhanced to provide robots work-
load [12] in addition to remote browsers. The tool
can also be extended with small modifications to al-
low for the benchmarking of other e-commerce com-
ponents such as session tracking mechanisms, security
and payment protocols.
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Abstract

One of the main features of the third Generation ��G� mobile networks is their capability to provide dif�
ferent classes of services� especially multimedia and real�time services in addition to the traditional telephony
and data services� These new services� however� will require higher Quality of Service �QoS� constraints on
the network mainly regarding delay� delay variation and packet loss� Additionally� the overall tra�c pro	le
in both the air interface and inside the network will be rather di
erent than used to be in today�s mobile
networks� Therefore� providing QoS for the new services will require more than what a call admission control
algorithm can achieve at the border of the network� but also continuous bu
er control in both the wireless
and the 	xed part of the network to ensure that higher priority tra�c is treated in proper way� This paper
proposes and analytically evaluates a bu
er management scheme that is based on multi�level priority and
Complete Bu
er Sharing �CBS� policy for all bu
ers at the border and inside the wireless network� The
analytical model is based on the G�G��N censored queue with single server and R �R � �� priority classes
under the Head of Line �HOL� service rule for the CBS scheme� The tra�c is modelled using the Generalised
Exponential distribution� The paper presents an analytical solution based on the approximation using the
Maximum Entropy �ME� principle� The numerical results show the capability of the bu
er management
scheme to provide higher QoS for the higher priority service classes�

Keywords

�G mobile networks� performance evaluation� maximum entropy �ME� principle� queueing network model
�QNM�� generalised exponential �GE� distribution� head�of�line �HOL� discipline� complete bu�er sharing �CBS�
rule�

� Introduction

The Third Generation ��G� mobile networks are un�
der deployment in many regions in the world� In Eu�
rope� the Universal Mobile Telecommunications Sys�
tem �UMTS� has been implemented almost by every
major mobile network operator o�ering new mostly
multmedia based services� At the moment� the vol�
ume of data tra�c in mobile networks is still mod�
erate but it is obvious that as more and more cus�
tomers join the new opportunities o�ered by �G� the
volume and the nature of the tra�c at both the bor�
der and inside the mobile network will be very di�er�
ent� Furthermore� many of the new services will re�
quire more strict quality of service �QoS� guarantees
than the simple data transmission� mainly regarding
packet loss� delay and delay variation� Therefore�
it is important to implement suitable algorithms to
provide prioritization between services and to guar�
antee preferential treatment to the packets belonging

to the higher priority services� This leads to a tra�c
with Di�eretiated Services �DS��

Considering the UMTS architecture 	
�� two levels
of QoS assuring algorthms can be identi�ed� First�
at the air interface �UTRAN�� e�cient call admis�
sion control algorithms �CACA� can be implemented
	� to limit the volume of the tra�c entering the
network� However� CACA are not enough to pre�
vent congestions and delay inside the mobile or the
�xed parts of the network� Additionally� due to the
hierarchical architecture of UMTS� multiple tra�c
stream from di�erent connections belonging to dif�
ferent classes of services will aggregate at the Gate�
way Servicing GPRS Node �GSGN� 	
� which serves
as a gateway towards the public data network �the
Internet�� In this node� there is a need to implement
a bu�er management scheme that provides di�eren�
tiated service�

Finite bu�er queues with service and space priorities



are of great importance towards e�ective congestion
control and quality of service �QoS� protection in�
high speed telecommunication networks�
Many queueing systems with priorities have been ex�
plored by Cohen 	�� and various applications of the
analytical results of priority queues to data commu�
nication systems are surveyed by de Moraes 	��� A
stable in�nite capacity G�G�
 queue with a single
server and priority classes under either Preemptive�
Resume �PR� or Head�of�the�Line �HOL� schedul�
ing disciplines has been analysed in 	��� by applying
the method of entropy maximisation �MEM�� MEM
has also been used in 	�� to study a stable single
class G�G�
�N censored queue with a single server
and First�Come�First�Served �FCFS� scheduling dis�
cipline�
A stable G�G�
�N censored queue with a single
server� �nite capacity and priority classes under com�
plete bu�er sharing �CBS� scheme is an important
building block in the performance of communication
networks� The analysis of such queue is very di�cult
to tackle using the classical queueing theory� To the
authors� knowledge� no exact or approximate closed�
form solutions for a stable G�G�
�N censored queue
with service priorities have appeared in the litera�
ture�
This paper presents further advances of maximum
entropy �ME� towards the approximate analysis of a
stable G�G�
�N censored queue with a single server�
and� R �R � � priority classes under HOL service
rule for CBS scheme�
The paper is organised as follows� The ME solution
for a stable G�G�
�N censored queue with service
priorities is characterised in Section � Marginal and
aggregate performance distributions are presented in
Section �� Numerical validation results against sim�
ulation� involving Generalised Exponential �GE� in�
terarrival and service time distributions� are included
in Section �� Section � includes conclusions and re�
marks for future work�
Remarks

� The GE Distribution

The GE distribution is an interevent�time distribu�
tion of the form

F �t� � P �W � t� � 
� �e��t� t � �� �
�

� � ��C� � 
�� ��

� � ��� ���

where W is a mixed�time random variable �rv� of
the interevent�time� whilst �
��� C�� are the mean
and squared coe�cient of variation �SCV� of rv W �
The GE distribution is versatile� possessing pseudo�
memoryless properties which makes the solution of

many GE�type queueing systems and networks ana�
lytically tractable 	���

� ME Analysis of GE�GE���N
Priority Queue

Consider a single server �nite capacity GE�GE�
�N
queue at equilibrium with R �R � 
� distinct prior�
ity classes of jobs �indexed from 
 to R in descending
order of priority� such that

� the total bu�er capacity is N for a CBS scheme�

� the interarrival and service times per class are
distributed according to a GE distribution un�
der HOL service rule in conjunction with CBS
bu�er management scheme�

Notation

For each class i �i � 
� � � � � � R�� let �i be the mean
arrival rate� C�

ai be the interarrival time SCV� 	i be
the mean service rate and C�

si be the service time
SCV�

Focusing on a stable GE�GE�
�N queue� let at any
given time

ni �� � ni � N� be the number of class i �i �

� � � � � � R� jobs in the queue �waiting and�or
receiving service�

S � �n�� n�� � � � � nR� 
� be a joint queue state� where

 �
 � 
 � R� denotes the class of the current

job in service and
PR

i�� ni � N �n�b�� for an
idle queue S � � with 
 � ��

Q be the set of all feasible states S

n � �n�� n�� � � � � nR� be an aggregate joint queue
state �n�b�� � � ��� � � � � ���

� be the set of all feasible states n

Remarks

� The arrival process for each class i �i �

� � � � � � R� is assumed to be censored i�e�� a
job of class i �i � 
� � � � � � R� will be lost if on
arrival �nds N jobs at the queue�



��� Prior Information

For each state S� S � Q� and class i �i � 
� � � � � � R�
the following auxiliary functions are de�ned�

ni�S� � the number of class i jobs present in stateS�

si�S� �

�

� if 
 � i�
�� otherwise�

hi�S� �

�

� if ni�S� � ��
�� otherwise�

fi�S� �

�

� if

PR

i�� ni�S� � N � 
 � i�
�� otherwise�

Suppose all that is known about the state probabili�
ties fP �S�g is that they satisfy the

� Normalisation constraintX
S�Q

P �S� � 
� ���

and that the following marginal mean value con�
straints per class i exist�

� Server utilisation� Ui �� � Ui � 
��X
S�Q

si�S�P �S� � Ui� i � 
� � � � � � R� ���

� Busy state probability per class� �i �� � �i �

�� X

S�Q

hi�S�P �S� � �i� i � 
� � � � � � R� ���

� Mean queue length� Li �Ui � Li � N��X
S�Q

ni�S�P �S� � Li� i � 
� � � � � � R� ���

� Full bu�er state probability� i �� � i � 
��X
S�Q

fi�S�P �S� � i� i � 
� � � � � � R� ���

satisfying the �ow balance equations� namely

�i�
� �i� � 	iUi� i � 
� � � � � � R� ���

where �i is the blocking probability that an arriving
job of class i �nds the queue full�
The choice of mean value constraints ��� � ��� is based
on the type of constraints used for the ME analysis of
a stable multiple class queues with or without priori�
ties �c�f�� 	�� �� ���� Note that if additional constraints
are used� it is no longer feasible to capture a compu�
tationally e�cient ME solution in closed�form� As a
consequence� this will have adverse implications to�
wards the creation of a cost�e�ective queue�by�queue
decomposition algorithm for arbitrary queueing net�
work models �QNMs�� Conversely� the removal of
one or more constraints from the set ��� � ��� will
result into a ME solution of reduced accuracy�

��� A Universal Maximum Entropy

Solution

A universal form of the state probability distribution
fP �S��S � Qg can be characterised by maximising
the entropy functional

H�P � � �
X
s

P �S� logP �S�� �
��

subject to constraints ��� � ���� By employing La�
grange�s method of undetermined multipliers� the
ME solution is expressed by

P �S� �



Z

RY
i��

g
si�S�
i �

hi�S�
i x

ni�S�
i y

fi�S�
i � �S � Q�

�

�
where Z� the normalising constant� is clearly given
by

Z �
X
S�Q

�
RY
i��

g
si�S�
i �

hi�S�
i x

ni�S�
i y

fi�S�
i

�
� �
�

and fgi� �i� xi� yi� i � 
� � � � � � Rg are the Lagrangian
coe�cients corresponding to constraints ��� � ���� re�
spectively�

Remarks

Although constraints ��� � ��� are not known pri�
ori� nevertheless it is assumed that these constraints
exist� This information� therefore� has been incorpo�
rated into the ME formalism ��� � �
�� in order to
characterise the form of the joint state probability
�

�� An e�cient computational implementation of
the ME solution �

�� however� requires the prior es�
timation of the Lagrangian coe�cients� This can be
achieved by making GE�type bu�er size invariance
assumptions with regard to Lagrangian coe�cients
fgi� �i� xi� i � 
� � � � � � Rg together with asymptotic
connections to an in�nite capacity GE�GE�
 queue
�c�f�� 	����

Aggregating �

� over all feasible states S � Q� and
after some manipulation� the joint aggregate ME
queue length distribution fP�n�� n � �g is given
by�

P ��� �



Z
� �
��

P �n� �



Z

�
RY
i��

xni

i �
hi�n�
i

��
RX

j���nj��

gjy
fi�n�
i

�
�

�n � �� f�g� �
��

where hi�n� � 
� if ni � �� or � otherwise and

fi�n� � 
� if
PR

j�� nj � N � or �� otherwise� for
i � 
� � � � � � R�



��� Recursive Relationships

Taking advantage of the ME product�form solution
�
����
�� and applying the generating function ap�
proach 	
��� recursive expressions for marginal utili�
sations fUi� i � 
� � � � � Rg� aggregate state probabil�
ities fP �n�� n � �� � � � � Ng� marginal state probabil�
ities fPi�ni�� ni � �� 
� � � � � Ng and marginal mean
queue lengths fLi� i � 
� � � � � Rg can be obtained�

����� Marginal Utilisations

It can be observed that the marginal utilisations
fUi� i � 
� � � � � Rg are clearly de�ned by Ui �P
S�Q si�S�P �S� and after some manipulation� they

take the following universal form� namely

Ui �



Z
gi�ixi

�
NX
v��

y
��v�
i C�i��v � 
�

�
� i � 
� � � � � � R�

�
��
where Z is the normalising constant and can be de�
rived from the above eqaution �
�� as follows�

Z � 
 �

RX
i��

gi�ixi

�
NX
v��

y
��v�
i C�i��v � 
�

�
� �
��

where ��v� � 
� if v � N or �� otherwise� C�i��v�
can be calculated recursively using the following ex�
pressions�

C�i��v� � �
� �i�xiC
�i��v � 
� � C�v� � xNi

C�v �N� � xN��
i �iC

�i��v �N � 
�� �
��

for v � 
� � � � � � N � 
� i � 
� � � � � � R with initial
conditions

C�i��v� �

�
�� v � ��

� v � ��

where C�v� � CR�v� and

Cr�v� � xrCr�v � 
� � Cr���v� � �
� �r�xr

Cr���v � 
�� �rx
N��
r Cr���v �N � 
�� �
��

r � 
� � � � � � R with initial conditions

Cr�v� �

��
�

�� v � ��

� v � ��
��x

v
�� v � ��

����� Marginal State Probabilities

Aggregating ME solution fP �S��S � Qg and de�n�
ing an appropriate z�transform 	
��� after some ma�
nipulation� the following recursive expressions for the
marginal probabilities can be obtained�

Pi��� �



Z

�
�
� RX

j���j ��i

gj�jxj

N��X
v��

C
�j�
i �v�y

��v�
j

	
A �

�
��

Pi�n� �



Z
�ix

n
i

�
� RX

j��

gjEj

RX
k���k ��i

N�n�FX
v��

C
�j�
i �v�y

��v�
j

	
A �

���
where Ej � �jxj if j �� i or 
 ow� F � 
 if j �� i or �
ow�

The coe�cients fC
�j�
i �v�� v � �� 
� � � � � N � 
� �i� j� �

	
� R�g can be determined by the following recursive
formulae�

C
�j�
i �v� �

�

�


�

C�j��v�� xiC
�j��v � 
� � �
� �i�xi

C
�j�
i �v � 
� � �ix

N��
i C

�j�
i �v �N � 
�� i �� j

C�j��v�� xiC
�j��v � 
� � xNi C

�j�
i �v �N��

i � j
�
�

with initial condition C
�j�
i �v� � � if v � �� or 
� if

v � �� where C�j��v� is determined by �
���

��� The Blocking Probability

A universal form for the marginal blocking probabil�
ities f�i� i � 
� � � � � � Rg of a stable multiple class
GE�GE�
�N queue can be approximately estab�
lished� based on GE�type probabilistic arguments� by
the following expression�

�i �



Z

�
NX
v��

�i�v��
� �i�
N�vP �v�

�
� ��

where �i�v� � ri
ri����i���i

��i � ��
 � C�
a i� and

ri � ��
 � C�
s i� and P �v� are the aggregate proba�

bilities�

��� The Lagrangian Coe�cients

It is assumed� as in earlier works �c�f�� 	�� �� ���� that
the Lagrangian coe�cients fgi� �i�xi� i � 
� � � � � Rg
of the ME solution �

� for GE�type queues and net�
works are largely invariant to the bu�er threshold
size Ni �i � 
� � � � � � R�� These coe�cients can be�
therefore� approximated via closed form asymptotic
queueing theoretic expressions based on the ME solu�
tion of the corresponding in�nite capacity GE�GE�

queue at equilibrium �c�f�� 	���� Using the �ow bal�
ance condition ��� and the closed�form expressions
for the normalising constant� Z� the aggregate prob�
abilities fP �n�� n � �� 
� � � � � N�g and the blocking
probabilities f�i� i � 
� � � � � Rg� the Lagrangian coef�
�cients fyi� i � 
� � � � � � Rg can be recursively deter�
mined �c�f�� 	

���



� Numerical Results

This section presents typical numerical experiments
in order to illustrate the credibility of the proposed
ME solution against simulation� Moreover� it demon�
strates the applicability of ME results as simple but
cost�e�ective performance evaluation tools for assess�
ing the e�ect of external multiple class GPRS tra�c
at the GE�GE�
�N�HOL queue�
The numerical study focuses on two data packet
classes representing typical Internet applications�
namely� 
�� KBytes �class 
� e�g�� email� and ���
KBytes �class � e�g�� web browsing� and � respec�
tively� The parameterization also involves mean ar�
rival rates and SCV of inter�arrival and service times�
It is assumed that the GPRS partition consists of
one frequency providing total capacity of 
�
� Kbps�
Without loss of generality� the evaluation study fo�
cuses on marginal performance metrics of utilisation�
mean response time and mean queue length per class�
Numerical tests are carried out to verify the rela�
tive accuracy of the ME algorithm against simulation
at �� � con�dence intervals based on the Queueing
Network Analysis Package �QNAP�� 	
�� using the
same assumptions and input parameterization as the
ones used for the analytic ME solution �c�f�� Figs� 
�
��� It can be observed that the ME results are very
comparable to those obtained via simulation� More�
over� it can be seen that the interarrival�time SCV
has an inimical e�ect� as expected� on the mean re�
sponse time per class �c�f�� Fig� ��� Results shows
that high priority calls face less mean response times
as compared to the low priority calls�
Moreover� relative comparisons to assess the impact
at varying degrees of interarrival time SCVs and
bu�er size� N� at the GE�GE�
�N�HOL queue upon
ME generated mean queue lengths are presented in
Figs� ���� respectively� It can be seen that the
analytically established mean queue lengths deteri�
orate rapidly with increasing external interarrival�
time SCVs �or� equivalently� average batch sizes� be�
yond a speci�c critical value of the bu�er size which
corresponds to the same mean queue length for two
di�erent SCV values� It is interesting to note� how�
ever� that for smaller bu�er sizes in relation to the
critical bu�er size and increasing mean batch sizes�
the mean queue length steadily improves with in�
creasing values of the corresponding SCVs� This
�bu�er size anomaly� can be attributed to the fact
that� for a given arrival rate� the mean batch size of
arriving bulks increases whilst the interarrival time
between batches increases as the interarrival time
SCV increases� resulting in a greater proportion of
arrivals being blocked �lost� and� thus� a lower mean
e�ective arrival rate� this in�uence has much greater
impact on smaller bu�er sizes�
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� Conclusions

This paper presents an analytical model to evaluate
performance of the wireless network where di�erent
applications are given preferential treatment in or�
der to provide quality of service� In this context� a
G�G�
�N censored queue with single server and R
�R � � priority classes under the HOL service rule
for the CBS scheme has been analysed using ME
principle� Closed form expressions for marginal util�
sations� state probabilities and blocking probabilities
are presesnted� Typical numerical experiments show
the capability of the bu�er management scheme to
provide higher QoS for the higher priority service
classes�
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Abstract 
 

The purpose of the present work is to work out an approach for 
the development of software and the choice of hardware 
structures when designing subsystems for automatic control of 
technological processes realized in living objects containing 
limited space (microenvironment). The subsystems for automatic 
control of the microenvironment (SACME) under development 
use the Devices for Air Prophylactic Treatment, Aeroionization, 
and Purification (DAPTAP) as execution units for increasing the 
level of safety and quality of agricultural raw material and 
foodstuffs, for reducing the losses of agricultural produce during 
storage and cultivation, as well as for intensifying the processes 
of activation of agricultural produce and industrial 
microorganisms. A set of interconnected SACMEs works within 
the framework of a general microenvironmental system (MES). 
In this research, the population of baker’s yeast is chosen as a 
basic object of control under the industrial fed-batch cultivation 
in a bubbling bioreactor. This project is an example of a 
minimum cost automation approach. The microenvironment 
optimal control problem for baker's yeast cultivation is reduced 
from a profit maximum to the maximization of overall yield by 
the reason that the material flow-oriented specific cost correlates 
closely with the reciprocal value of the overall yield. 
Implementation of the project partially solves a local 
sustainability problem and supports a balance of 
microeconomical, microecological and microsocial systems 
within a technological subsystem realized in a microenvironment 
maintaining an optimal value of economical criterion (e.g. 
minimum material, flow-oriented specific cost) and ensuring: (a) 
economical growth (profit increase, raw material saving); (b) 
high security, safety and quality of agricultural raw material 
during storage process and of food produce during a 
technological process; elimination of the contact of gaseous 
harmful substances with a subproduct during various 
technological stages; (c) improvement of labor conditions for 
industrial personnel from an ecological point of view (positive 
effect of air aeroionization and purification on human organism 
promoting strengthened health  and an increase in life duration, 
pulverulent and gaseous chemical and biological impurity 
removal). An alternative aspect of a controlled living 
microenvironment forming is considered. 
 
Keywords: Aeroionizer; agricultural raw materials; agriculture; 
air purifier; baker’s yeast; barley; environmental engineering; 
feed and aeration rates; feedback control system; food 
processing; material flow-oriented specific cost; mathematical 
model; microenvironment; overall yield 
 
 
Introduction 
 
One of the most important tasks of the food and processing 
branches of the agroindustrial complex is the development 
and introduction of progressive technological processes, 
equipment and control systems providing an increase in 
quality and biological value of the foodstuffs. The 
significant part of such technological processes is realized 

in a limited space (microenvironment) containing living 
objects (for example, cultivation of baker’s yeast, storage 
and transportation of fruits, vegetables, barley and other 
kinds of agricultural raw material, malting, activation of 
yeast before fermentation, green sprouting of potatoes 
before planting, suppression of activity of mould, vermin 
(insects, acarina), and putrefactive microflora during 
foodstuff storage, etc.). The abovementioned targets could 
be partially achieved by MES project introduction at food 
and agricultural enterprises. 
 
Attention must be paid to following an essential feature of 
this project concerning a sustainable development problem 
treatment on a local level. By applying SACMEs at food 
manufacturing enterprises operating with living objects 
(such as breweries, bakeries, biotechnological productions, 
etc.), for example, a constructive compromise could be 
achieved in a simultaneous solution of three problems with 
no contradictions arising: economical growth (productivity 
increase, raw material saving); ensuring security, safety 
and quality of agricultural raw material during storage 
process and of food produce during production 
technological process; improvement of labor conditions 
for industrial personnel from an ecological point of view.  
 
In brewing the MES project introduction will result, for 
instance, in: 
• brewer's barley, rice, maize, hops, and malt storage 

period increase and better preservation (losses decrease, 
quality increase) during storing; 

• putrefactive microflora and mould elimination; 
• air purification in storehouse and other industrial 

departments of dust, pathogenous microorganisms, 
harmful gaseous impurities; 

• brewer's barley germination (box or drum malting) 
stimulation (But 1977); 

• brewer's yeast fermentation intensification; 
• elimination of gaseous harmful substance contacts with 

raw material and beer during various technological 
stages; 

• positive effect of air aeroionization and purifying on 
industrial personnel promoting strengthened health and 
life duration increase. 

 
The SACME systems could be fulfilled in a stationary 
performance (for large industrial areas and big volumes of 
produce to be processed) and in portable or transport 
modifications for the case of small processing capacities, 
petty warehouse premises, and also for installation on 
transport facilities destined for raw material (potatoes, 
fruit, barley) and ready products (malt, hop, yeast, bread) 
for long-distance deliveries. 



 
In this work, the process of industrial baker’s yeast 
cultivation as a basic object for SACME development is 
chosen with an investigation of possibility of result 
application for other objects, such as, for instance, the 
potato storehouse. 
 
The use of DAPTAP through the effects of the various 
aeroion concentrations on intracellular respiration is 
offered as an execution device for the purpose of living 
object control. The mechanisms of aeroionized media 
influence on living systems are considered in other works 
(Chizhevsky 1999, Lifshitz 1990, Muzychenko 1991, 
Temnov et al. 2000). 
 
As the other basic controls in baker’s yeast cultivation in a 
bioreactor, the flow of aerating air can be used as a source 
of oxygen and the flow of molasses solution as a source of 
sugars. As the basic measurable and controlled parameters 
of living systems, the specific metabolic heat generation 
rate of a living object and the rate of the metabolic by-
product formation (ethanol in yeast production and 
ethylene during agricultural produce storage) can be 
chosen. 
 
The solution of the control problems was realized with the 
use of a complex mathematical model, describing a living 
system on mitochondrial and cellular/population levels and 
on the level of interaction of the population with the 
microenvironment. 
 
In the present paper, some results of previous research are 
used (Amelkin et al. 2003, Amelkin et al. 2001a-2001c, 
Amelkin et al. 2000a-2000b, Amelkin and Amelkin 1997, 
Amelkin and Amelkin 1996). 
 
 
1  Process Modelling 
 
The mathematical model of a bioreactor as an example of 
a controlled microenvironment containing a living system 
(a population of yeast), consists of three subsystems - a 
model of intracellular respiration (a model of 
mitochondrial respiratory chain), intermediate model 
describing intercoupling of celluar and population levels, 
and a model of a bioreactor (microenvironment). 
Hereafter, these three modelling levels will be indicated as 
Model 1, Model 2, and Model 3, correspondingly. 
 
Below, these three levels of microenvironment modelling 
are considered in detail. 
 
 
2.1 A model of intracellular respiration (Model 1) 
 
Two types of respiration exist for a living, aerobic 
organism - external respiration and cellular respiration. 
Cellular (mitochondrial) respiration is the process of 
oxidizing food molecules (like carbohydrates) to carbon 
dioxide and water. Biochemical oxidation is catalyzed by 
intracellular (intermitochondrial) enzymes and is the 
mechanism for obtaining energy from fuels (food 
molecules). The energy released is stored in the form of 
ATP for use by all the energy-consuming processes of the 

cell. Actually 95% of the ATP is produced in the 
mitochondria. That is why mitochondria are often called 
'the cell's power station'. The main and the most 
complicated part of the total mitochondrial respiration 
process is the respiratory chain or respiration system, 
which is based on the inner mitochondrial membrane. 
Here, most of the ATP is generated due to the proton 
gradient that is developed across this inner membrane. 
 
The respiratory chain of the mitochondrion (Fig.1) 
consists of three large enzyme complexes built into the 
inner membrane, which serve as electron carriers (Alberts 
et al. 1989, Skulachev 1994, Skulachev 1989): 
   I. NADH dehydrogenase complex includes Fe-S centers 
as well as FMN bound with NADH dehydrogenase, and 
CoQ. 
   II. Electron transport complex, which is presented by 
cytochromes b-c1-c, i.e. iron containing proteins 
transferring electrons from NADH dehydrogenase 
complex to cytochrome oxidase complex. 
   III. Cytochrome oxidase complex contains two 
cytochromes a-a3 and two copper atoms. It is the site at the 
end of the mitochondrial respiratory chain. This site is the 
terminal accumulator of electrons carrying them directly to 
oxygen. 
 
Beside electron carriers, the respiratory chain also contains 
several ATP synthase complexes. 
 
The respiration system of mitochondria can be regarded as 
a biochemical generator with hydrogen electrode (enzyme 
complex I with potential ϕ1) and oxygen electrode 2 
(enzyme complex III with potential ϕ3)  assuming that 
intermediate redox pairs of respiratory chain play a 
regulatory role for redox processes in the mitochondrion. 
A similar assumption is already known (Volkenshtein 
1988). 
 

 
Fig.1: Respiration system of mitochondria as a biochemical generator 

with hydrogen electrode 1 and oxygen electrode 2 (enzyme 
complexes:   I - NADH dehydrogenase complex;   II - Electron 
transport complex;   III - Electron transport complex;   IV - ATP 
synthase complex;   V - Adenine nucleotide transporter). Enzyme 
complexes I-V are built into the the inner membrane 4, separating 
matrix 5 from intermembrane space 3. 

 
The mathematical description (Model 1) of the respiratory 
chain is a system of dynamic equations and kinetic 
expressions describing the electrochemical and biological 
processes of respiration occurring in a living organism on 
a cellular (mitochondrial) level. The Model 1 describes 
mechanisms of pH oscillation, proton and electron 
transport, oxidative phosphorylation, dismutation of 



superoxide radicals, and superoxide dismutase (SOD) 
activation. 
 
The pH oscillations phenomenon takes place in matrix 
and, in case of pH oscillation, center shift into extremely 
alkaline or acid zone metabolism is retarded (this can 
occur under definite environmental parameter variation 
conditions). The above mentioned oscillation processes 
during respiration and a level of SOD activity can be 
controlled by the rate of income of superoxide radicals 
from the execution device DAPTAP to mitochondrial 
matrix. 
 
 
2.2 An Intermediate Model (Model 2) Describing 
Intercoupling of Cellular and Population Levels 
 
With the aim of the cellular and population mathematical 
models coupling it is necessary to build the intermediate 
Model 2 describing relationships between the main 
parameters for different levels (Amelkin et al. 2000b, Wolf 
et al. 2000). 
 
Such intermediate model linking population and cellular 
levels is destined to describe links between concentrations 
of the key components in cultural liquid (or in ambient 
medium) and flows to mitochondrion and its respiratory 
chain: 
• flows of protons and of NADH to the respiratory chain 

of mitochondrion are determined by the Krebs cycle 
action and is linked with sugar concentration in the 
cultural liquid value; 

• flow of molecular oxygen to the respiratory chain of 
mitochondrion is linked with dissolved oxygen 
concentration in the cultural liquid; 

• flow of superoxide radicals is determined by superoxide 
radical concentration in cultural liquid, which in its turn 
is linked with negative aeroions concentration in aeration 
air; 

• flows of ADP, of inorganic phosphate and of Ca2+ and 
Na+ cations are controlled by pumping processes and 
other factors. 

 
Model 2 will describe such parts of cell metabolism as 
Glycolysis, Acetyl-CoA Pathway, Krebs Cycle, as well as 
transport, dynamic and quantitative links of these parts 
with population level, on the one hand, and mitochondria 
inner membrane level (electron and ion transport, and 
oxidative phosphorylation systems) on the other hand. 
 
 
2.3 Population Model (Model 3) 
 
The population model is a combination of mass, 
volumetric, gaseous, and heat balances of a bioreactor. In 
this investigation a concrete example of the population 
model published in work is used (Amelkin et al. 1995). 
Model 3 is a system of differential material, gaseous and 
heat balances equations. The structural and parametric 
identification of Model 3 was fulfilled by the authors of 
this work on the basis of the industrial and experimental 
data obtained during cultivation of various strains of 
baker's yeast (Amelkin 1991, Amelkin et al. 1995, 
Castrillo and Ugalde 1994, Gaponov 1984, Okada et al. 

1981, Peringer et al. 1974, Shkidchenko et al. 1983, 
Sonnleitner and Käppeli 1986, Wöhrer and Röhr 1981). 
 
 
3 Optimal Control Problem Solution for the 
Cellular Level 
 
The optimal control problem is reduced to maximization 
of energy evolution function of mitochondrion expressed 
in ATP synthesis by influence on respiratory chain of 
aeroion flow determined by the input voltage of the 
DAPTAP aeroion generator. 
 
The optimal control problem treatment was fulfilled within 
a class of stepwise constant functions on a qualitative level 
with the use of OptiMod software (Amelkin 1992, 
Amelkin et al. 2000a) on the basis of Model 1. The results 
for the potatoes storage/ greensprouting case is depicted on 
Figs. 2-5. 
 

 
0                                                                                                             t 

Fig.2: A case of no control. 
 

 
0                                                                                                             t 

Fig.3: Potatoes greensprouting. 
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Fig.4: Potatoes storage control by ethylene parameter. 
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Fig.5: Overshoot case. 
 
 
 
4 Microenvironment Optimal Control Problem 
Solution for the Yeast Cultivation Process 
 
The lion's share of expenditures in baker's yeast 
production falls on the technological process of 
fermentation. That is why the fermentation process is 
usually given principal consideration in systems of 
automatic and automatized control of production as a 
whole. On the other hand, this process is the most 
complicated from the point of view of control. 
 
Material costs make up the largest cost component in most 
production companies, at an average of up to 60% of total 
costs. In baker's yeast production the greatest portion of 
material costs is formed by molasses, salts and other feed 
component costs.  
 
Taking into account the relatively high price of the main 
raw material (sugar beet molasses) and its high share in the 
process profit the microenvironment optimal control 
problem for baker’s yeast industrial fed-batch cultivation 
in a bubbling bioreactor is reduced from a profit maximum 
to a maximization of the overall yield by the reason that 
the reciprocal value of overall yield correlates closely with 
the material flow-oriented specific cost. 
 
The microenvironment optimal control problem for 
baker’s yeast industrial fed-batch cultivation treatment was 
fulfilled with the use of OptiMod software as well 

(Amelkin et al. 2000a) on the basis of Model 3 within a 
class of stepwise constant functions. 
 
 
5 Development of Algorithm of Microenvironment 
Automatic Control 
 
The analysis of optimal control problem solution results 
has shown that the optimal controls can be approximated 
for a significant length of time by exponential 
dependences. 
 
The maximum of the biomass instantaneous yield 
corresponds to the maximum specific metabolic heat 
generation rate which allows one to use this parameter as a 
main parameter of feedback control during development of 
algorithms of automatic control. The rate of ethanol 
formation could be chosen as an additional feedback 
parameter which could be used in a control algorithm. The 
combination of these two parameters gives an opportunity 
of unambiguous recognition of the type and degree of 
technological process unfavorable variation. 
 
At the present moment, the computer simulation of the 
elaborated algorithm of automatic control is being 
accomplished including measuring errors and parameters 
of drift simulating, and applying methods of exponential 
filtering of measured parameters and information validity 
monitoring. 
 
 
6 Functional and Parametric Scheme of SACME 
 
The functional and parametric scheme of subsystems for 
automatic control of the microenvironment (SACME) is 
developed. The SACME must function in close 
intercoupling with other MES control subsystems. In a 
potato storehouse, for example, SACME should interact 
with the subsystem of air conditioning (Brook 1999, 
Muzychenko 1991), in brewing - with air treatment and 
temperature control subsystems (Lobanov et al. 2000), and 
in yeast production - with control subsystems of cultural 
liquid temperature, pH, heat exchanger, etc. The SACME 
under design for baker’s yeast cultivation includes sensors 
of state and perturbation parameters (temperature of liquid 
flows to and out of heat exchanger, cultural liquid 
temperature, flow of cooling water, temperature of feed 
flow, ethanol concentration), execution devices (the 
control valves in lines of aeration air and feed, 
aeroionizing device - DAPTAP), as well as control 
algorithm, realized by software means of a central 
computer or microprocessor controller. In the case of a 
potato storehouse, the periphery content is to be changed 
accordingly: for example, the concentration of ethylene 
but not ethanol is to be used as a measurable metabolic by-
product of living objects. For the purpose of SACME 
simulation it is planned to use the complex mathematical 
model (Model 1 + Model 2 + Model 3) with a further 
demand of special experiments series setting to finish the 
structural and parametric identification of models. 
 
 
7 Execution Device for Air Aeroionizing 
 



The in-flow aeroionizing of aeration air in baker’s yeast 
production could be realized at early stages of the process 
only during seed and intermediate culture production when 
air flow values are relatively small. Air aeroionizing is to 
be realized with the help of stationary or portable 
modifications of DAPTAP. 
 
Stationary modifications of DAPTAP can be installed in 
the input air flow entering the bioreactor or malt-house, 
and portable modifications (Fig.6) are to be used for 
microenvironment control in boxes for seed culture 
growing as well as in storehouses, transport, hothouses, 
etc. 
 
The essential feature of the constructed devices is that they 
ionize preliminarily ozonated and purified air during three-
stage filtration, evolve almost no ozone into the 
environment and permit one to get air free of dust and 
gaseous chemicals, and of biological impurities, with an 
efficiency close to 100% and low power consumption. The 
modular construction of DAPTAP permits one to create 
stationary and portable devices of various modifications, 
capacities and configurations. The device is inexpensive 
and simple to operate. The microprocessor control unit 
will allow one to realize various optimal control modes 
depending upon aim of treatment and type of object. The 
working model of DAPTAP was tested at a potato-
storehouse: the losses of potatoes were reduced by 30% 
(Amelkin et al. 2000a). Similar results were obtained 
during the fruits and vegetables storage process with the 
use of a device for aeroionization treatment of agricultural 
raw materials (Muzychenko 1991). The manner of air 
treatment and devices for its realization are protected by a 
valid patent (Amelkin et al. 1998). 
 

 
 

Fig.6: A pilot model of DAPTAP portable modification. 
 
 
8 Sensors 
 
In SACME there are various sensors are to be used for 
ethanol, ethylene, ozone, and biomass concentration 
detection by various methods: selective UV absortion, 
electrochemical fuel cell method, conductance-measuring 
method, etc. 
 
 
9 The Domestic and Medical Application 

 
An alternative application of the execution device for air 
purification and aeroionizing DAPTAP is its use in 
domestic conditions and for medical purposes. A group of 
pediatricians of Kazakhstan (Skuchalina et al. 2001) 
recently reported about a constant percentage growth of 
children sick with allergic bronchial asthma and atopic 
dermatitis throughout the world. The authors pointed to 
the responsibility of the microenvironment for the 
development of allergic diseases at child age. The main 
microecological factor is multicomponent composition of 
a domestic dust containing up to 900 ticks, 520000 fungus 
cells and 26770000 microflora cells per 1 gram of dust. 
Taking this into account, a controlled living 
microenvironment forming with DAPTAP use will be 
health-giving in regard to domestic and medical 
application. 
 
 
10 Conclusions 
 
   1. The approach to SACME designing is developed: (a) 
the three-level mathematical model of microenvironment 
development; (b) the control problem’s formulation and 
solution; (c) the optimal solution analysis and construction 
of algorithms of automatic control; (d) the functional and 
parametric scheme of SACME construction; and (e) 
choice of software/hardware means for SACME 
realization. 
   2. The use of DAPTAP device as an execution device for 
microenvironment aeroionizing is offered. The effect of 
DAPTAP on a living organism (human, mammal, 
gallinaceae, vegetable, fruit, cereal, plant, fungus, 
bacterial, vegetable, insect, etc.) can be indirectly 
monitored by measuring the different integral feedback 
parameters (the maximum specific metabolic heat 
generation rate, the rate of ethanol formation, etc.). 
   3. During further development of the present work it is 
proposed: (a) to set the series of special experiments; (b) 
to finish structural and parametric identification of 
complex mathematical model; (c) to accomplish SACME 
simulation with the use of the complex mathematical 
model; and (d) to choose the software/hardware means for 
SACME realization for various control objects. 
   4. The SACMEs under development can be applied 
within the MES framework in any areas where the living 
objects placed into a limited microenvironment are used. 
   5. The SACMEs serial production organization, 
including scientific laboratory establishment and the 
conductance of experimental investigations will need 
500,000 USD of the total investments with 30 months 
repayment and 20% interest. 
 
 
 
Nomenclature 
 
Variables: 
 
CATP - concentration of  ATP, M; 
CS - concentration of active superoxide dismutase, M; 
CO - concentration of superoxide radicals, M; 
CH - protons concentration in matrix, M; 



CH
ext

 - protons concentration in intermembrane space, M; 
ϕ1, ϕ3 - electrochemical potentials of I and III complexes as 
hydrogen and oxygen electrodes of biochemical generator of 
electric current, respectively, V; 
∆ϕ - potentials difference (= ϕ3−ϕ1), V; 
PE -  by-product (ethanol for yeast case or ethylene for 
vegetables storage case) concentration in cell, M; 
Pi - inorganic phosphate concentration, M; 
pH - value of pH of matrix; 

pHext - value of pH of intermembrane space between the inner 
and outer membranes; 
ρ(t) - income of superoxide radicals from the device to 
mitochondrial matrix (control function), M/h; 
t - time, h; 
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Abstract: The aim of this paper is to simulate several levels of lifting strategies from parameters depending on 
the subject’s centre of mass movements. Usually, symmetrical lifting strategies were categorized in two major 
solutions (Chaffin and Andersson, 1991): the squat lift that mainly involves a knee flexion and the back lift that 
mainly involves hip flexions. In the literature two main indexes (Zhang et al. 2000) were introduced to evaluate 
the natural selected strategy. These indexes either did not take all the articulations into account or did not 
consider the evolution of posture depending on time. We propose a new index based on kinematic simulation 
obtained through a blending of the two extreme strategies. This work was based on the motion blending 
technique introduced in computer animation (Witkin and Popovic, 1995). To parameterise this simulation 
method, five squat lifts, five back lifts and five freestyle lifts were performed by one subject. A para sagittal 
model with five body segments was used to describe the posture of the subject. We captured the angular 
trajectories of the different lifts to abstract the natural lift movement as a blending of the two extreme strategies. 
To this end, a blending coefficient, considered as the strategy index, was introduced to minimize the set of 
control parameters of such a model. Indeed, instead of specifying a blending coefficient to each joint separately, 
we introduced a unique blending coefficient based on the displacement of the centre of mass. This choice 
enabled us to use only a force plate system to generate the inputs of our model. Hence, the angular trajectories 
could be simulated only thanks to the displacement of the centre of mass and to the blending coefficients 
identified in this paper. Our results showed a constant pattern of the angular trajectories for each joint and each 
strategy. The resulting blending coefficient remained constant for each joint during the movement. However 
depending on the joint, different values of blending coefficients were computed. For the ankle, we found that 
back lift was very attractive (the same behaviour whatever the strategy used) whereas for the knee and the 
shoulder different behaviours were found. On the opposite, the hip and the elbow trajectories were not 
influenced by the strategy. This work has potential applications in computer animation and in clinical 
biomechanics. To conclude, this approach could be applied to all kinds of movements involving a compromise 
between two extreme strategies, such as lifting. 
 
 
 
Keywords: biomedical simulation, human lifting, motion blending  
 
 
 
 
1. INTRODUCTION 

Lifting is a daily activity and its modelling is 
of interest for several areas. Several authors 
developed biomechanical models to evaluate and 
predict the effect of the weight of the load, position 
of load, body posture, or the strength capability of 
the human body on the way people lift weights. 
(Chaffin and Andersson, 1991; Hsiang et al. 1999). 

Computer animation modelled human motion 
in order to generate realistic synthetic motions. 
These models were created to avoid motion capture 
and heavy manual motion editing, more expensive 
and difficult to reemploy. Most biomechanists 
(Hsiang et al. 1999, Chaffin and Andersson, 1991) 

referred to the principle of two pure lift strategies. 
In case of back lift, leg remains in extension and 
only the hip joint, the spine and the upper limbs are 
used. Squat lift uses a flexion at the knee that 
decreases spinal constraints. Two authors presented 
indexes to quantify the strategy employed. Burgess-
Limerick and Abernethy, (1997) proposed to 
quantify lifting strategy by the ratio between the 
knee flexion and the sum of ankle, hip and lumbar 
vertebral flexion. Unfortunately this index was only 
based on two postures: the standing posture and the 
one that occurred at the beginning of the lift, when 
the weight was held. Another index (Zhang et al., 
2000) was based on leg and back velocity during 



the lift. Nevertheless this model did not include the 
arms that contributed to the lift. Another problem 
was that the index was supposed time-invariant 
which is not true.  

Kinematic simulation was widely used in 
computer animation (Multon et al. 1999). 
Especially, Frame Space Interpolation (Guo and 
Roberg, 1996) was introduced to blend four 
different angular trajectories by using interpolation 
and time-warping. Motion warping (Witkin and 
Popovic 1995) was also used to modify a reference 
motion in order to generate new behaviours. 
Nevertheless, these techniques have never been 
validated in comparison to real movements and, 
consequently, were not used in clinical 
applications.  

 
 

2. MODEL 
In our study, we used a 5-link para-sagittal 

lifting model (Chaffin and Anderson, 1991) 
currently used by ergonomists.  
Similar to Witkin and Popovic (1995), we blended 
two sequences of joint angles to create new joint 
trajectories. The blend was a straightforward 
weighted sum (considered as a time-dependant 
interpolation) of the two motion curves: 

(1) M2M1I θ*(t))(1θ*(t)θ ii αα −+=  
 where θΙ, θΜ1, and θΜ2 were respectively, the 
interpolated motion, motion one (referred to as a 
back lift strategy) and motion two (referred to as a 
squat lift strategy) and αi(t) was a normalized 
weight function depending on time. 

It was possible to compute blending 
coefficients αi(t) at each time of the trial. In the 
literature, the strategy evaluated by considering the 
initial posture may yield to large errors (Zhang et 
al., 2000). Hence, the strategy could be better 
identified in the middle-part of the movements 
while the initial and final posture may be identical. 
To avoid this problem, only the middle part of the 
trial was considered in our method to identify 
blending coefficients. 
The coefficients αi(t) were computed for each 
angular trajectory (ankle, knee, hip, shoulder, 
elbow) and for each time step: 
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The same kind of calculation αG(t) was carried-out 
for the centre of mass movements because it 
reflects the global posture of the subject: 
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, with c in {x, y, z} 
Where OG  was the centre of mass position, 

iOG was centre of mass position of the ith segment. 
mi was the mass of the ith segment, αG and αi were 
obtained the same way, by computing the 
coefficient that linked the natural posture, the pure 
back-lift posture and the pure squat-lift one. 

The two pure strategies and each natural lift 
motion engendered different centre of mass 
displacements that can be modelled according to 
equation 3. Our model was designed to be capable 
of simulating new lifting movements according to 
pre-recorded pure back lift and pure squat lift 
trajectories. The movements of the centre of mass 
depend on those of the body segments. The inverse 
kinetics problem that links the centre of mass 
position and those of the body segments 
engendered infinity of solutions because of the 
redundancy of the kinematic chain. As a first 
approximation we proposed to use a linear 
relationship between these two values, for each 
time step. To this end, we proposed to normalize 
the αi(t) values by αG(t): 
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where each variable is time-dependent. 

Given a αG and a set of predefined {αiG}, at 
each time, it was then possible to design a new 
motion by applying equation 1. To conclude with 
this part, the overall system could be depicted as in 
figure 1 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 



 
 
 
 
 
 
 
 
 
 
 
 
 

 
 

 
3. PROTOCOL 

One subject was instructed to perform back-
lifts, squat-lifts and several free-lifts. Five trials of 
each style were performed. The subject was 
instructed to avoid a twist of the trunk during the 
lift. Every lift was started and finished from/to a 
stationary imposed posture. Markers were attached 
to the anatomical landmarks closed to joint centers 
and along the spine (figure 1). Joint displacements 
were collected with a motion capture system: 
VICON (370 Oxford Metrics) cadenced at 60 Hz. 
The joint trajectories were smoothed with cubic 
splines. 

 

 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

4.RESULTS 
 Given a lifting task with predetermined starting 
and ending positions, the five angular trajectories of 
an individual lifter are usually very consistent, with 
a distinctive pattern. This kind of observation was 
reported in the literature (Zhang et al., 2000; 
Hsiang et al, 1999). Standard deviation from the 
mean trajectory was around 3-5 degrees for all 
joints. This stability of the trajectory was observed 
for each evaluated strategy (see figure 3 for the 
squat-strategy). The smoothed and averaged 
angular trajectories for the squat-strategy and the 
back strategy trials are presented in figure 4. The 
resulting blending coefficients for all the trials are 
depicted in table 1. 

 
Three kinds of behaviours were observed. Two 
articulations (knee and shoulder) behaved with a 
smooth transition between back strategy and lift 
strategy. Two articulations were not affected by the 
strategy and presented an identical shape in all 
cases (free, squat and back strategy). Finally an 
articulation (ankle) seems to be much more 
attracted by a strategy (squat lift) than the other 
(back lift).  

Simulations were computed for six different 
values of αG: 0, 0.25, 0.50, 0.75, and 1. Thanks to 
the imposed αG, αi for each joint were computed 
depending on the pre-recorded αiG. The resulting 
movements are presented in figure 5 for αG ranging 
from 0 (top of figure 5) to 1 (bottom of figure 5). 

 
 
 

Joint αi αiG 
 mean s.d. Mean 
Ankle 0.97 0.05 1.90 
Knee 0.66 0.03 1.29 
Hip 1.00 0.03 1.96 
Shoulder 0.70 0.07 1.37 
Elbow 0.0 0.2 0 
Centre of 
mass (αG)

0.51 0.1  

 

Figure 1: overview of the identification/simulation process.  
USER (αG) 

αG, and 
{αiG}identification 

Pure squat lift 

Pure back lift 

Set of natural 
lifts 

MODEL 
IDENTIFICATION 

Simulation 
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Figure 2 : position of the markers
on the subject’s body. 

Table 1 : αi , αiG , αG for the
selected joints 



 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3 : angular trajectories (in degrees) of the five selected joints for the squat-strategy,
ankle, knee, hip, shoulder and elbow, depending on time expressed as a percentage of the
total duration of the movement. 

Figure 4 : angular trajectories (in degrees) of the five selected joints (ankle, knee, hip,
shoulder and elbow) depending on time (% of the movement duration), for the three lifting
condition; back lift in solid line, squat lift in dotted line and a free lift in dashed line. 

Figure 5 : simulated movements for αG ranging from 0, top sequence, to 1, bottom sequence.



 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
5. DISCUSSION  
This paper described a new approach to simulate a 
kinematical model of lifting movements thanks to a 
biomechanical analysis of lifting. As a result to this 
analysis, a new lift index was introduced. This 
input parameter of our model was the centre of 
mass blending coefficient between a squat and a 
back strategy. Such a blending coefficient is 
interesting as it relies to a physical meaning: the 
movements of the centre of mass. In addition to the 
index, a set of parameters were identified. These 
parameters deal with the link between the centre of 
mass position and the joints configuration. A table 
contained all these data to parameterize the 
simulation model. This method and its results can 
be applied in computer animation or in clinical 
biomechanics. For this last application field, using a 
costly motion capture system is not always 
possible. The alternative is generally to use force-
plates that provides with other kinds of information 
(ground reaction forces, momentum and position of 
the centre of pressure). Consequently, it is 
necessary to define methods to use force-plates in 
order to indirectly access kinematic parameters. 
Force plate enables to evaluate the centre of mass 
displacements. Hence, our system enables to 
evaluate lifting strategy by only focusing on the 
centre of mass movements and using identified 
parameters.  

To conclude, this approach could be applied to 
all kinds of movements involving a compromise 
between two extreme strategies, such as lifting.  
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Abstract: Kinematic simulation of sport movements can be considered as an investigation tool for sport 
scientists. Nevertheless, kinematic simulation needs the specification of joint trajectories. Those trajectories can 
be modelled by control points and intermediate values can be computed with splines. So, a preliminary 
biomechanical analysis is required to model sport movements and especially to obtain the required control 
points. In addition to these control points, one has to define how the motion changes according to the situation, 
to consider these changes as inputs of the model. In handball throwing, one has to consider trajectories for all the 
joints and a set of operators that can adapt these control points to the situation: direction of the throw, ball speed, 
actions of opponents… The proposal of this study is to establish a model of handball throwing that could be 
adaptable to a maximum number of parameters, such as time of ball release, wrist position at ball release and 
throw type. The comparison of original joint trajectories obtained by motion capture with those obtained with 
such a model is encouraging. Moreover, the modification of an original movement produced trajectories that are 
closed to those obtained on real subjects placed in a similar situation. So, according to our results, this method 
looks promising to propose handball throwing simulations to sport scientists, even if only kinematics is 
considered. 
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1. INTRODUCTION 

Simulation is a good way to improve the 
technique of sport movements. Indeed computer 
simulation makes possible to validate (or not) 
investigations on human motion understanding. An 
hypothetical rule can be modelled in a computer 
module and tested in order to ensure that it 
produces coherent motions. Moreover, simulation 
gives the possibility to modify the movement in a 
larger way than real experiments do.  

Several methods have been proposed in 
computer simulation in order to model human 
motion [Multon et al, 1999]. We can subdivide 
these methods in three main families. First, 
kinematic models consist in defining a 
mathematical expression to represent trajectories as 
a function of time [Zeltzer, 1982]. These models 
require to embed biomechanical knowledge on the 
studied motion, such as the phase duration 
[Bruderlin et al, 1996] or the trajectory of the ankle 
[Boulic et al, 1990] in human locomotion. 
Additional geometric constraints are added to 
ensure realistic adaptations to the skeleton of the 
subject and to the environment [Boulic et al, 1991].  

Second, dynamics are used to ensure that the 
resulting motions verify the mechanical laws 
expressed in the Newton or Lagrangian formalism 
[Arnaldi et al, 1989]. The main problem of such a 
method is to design controllers to drive the motion 
equations. Several controllers are based on 
biomechanical knowledge on part of the motion. 
For example, maximum extensions and flexions 
angles of selected articulations (such as the knees 
and the hips) are used as objective functions to 
proportional derivative controllers [Hodgins, 1995]. 
Other controllers, such as constraint-based 
controllers [Multon et al, 1998] or those obtained 
through optimisation [van de Panne, 1994] are also 
tested. The main problems of these techniques still 
rely on the design of non-intuitive controller gains.  

Third, motion capture and motion modification 
have been widely used by computing a new motion 
in the neighbourhood of the original one [Witkin 
and Popovic, 1995]. Additional constraints, such as 
spacetime constraints [Cohen ,1992; Gleicher and 
Litwinowicz, 1998] can also be added to make one 
part of the skeleton reach a target at a specific time. 
Another technique is to design coefficients with no 



dimension to abstract motion parameters and, then, 
to simulate new motions by scaling these 
coefficients [Li, 2002].  

 
Our goal is to design a model that reacts as a 

real handball thrower does in a similar situation. 
Simulating a complete human skeleton with 
dynamics is quite impossible for such complex 
movements because of the controller gains design. 
Moreover, modifying a captured or an average 
motion generally produces realistic behaviours only 
in the closed neighbourhood of the original motion. 
As a large number of motion strategies can occur in 
handball throwing, this method seems difficult to 
apply.  

Hence, we propose to carry-out a 
biomechanical experiment to identify control points 
that seem fundamentals for every captured throws. 
As a second step, a kinematic model is designed to 
enable computer simulation of handball throws 
while respecting the fundamentals identified in the 
biomechanical experiment.  

 
 

2. DEFINITION OF THE MODEL 
2.1. Representation of the model 

We choose to model all the Cartesian 
trajectories of selected articulations involved in a 
human model composed of 30 degrees of freedom.  

The human body is composed with rigid bodies 
connected with joints (either pivots or ball-and-
socket joints).  

We choose to model the Cartesian position of 
selected points: the root placed at the middle of the 
pelvis which trajectory is described according to a 
fixed Cartesian reference frame. The sternum and 
the two shoulders are designed relatively to the 
root, both two elbows and two wrists relatively to 
their respective shoulder, both two hips relatively to 
the root, both two knees and two ankles relatively 
to their respective hip and, finally, both two toes 
relatively to their respective ankle. 

These trajectories expressed in the Cartesian 
reference frame instead of in the joint angular 
representation enable us to control parts of the 
skeleton. Indeed, motion parameters are generally 
specified in the Cartesian reference frame: position 
of the wrist at ball release, initial velocity vector of 
the ball, direction of the throw, height of the 
elbow… Modifying these trajectories is then more 
intuitive than tuning angles to release the ball at the 
required position and speed.  

Moreover, we describe the motion of a member 
extremity (such as the wrist) relatively to its 
proximal origin (such as the shoulder) to make 
motion modification easier and more intuitive. For 

example, the modification of the wrist position at 
release is easier to modify relatively to its 
respective shoulder than relatively to the root, 
especially when intermediate articulations (such as 
the trunk flexion) also change. Each trajectory is 
also normalized according to the member or the 
kinematic sub-chain it belongs to. For example, the 
trajectory of the elbow in the shoulder reference 
frame is normalized according to the arm length. As 
a consequence, it enables to scale the motion to a 
new skeleton (with a different size).  

 
2.2 Specificity of the elbows, knees and sternum 

The aim of this model is to be adaptable to a 
large set of parameters. The modification of the 
wrist trajectory must induce a modification of the 
elbow trajectory (idem for the foot. For this reason, 
the elbows, the knees and the sternum trajectories 
are obtained by using analytical inverse kinematics 
with a constraint to be as closer as possible to the 
trajectory given by the model. 

 
2.3. Mathematical modelling of the trajectories 

We use cubic splines to approximate each 
trajectory [Watt and Watt, 1992]. The cubic splines 
are designed to fit the captured trajectories with an 
imposed maximum error. Hence, control points are 
added until the error between the resulting and the 
captured trajectory gone under this imposed 
threshold.  

So to construct the splines, we need to specify 
the corresponding control points. In that case, the 
control points are represented by three parameters: 
the time, the joint coordinate on the concerned axe 
and finally, the derivative of this coordinate which 
gives the tangent of the curve at this specific time. 
To know these control points, we need to perform a 
dedicated biomechanical analysis of handball 
throwing that is done thanks to motion capture. 

 
 

3. ANALYSIS OF HANDBALL THROWING 
3.1. Experiment 

Twelve male handball players took part of this 
study. These subjects play in the French Second 
League. The players completed informed consent, 
physical information and history on their handball 
practice.  

Each subject, following warming up, threw at 
maximum velocity into a handball goal.  They 
performed: 
 4 throws with the two feet on the ground with the 
last foot strike on the right foot, 
 4 throws with the two feet on the ground with the 
last foot strike on the left foot, 



trajectories  
obtained by Mocap 

trajectories  
computed for the model 

treatment 

Figure 1: marker placement for the motion capture and trajectories required for the model.  
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External 
throw 

Middle throw 

Internal throw
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ball release 

Figure 2: definition of the category of throws
for the “upper body” 

 4 jump in throws with the last foot strike on the 
right foot, 
 4 jump in throws with the last foot strike on the 
left foot. 

For each throw, three-dimensional full body 
kinematic data are obtained at 60 Hz using an 
automatic opto-electronic motion capture system 
(Vicon, Oxford Metrics, England). Seven cameras 
are placed in a 9 m-radius circle with the centre 
being the throwing zone. Reflective, 20 mm 
diameter spherical markers are attached to each 
body segment as depicted in the left part of figure 
1. 

When occlusions occurred, the missing 
markers are calculated using the method developed 
by Ménardais et al [Ménardais et al, 2002]. The 
joint centres and the required trajectories are then 
computed using a method similar to that developed 
by Oxford Metrics in the Vicon software [Vicon, 
2003]. 

The 60 Hz kinematic data are independently 
filtered using a Butterworth second order low-pass 
filter with a 10 Hz cut-off frequency. 

 
3.2. Categories of movements for the two joint 
groups: “upper body” and “lower body” 

The analysis described above allows us to 
specify the movement of each joint. We have 
detected that the joints can be subdivided into two 
groups: the “upper body” and the “lower body”. 
The “upper body” is made up of the sternum, the 
elbow of the throwing arm, both shoulders and the 
wrist of the throwing arm. The “lower body” is 
composed of the remainder of the joints. 

With the knowledge of handball game, for each 
joint group, it is also possible to distinguish 
different main categories of movements. For the 
“lower body”, we consider if a jump occurs or not. 
For a jump, we also distinguish the motions for 
which the left or the right foot is used to jump. On 
the other hand, when the two feet are in contact 
with the ground, we distinguish if either the right or 
the left foot is in front of the body. Hence, four 
different main categories are identified.  

For the “upper body”, four different main 
throws are also identified. The criterion used to 
differentiate the categories is the position of the 
wrist relatively to the shoulder at ball release. These 

throws are the “external throw”, the “internal 
throw”, the “middle throw” and the “middle and 
high throw” as depicted in figure 2.   

 
3.3. Time-decomposition of the throws 

The whole throwing motion is subdivided into 
successive phases according to time events. For the 
“lower body”, two phases are considered: 
 the “previous phase” begins at the last foot strike 
but one and finishes at the beginning of the last 
step.  
 the “last phase” represents the last step or the 
aerial phase in case of throw with jump. This 
phase finishes with the foot strike. 

 For the “upper body”, three phases are 
considered: 
 the “arm cocking phase” starts with the 
increasing of distance between each wrist and 
ends when the shoulder begins its forward 
movement.  
 the “phase of the throw” ends at ball release. 
 the “phase of deceleration” corresponds to the 
end of the motion. 

Each phase is normalized by its duration in 
order to allow future adjustments imposed by a 
user, as an input of the simulation system. These 
phases are defined to have lots of possible 
movements. It is then possible to adjust a special 
movement only during one phase as the “arm 
cocking phase” without modify the other phases. In 
addition to the previous advantages, subdividing the 
movement into successive phases enables us to 



easily consider all the possible modifications 
locally to each phase.  

 
 

4.MODELLING OF HANDBALL THROWING 

Figure 3 : Example of control points calculated 
for the wrist during the “throw phase” of the 
“middle and high” throw. 
  
 For each phase, each group of joint and each 
category of movements, we have made 
biomechanical analysis on the movements 
performed by our subjects. We have computed 
control points for these throws for all the 
trajectories considered for our model.  
 
 

Wrist Middle Middle 
and high 

External Internal 

X axis 4 4 4 4

Y axis 6 6 6 6

Z axis 6 6 6 6
 
 
Table 1: Number of control points for the wrist 
trajectory relatively to the shoulder during the 
“throw phase” for different categories of throws. 
 
 As in the biomechanical literature [Feltner and 
Dapena, 1986], each joint trajectory follows a 
similar shape, even if each thrower has a 

personified movement. So it is yet possible to 
define common control points between the 
throwers. Consequently, we define an average 
trajectory that is a compromise of all the players’ 
styles. This average motion is also represented by 
the control points that are identified in all the 
measurements. Figure 3 gives the wrist control 
points for the throw phase of the “middle and high” 
throw. The number of control points required to 
specify the wrist trajectory during the “throw 
phase” are noted in table 1. 

 
 
5. MOTION MODIFICATION  
5.1. Trajectory modification 
 According to all the measurements, for each 
trajectory, a set of operators is identified. These 
operators are designed to enable the user to change 
high-level parameters, such as the position of the 
wrist at ball release and to calculate the 
corresponding modifications to apply to the control 
points. 
 Let us consider now the example of a change 
in the wrist position at ball release. For each 
category of throw, we have studied how the wrist 
trajectory varies according to the wrist position at 
ball release. Table 2 gives the changes of all the 
control points of the wrist trajectory depending on 
the final wrist position at ball release.  
 To this end, we modify the control points with 
the same method described for the wrist. So we 
analyse how the control points of this angular 
trajectory change according to the final orientation 
of the trunk.  
 As our model is based on the Cartesian 
trajectory of each point relatively to a father 
articulation, a two-steps process is proposed. First, 
all the Cartesian adaptations are performed to 
compute the new motion without taking the lateral 
flexion of the trunk into account. Next, the lateral 
flexion is applied to the trunk. 

 
5.2. Time modification 

As specified above, each phase of the throw is 
considered separately with its own duration.  This 
duration is normalised by the total duration of the 
whole motion. However, as the “upper body” and 

number of control 
points for this axis 

time pourcentage  

velocity  

coordinate of this 
control point  

X axis Y axis Z axis

X1f = X1i

X2f = X2i + 1/3*∆X
X3f = X3i + 2/3*∆X

X4f = X4i + ∆X

Y1f = Y1i
Y2f = Y2f + ¼*∆Y
Y3f = Y3f + ½*∆Y
Y4f = Y4f + ¾*∆Y

Y5f = Y5f + ∆Y
Y6f = Y6f + ∆Y

Z1f = Z1i
Z2f = Z2i + ¼*∆Z
Z3f = Z3i + ½*∆Z
Z4f = Z4i + ¾*∆Z

Z5f = Z5i + ∆Z
Z6f = Z6i + ∆Z

Table 2: Modification of the control points linked to the wrist trajectory where (Xji, Yji, Zji) are the jth
control point of the initial average trajectory, (Xjf, Yjf, Zjf) are the jth control point at ball release and
(∆X, ∆Y, ∆Z) are the vector coordinates that linked the desired wrist position at ball release and the
original one.



Figure 4 : Wrist X coordinate for trial 11
(X11), trial 10 (X10) obtained by motion
capture, modelled trajectory of trial 10 (X10m)
and deformed trajectory of trial 10 (X10b).  
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the “lower body” are dissociated, the specified 
duration for each throw is supposed to respect the 
synchronisation of the two parts. The analysis of 
the throw gives the mean duration of each phase 
and the synchronisation between them. 
Nevertheless, it is possible for the user to change 
these parameters.  

The initial positions of a phase are set by the 
modified final positions. So, we are sure to have a 
continuous movement even if we modify a 
parameter during a phase.  

 
 

6. RESULTS-DISCUSSION 
6.1. Validity of the model 

The model is embedded in a visualisation 
platform in which a user can specify high-level 
parameters through an interface dedicated to the 
handball application. This application enables us to 
visualise resulting motions given by the model.  
 This model needs to be validated in order to be 
used by sport scientists and coaches to test and 
improve knowledge on handball throwing. First, we 
compare the trajectories obtained by motion capture 
with the trajectories calculated by our model in 
similar situations. Figure 4 depicts that the 
modelled trajectories are very close to those 
obtained with motion capture.  
 The mathematical functions obtained by the 
movement analysis give positive results. The 
trajectories modified thanks to these mathematical 
functions on the control points are closed to theses 
measured by motion capture (see figure 4).  

 
6.2. Perspectives 
 The modification of a trajectory with a 
kinematic method can give unrealistic results even 
if the use of inverse kinematics decreases this kind 
of possible errors. Indeed, the joint limits are not 
taken into account. The specification of forbidden 
areas for each joint can restrain these errors. 

A limit of our model is due to the absence of 
the hand in our model. We know that the hand 

movement cannot be neglected but the 
understanding of the hand movements requires a 
specific study that has not been made yet. Taking 
the ball trajectory at release into account would be 
another interesting extent of our model.  

To conclude, this model could be used in a lot 
of applications including computer animation and 
sport science. For instance, this model is used in a 
virtual reality application which aim is to identify 
the parameters considered by the goalkeeper to 
react. Thanks to this model we are able to modify 
one parameter and to evaluate its influence on the 
goalkeeper’s reaction [Bideau et al, 2003]. 
Moreover, it can validate our model if the simulated 
movements engender realistic goalkeeper’s 
reactions. 

Our model is also used in the design of a new 
motion capture system. In this system, a model-
based interpolation is used to retrieve missing or 
hidden markers.  

This kind of association between simulation 
and analysis seems to be a promising tool to 
improve knowledge on human movement that is 
generally complex to analyse in real situations.  
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Abstract: Bone has well-defined structural and morphological properties, as well as cellular processes based on 
stimuli that control activity at microscopic level.  Simulations that can take into account the above and can 
operate on real bone can be used to investigate scenarios such as normal age-related loss of bone, loss of bone 
due to disuse or osteoporosis or virtual drug treatment.  The aim of this work is to define a set of simulation rules 
such that the cellular processes of bone can be modelled and used in scenarios that investigate bone remodelling 
and the effects on its mechanical properties. 
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1. INTRODUCTION 
 
Bone tissue consists of calcium hydroxyapatite 
mineral absorbed onto a collagen matrix.  
Throughout life there is a process of remodelling, 
where old bone is removed by osteoclast cells and 
new collagen fibres are laid down by osteoblast cells.  
This is under the control of physical activity and 
several hormones.  There are two types of bone 
structure, cortical and cancellous.  Cortical bone is 
predominantly solid and makes up the shafts of the 
long bones in the skeleton.  Cancellous bone has a 
porous structure made up of an array of trabecular 
bone fibres interspersed with bone marrow, and is 
found near the joint surfaces of the long bones and 
within the individual vertebrae making up the spinal 
column.  Bone grows under body forces and the 
trabecular fibres follow the principal lines of stress, 
as can be clearly seen, for example, in a cross-section 
of the hip. 
 
2. BONE PATHOPHYSIOLOGY 
 
The main responsibilities of bones are to withstand 
the mechanical forces exerted to them by muscles or 
gravity, protect the vital organs from possible 
damage, and provide a reserve of minerals such as 
calcium or phosphate to the body. 
 
Most bones are composed of a dense outer shell of 
cortical bone surrounding the central porous 
cancellous (trabecular) bone.  Cancellous bone can 
be considered to be a cellular structure, consisting of 

an interconnecting 3D network of thin bars 
(trabeculae) interspersed with marrow, connective 
tissue and blood vessels (Baron 1993), with the 
porosity of cancellous bone typically ranging from 
30% up to 95% (Gibson and Ashby 1988). 
 
From birth to maturity, healthy humans exhibit an 
increase in bone mass of about 40 times.  The peak of 
bone mass as result of growth is reached between the 
ages 20-30, and bone mass starts decreasing around 
ages 30-40, while by the age of 70 more than 30% of 
the original peak bone mass is lost.  This long-term 
bone loss is temporarily accelerated on women after 
menopause, but after a few years this acceleration 
stops.  This process of old bone replaced by new one 
is also known as bone remodeling.  The phases of the 
remodeling process are resorption, reversal, 
formation and quiescence, and last totally about 180-
200 days.  
 
The main two types of cells responsible for the 
remodeling process are osteoblasts and osteoclasts.  
Osteoblastic cells are responsible for the production 
of the material for reposition (e.g. collagen) and are 
not normally found alone, but in groups of about 
100-400, forming a bone reposition site.  On the 
other hand osteoclasts are responsible for the 
resorption of bone, and are usually found in groups 
of 1-2 or even 4-5 cells.  Such a group of similar type 
of cells is also known as a BMU, or a basic multi-
cellular unit. 
 



In bone remodeling, groups of osteoclasts firstly 
remove bone and after a reversal period, osteoblasts 
attempt to replace the same amount of bone that was 
resorbed.  If less bone was reposited there is a 
negative BMU balance, and if more bone is reposited 
there is a positive BMU balance.  If the same amount 
of bone lost is replaced, homeostasis is maintained, 
while the whole removal-reposition process occurs at 
the interface of bone with marrow.  The acceleration 
of bone loss during menopause is accredited to 
osteoclasts digging larger holes at the surface of bone 
for longer time. 
 
3. BACKGROUND 
 
Siffert et al (1996) developed a computational model 
at the tissue level to study the effects of short- and 
long-term periods of disuse osteopenia and repair to 
elucidate the interrelationships between bone mass, 
architecture, and strength.  The model is based on the 
principle that osteoclastic thinning of trabeculae and 
osteoblastic thickening is a surface occurring 
phenomenon.  The structure under consideration is a 
highly idealised rectangular mesh where half the 
horizontal trabeculae are thinner than the vertical 
ones.  In the model it is assumed that the stimulus S 
for adaptation to the mechanical loading is the local 
mechanical strain rate, according to which the 
trabecular surfaces are differentially formed and 
resorbed. Typical levels of tissue modulus have been 
determined to be around 5-8 GPa, and the study 
considers 7 GPa, while the loading history of the 
bone was assumed to be that of normal walking, at a 
frequency of 1-2 Hz.  The components of the model 
were: 

• boundary element method (computationally 
evaluates the local stresses and strains at 
each point in trabecular surface, assuming 
that the trabecular bone material is linearly 
elastic and isotropic); 

• the local adaptation criterion; 
• initial trabecular structure; 
• the applied loading regime (e.g. angular). 

The criterion that deciding if a trabecula’s width 
will increase, decrease or remain unchanged is given 
by the following step function: 
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The short-term loading regime was simulated by a 
short period of disuse and the reapplication of 
loading before any horizontal trabeculae were lost.  
Recovery was simulated by reapplying the loads until 
a new adaptation equilibrium was achieved. 
 

The long-term loading regime was simulated after a 
long enough period of disuse such that some of the 
horizontal trabeculae were lost, and the reapplication 
of loading until new adaptation equilibrium was 
achieved. 
 
t was observed that there was a significant change in 
the volume ratio of –12% for short-term and –20% 
for long-term disuse.  For the horizontal direction, 
the Young’s modulus decreased 36% and 62% for 
short and long term disuse, respectively.  The shear 
modulus reduced by 57% and 85%, and the Young’s 
modulus change in the vertical direction was 
negligible, around 2% and 3% respectively. 
 
The results of the simulation suggest that when the 
local strain rates are below resorption limits, 
trabeculae are thinned and the disuse process stops 
before trabeculae are lost, the structure remodels to a 
new equilibrium stage.  The longer the disuse period 
(>12 weeks for short-term and >20 weeks for long-
term) the more trabeculae are lost, and when the 
loading is reapplied, vertical trabeculae are 
selectively thickened than horizontal.  Additionally, 
bone growth is observed at pre-existing trabeculae, 
and as such the behaviour of the model is in 
agreement with clinical studies which show that the 
effects of long-term disuse cannot be fully reversed.  
Consequently, there is a disproportional decrease in 
the mechanical competence of long-term disused 
bone compared to short-term disused bone. 
 
The model developed by Lacy et al (1994) extended 
Reeve’s model (Reeve 1986), simulating changes in 
trabecular thickness and hence in bone volume, 
considering resorption and formation over a large 
number of remodeling sites. 
 
The model depends on a large number of 
hypothetical trabeculae subject to bone loss or 
formation.  A BMU (basic multi-cellular unit) may 
initiate bone turnover at either of the two opposing 
sites of a trabecula.  During the simulation the 
thickness can decrease, remain unchanged or 
increase, according to what point it is at in the 
simulation, until the trabecula perforates (thickness 
becomes 0) or the simulation finishes. 
 
During the simulation there is a random chance for a 
trabecula to be initiated, based on the activation 
frequency.  Each activated BMU remodels bone 
according to a series of steps, the parameters of 
which are drawn randomly from statistical 
distributions in accordance with clinical data. 
 
The parameters controlling the model are taken or 
derived from static and dynamic histomorphometric 
studies and are: 

• activation frequency; 
• final resorption depth; 



• resorption period; 
• formation period; 
• BMU balance (formation / resorption); 
• initial trabecular thickness; 

 
The trabecular thickness is drawn from a random 
number distribution, and is in agreement with Recker 
et al (1988), at 134±34.4 (SD) µm for normal 
females from 55 to 64.  The authors validate their 
model using clinical data from two 
histomorphometric studies (using Dual-energy 
Photon Absorptiometry) lasting 60 and 120 weeks 
predicting well the results of the biopsies with their 
model on both placebo and etidronate group. 
 
The simulation involved 10 runs of 1000 trabeculae 
each (hence 2000 remodeling sites).  The two most 
important simulation parameters are the activation 
frequency (increases likelihood of coincident 
activation) and resorption depth (increases likelihood 
of penetration).  The main remodeling phases 
considered were bone resorption and formation.  The 
reversal step between these two phases was not 
considered and justified by the unavailability of 
experimental data for representing reversal time. 
 
The model developed by Thomsen et al (1994) was 
based on Reeve’s model, mainly considering 
horizontal trabeculae, while attempting to be a 
treatment extension to Lacy’s model.  The model 
extends the treatment regimes, including a second 
anti-resorptive agent, estrogen, along with an 
anabolic agent, fluoride.  The thickness of each 
trabecula is taken from histomorphometric studies 
and set to approximately 135±24 µm, and totalling to 
about 600-630.  The model is based on variation of 
the activation frequency and resorption depth, and 
describes the variation in the bone mass, the average 
trabecular thickness and the number of perforations 
over an extended period of time.  The remodelling 
phases are in agreement with Frost and Eriksen, and 
are resorption, reversal, formation and quiescence. 
 
The parameters that control the model are 

• resorption period (σr); 
• reversal period (σo); 
• formation period (σf); 
• initial trabecular thickness (w); 
• resorption depth (d); 
• critical trabecular thickness (wc); 
• “static” formation balance ∆B.BMU (b); 
• activation frequency (µ); 
• number of trabeculae – the only parameter 

fixed to 628 (N) 
 
Given µ to be the activation frequency, the 
probability of starting remodelling on a trabecula 
under quiescence is given by uniformly distributed η: 
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Consequently, the number of trabeculae undergoing 
remodelling are given by 

( )N Nr r o f= ⋅ ⋅ + +η σ σ σ  (3)  
and under equilibrium, it should hold that: 
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The model simulates the remodelling process (mostly 
loss of bone) of horizontal trabecular struts in human 
vertebral body.  Linearity in time is assumed during 
the resorption and formation phases, and the 
thickness of each trabecula is drawn from a Gaussian 
random number generator (RNG) with a mean and 
variance being in accordance to clinical results.  
Lastly, an even distribution is assumed when 
selecting trabeculae for remodelling. 
 
Events such as menopause are represented by 
substituting certain parameters with newer ones and 
replacing them with original values after the end of 
the event.  Since such events do not occur from one 
day to another, the whole event is modelled as 
smaller scale events over the transition period. 
 
The remodelling process is initiated by assigning the 
resorption depth for trabeculae from a Gaussian 
RNG, and the time is also selected by a similar RNG.  
The possibility of disconnected trabeculae under 
remodelling increases when the bone becomes 
thinner than the critical trabecular thickness.  The 
later is in agreement with clinical studies which show 
that trabeculae with thickness under a certain level do 
not exist. 
 
Kinney and Ladd (1998) developed a finite element 
based model to examine the relationship between 
connectivity density and elastic modulus of 
trabecular bone, using cubic specimens prepared 
from human distal radii and L1 vertebrae using 
synchrotron microtomography.  The 3D images were 
reconstructed into binary volumes of mineralised 
bone and soft tissue.  Despite the instrument’s 
maximum spatial resolution, the data were 
reconstructed into cubic elements of average edge 20 
µm, while the true dimensions were 17.7 and 23.4 
µm for the radii and the vertebrae, respectively.  The 
final data sets used were cubic structures of about 3.5 
and 4.5 mm having 7.7 and 7.1 million elements, 
respectively. 
 
Connectivity scaling was explored by thinning and 
thickening the trabecular bone in each volume set by 
removing or adding one element each time (≈20 µm).  



Two methods were utilised to simulate bone atrophy 
or recovery.  The first method involved the 
identification and subsequent thinning (atrophy) or 
thickening (recovery) of all surface elements, without 
regard to the connectivity of the trabecular network.  
With this method trabecular connections could be 
formed or destroyed, and plates could be fenestrated 
or filled.  In the second method all the surface 
elements were removed or added subject to the 
condition that the connectivity of trabecular structure 
did not change.  With the second method bone mass 
could be removed or reposited without destroying or 
forming trabecular connections or fenestrating plates.  
Each specimen was thinned three times with each 
method, and additional data was prepared by 
thickening each specimen for five times from its fully 
atrophied condition.  Finally, the original unthinned 
volumes were thickened twice to establish 
connectivity and modulus values that could be used 
in interpolating the results. 
 
The authors note that a close inspection on the date 
sets prepared by the non connectivity-preserving 
algorithm shown several small plate perforations 
after a single thinning operation, clearly indicating 
that several plates were <40 µm thick.  Without 
connectivity preservation, the atrophy model led to 
an increase in the connectivity with decreasing 
trabecular density.  It was also observed that upon 
recovery plate fenestrations were removed while 
severely resorbed rods were not reconnected. 
 
Both thinning methods resulted in a decrease in 
elastic modulus with trabecular bone density.  In 
samples where lost connectivity was not restored, the 
original modulus for the equivalent trabecular bone 
density was also not restored.  The results have also 
shown that due to the fact that connectivity is not 
dependent of the contact area, whereas mechanical 
load transfer is, there is no functional relationship 
between connectivity and elastic modulus.  More 
importantly, a global measure of connectivity does 
not discriminate between trabeculae-like connections 
and fenestrated plates. 
 
The authors conclude that irreversible connectivity 
reduction is one of the earliest manifestations of 
estrogen loss, and that early intervention to prevent 
possibly irreversible deterioration of the trabecular 
architecture after menopause is advised. 
 
Silva and Gibson (1997) developed a two-
dimensional model of human vertebral trabecular 
bone and investigated its mechanical behaviour using 
finite element analysis.  Random reductions in the 
number and thickness of trabeculae were simulated. 
 
The two-dimensional finite element model was 
generated using a technique based on Voronoi 
diagrams.  A two-dimensional array of 20×20 points 

spaced 1×1 mm apart was generated.  The co-
ordinates of the points in the square array were 
perturbed in each direction by a random amount of 
the range -0.3 to 0.3 mm, based on a uniform 
distribution random number generator.  To create a 
model with the appropriate bone volume and degree 
of anisotropy, the Voronoi diagram (trimmed to 
approximately 17×17 cells) was scaled by 2.33 times 
in the traverse direction and 3.5 times in the 
longitudinal direction.  Each Voronoi diagram was 
then converted into a finite element mesh for its 
elastic and ultimate mechanical properties. 
 
Three “intact” finite element meshes were first 
generated and analysed.  Each mesh was generated 
using a unique list of random numbers to perturb the 
nucleation points.  Values of 0.213 and 0.153 mm 
were assigned to the trabecular thickness in the 
longitudinal and transverse directions, respectively.  
The resulting bone volume for each intact mesh was 
0.134. 
 
The sensitivity of modulus and strength to changes in 
trabecular microstructure was investigated 
independently reducing the thickness and number of 
trabeculae in each of the two directions.  Each of the 
four parameters (longitudinal thickness, longitudinal 
number, transverse thickness and transverse number) 
was by an amount necessary to produce reductions in 
bone volume of 5%, 10% and 15%, while holding the 
other tree parameters at their intact values.  
Trabecular thicknesses were reduced uniformly, 
whereas the numbers of trabeculae were reduced by 
randomly removing trabeculae from the intact 
meshes. 
 
Two additional analyses were performed, one to 
simulate aging and one to simulate a possible 
scenario for restoration of bone mass following the 
treatment of aged bone.  To simulate the aging 
process, concurrent changes in the number and 
thickness of both longitudinal and transverse 
trabeculae were made to an intact mesh.  The 
resulting mesh, with its random defects, qualitatively 
resembled the appearance of thin section of vertebral 
trabecular bone taken from old donors.  The authors 
then simulated a scenario for the restoration of bone 
mass following drug treatment of aged bone, in 
which trabecular thickness increases without changes 
in the number of trabeculae.  In this mesh of 
“treated” bone, the authors increased the thicknesses 
of the longitudinal and transverse trabeculae to 
restore bone volume to its intact value, while holding 
the number of trabeculae fixed at their aged values. 
 
The authors concluded that the modulus and strength 
of the model were at least twice as sensitive to 
random reductions in the number of trabeculae as 
compared to bone volume-equivalent, uniform 
reductions in the thickness of trabeculae.  For a case 



simulating aged bone, in which the thickness and 
number of trabeculae were reduced concurrently, the 
modulus and strength were approximately 20% of 
their values for the intact (young) case.  When a 
treatment that restores bone mass was simulated by 
increasing the thickness but not the number of 
trabeculae, the modulus and strength were increased 
by 60% and 75% respectively, compared to the aged 
case, but were still less than 40% of the values for the 
intact case. 

The strengths of the model of Silva and Gibson 
(1997) are the accurate replication of the important 
microstructural features of vertebral trabecular bone.  
Also, vertebral trabecular bone was modeled in a 
generic fashion, rather than modeling the specific 
microstructure of individual specimens of bone.  
Furthermore, in this model the trabecular 
microstructure can be varied in a controlled fashion, 
and thus the effects of independent variations in 
microstructure on mechanical properties were 
investigated. 

On the downside, the authors assumed a uniform 
thickness of trabeculae, with one value for all 
longitudinal trabeculae and a second value for all 
transverse trabeculae, not accounting for the natural 
variance in trabecular vertebral bone.  Additionally, 
had the authors reduced trabecular thickness non-
uniformly, they would probably have observed a 
greater decrease in strength for a given decrease in 
bone volume.  Furthermore, trabeculae were reduced 
randomly rather than based on any initial state of 
stress or strain or based on any initial distribution of 
trabeculae thickness.  As a result they might have 
overestimated the effects of trabecular removal on 
mechanical properties if resorption preferentially 
removes thinner and/or less heavily loaded 
trabeculae.  Finally, the two dimensional nature of 
the model did not allow direct comparisons made 
between absolute values of modulus or strength 
predicted using their model and those measured on 
bone specimens experimentally. 
 
4. SIMULATION RULES AND PARAMETERS 
 
The aim of our work was to define and develop a set 
of simulation rules and parameters that allow the 
cellular processes of bone to be modelled and used in 
scenarios that investigate bone remodelling and the 
effects on its mechanical properties.  The simulations 
are based on the concept of a basic multi-cellular unit 
(BMU).  Models are represented by a regular 2D or 
3D matrix of BMUs that correspond to either bone or 
marrow.  A set of rules controls the activity of 
BMUs, such as the type of activity (resorption or 
reposition), amount of turnover, activity based on 
external stimuli and cell mobility. 
 
The simulation ruleset operates at the microscopic 
level and is independent of the trabecular nature of 
bone.  Consequently simulations do not only consider 

uniform thinning or thickening of an artificially 
defined set of trabeculae, whilst bone activity and 
turnover is based on external mechanical stimuli.  
The parameters that control the amount of bone that 
can be resorbed or deposited are independent from 
each other and can be used to simulate natural bone 
loss, loss due disease or activity resulting from 
drug/hormone therapies. 
 
4.1 Bone Remodelling Phases 
 
Remodelling occurs on the surface of trabeculae 
(Frost 1997) with a three-stage cycle: activation, 
resorption and formation, such that the total cycle has 
a period of approximately 180-200 days.  During 
remodelling, osteoclasts are responsible for the 
resorption of bone, forming a resorption pit that is 
subsequently filled with new collagen by osteoblasts.  
Typically, an osteoclast will remove the collagen to a 
depth of about 50 µm.  The activity of osteoblasts is 
not always equal to that of osteoclasts and an 
imbalance in the osteoclastic and osteoblastic activity 
causes a net gain (+∆B.BMU) or loss of bone (-
∆B.BMU).  In osteoporosis, there is a negative 
imbalance (-∆B.BMU) in remodelling usually caused 
by both increased osteoclast resorption and decreased 
osteoblast formation. 
 
Each element in our simulations is represented by a 
square or cube of approximately 20µm.  In 
osteoporosis the actual size of -∆B.BMU is about 4 
to 5 µm.  Although the minimum size of ∆B.BMU in 
the simulation is 20 µm, having a larger sized bone 
element reduces the computational requirements by a 
factor of 25 for 2D and 125 for 3D simulations, 
without unduly affecting the validity of the model 
(Fagan et al 1999).  In the simulator, bone 
remodelling activity also occurs at the interface 
between bone and marrow. 
 
4.2 BMU Activation Algorithms 
 
The simulations start by identifying a set of elements 
to initiate resorptive or repository activity.  The 
algorithm for this stage of the simulation determines 
the maximum number of elements to be probed in the 
model matrix using an activation frequency 
(activation frequency [ ]1,0∈F ) and the total 
number of elements of the model.  Each element that 
is randomly probed using a uniform deviation 
generator (Press et al 1996) is automatically 
activated, provided it is situated at the interface 
between bone and marrow. 
 
4.3 Probabilistic Resorption And Reposition 
 
During a resorption activation, a number of 
continuous bone BMUs along a bone/marrow 
perimeter of a matrix of BMUs are resorbed and 
become marrow.  The maximum number of bone 



BMUs to be resorbed for a particular activation is 
determined by its resorption activation length 
function (Equation 5).  In similar terms, Equation (5) 
is used for repository activity as well. 

 ()randomabL ⋅+=   (5) 
 
A simulation run consists of a number of iterations N, 
where each iteration represents the remodelling that 
occurs over a period of time T.  The activation 
frequency F defines the probability that a surface 
bone/marrow element will contain an activated BMU 
during the period T.  For net resorption (net 
osteoclast activity), one or more bone elements 
become marrow, whereas for net formation (net 
osteoblast activity), one or more marrow elements 
are turned into bone.  Net osteoclast activity is 
modelled as a resorption cavity that travels across the 
bone surface, whilst net osteoblast activity is 
modelled by a formation of collagen that travels 
along the bone surface.  An activation consists of a 
channel of single elements that travels essentially in a 
straight line along a surface, whose length is 
controlled by Equation (5). 
 
The ceiling function (  K ) rounds the result of the 
enclosed expression to the nearest integer towards 
+∞.  The function ()random  provides a normally 
distributed random number between -∞ and +∞ with 
mean 0 and variance 1 (Press et al 1996).  For 
instance, constants a and b could be set to 1.8 and 6 
respectively.  Non-positive results of (5) are 
discarded, and since in 99.56% (Wonnacott and 
Wonnacott 1990) of cases [ ]3,3() +−∈random , L 
typically evaluates between 1 and 11.  However, real 
study data (Eriksen et al 1990) report mean and 
standard deviation of bone turnover and can be used 
in relation to element or voxel size to determine 
appropriate values for a and b.  Thus, constants a and 
b shift the probability distribution b units to the right 
or left and scale it by a (Law and Kelton 2000).  By 
setting a to 0, L becomes deterministic in nature, 
allowing simulations to take place where the bone 
turnover is set at specific levels. 
 
4.4 Cell Activity Control 
 
Once an element is selected for resorption or 
reposition and the length of activity determined, the 
direction of an activation channel is chosen 
randomly.  The four primary directions of travel are 
North, East, South and West (and Near and Far for 
3D simulations).  For an activated BMU, 
neighbouring elements to the N, S, E and W are 
checked.  If only one of these is available the 
probability for the channel to go in that direction is 
1.0.  When two neighbours are available the 
probability of either direction to be chosen drops to 
0.5, and decreases to 0.33 for three.  Since an 

element is considered to be on the surface when there 
is an element of the opposite type anywhere on the N, 
S, E or W of it, it is impossible to have four possible 
main directions of travel (and hence a probability of 
0.25).  The BMU activity thus attempts to progress 
the net resorption or reposition channel in this 
primary direction by L steps.  The direction taken at 
each step is either the primary direction or a direction 
that deviates ±45° from the primary direction, 
provided that the element in this direction is of the 
same type as the element that started the activity.  If 
this is not possible, a step that is ±90° from the main 
direction is attempted.  If this too fails, a step of 
±135° is attempted and as a last resort, +180°.  In 
general, when a step greater than ±45° is taken, the 
primary direction is also changed.  This prevents a 
channel from moving backwards and forwards 
between two positions and creating a “deep pit” or a 
“high hill”.  The step direction is chosen randomly 
from all possible directions with equal probability. 
 
At the end of an iteration any isolated marrow or 
bone islands are removed.  This seems reasonable, as 
it is known that unattached trabeculae are resorbed.  
Once the primary direction of a net osteoclast or 
osteoblast activation has been determined, a step of 
an activation can only be taken if one of the 
candidate elements for the step is on a bone/marrow 
surface. 
 
4.5 Relationship Of Strain And Remodelling 
 
Since bone adapts to loading conditions, bone areas 
under low strain are also preferentially resorbed and 
areas of high strain reinforced by reposition of bone.  
Areas of bone under normal strain are mostly 
unaffected by remodelling processes.  Support for 
strain-remodelling is achieved by associating strain 
with each element in the 2D/3D matrix and using that 
to initiate resorption or reposition of bone based on 
the value of strain for any particular element.  Strain 
energy density values are obtained from linear finite 
element analyses.  Low values of strain would 
primarily contribute to loss of bone (disuse) and high 
values to addition of bone (Wolff 1896).   
 
Two limits are associated with the above, where 1ε  

and 2ε  are the strain-remodelling limits.  Elements 

whose strain is less than 1ε  become potential 
candidates for resorption, whereas elements with 
strain above 2ε  become potential candidates for 
reposition of bone.  The remaining elements whose 
strain is between 1ε  and 2ε  are not considered for 
any of the two types of activation. 
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 (6) 
Where s represents the strain-energy density 
associated with a probed element in the model matrix 
and 1ε  and 2ε  are strain-adaptation limits.  Function 
(6) returns the type of activity to be initiated and can 
be osteoclastic (CL), none/no activity (N or neutral) 
and osteoblastic (BL). 

 
5. VALIDATION AND VISUALISATION 
 
5.1 Structural Morphology 
 
The analysis of the morphology of the structures 
produced by our simulations (Fagan et al 1999, 
Langton et al 1998, Langton et al 2000) allows the 
indirect validation of the simulations by comparing 
the results with the literature, and facilitates the 
investigation of scenarios such as the effects of 
structural characteristics at the trabecular level to the 
structures’ stiffness.  Algorithms were defined that 
can compute morphological indices directly from 3D, 
offering a more accurate picture than current 
approaches where some metrics are calculated on a 
per voxel-plane basis (being effectively 2D).  These 
algorithms have been incorporated into our 
simulations and are able to perform 
histomorphometric analyses on binary pixel and 
voxel maps without any user intervention (Sisias et al 
2002). 
 
The morphological indices computed are model 
independent and are derived directly in 3D using 
techniques such as volume ray-tracing.  The first 
group involves indices such as mean trabecular 
thickness, mean trabecular separation (or spacing) 
and trabecular density (or number).  The second 
group involves the computation of the star area and 
volume distribution of both bone and marrow 
elements.  The third group considers simple indices 
such as bone and marrow fraction volume, surface 
roughness and perimeter/surface area.  Other 
structural measurements involve the strain energy 
density distribution across all bone elements in a 
structure and the calculation of the structure’s 
stiffness. 

 
5.2 Interactive Visualisation 
 
Three-dimensional visualisation of trabecular bone 
and its attributes is an essential tool in understanding 
this remodelling process for cancellous bone. It 
enables the bone researcher to quickly understand the 
dynamic behaviour of remodelling, the resulting 
geometry of the bone structure and it allows 
alternative remodelling scenarios to be compared.  
Phillips et al (2003) discuss stereoscopic 

visualization of bone structures using a volume 
rendering technique based on transparency of voxels 
integrated with a reflection model.  The method the 
authors employ is more appropriate than surface 
rendering as it allows the inside of trabeculae to be 
viewed.  The volume rendering implementation is 
based on texture mapping.  It runs on a 1.1 GHz 
Athlon PC with 512 MB RAM and an NVIDIA 
GeForce 2 Ultra graphics card.  The texture mapping 
technique used is preferred to ray-casting as it is less 
computationally intensive and it provides real-time 
interactive visualization on mainstream hardware.   
 
6. APPLICATIONS 
 
Langton et al (1998) developed and applied a 
stochastic simulation of cancellous bone resorption to 
the simple two-dimensional lattice structure 
representing vertebral bone.  The study described a 
stochastic simulation of net bone resorption at a 
microscopic level, exhibiting both trabecular thinning 
and perforation.  Finite element analysis was used to 
quantify the effects of resorption on the mechanical 
properties of bone after each simulation iteration.  
The structure after each step was analysed with FEA 
with a simple compressive load, to compute the nodal 
displacements.  The relationship between relative 
stiffness and density as function of the simulation 
step was derived, along with the relationship between 
stiffness and bone porosity.  In the simulations the 
structure began to suffer from loss of vertical 
trabecular connectivity from step 3 and started to 
collapse from step 4.  By step 8 the structure totally 
lacked connectivity and mechanical integrity.  
Relative stiffness decreased more rapidly than 
density.  Consequently the stiffness decreased faster 
than porosity for the first few steps and levelled to 
zero for the final steps as the structure lost 
connectivity and collapsed. 
 
Fagan et al (1999) investigated the effects of mesh 
density and model size to the simulations of Langton 
et al (1998).  Structures with 50% less and 50% more 
elements for both horizontal and vertical trabeculae 
than the structure of Langton et al (1998) were 
created.  These were subsequently subjected to the 
same loading conditions as above and the results of 
their finite element analyses compared to those from 
the previous experiments.  Furthermore the effect of 
model size was examined by setting the number of 
trabeculae to 3×3 and 9×9.  As in the previous 
experiments, simulations were repeated five times 
with each of the models. 
 
Langton et al (2000) used a simplistic symmetric 
lattice structure consisting of 5×5 trabeculae with 
constant width and intertrabecular spacing to 
stochastically resorb and rebuild bone until the 
structure’s original stiffness was regained.  The 
structure was resorbed using an activation frequency 



of 0.05 (5%) and the activation length function L of 
Section 4.  Constants a and b were set to 1.8 and 6, 
respectively.  At the 95th percentile, L was 120±70.6 
µm at 20 µm resolution.  Resorptive activity was 
continued until nominal resorptions of approximately 
10%, 15%, 20%, 25% and 30% below the original 
density were achieved.  The simulation was then 
modified to create an anabolic effect (with the same 
parameters as above) where bone elements were 
added at the bone-marrow interface stochastically, 
providing a rate of net formation (+∆B.BMU).  The 
simulation of anabolic treatment was applied at the 
resorbed structures until the original stiffness had 
been regained.  The simulations were repeated three 
times for each of the nominal resorptions.  The 
simulations started with the intact structures, at a 
relative density and stiffness of 1.0.  The stochastic 
simulation reduced density to the various levels.  At 
that point anabolic treatment was simulated, until 
original density and stiffness were reached.  
Although original density was eventually reached, 
stiffness was not totally restored.  Restoration of 
stiffness required density to increase to levels above 
100%, especially for the most severely depleted 
structure (at 30%). 

 
7. Discussion And Conclusions 
 
The various models described address the issues of 
normal or hormonally affected bone growth, loss or 
adaptation from different and concentrated 
perspectives.   Some models consider structural 
characteristics of cancellous bone such as trabecular 
network, whereas others target bone simulation at the 
microscopic level, such as multi-cellular units of a 
few µm in size.  Models based on structural 
characteristics mainly tend to simulate the behaviour 
of large sections of bone, based on statistical data 
obtained from clinical studies.  On the other hand 
models that operate on the microscopic level try to 
closely represent the small simulated structures and 
consider the activity of individual or groups of cells. 
 
Model validations tend to present difficulties.  The 
results obtained from statistically based simulations 
are compared to clinical studies, and mainly consider 
normal or hormonally affected bone loss or growth.  
Similarly the results obtained from microscopic 
simulations are related to real bone samples taken 
from biopsies of normal or osteoporotic patients of 
either sexes or women only when simulating the 
effects of menopause.  Although the later simulations 
are generally aimed to be more accurate, they suffer 
from the fact that once bone is taken from a human, 
growth is non existent, either the sample was taken 
postmortem or growth stopped after the biopsy.  
Additionally, biopsies from live human give very 
small samples, are invasive and cannot supply a 
second sample from the same region as the original 
after the end of treatment or menopause.  More 

importantly, mainly due to high radiation levels, 
samples might be impossible to take non-invasively 
from live subjects. 
 
Microscopic simulations, although more accurate, 
tend to suffer from the high number of elements of 
the models and the cellular processes and finite 
element analyses considered on every element.  Once 
technological restrictions relax, it should be possible 
to simulate the activity of cells on fine resolution 
voxel-based data sets, taking under consideration 
stochastic factors and bone adaptation.  However, 
algorithmic efficiency in terms of storage and 
operations can play a decisive role in the size of 
structures and complexity of rules that can be 
employed.  In terms of software development, 
though, more exotic solutions to projects pose 
restrictions in the availability of methods to be 
employed, particularly for finite element analyses. 
 
The methods outlined are versatile in terms of the 
scenarios that can be investigated.  As the scenarios 
increase in complexity and size, it becomes necessary 
to consider significant revisions of the underlying 
software to accommodate new modes of operation.  
As the software grows in size (presently the entire 
simulator suite is about 70 KLOC) alterations are 
more difficult to implement and test. 
 
In comparison to the models reviews, the simulation 
ruleset outlined operates at the microscopic level and 
is independent of the trabecular nature of bone.  
Consequently simulations do not only consider 
uniform thinning or thickening of an artificially 
defined set of trabeculae, whilst bone activity and 
turnover is based on external mechanical stimuli.  
The parameters that control the amount of bone that 
can be resorbed or deposited are independent from 
each other and can be used to simulate natural bone 
loss, loss due disease or activity resulting from 
drug/hormone therapies.  However, this versatility 
comes at a cost, as it is computationally expensive 
and causes the manifestation of the usual problems 
associated with microscopic simulations. 
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Abstract: In this paper, explicit expressions for the Scattering Amplitude elements of spherically symmetric inhomo-
geneous particles using the modified RDG approximation (mRDG) are derived. Computer simulation algorithms have
been developed for the calculation of Scattered Light Intensity (full and backscattering) from a multi-layered sphere
with an arbitrary number of layers. All quantities are estimated within the biological cell domain and in particular that
of prokaryote. We have extended a previously proposed size distribution to account for the evident size asymmetry in
nature. Simulation results show that the proposed model’s rapid calculations are comparable in performance with that
of Mie or RDG models. Finally, to the best of our knowledge, the included relative error study between these theories
and for n-layered spheres is the first to appear.
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1 INTRODUCTION

Light scattering measurements and in particular multi-
angle (laser) light scattering has been of great in-
terest in many fields of microscopic characterisa-
tion. In particular it has been indicated that laser
scattering techniques will play a significant role
in partial identification [Newman 1987], characteri-
sation [Van de Merwe et.al. 1997] and clinical exam-
ination [Mourant et.al. 1998] of bacteriological sam-
ples. Optical data obtained from a circular array
of photo detectors are usually interpreted by means
of the Rayleigh-Gans-Debye (RDG) approximation
[Wyatt 1993] or Mie theory homogeneous models,
even though other theories have been developed (e.g.
[Draine and Flatau 1994]).

However, most prokaryotic cells are of a complex
makeup. In general the cell presents a structure that
consists mainly of the cell wall, the plasma or cytoplas-
mic membrane, the cytoplasm and the nucleoid. Other
morphological characteristics may also appear such as
a slime layer (capsule) outside the cell wall or inclu-
sions within the cell’s cytoplasm (e.g. spores, granules).
Therefore, in order to generate a more accurate repre-
sentation of the cell, one would model it as having var-
ious compartments within its volume and within these
compartments the refractive index is different from that
of the surrounding objects. In cells where the overall
morphology is that of a sphere (cocci), or if we allow for
an approximate representative spherical model and for
non-symmetric particles, each of the structures internal
or external to the plasma membrane can be modelled as
a different layer in ann-layered spherically symmetric
inhomogeneous particle.

Biological particles, including bacteria, contain weakly
scattering material, mainly because most of their
bodies contain a high percentage (70% to 86%)
[Schlegel 1997] of water. This alone supports the use of
RDG. However conditions underlined in this approxi-
mation pose size restrictions and possible rise in the rel-
ative error. To accommodate for this, in [Shimizu 1983]
an extension of RDG has been provided, also known as
mRDG. In [Sloot and Fidgor 1986] this approximation
has been generalised to a two-layered spherical parti-
cle and successfully applied for predictions in nucleated
blood cells, but with no consideration of size variations
in cell populations.

In this paper we extend the theory of mRDG to a spheri-
cally symmetrical particle/cell with an arbitrary number
of layers and corresponding relative refractive indices.
Population variations in size have also been accounted
for and for asymmetry (positive or negative skewness
of a size distribution) in nature. Intensity expression
for the latter is provided within. Finally, from previ-
ous studies [Wyatt 1973, Volkov and Kovach 1990] we
advocate the use of mRDG for biological, prokaryotic
cells and provide a comparison of mRDG and Mie de-
rived models for then-layered sphere.

2 THE n-LAYERED SPHERE
MODEL

As previously mentioned we consider the case of a
spherical model for the prokaryotic cell as an inhomo-
geneous particle consisting of a multi-layered sphere
with an arbitrary refractive index within each layer.



Suppose that there aren layers, such that theith layer
has outer radiusri and relative refractive indexmi.
Thus for a radially changingm(r),

m(r) =


m1, r ∈ (0, r1]
m2, r ∈ (r1, r2]

...
mn, r ∈ (rn−1, rn]

(1)

It is known [Bohren and Huffman 1998] that in the
RDG regime the scattering amplitudeS of a cell of vol-
umeV at scattering angleθ and for perpendicular polar-
isation to the scattering plane (and hence the subscript
⊥ in S⊥ below) can be expressed as follows:

S⊥(θ) =
k3

2π

∫
V

(m(r) − 1) exp

(
2kr sin

θ

2

)
dV (2)

In Equation 2,S⊥(θ) is a complex number and de-
notes

√
−1, whilst k is the propagation constant in the

water medium(k = 2π/λ, whereλ is the wavelength
of the incident light). For a spherical cell, the integrand
in Equation 2, in polar coordinates, depends only on the
distancer from the origin, and consequently the triple
integral can be replaced by a single integral, with the
volume elementdV = 4πr2dr. We have:

S⊥(θ) = 2k3

∫ rn

0
r2(m(r) − 1) exp

(
2kr sin

θ

2

)
dr (3)

In the RDG approximation it is assumed that the ap-
plied field inside the particle equals that in the medium.
Hence, the propagation constant in and out of the par-
ticle’s region is unchanged. Shimizu [1983] has ex-
tended the RDG by altering the propagation constant to
accommodate for the contributions resulting from the
field inside the particle. As a result, within the phase
lag expression the particle’s refractive index is taken
into account so that nowk is replaced bykm(r). With
hindsight and using the method of slices [Wyatt 1973]
Equation 3 is replaced by

S⊥(θ) = 2k3

∫ rn

0
r2(m(r) − 1)

sin
(
2km(r)r sin θ

2

)
2km(r)r sin θ

2

dr (4)

Evaluating Equation 4 in the regionr ∈ [0, rn] and us-
ing Equation 1 we now get

S⊥(θ) = 2k3

(m1 − 1)

∫ r1

0
r
sin
(
2km1r sin θ

2

)
2km1 sin θ

2

dr + · · ·

+ (mn − 1)

∫ rn

rn−1

r
sin
(
2kmnr sin θ

2

)
2kmn sin θ

2

dr



resulting in

|S⊥(θ)| = k3
√

2π

(
K1,1J3/2(2km1r1 sin

θ

2
) + · · ·

+(Kn,nJ3/2(2kmnrn sin
θ

2
)−

−Kn,n−1J3/2(2kmnrn−1 sin
θ

2
))

)
(5)

whereJ3/2 is the Bessel function of order32 , we write
r0 = 0, and, fori, ` ∈ N,

Ki,` = (mi − 1)

√√√√( r`

2kmi sin θ
2

)3

(6)

For a more compact model we write

Gi,`(θ) = J3/2(2kmir` sin
θ

2
) (7)

so that Equation 5 now becomes

|S⊥(θ)| = k3
√

2π

n∑
i=1

(Ki,iGi,i(θ) − Ki,i−1Gi,i−1(θ)) (8)

bearing in mind thatKi,0 = Gi,0 = 0. The expression
in Equations 6, 7 and 8 predicts amplitude of light scat-
tered from a single cell and it is then-layered sphere
extension model. It can be applied to any population
of n-layered spheres and would lead to better approxi-
mations of light scattered phenomenon on real cells by
simulated models. In effect its physical meaning cor-
responds to the fact that a cell ofn layers will scatter
light proportional to the sum ofn homogeneous spheres
of correspondingrn andmn, by subtraction of contri-
butions arising from the(n− 1) homogeneous spheres
of correspondingrn−1 but having the same refractive
index, that ismn.

This generalised expression correctly predicts the ef-
fect of removing layers. Puttingmk−1 = mk will
result in a multi-layered sphere where the(k − 1)th
layer will disappear. This is true since the previous
(k− 1)th andkth layers will merge to a new layer with
mnew = mk = mk−1, of thickness1 tnew such that
tnew = tk + tk−1. Furthermore, ifmk = 1 then thekth

layer becomes redundant, which is true since this layer
becomes transparent to incoming light and as such does
not contribute to the scattering amplitude.

The light intensity from such a cell, and for perpendic-
ular incident polarisation, can be expressed in terms of
S⊥ using the following expression:

I(θ) =
I0

2(kr)2
|S⊥(θ)|2 (9)

wherer = rn is the overall radius of the spherical cell
andI0 is the intensity of the incident light.

1Note that, for example,tk = rk − rk−1



3 SINGLET POPULATION

For cells that appear alone, that is, where there is no
binding of cells together, and for low densities so that
multiple scattering is avoided, the average scattering
pattern can be calculated using a size distribution. The
term “size” in the current context should be interpreted
as the radius of the cell, but in general would be thought
of as the length of the minor or major axis of an ellip-
soid form (e.g. rod like cells). The cell size is denoted
by s. We use a probability density functionP (s) for the
size, and assume that we haveN size ranges with mid-
pointss1, s2, . . . , sN . The relative frequencies of the
cell samples in the ranges are approximated by the den-
sity function at the mid-points, so that the mean light
intensity at scattering angleθ is given by

〈I(θ)〉 =

N∑
i=1

I(θ)cr=siP (si)

N∑
i=1

P (si)

(10)

Multiple scattering is a problem that cannot be ad-
dressed using Equation 10. However, Equations 6–8 are
used for modelling an aggregate’s discrete scattering el-
ements of any bounded configuration with no multiple
scattering.
Often a Gaussian distribution of cell sizes is assumed.
However, the normal distribution has long tails, which
is rather unrealistic since, in the bacteria domain, sizes
do not exceed a specific range. Moreover, from a va-
riety of sources of variability, usually only a few are
dominant. This results in a positively or negatively
skewed distribution, which does not resemble the famil-
iar Gaussian symmetry. Consequently, we have adopted
a distribution first proposed in [Wyatt 1973], but here
we have allowed forκ in Equation 12 to be assigned
independently at the left and right of the mode. The
density function is proportional to

P (s) =

{
(1 − z2)4 for z ∈ [−1, 1]
0 for z /∈ [−1, 1]

(11)

where

z =

{
1.084(s − s0)/(κlefts0) for s ≤ s0

1.084(s − s0)/(κrights0) for s > s0
(12)

The spread of the distribution is dictated by the con-
stantκ which is assigned independently at the left and
right of the modes0, resulting in an asymmetric dis-
tribution that avoids long tails. It should be evident
that for κleft = κright the distribution is symmetric
and s0 becomes the mean; whilstκ is approximately
equal to3σ̂/s0 with σ̂ being the variability measure
(standard deviation) of the symmetric distribution. It
is known that in any non-synchronised culture and in
nature we expect a variation in size of at least 30%
(κleft + κright ≥ 0.30). The latter applies not only
to singlet spheres but also to any other configuration of
cocci bacteria.

4 SIMULATION RESULTS

Bacteria sizes vary considerably, from half micrometer
up to several micrometers. In particular, cocci (spheri-
cal morphology) would be said to have a radiusr within
the range0.5µm ≤ r ≤ 1.2µm with a few exceptions
such asSarcina ventriculiwith a4µm radius and spore
inclusions. In scattering experiments, cells are usually
suspended in water based media and so the relative re-
fractive indexm is close to unity and the cytoplasm’s
refractive index value is close to 1.35, resulting in a
selected range form in the studies reported here as
1 < m < 1.3.

Following the criteria set by [Hoekstra and Sloot 2000],
we present a relative error study for values of rela-
tive refractive index and radius as discussed. However,
since we are dealing with multiple layers, the examina-
tion of single particle scattering is introduced in more
detail. Hence, for each cell size defined by an overall
radius, the thickness of each layer is defined by the use
of uniform random numbers. The relative error is es-
timated over an average ofR runs, where for each run
a corresponding random relative refractive index value
has been provided within the range of interest. In the
analysis, only the average refractive indexm of the cell
is illustrated for each value of radiusr.

The error metricER is equivalent to [Hoekstra and
Sloot 2000] but here we examine the light scattering
intensity as opposed to the phase matrix relations. In
particular, the error is a measure of the difference be-
tween intensities estimated by Mie and mRDG models
and is normalised as:

ER =

N∑
i=0

|logIMie(i∆θ) − logImRDG(i∆θ)|

(N + 1)(logIMie(0) − logIMie(θo))
(13)

The values used in the simulations wereN = 91, R =
30 and∆θ = π/N . Moreover, at a scattering angleθo

the light intensity of the Mie scattering function (IMie)
is at minimum. Figure 1 depicts typical light intensity
patterns for the Mie and mRDG models which are the
basis for error evaluation through Equation 13.

Many authors including [Hoekstra and Sloot 2000]
have concluded that for a homogeneous sphere the
mRDG model covers a significant part of the domain;
particularly if one allows for error of12% as compared
to Mie scattering. However, we have found that in
the case of multi-layered spheres this relative differ-
ence doubles. In particular, Figure 2 depicts the error
map between Mie scattering model and mRDG for two
layer spheres. The gray scale represents the average
relative error from0% (white) to33% (black). Gener-
ally speaking, in Figure 2 the error does not exceed the
limit of approximately23%, even though small areas of
33% do appear. The latter can be verified by consulting



Figure 1: Layered mRDG and Mie light scattering pat-
terns for a two layer concentric sphere.

Figure 2:n = 2. Error map between mRDG and Mie
scattering for a two layer spherical model.

Figure 3: Error histogram for a two layered sphere.

the error histogram of Figure 3 which shows that most
difference between the two models lie between 15 and
23%. This error or difference is consistent throughout
the two models either for 2, 3, 4 or 5 layers. The mRDG
model is, in fact, just an alternative representation for
Mie scattering in this context. Moreover, if one con-
siders that Mie algorithms are at least100 times slower
(or more depending on programming skills), as opposed
to their RDG or mRDG counterparts, there are signif-
icant advantages in using the alternative representation
of mRDG model as proposed here.

In Figures 4 to 6 it must be emphasized that as the
number of layers increases the maximum relative er-
ror margin slightly shifts towards higherr values and
covering a largerm value margin. As a matter of fact
[Volkov and Kovach 1990] state that for near index par-
ticles (high water content) the key factor in the Mie
scattering behaviour is the thickness of the layers. As
such, it may seem rather surprising that the relative er-
ror increases not due to ther values but due to the av-
erage refractive index as it is evident in Figure 5. This
may mean that Mie theory is not particularly sensitive
to changes in refractive index for larger values of radius.
This indeed may have given rise to the relative error not
attributed to the mRDG approximation. Returning to
the earlier rare example ofSarcina ventriculi, in an ex-
periment ofr = 4µm and for variousm values, the
average relative error was found to be in the region of
3 to 27%; with the latter arising asm → 1.3. Finally,
within the domain of Prokaryotic cells such largem-
values are rarely found and, as such, the use of mRDG
model as proposed here is justified.

Testing the relative error of bacteria populations, as in-
troduced in Section 3, has been performed using the
same procedure. The population analysis yields very
similar results and so further illustrations are not in-
cluded. We must however highlight the fact that as the
spread of the size distribution increases the relative er-
ror remains within the same margins. Therefore, the
apparent smoothing of sharp maxima (or minima) in
the scattering intensity does not indicate degradation in
performance of then-layer mRDG model.

5 CONCLUSIONS

In this paper we have derived a new model for the multi-
layer sphere problem based on the mRDG approxima-
tion and used it to simulate light scattering phenomena
in bacteria cells. In order to assess the performance
of the model, computer algorithms were developed in
Matlab and compared with the equivalent Mie scatter-
ing model. An error parameter was defined based on
a measure of the difference between Mie and mRDG
scattering. All simulations have been conducted using
sizes and refractive indices in accordance with values
found in bacteria cells.



Figure 4:n = 3. Error map between mRDG and Mie
scattering for a three layer spherical model.

Figure 5:n = 4. Error map between mRDG and Mie
scattering for a four layer spherical model.

Figure 6: n = 5. Error map for a five layer spherical
model between mRDG and Mie scattering

It appears that the difference between the two models is
at its maximum at about25%. We have used the term
relative error, which does not necessarily portray the
expected error under true experimental conditions. In
particular, one has to bear in mind the much faster com-
putation of the mRDG models as opposed to the Mie
equivalents. This can be explained as follows. Calling
t the number of terms to be calculated in the Mie se-
ries andn the number of layers, andlmie the scattering
coefficients, there would be a minimum of(lmient) cal-
culations. The equivalent number for mRDG scattering
would be(lmrdg(2n − 1)). In our implementation of
both models on the same platform, Mie models were at
least100 times slower than the RDG or mRDG coun-
terparts. As a result, for real time or time critical ap-
plications the mRDG approximation is expected to be
favoured over other more complex theories.

The consistency of errors throughout the two models
indicate that the mRDG is a convenient alternative rep-
resentation for light scattering phenomena and its supe-
rior computational performance brings obvious advan-
tages to cell characterisation.

Further research include relative error studies with
other theories that can be applied in the domain of in-
terest such as Anomalous Diffraction scattering (AD)
and variants of this approach, higher order RDG, Dis-
crete Dipole Approximation (DDA) and Physical Op-
tics (PO) to name just a few. The most important fur-
ther development of this work would be the generation
of true scattering patterns from benchmark prokaryotic
cells, and consequently, compare the mRDG, AD and
PO calculations with rigorous numerical methods such
as the DDA. Research is underway and will be reported
in the near future.
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Abstract: An Agent-Based model of speciation in cichlid fish has been implemented. When run, this generates 
large amounts of trace data in which speciation is an implicit, near unobservable, processes. Fuzzy C-Means 
Clustering is used to identify species extant at the end of simulation, and the power set of these species is the 
potential set of ancestral species. Membership values for all fish in each of these theoretical ancestral species are 
calculated, and total set membership for each of these species is plotted against time. The resulting graph is to be 
a clear visualisation of the process of speciation, and the appearance and disappearance of intermediate species.  
Our approach allows  the visualisation of speciation resulting in larger numbers of final species than was 
possible using previous techniques based on measuring correlations between explicit properties of modeled 
organisms, and is also unaffected by changes to the properties used to model fish. 
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1. INTRODUCTION 
 
The Cichlid fish are one of the great mysteries of 
evolution [Barlow, 2000]. In Lake Victoria, 
hundreds of species of Cichlid have evolved from 
one or two ancestors in approximately 14,000 years 
[Seehausen, 2002]. In the tiny crater lake Barombi-
Mbo, Cichlid fish have speciated despite any 
observable physical separation between populations 
[Schliewen, Tautz, & Pääbo, 1994].  
 
Computer models investigating plausible 
hypotheses for speciation in Cichlids [Turner & 
Burrows, 995; Lande, Seehausen, & van Alpen, 
2001], and sympatric (without physical barriers) 
speciation [e.g. Kondrashov & Kondrashov, 1999] 
have concentrated on the division of one species 
into two. In such models speciation can be observed 
by manual viewing of individual (modelled) fish, or 
by measuring emergent correlation between two 
fish properties (such as colour and female 
preference) using a simple measure such as 
Pearson's correlation coefficient [e.g. Kondrashov 
& Kondrashov, 1999] or by graphing explicit 
numerical characteristics of individuals [van Doorn 
& Weissing, 1999]. In such small-scale simulations, 
simple measures lead to an easily understood 
visualisation showing that speciation has occurred, 
and a simple trace of the process of speciation. 
These methods are not suitable for simulation of the 
evolution of large species flocks from single (or a 
few) ancestors as detailed information about the 
number, and timing, of speciation events is not 
revealed. This is unfortunate as the true mystery of 
Cichlid evolution is exactly how these species 
flocks arise. 
 

A large scale agent based simulation has been built 
for the investigation of simulations of Cichlid 
speciation [Clement, in prep]. This systems 
includes environments that are less abstract than 
previous simulations, and which are designed to 
model the environment and characteristics of Lake 
Victoria rock-living Cichlids. The system allows 
very flexible creation of models, with agents used 
to model fish, and properties of the environment 
such as food sources. The shoreline of Lake 
Victoria, where rocky regions are separated by 
sandy, or muddy, regions where rock Cichlids are 
not found [Seehausen, 1996]. In the simulation 
system, this is modelled by multiple agent arenas 
(representing individual rocky reefs), with the 
(parameterised) possibility of fish migrating 
between these reefs. With a sufficient number of 
sufficiently different types of food sources, large 
numbers of species arise in the simulation. 
However, as the number of species rises, it quickly 
becomes impossible to manually extract objective 
traces of the number and histories of species. This 
is made more difficult by the generality of the 
simulation system itself. Fish can be designed using 
a number of different modelling methods, including 
the choice of directly modelling numerical 
phenotypes, or using genetic based models with 
loci, alleles, and genetic linkage. Hence any general 
method for tracing species must be independent of 
fish properties. 
 
Our agent based simulation is most similar to agent 
based simulations used in Ecology [e.g. Ginot, Le 
Page, & Souissi, 2002] except that our aim is to 
understand Cichlid fish speciation, rather than the 
ecology of the lakes. However, it is extremely 
unlikely that speciation can be understood (or even 



has much meaning) without a detailed 
understanding, and modelling, of the underlying 
ecology of the fish. 
 
There is no general agreement in Biology as to 
what a species is. Popular definitions of species as 
being groups capable of interbreeding, but not 
being capable of interbreeding with organisms 
outside the group are not applicable to natural 
systems such as Cichlid flocks. Hence a large 
number of species concepts have been developed 
[e.g. Paterson, 1993; Futayama, 1998]. Different 
from observations of natural systems, simulations 
allow the reproductive history of a fish to be traced 
both forwards and backwards in time, for as many 
generations as the simulation is run. Hence, in this 
work we adopt a new species concept. Two fish of 
the same species are likely to have common 
descendants many generations on, and common 
ancestors many generations back. The research 
reported in this paper describes the use of Fuzzy 
methods for the tracking of the emergence and 
disappearance of species during simulations 
according to this species concept. 
 
2. METHODS 
 
The data visualisation [e.g. Fayyad et al, 2002] 
method described in this paper is run independently 
of the simulation program. A simulation is 
performed by building a model, which includes a 
definition of the number of agent arenas and then 
the assignment of agents (both fish, and 
environmental agents such as food sources) to 
arenas. Both arenas and agents typically have large 
numbers of parameters, including frequently 
building agents by selection of building blocks. The 
simulation is then run for a predefined time period, 
and a trace of the simulation is saved on disk. As 
well as other information, this simulation includes 
records of all fish born, and their parents. Hence the 
exact ancestral history of any fish is known. 
 
In order to visualise speciation, we first need to 
establish the number, and membership of species in 
the end-state of the simulation. There is no explicit 
species marker, and hence species groups need to 
be discovered from implicit patterns in the final 
population. In biology, species concepts 
(descriptions of what is and is not a species) is a 
highly contentious issue, and there is no general 
agreement on how a species should be defined. In 
this work, we use two separate species concepts. 
First, fish from the same species are likely to share 
common ancestors over (relatively) recent times, 
while those in different species will only share 
ancestors at much earlier times. Secondly, if we 
observe fish breeding, then the two fish breeding 
are likely to be of the same species. 
 

To obtain the number and memberships of final 
species groups a critical time period is chosen (by 
the user, typically about 2000 time steps – each step 
being roughly equivalent to a week) back from the 
end of the simulation. All fish from this critical 
time period which have surviving descendants are 
found. A binary vector is created for each surviving 
(at the end of simulation) fish, with a bit for each 
potential ancestor at the critical time period. This 
bit is set to 1 for potential ancestors which are 
actually an ancestor for some fish F, and 0 if the 
potential ancestor is not actually an ancestor E.g. if 
we had eight potential ancestors at the critical time 
period, and a particular fish F was descended from 
potential ancestors 0, 2, and 7, then F's vector is: 
 
 vector(F) = 10100001  
 
These vectors are then clustered by Fuzzy C-Means 
Clustering (Bezdek, 1981). As the exact number of 
species is not known, clusterings are attempted 
from a (parameterised) minimum species number, 
up to a maximum species number. The first 
clustering where the sum of Euclidean distances 
between each vector and the set centres falls to less 
than 1.0 is taken as the correct speciation for this 
set of fish. The set of these (fuzzy set) final species 
is referred to as Final={A, B, C, ...}.  
 
The next step is to discover the speciation history 
that lead to these species (e.g. A, B, and C) being 
present in the final steady state (which occurs in 
simulations, though is unlikely to happen in real 
life). To do this we first propose a set of potential 
ancestral species, which may have existed during 
speciation. If the set of initial species is S, then the 
set of potential species that may have occurred 
during speciation is the power set S*. E.g. if 
Final={A,B,C}, then S*={ {}, {A}, 
{B},{A,B},{C},{A,C},{B,C},{A,B,C}}. A set such as 
{A,B} represents a species that was the ancestor of 
final species A and B, but was not an ancestor of C. 
{} represents a species that was not an ancestor of 
any final species (i.e. “any other” species), and {B} 
represents the final species B itself. 
 
It is impossible to apply crisp species labels to fish 
in the process of speciation. At some point in the 
simulation, the species {A,B} will exist, and at some 
later point, this species may be absent, and the 
species {A}, and {B} will be present, but this is not 
an instantaneous event. Speciation is a process 
which takes time, and the aim of this research is to 
visualise this process. To track the history of 
species, we then define a method of calculating the 
(fuzzy) membership of each fish in each species, 
and then track the total sizes of these sets over time. 
This allows us to plot the history of species 
(represented by fuzzy sets) without having to assign 
crisp species labels to individual fish. 



 
After fuzzy clustering, only fish alive at the end of 
the simulation have defined species membership. 
And, these are only memberships in the final 
species (e.g. {A}, {B}, and {C}), not the power set 
of potential ancestral species. Fish from earlier 
times are labelled by summing the membership 
weights of all their descendants, and then 
normalising these weights so that the largest such 
weight is 1.0). E.g. a fish F that has 27.7 A 
descendants, 35.7 B descendants, and 0.3 C 
descendants is given weights wA(F)=0.776, 
wB(F)=1.0, wC(F)=0.008.  
 
To find set memberships of all fish in all potential 
ancestral species, the following calculation is 
performed. This calculates the membership of one 
fish in one potential ancestral species. 
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This calculation is based on the assumptions that 
the set of potential ancestors is an exhaustive set, 
and that all species are mutually exclusive. 
 
Speciation is then observed by tracking two 
properties over time. First the total membership of 
each potential ancestral species is tracked over 
time. Secondly for each breeding where at least one 
descendant survived, a 'characteristic' species 
footprint of this breeding is generated by averaging 
the weights of the mother and father, and mapping 
this onto membership of the potential ancestral 
species using (1). 
 
3. RESULTS 
 
Results have been good in the sense that a reliable 
and repeatable (across different trials) method for 
tracking speciation has been created. The initial 
clustering into species is particularly reliable, 
usually resulting in clusters of fish which have 
identical ancestor sets at the critical time period, 
without ancestors being shared by any fish assigned 
to different species. The following two graphs show 
the visualisation of speciation in two different 
cases. Figure 1 shows speciation in a system with 
two different food sources sufficiently different to 
motivate speciation into two distinct species. Figure 
2 shows speciation in the case of three sufficiently 
different food sources, and the emergence of three 
species. 
 
In both cases, speciation appears more or less static 
for quite some time, before ancestral species 
disappear fairly suddenly. In the three species case, 
speciation was much faster than in the two species 
case. However, small changes to parameters of the 
model caused large differences in the speed, and 

result of speciation. Hence, no conclusions can 
currently be made from this until far more is known 
about the factors that lead to speciation. 
 
 

 

Figure 1a: Two-Species Individuals 
 

 

Figure 1b: Two-Species Breedings 
 

 



Figure 2a: Three-Species Individuals 
 

 

 
Figure 2b: Three-Species Breeding 

 
 
 
 
4. CONCLUSIONS AND FUTURE WORK 
 
The results show both clarity, and are reproduced 
across multiple independent trials. The initial fuzzy 
clustering of fish from the final surviving set 
performs far better than expected (and far better 
than several previous attempts to discover species). 
Typically, all fish from a single species share an 
identical set of ancestors (from the critical period), 
and no fish from different species share ancestors 
from this period. This is partially a result of 
designing systems that result in stable multi species 
populations, and the careful (and often 
experimental) choice of time spans for the 
simulation such that hybridisation between species 
had effectively ceased well before the critical 
period. However, we feel the results clearly indicate 
that the correct set, and number, of species is being 
found. 
 
It is more difficult to evaluate the quality of the 
tracking of speciation over time, without an exact 
definition of species. However, tracking species 
both in terms of individuals, and mating events, 
give broadly comparable results. This supports the 
claim that the patterns being graphed are true 
representations of speciation, rather than aspects of 
speciation only applicable for a single species 
concept. Also, examination of the exact numerical 
traces of species (fuzzy set) membership, the exact 
point when an ancestor species finally disappears 
(total membership falls to zero) can be detected, 
allowing an objective measure of the time where 
speciation is complete. 
 

It is planned to stop future work on this 
visualisation method and concentrate on using it to 
learn as much as possible about speciation in the 
circumstances where it can be used. Future 
developments in visualisation of speciation will be 
designed when there is a much better understanding 
of the modelling of speciation, and exactly what 
experiments need to be performed to learn more 
about the theoretical properties of various theories 
of speciation. 
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Abstract: This paper presents the analysis of relationships between relative water levels on Drava and Danube 
river and water level inside the Nature park “Kopacki rit” during the summer 2002. Due to high complexity of 
complete system under study, usual quantitative techniques couldn’t be applied. Qualitative-quantitative analysis 
has set up some basic relationships and showed possibilities in dealing with complex water flooding systems. 
For the modelling procedure AI identification tool was used, based on circular qualitative-quantitative algebra. 
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1. INTRODUCTION 
 
There are still a few places in Western and Central 
Europe that have not been completely changed 
through human manipulation and usage. One of 
them is Nature park “Kopacki rit” situated in 
Croatia, at the inlet of Drava river into Danube. The 
surface of the protected area is about 230 square 
kilometres. Nature park “Kopacki rit” represents a 
complex ecological system with 40 different habitats 
and more than 1600 animal and plant species. Due to 
almost completely preserve biodiversity, continuous 
monitoring and analysis are identified as necessarily 
steps in process preservation.  
Due to high complexity of surface waters flow and 
undoubtedly high complexity of underground 
waters, it is impossible to establish a specific model 
that would suit the actual situation inside the Nature 
park “Kopacki rit”. Conventional analysis 
techniques, such as differential equations, aren’t 
suitable for such system investigation because of 
lack of parameters values and boundary conditions. 
On the other side qualitative reasoning aims to 
develop representation without precise information. 
If we possess quantitative information, it can be 
easily incorporated into qualitative mechanism, but 
even without it we can qualitatively analyse the 
system under study even if don’t know a complete 
system structure. However, due to incomplete 
specification, qualitative reasoning may generate a 
set of possible behaviours that still require an 
expert’s effort to interpret. Nature park “Kopacki 
rit” can be observed as a continuous-variable cyclic 
dynamic system with feedback loops and states, but 
very slow and inert. Process monitoring and 
interpretation don’t have to be performed in real-
time. The structure of complex ecosystem of the 

Nature park “Kopacki rit” was investigated in 
[Mihaljevic, 1999], and complete management 
strategy was proposed in [Jovic, et. al., 2001]. Those 
articles postulate that the basic force function for 
growth and disturbance in the Nature park “Kopacki 
rit” is flooding (i)regularity. Since the flooding 
(i)regularity in the park depends on Danube and 
Drava water levels, it was expected that these 
changes would affect water level inside the park. 
This analysis investigates mutual connection 
between high water levels of Danube and Drava 
river and water level inside Nature park “Kopacki 
rit”, by means of the qualitative-quantitative 
mechanism. 
In the next two sections we deal with quantitative 
information used for identification of high tide wave 
and define inflexion points. These phenomena are 
directly identified through water levels. In the fourth 
section a qualitative-quantitative modelling method 
is used for data analysis. Relevant qualitative-
quantitative models are presented. We conclude with 
discussion. 
 
 
2. HIGH TIDE WAVE IDENTIFICATION 
 
Data necessary for the analysis were obtained from 
measurement points on Drava and Danube river and 
on Lake Sakadaš, measurement point inside the 
Nature park “Kopacki rit”. Observed time period 
was between 10.08.2002. and 10.09.2002. Because 
the water level was measured each hour, there were 
768 values obtained from each measurement point 
during these 32 days. Measurement points were: 
Batina and Vukovar at the Danube river; Osijek, 
Belisce and Donji Miholjac at the Drava river and 
Lake Sakadaš inside Kopacki rit. Relative position 



of all measurement points can be viewed in Fig.1. 
High tide wave input was at Batina and its influence 
on water levels on all other measurement points was 
observed during 32 days. 

 
Figure 1: Relative position of all measurement 

points 
 
Water levels at all observed measurement points can 
be viewed in Fig.3. Some key-spots should be 
noticed from Fig.3. Except from points were 
maximum water levels occurred, interesting are 
inflexion points, i.e. points at which water level 
become higher or lower than water level at other 
measurement point and at the same time water level 
is higher than 400 cm. Those spots are designated as 
‘a’, ‘b’, ‘c’ on Fig.2. Also strong qualitative 
similarity between high tide shape between Batina, 
Kopacki rit, Vukovar and Osijek should be noticed.  

From Fig.2. some general conclusion about water 
levels can be stated. There are time lags between 
maximum water level at Batina and all other 
measurement points. For example, maximum water 
level inside the Nature park “Kopacki rit” was 
reached about 25 hours after it reaches maximum 
value at Batina. Maximum water level at Vukovar 
was reached about 41 hours after it reaches 
maximum value at Batina. If we look again at Fig.2. 
connection between maximum water level at Batina 
and Vukovar is a natural consequence of river flow. 
But connection between maximum water level 
inside Nature park “Kopacki rit” and Batina should 
be further analysed. Also maximum water level at 
Belisce and Donji Miholjac can’t be directly 
connected with maximum water level and high tide 
wave at Batina. 
 
 
3. INFLEXION POINTS 
 
In the previous section it was stated that inflexion 
points are points at which water level become higher 
or lower than water level at other measurement point 
and at the same time water level is higher than 400 
cm. The first inflexion point, designated as ‘a’ on 
Fig.2. is on the ascending wave front and describes 
situation in which water level inside Nature park 
“Kopacki rit” becomes higher than water level at 
Vukovar. Characteristic values for that point are 
presented in Table 1. It is obvious that water level 
inside the Nature park “Kopacki rit” increases much 
faster than the water level at Vukovar. Water level at 
Batina was higher than 500 cm and inside the park 
water level was higher than 400 cm.  

 
Figure 2: Water levels at measurement points
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When Danube water level becomes higher than 400 
cm at the entry of the park water from Danube starts 
to freely flow over into the park. Direct consequence 
is deceleration of water level increase at Vukovar. 
The park acts like a natural pool.  

Table 1: Inflexion point: Kopacki rit-Vukovar 

 Average water 
level (cm) 

Average 
increase (cm) 

Kopacki rit 438 2.66 
Vukovar 449 0.87 

The second inflexion point, designated as ‘b’ on 
Fig.2. is on the descending wave front after 
maximum water level was reached and describes 
actually three different situations. Characteristic 
values for each of these three situations are 
presented in Table 2, Table 3 and Table 4 
respectively. 

Table 2: Inflexion point: Batina-Kopacki rit 

 Average water 
level (cm) 

Average 
decrease (cm) 

Batina 615 -1.71 
Kopacki rit 619 -1.21 

After maximum water level was reached at Batina, 
hide tide wave front is moving downstream toward 
Vukovar. After the hide tide wave front passes by 
the entry point for the park, draining of the park will 
start. Still, average decrease at Batina will be higher 
than average decrease inside the park, what will 
result in higher water level inside the park. 
Table 3 represents situation in which relative water 
level at Vukovar becomes higher than relative water 
level at Batina. 

Table 3: Inflexion point: Batina-Vukovar 

 Average water 
level (cm) 

Average 
decrease (cm) 

Batina 615 -1.71 
Vukovar 615 -0.94 

Average decrease at Batina is higher than average 
decrease at Vukovar. Vukovar is downstream from 
the park, so draining of the park will affect water 
level at Vukovar.  
Table 4 represents situation in which water level at 
Vukovar becomes higher than water level inside the 
park. 

Table 4: Inflexion point: Vukovar-Kopacki rit 

 Average water 
level (cm) 

Average 
decrease (cm) 

Kopacki rit 590 -1.46 
Vukovar 592 -1.18 

This situation is direct consequence of the park 
draining. Since the Danube water level at the park 
entry point is lower and lower, draining of the park 
is faster. It can be argument with average decrease, 

which is higher than for the inflexion point Batina-
Kopacki rit (1.21<1.46). 
The third inflexion point designated as ‘c’ on Fig.2. 
is also on descending wave front and describes 
situation in which water level inside Nature park 
“Kopacki rit” becomes higher than water level at 
Vukovar. Similar situation was identified on 
ascending wave front (inflexion point ‘a’). 
Characteristic values for that point are presented in 
Table 5. 

Table 5: Inflexion point: Vukovar-Kopacki rit 

 Average water 
level (cm) 

Average 
decrease (cm) 

Kopacki rit 435 -1.1 
Vukovar 442 -2.1 

Water level inside the park is very close to the value 
of 400 cm. When water level becomes lower than 
400 cm, draining of the park almost stops. Entry 
point is higher than 400 cm, so there is no more 
direct water flowing out in Danube. High tide wave 
front passed Vukovar so average decrease at 
Vukovar is higher than average decrease inside the 
park. Result of that is higher water level inside the 
park than at Vukovar. 
Analysis of the inflexion point was done with 
quantitative values, i.e. values of water levels. 
Though it seems very simple, it is far from trivial 
and it required an expert’s assessment. Certainly it 
provided good basis for qualitative analysing, by 
setting up some initial relationship between 
measurement points. Also it should be noticed that 
direct influence between Drava water level and 
water level inside the park wasn’t even taken into 
consideration. 
 
 
4. IDENTIFICATION OF QUALITATIVE 

MODELS 
 
Identification of the inflexion points has set up good 
basis for qualitative analysis. Expert’s assumption 
about mutual connection between Drava and Danube 
water levels and flooding (i)regularity inside the 
park was confirmed. It can be postulated that the 
park is uncontrollably flooded at extreme high and 
uncontrollably dried at low water levels of the Drava 
and Danube river and semi-controllably flooded at 
medium water levels. Qualitative models were 
generated using AI identification tool, similar to 
neural networks but exhibiting algebraic explicit 
forms of the solution, based on the circular 
quantitative to qualitative information conversion 
[Jovic, 1997; Jagnjic, 2001]. Some basic 
characteristic of the quantitative-qualitative algebra 
incorporated into AI identification tool called 
Medusa2000 will be presented here. Detailed 
overview can be found in [Jovic, 1997]. 



a) The primary data for the model are always taken 
from the set of quantitative sampled variables, 
i.e. discrete valued function or n-element vector. 

b) Quantitative values can be mapped into the 
qualitative space, called qualitative data series, 
by the ranking procedure R{Vi}->{vi}  

c) The qualitative distance between the two n-
element qualitative vectors {vi} and {vj} is given 
as the sum of squared rank differences among the 
corresponding vectors points k. 

( )∑ ∆= 2
kd , where ∆k=vik-vjk (1) 

d) The similarity between the two n-element 
qualitative vectors can be evaluated by using the 
qualitative correlation coefficient r, given by 
[Petz, 1985]: 
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where d is the distance defined earlier, and A1 
and A2 represent the effect of the same rank 
repetition for the two respective variables. If z 
denotes the number of a single rank repetition, 
the value Ai for the variable {vi} is given as: 

12
)1( 2 −

=
zzAi

  (3) 

The above features set the ground for the qualitative 
process modelling procedures based on the 
similarity calculus. 
For the modelling purpose basic concept was 
proposed in the form of level dependent system 
behaviour, as presented in Fig.3. 

 
Figure 3: Basic concept 

Previous quantitative analysis set up basic 
suppositions as follows: 
1. All relative water levels are at the same altitude. 
2. Time constant of ascending and descending waves 

are equal (for h>400 cm). 
3. Model correlations depend on time lags/lead. 
4. Drava influence can be neglected – thus process 

disturbance can’t be expected (for h>>). 
For the purpose of the modelling procedure, the 
basic set of the measurement values were divided 
into 32 sections, each with 24 measurement values. 
According to identified time lags and natural 
location of each measurement point, example of data 
necessary for the modelling procedure are presented 
in Table 6. 

Kop0813 designates target function: water level 
inside the park during the 13.08.2002. All models 
that were generated for observed time period will 
not be presented here.  

Table 6: Example of basic data set 

 t0 t1 t2 … t23 
Bat0811 329 334 340  432 
Bat0812 435 438 441  489 
Bat0813 491 493 495  516 
Os0811 62 65 64  111 
Os0812 111 114 115  151 
Os0813 152 154 155  172 
Bel0811 204 204 204  195 
Bel0812 195 197 197  191 
Bel0813 191 191 191  197 
DMih0811 72 72 72  69 
DMih0812 70 71 72  58 
DMih0813 59 60 61  86 
Kop0813 267 268 269  285 

Actually the whole situation that occurred during the 
observed time period was divided into three sections 
according to water level inside the park. First 
sections describes situation when water level inside 
the park was lower than 400 cm (the first 165 hours 
on ascending wave front and from 547 till 768 hours 
on descending wave front). The second section 
describes situation when water level inside the park 
was between 400 and 600 cm (from 166 till 254 
hours on ascending wave front and from 414 till 546 
hours on descending wave front). The third section 
describes situation when water level inside the park 
was higher than 600 cm (from 255 till 413 hours). 
For each section one general model was chosen. 
Target function for all models was water level inside 
the park. Those models are presented in Table 7. 

Table 7: Qualitative-quantitative models 

Hours Water 
level (cm) 

Model Corr. 
coeff. r 

0-165 less then 400 A 1 
166-254 [400-600] B 1 
255-413 higher then 600 C 0.998 
414-546 400-600 D 1 
546-768 less then 400 E 0.81 

A) Batina*Osijek-0.29
Belišće
Osijek  

B) Batina*Osijek 

C) Osijek+0.12
Belišće
Batina  

D) Batina 

E) 
Osijek

MiholjacDonji
Belišće
Osijek _2.0+  

 



Figure 4: Qualitative similarity for Kopacki rit 
 

All generated models shows high correlation 
coefficient with target function – water level inside 
the park. Also it should be noticed that the primary 
modelling variable in the case of ascending wave 
front is Batina. Model that is slightly different is 
model generated for descending wave front and 
water level below 400 cm. This model couldn’t be 
explained and fully understood even by experts. 
Correlation coefficient was also rather low; only 
0.81. But some expectations were confirmed. For 
medium water level (between 400-600 cm) on both 
ascending and descending wave front, similar model 
was generated. For the high water level, during the 
occurrence of maximum point, primary modelling 
variable is Osijek. It is explained with the fact that 
for the both maximum points, at Osijek and inside 
the park, approach to the maximum is much more 
smoother and uniform than for the Batina. 
Additional explanations of generated models were 
confirmed with qualitative similarity calculus. Fig.4 
shows average qualitative similarity between 
Kopacki rit and all other measurement points. From 
Fig.4. it can be seen that the biggest qualitative 
similarity is between Batina with 24-hour time lag, 
Batina with 48-hour time lag and Osijek without 
time lag. 
 
 
5. DISCUSSION 
 
In this paper analysis of mutual connection between 
water levels on Drava and Danube river and water 
level inside the Nature park “Kopacki rit” was 
investigated. Although some previous analysis 
showed high determinacy of that connection [Jovic 

and Mihaljevic, 1998], extreme high water levels 
during the summer 2002. year has offered new 
possibilities for exploration of new phenomenon. 
Such situations aren’t usual so they demand to be 
analysed and investigated. Water levels on Drava 
and Danube measurement points were basic data set. 
The presence of the noise shouldn’t be comment in 
detail. Because of that our investigation started very 
carefully, expressing only things that are actually 
natural consequences of water flow (identification of 
high tide wave). Identification of inflexion points 
helped us in setting up basic relationships between 
measurement points. Due to high complexity of the 
complete system, it wasn’t possible to apply usual 
quantitative techniques for modelling procedures. 
Introduction of qualitative-quantitative modelling 
was right choice. Given models has confirmed 
experts expectation about mutual relationships.  
During the modelling it was found out that one 
measurement point is obviously missing. It is 
measurement point at the inlet of Drava into Danube 
river. This point was identified as a major point for 
complete analysis. But, even without her some basic 
relationships were set up. How does complete 
flooding period affect biodiversity inside park 
should be investigated in a due time. Since we 
mentioned that complete system is very slow and 
inert, first data about those changes will be 
accessible in future. Our task is to continue with 
monitoring and preserving this earth paradise. 
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Abstract. This paper investigates a new method of interactive modelling to approximate position and shape of 
real patients’ organs. The method is particularly successful in that it greatly reduces the time needed to create 
patient specific models. KisMo [1] is an interactive graphics based modelling software for creating 3D models 
with elastodynamic behaviour for use with VS-One - the Virtual Endoscopic Surgery Trainer (VEST) developed 
by the Institute for Applied Informatics (IAI) at the Forschungszentrum Karlsruhe. Software modules have been 
designed and implemented to enable interactive and intuitive modelling of closed spline curves on tomographic 
image data (CT, MR), which form a closed spline surface approximating position and shape of real patient 
organs. 
 
 
1 INTRODUCTION 
 
In the past CT and MRI volume data sets have been 
represented as a series of 2D slices. Volume 
rendering [2,3] is an alternative technique that 
increases the users ability to view the data. These 
different representations of the volume data greatly 
affect the user’s ability to visualise hidden 
structures. 
 
Most of the traditional methods of modelling rely 
upon edge following techniques to create contours 
that map a surface to the volume data. Taylor et al. 
[6] describe a method of positioning a set of 
geometrically defined 2D slice probes along an 
organ’s centreline; the 2D slices of data represent 
cross-sections of the organ. The use of thresholding 
and level set methods [4] on the 2D slices provides 
a set of contours that, when interpolated, result in a 
finished model. An alternative technique by Miller 
and colleagues describes a method of extracting 
closed geometric models from volume data [5]. The 
geometrically deformed modelling technique 
employs a simple predefined object that is 
deformed based on a set of constraints. The initial 
stage of the modelling process involves either 
embedding into or surrounding the required organ 
with the predefined object. The predefined object 
then grows or shrinks to fit the organ within the 
volume. 
 
Since the human body is mainly made up of a 
variety of organs, the medical consequence of 
organ modelling is very important, ranging from 
heart surgery to minimally-invasive surgery. 
Surgery planning for predicting the outcome of 
surgery or rehearsing complex operations requires 
an accurate representation of an organ. It is 

therefore essential to improve the accuracy of the 
modelling process. 
 
By using an interactive modelling process it will be 
possible to create more accurate patient specific 
organ models. Additional benefits include a 
reduction of time needed to create a specific model, 
with reduced user input being replaced by better 
use of body scan data. If successful the accurate 
representation of the physical human form, more 
specifically the realistic modelling of the internal 
organs, will not only improve current simulation 
systems but will also enlarge the applications of 
medical simulation resulting in improved 
performance and reduced training costs. 
 
The rest of this paper is organised as follows: 
Section 2 describes the interactive spline modelling 
technique while Section 3 goes into some 
implementation details. Section 4 presents results 
and Section 5 concludes the paper. 
 
 
2 INTERACTIVE SPLINE MODELLING 

OF HUMAN ORGANS 
 
Before the completion of this work KisMo [1], the 
interactive graphics based modelling software for 
creating 3D models with elastodynamic behaviour 
(developed in C++), consisted of three predefined 
shapes: the flat, the pipe, and the ball, each of 
which is constructed from a spline surface. Volume 
rendering is used in KisMo as a modelling aid for 
the approximation of location and shape of organs 
inside of medical image data. 
 
KisMo achieves a high level of flexibility by 
representing its predefined objects as individual 
spline patches. A total of four control points - each 



with their own derivatives and interpolation points - 
are used to define a surface patch. The interpolation 
points can be described as representing a sub-patch. 
Like the control points the interpolation points can 
be interactively positioned so as to increase the 
level of accuracy possible. 
 
The recognised technique of placing a vector inside 
of a vector has made possible the creation of a 
matrix structure. The matrix structure is used to 
hold control points and the control points in turn 
hold their own matrix of interpolation points. This 
has been made possible because although both 
matrices are derived from the same class and use 
the same member functions they are instantiated 
with different types. Therefore the matrix structure 
can be thought of as a container of containers. 
Specific functionality implemented in the matrix 
structure includes: 

• Append and delete from the end of the 
structure. 

• Insert and remove from anywhere in the 
structure. 

Figure 1 Model representations  

Figure 1 shows the matrix and interactive curve 
representations of a model. When coupled with 
mouse interactions the additional functionality 
provided by the matrix enables the user to build a 
model interactively by placing control points 
directly at their required location thereby removing 
the need to morph a predefined object. A list 

containing the slice numbers of a volume data-set at 
which accepted curves are positioned is also kept, 
this list is used to determine the position of the 
currently accepted construction curve as it is 
appended or inserted into the surface matrix. 
 
To create an accurate model of an organ several 
series of connected control points that form curves 
can be placed on individual volume slices. The user 
constructs a curve by placing moveable control 
points on a slice in an ordered fashion to ensure that 
twisting of the model does not occur. To increase 
the accuracy of the modelling process moveable 
interpolation points are placed between control 
points. These interpolation points are also stored in 
a matrix structure and therefore have their own 
special cases. These special cases are similar to 
those experienced during the adding and deleting of 
control point in that they appear during the same 
operations: when the very first control points is the 
subject, when a control point between two existing 
points is the subject and when the end control point 
is the subject.  
 
 
3 IMPLEMENTATION ISSUES 
 
A construction curve is used to outline an organ in 
the volume dataset and appears as in red, the 
currently selected control point also appears red in 
colour. The construction curve allows the user to 
add, remove and drag control points as required. 
Control points are either appended or inserted 
depending on the position in the construction curve 
of the currently selected control point. 
 
A user is free to move through the volume dataset 
using a volume rendering dialog box and can accept 
a complete curve on any slice that does not already 
contain a curve. A curve is either appended or 
inserted into the surface matrix depending on the 
position in the interactive surface of the current 
construction curve. 
 
Figure 2 shows that a relatively accurate interactive 
surface can be constructed, after a short period of 
appending and inserting curves to the surface 
matrix. When appending or inserting curves to the 
surface matrix the new construction curve is always 
a copy of its neighbouring accepted curve and 
therefore appears in the same position. The position 
at which the accepted curve is to be inserted is 
determined by looping through the slice number list 
until a value greater than that of the slice number of 
the construction curve is found, the construction 
curve is then inserted before this position. 
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Figure 2 Several curves added to the interactive 
surface 

A guessing algorithm has been implemented to 
minimise the work required by the user to drag 
control points of a newly appended or inserted 
curve into their required positions. A simple linear 
interpolation between two existing curves is used to 
guess the position of the control points in the 
construction curve. Clearly, the smaller the distance 
between accepted curves the more accurate a guess 
will be achieved. In most circumstance new curves 
are appended to the end of the interactive surface, 
in these cases the guess algorithm creates a copy of 
the outside curve to which the construction curve 
neighbours. In some situations the user may wish to 
finely adjust the positions of control points of an 
already accepted curve. Moving the construction 
curve to a slice containing an accepted curve that 
requires updating will cause the control points of 
the accepted curve to turn to green. Fine-tuning of 
the accepted control points is now possible. 

Figure 3 Adding control points through the 
interactive surface 

Figure 3 shows that an example where a number of 
curves have been accepted and where in order to 
maintain an accurate interactive surface two extra 
control points have been inserted into the 
construction curve. To maintain a working data 
structure, two complete columns of control points 
(A) and (C) have also been inserted into the surface 
matrix. A control point that is appended (C) to the 

construction curve has its position set at the mouse 
coordinates, all other control point positions in the 
appended column are set as  

∀i: C i = B i + (B i – A i ) 

Control point (B) that is inserted into the 
construction curve also has its position set at the 
mouse coordinates, all other control points 
positions in the inserted column are set as  

∀i: B i = 0.5( A i + C i ) 

This method of appending or inserting means that 
control points are placed at positions that require 
the minimum amount of adjustment by the user in 
order to drag them into their correct positions. 
 
Each control point has a number of interpolation 
points associated with it. The position of these 
interpolations is calculated from control and 
derivative point positions. It is possible for the user 
to change the number of interpolation points in a 
given section of the spline surface during the 
modelling process. The number of interpolation 
points of each model in the simulation scenario has 
to be adapted to the capabilities of the used 
hardware to guarantee real-time object deformation 
simulation.  
 
Once the modelling process has been finished, the 
user has the option to finely adjust the finished 
model by repositioning individual interpolation 
points so that a more accurate representation of an 
organ’s boundary can be made. Vectors that start at 
the control point’s centre are used to define the 
derivative points. The derivatives can also be used 
to control the shape of the curve at a control point. 
Once activated the user can grab a derivative and 
change the shape of the curve at the host control 
point. 
 
The modelling operations can be performed on 
slices in all three geometric viewing planes thus the 
user has the ability to choose a modelling 
orientation which best suits the model to be 
produced. This is desirable since certain 
orientations of a given organ are easier to model 
than others.  
 
Many of the operations performed on the matrix 
representation of the model described in this paper - 
append, insert, delete and remove - are available in 
the Standard Template Library. However 
implementing them as member functions of a 
custom-built data structure enables additional 
functionality to be added at any time making the 
matrix structure a practical approach. 
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4 RESULTS 
 
The new modelling technique was used to model 
the liver of the visible human as an elastodynamical 
object and test the object deformation with VS-
One, the Virtual Endoscopic Surgery Trainer 
(VEST, shown in Figure 4) developed by the 
Institut für Angewandte Informatik (IAI) at the 
Forschungszentrum Karlsruhe in co-operation with 
Select-IT VEST Systems AG, Bremen-Germany.  
 
The system provides an input box with force-
feedback instruments and an endoscopic camera 
mock-up. The instrument and camera positions are 
tracked and due to the user’s interactions in the 
virtual world, forces and torques are calculated and 
transmitted back to the input devices.  
 
The surgical scene is specified in a hierarchical 
model-database in which the geometry of the 
objects, their elastodynamic behavior, and the 
kinematics of the instruments are defined. 
Deformable objects form the foundation of the 
surgical simulation. Their behavior is defined by 
physical characteristics like mass, stiffness and 
damping. Real-time collision algorithms enable the 
trainee to manipulate deformable objects using a 
physical instrument set and perform virtual 
interactions.  
 

 
Figure 4 VS-One – The Virtual Endoscopic 
Surgery Training System 

 
KISMET (Kinematik Simulation, Monitoring and 
Off-Line Programming Environment for 
Telerobotics) is a visualisation and simulation 
software developed at Forschungszentrum 
Karlsruhe. Because of its capabilities KISMET was 
found to be an ideal simulation platform for 

computer aided surgery and is used in VS-One. It 
provides a rich set of virtual surgical instruments 
used for simulated grasping, clipping, cutting, 
suturing, tearing tissue, irrigation and suction. 

 
The visible human dataset was used to approximate 
the correct location and shape of the liver. KisMo 
supports multiple image data formats but also 
DICOM, which is a standard image format 
produced by CT- and MR-scanners. This enables 
the use of any patient’s body scan to create a 
simulation scenario with deformable objects for 
surgery training with individual patients’ organs. 

Figure 5 Model of the liver of the visible human 
in KisMo 

Figure 5 shows the modelled liver in the visible 
human data set. KisMo automatically creates a 
mass-spring mesh for object deformation 
simulation for any modelled object. The 
deformation parameters can be set by the user and 
managed in a physical properties database.  
 

 
Figure 6 Deformation simulation in KISMET: 
Testing the physical parameters  

Any created model can be stored in a model-
database and re-used for creating new simulation 
scenarios. After exporting the model to the 
simulation software KISMET the deformation 
parameters can be tested. Figure 6 shows the 
modelled liver during the deformation simulation in 
KISMET. The mass-spring mesh is visible; a mass 



knot is picked and elongated, which causes the 
object to deform.  
 
Building a simulation scene needs modelling the 
organs and setting up correct physical parameters, 
materials and textures. Finally an inter-object 
connection has to be defined to enable interactions 
between the objects. After exporting the scenario to 
the VS-One system with the provided virtual 
surgical instruments the trainee can practice the 
operation. Figure 7 shows an example of a training 
session on virtual cholecystectomy. 
 

 
Figure 7 Realistic simulation scenario for 
cholecystectomy (gallbladder removal) in VS-
One 

 
5 CONCLUSIONS 
 
This paper describes a method for accurate 
recovery of patient specific organ models for use in 
surgical simulation. The new modelling technique 
introduced produces significantly better and 
suitable models for surgical simulation than 
semi−automatic segmentation and reconstruction 
methods. It enables a high degree of interactivity 
and full control over the model generation. The 
modelling person, who should have medical 
background, can use his expert knowledge to 
identify structures and create accurate organ 
models. 
 
Another advantage of this method is that a physical 
layer of the model is generated automatically 
during the modelling process, which enables 
deformation simulation, whereas segmentation and 
reconstruction methods only generate static 3D-
models. 
 
One benefit of our new modelling technique is the 
small amount of time needed to generate a basic 
model from a volume dataset. The full elasto-
dynamical liver model in Figure 5 was created in 
less than 8 minutes by an expert user. 
 

Future work should concentrate on better guess 
functions which also use image data information to 
speed up the modelling process and the quality of 
models. 
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Abstract dJVM provides a distributed Java virtual Machine (JVM) on a cluster. It hides the distributed nature of 
the underlying machine from a Java application by presenting a single system image (SSI) to that application. 
dJVM is based on the Jikes RVM [Alpern et al, 1999] (a JVM written entirely in Java) and is the first distributed 
implementation of the Jikes RVM.  This provides a framework for exploring a range of distributed runtime support 
algorithms on large clusters. Implementing this system using the Jikes RVM raises a number of issues that are 
addressed in this paper.  

keywords: Cluster, Java, Java Virtual Machine, Single System Image. 

1 INTRODUCTION 

A significant number of server side applications are 
currently written in Java. The main advantage of Java 
programs is their portability, principally as a result of 
a clearly defined Java Virtual machine [Lindholm and 
Yellin, 1999]. In the past, the performance of Java 
programs have been much worse than that of 
corresponding C or C++ programs, resulting in the 
limited use of Java for writing applications that needed 
quick response times, like server applications.  
However, improvements in just-in-time (JIT) 
compilers have enabled Java programs to perform 
almost on par to similar C and C++ programs. This 
has resulted in Java being used to implement a 
significant proportion of server applications. 
Server applications are typically multi-threaded, with 
limited interaction between threads servicing different 
clients. Scalability and performance are two important 
issues with such applications. Clusters of commodity 
hardware can provide a cheap solution to both of the 
above issues. However, to facilitate the use of such 
hardware without introducing additional programming 
complexity, it is necessary to provide an abstraction 
that efficiently uses the distributed nature of the 
hardware, while maintaining a unified view of the 
system. This allows a programmer to concentrate on 
the task of reducing the level of synchronization 
without the need to address issues of distribution. 

There are many projects working on solving this 
problem. The approach taken by them to provide an 
SSI can be broadly divided into three categories: 
1. Provide an implementation above the JVM.  

This is typically implemented by transforming the 
Java program from the non-distributed form into a 
form that incorporates the bytecode to implement 
distribution. These transformations can be done 
either: 
• Statically—by transforming the Java classes 

prior to execution [Caromel and Vayessiere, 

1998; Launnay and Pazat, 1997; Objectspace; 
Philippsen and Zenger, 1997] 

• Dynamically—by transforming the Java 
classes upon loading using a replacement 
class loader technique [Marquez et al, 2000]. 

However, this is not completely hidden from the 
program because of Java's introspection facilities.  

2. Build the JVM on top of a cluster enabled 
infrastructure. For example, a distributed shared 
memory [Ma et al, 1999; MacBeth et al, 1998; Yu 
and Cox, 1997]. While this presents a single 
system image of the cluster, it is incapable of 
taking advantage of the semantics of Java to 
improve efficiency and performance. 

3. Build a cluster aware JVM. This is the approach 
we have taken. The JVM presents an SSI to the 
application, but is itself aware of the cluster. This 
opens up possibilities for optimization based on 
the semantics of Java. As far as we know, there is 
only one other group [Adidor et al, 1999] that has 
taken a similar approach. 

Hicks et. al. [1999] provide extensions to the Java 
language to support distributed applications. However, 
the programmer has to make use of these extensions to 
distribute the objects and hence this does not provide a 
true SSI. 

Our cluster aware implementation of a Java Virtual 
Machine is dJVM, which stands for distributed Java 
Virtual Machine. It is based on the Jikes RVM Alpern 
et al [1999] and provides an SSI to Java applications. 
The target machine for the dJVM is a 96 node, 192 
processor machine, Bunyip [Bunyip] running Linux. It 
has Fast Ethernet communication hardware using M-
VIA [NERSC] and a Linux implementation of the VI 
Architecture [VIArch] to provide low software 
overhead on inter-node communication.  This will 
provide a good platform for evaluating the scalability 
of dJVM and distributed runtime support algorithms.   

The Jikes RVM is written entirely in Java and 
provides an extensible framework for distributed 



virtual machines.  There are two compilers in the Jikes 
RVM: the Baseline compiler and the Optimizing 
compiler. The Baseline compiler does not perform any 
analysis and translates Java bytecodes to a native 
equivalent.  The optimizing compiler performs many 
aggressive optimizations.  It can run on itself, 
producing competitive performance with production 
JVMs. This facility is leveraged to improve the 
performance of any extensions. In addition, it rovides 
several facilities including those for escape analysis, 
data dependence analysis and synchronization graphs. 
These are used, with extensions where required, to 
assist in the analysis of programs for load distribution. 
The initial design of dJVM targets the Baseline 
compiler; further development will be on the 
Optimizing compiler. 

As far as we are aware, this is the first distributed 
implementation of a JVM written entirely in Java. One 
of the big advantages of such a JVM is that 
transformation and optimization mechanisms 
developed can be used both on application programs 
and on the JVM itself. The Jikes RVM exposes 
additional features that enable manipulation of system 
classes. This allows us to do the following: 
1. Reconfigure the core VM, as well as the 

application, for distribution (or any other purpose 
like persistence or optimization).  

2. Regenerate already loaded code to improve 
functionality as more of the application is loaded 
into the system.  

The first point above can only be partially exploited, 
and the second not at all, in a JVM that is not written 
in Java. In developing the dJVM, we have only made 
marginal modifications to the Jikes compilers. This 
allows us to use the optimizing compiler and all of its 
various features to their full potential. All of the code 
will be made available under CPL. 

The first goal, that of achieving an SSI, has been met. 
We have developed a prototype version of the dJVM 
that runs on workstations connected via Ethernet, as 
well as on several nodes of the Bunyip cluster. We are 
now in the process of modifying the prototype to use 
the current release of the Jikes RVM. This will be 
followed by optimizations on the system to improve 
performance. In order to enable an SSI, the following 
were some of the important issues that had to be 
addressed: 
Infrastructure—In order to construct a distributed 

VM, several infra-structural components needed 
to be altered. These include inter-node 
communication, the booting process and the use 
of system libraries. 

VM Modifications—The VM handles the manipulation 
of remote data in addition to local data. In order to 
achieve this, class loading, method invocation and 
object access mechanisms had to be enhanced. 

Object Allocation and Placement—The allocation and 
placement of objects is crucial to distribution. 

Mechanisms to provide local and remote 
allocation of objects had to be put in place. 

In this paper, we look at the above issues and provide 
broad outlines of our solutions. Implementation details 
are not dealt with in this paper. Section 2 deals with 
infrastructure, Section 3 with modifications to the 
Jikes RVM, Section 4 briefly discusses object 
allocation and placement and Section 5 outlines 
current status and future directions. 

2 INFRASTRUCTURE 

dJVM employs a master-slave  architecture, in which 
one of the nodes acts as a master node and the rest are 
slave nodes. All global data is held at the master node, 
which also owns all of the classes in the system. Once 
the system is up and running, all of the class loading 
occurs initially at this node as well. 

2.1 Building and Booting 

The core of the Jikes RVM is used to generate the 
contents of the initial virtual machine image. This 
image incorporates a number of key classes essential 
to the functionality of the Jikes RVM including: class 
loading, type description structures, compiler(s), 
memory management and scheduling infrastructure. 
The build process utilizes the class loading, type and 
compilation systems to read and generate the essential 
components of the Jikes RVM image. Additionally, a 
number of classes, used to support remote objects and 
remote execution, are included in that image. 
Furthermore, not all runtime support classes become 
global; some of these remain local to a node. 
Consequently, only a subset of the core classes have 
transformations for distribution applied to them. The 
resulting image boots initially in a non-distributed 
context and later in a distributed context. 

Booting loads the generated image into memory and 
executes a two phase boot process. The first completes 
the initialization of some of the runtime support 
structures for class loading, memory management, 
transforms and compilation that could not be 
incorporated into the boot image. The second phase 
sets up scheduling support for multi-threading, 
allowing the daemon and main threads to execute. 
This provides adequate support to enable the boot 
phase for the distributed virtual machine. 

The dJVM must activate the communication layer to 
support distribution. The master node coordinates the 
connection between all the slave nodes, resulting in 
each node connecting to every other node in the 
cluster. Once the connections are established, the 
classes initially loaded are given a consistent identity 
across the system, thereby enabling the 
communication daemons to function correctly. 

The communication system (see Section 2.2) is started 
prior to enabling the remote class loading. It initiates 
the message systems and threads for handling 



requests. Consequently, it must be initiated after the 
scheduler is operational. 

After the communication system is initiated, the local 
and remote class identities must be resolved (including 
any classes that are needed for this phase). Once this is 
done, all globally usable statics initialized at boot time 
must be coalesced. In general, it suffices to indicate 
that these values are now held by the master node. 

Finally, remote class loading is enabled. From this 
point on, all class loading (see Section 3.1) on a slave 
node will interact with the master node. All class 
loading by the master will still be done locally. 

The application thread is blocked until the 
communication processes and remote class loading are 
available, at which point the application thread can 
start executing the desired main method. 

2.2 Communication 

The communication mechanisms employed in dJVM 
provide a simple abstraction over the underlying 
interfaces. This abstraction is designed to satisfy an 
initial set of requirements: independent memories (and 
the management of those memories) and, initially, 
flexibility. 

Highly targeted hand crafted solutions can provide the 
best performance at the cost of flexibility and 
development time. A more flexible system introduces 
impediments such as copying and allocation. 
Consequently, the initial communication system 
design is a compromise between our initial need for 
flexibility and our long term goal of performance. 

To minimize the impact of internal communication 
design on the rest of the system, a communication 
manager interface is provided. It hides the underlying 
communication hardware being used, and the 
management of the resources associated with 
synchronous and asynchronous messages. It is 
responsible for initializing the system, bringing up a 
substrate (Section 2.2.1), a message registry (Section 
2.2.2) and a pool of message processing threads 
(Section 2.2.3). 

2.2.1 Substrate 

Using an abstract object to provide an interface to the 
underlying communications allows different 
communications mechanisms to be plugged in. Two 
different implementations (or substrates) have been 
developed: 
• TCP/IP—providing a simple and reliable 

implementation for our initial system, and 
• MVIA—a lower overhead solution for local 

networks.  
The role of both substrates is to provide startup and 
shutdown of connections, and to handle outgoing and 
incoming messages. 

Startup in a reliable and static set of nodes is simple. A 
node is designated as the coordinator and all initial 

connections are made with it. In turn, the coordinator 
informs all the nodes about all the other nodes. Each 
establishes the connections required with its peers. 
Once the connections are established, each node may 
send messages to and receive messages from any other 
node. Later development will include the case where 
nodes join and leave the set while it is running. 

Outgoing messages are encoded into a buffer before 
being sent. A buffer is obtained from the substrate 
which maintains a pool of buffers, eliminating 
allocations requiring garbage collection (GC). This 
pool can be expanded if an inadequate number of 
buffers are currently available. Transmitted buffers are 
sent back to the pool to be reused.  This buffer 
mechanism adds one level of copying to the 
transmission process. However, in the case of MVIA, 
it allows these buffers to be permanently locked in 
memory and used directly by the hardware. 

Incoming messages are handled by message receiver 
threads. Each receiver thread blocks on a read from a 
connection. It processes the incoming packets and 
links them together to form a message; no additional 
copying is involved. The assembled message is then 
decoded (see Section 2.2.2) and executed, after which 
it waits for the next message. 

2.2.2 Messaging Model 

Flexibility plays a significant role in the initial system 
design. 

To achieve this, a class tree of message types is 
developed, which allows for quick and easy extension. 
Such a system introduces some overhead in the form 
of additional method calls and translation costs.  

Each message type is described by a message class, 
which extends and implements a common abstract 
class. Each message class encapsulates the code to 
send, decode and process a message. Thus, the 
message functionality is message type dependent and 
may in part be determined at send time as either: 
• A synchronous message, requiring a response 

before processing continues (for obtaining data, 
locks and invoking methods), or 

• An asynchronous message, which does not need 
to block the sender. An asynchronous message: 
o does not require a response (commonly used 

for GC messages), or 
o requires a response (may be used for some 

system load monitoring or other non time-
critical information). 

Send  The send method first requests a buffer from the 
substrate and encodes itself into that buffer. A 
message requiring a response registers itself with the 
communication manager before sending it through the 
substrate to the target node, and waits for the response 
message to notify it. 

Decode  Upon receipt, the message type is determined 
and the appropriate decode method is invoked. The 



decode method recovers the message from the buffer 
and does any initial processing where appropriate. A 
message that will only take a short time to execute 
may process itself and immediately  generate a 
response (if required), e.g. getting a field of a remotely 
held object. A method that would potentially take a 
long time to execute (such as a method invocation) 
may grab an available message process thread for later 
processing. 

Process  This contains the code to perform the actual 
processing of the message. It may be invoked either by 
the decode method (for short duration operations) or 
by a handler thread. 

2.2.3 Message Processing Threads Pool 

A pool of threads waiting to handle incoming requests 
is managed by the communication manager. A 
message that only takes a short time to process may be 
handled immediately. Other messages will be handed 
over to a handler thread, thus freeing its message 
receiver thread to process other incoming messages. 
The handler thread will process the message and, on 
completion, place itself back on the queue waiting for 
the next message to process. 

3 VM MODIFICATIONS 

3.1 Class Loading and Resolution 

The Jikes RVM maintains descriptions of types in the 
form of VM_Class, VM_Field and VM_Method 
objects. Loading a Java class generates a set of these 
objects to describe the type information of that class. 
In a distributed context this raises issues of acquisition 
and ownership of class information. Furthermore, the 
dynamic class loading mechanism of Java provides an 
opportunity to intercept the incorporation of classes 
and codes into the executing system. These issues are 
discussed in this section. 

3.1.1 Distributed Class Loading 

In a distributed system, it is necessary to have a 
commonly agreed to identification of classes, and in 
the dJVM we use a centralized class loader to achieve 
this. Centralized class loading has some advantages 
and disadvantages. It provides a simple single point of 
coordination, but does create a bottleneck. However, 
class loading becomes less common as the program 
executes, and consequently this is not seen as a 
performance priority in long running applications. 

The class loading strategy employed must 
accommodate the dJVM boot process and normal 
running. Therefore, it has two phases: 
Booting—an initial boot phase, prior to becoming a 

member of the cluster, in which classes must be 
loaded locally. Classes loaded locally must have 
their identity resolved with classes that are also 
present on the remote machines prior to activating 
centralized class loading. 

Running—each class is loaded through a master node, 
ensuring a commonly agreed to identity for all 
newly loaded classes. 

A set of objects are used to describe the type of a 
class, i.e. fields, methods and interfaces. A class type 
remains constant during the lifetime of the JVM. As 
such, each object describing this high level type 
information can be copied. Its identity is maintained 
by mapping each local copy to the same global 
identifier (UID). 

In addition to replicating type information, for 
performance purposes, it is necessary to replicate 
literal values and static finals. This requires the class 
loading process to obtain these values and place them 
in the local VM's table of contents (JTOC). 
Furthermore, the local dictionaries used to maintain 
indexes to this data must also be updated. 

Once loaded, a class can be instantiated. Instantiation 
compiles all static and virtual methods needed. 
Compilation can be done locally, generating code 
objects that are only visible within a node. The code 
generated is placed in arrays of type INSTRUCTION 
which can be directly executed.  Each object has a 
TIB1 (Type Information Block) as part of its header 
that describes some low level type specific 
information which includes a method table.  In a 
homogeneous system, it is possible to replicate the 
TIB objects and the method code objects (this will be 
explored later). 

The final phase is class initialization. This executes the 
static initialization code <clinit> for a class. In a 
JVM, class initialization happens only once. However, 
in the dJVM some of the runtime support structures 
are local to each node and must be initialized on each 
node where it is used. Thus, class initialization: 
• for a runtime support class (specified by 

implementing DVM_LocalOnlyStatic), 
occurs once on each node that uses it, or 

• for a globally used class, occurs once on the 
master node. 

Recall that the runtime support classes are for the 
internal management purposes of the dJVM and not 
for use by the application. 

3.1.2 Dynamic Class Loading 

The dynamic class loading mechanism of Java allows 
the definition and use of user class loaders. Loading 
classes through this mechanism provides opportunities 
to modify class definitions and code [Marquez et al, 
2000]. This provides a powerful tool which has been 
used to implement persistence and can be used to 
effect distribution. Mechanisms at the user class loader 
level suffer from two drawbacks: 
• User class loaders are prevented from operating 

on system classes. Although this does not prevent 
wrapper classes from being used to redefine 

                                                     
1 A TIB is an object used to describe object type information. 



system class behaviour, it does impede the 
development of effective transformations as well 
as the efficiency of those transformations. 

• Once a class has been loaded into a virtual 
machine, it signature and its place in the hierarchy 
becomes immutable.  

As the Jikes RVM is written in Java, these two 
disadvantages disappear. 

A small set of bytecode transformation tools [Zigman, 
2002] integrated into the Jikes RVM are used to 
provide hooks for applying code transformations for 
effective distribution. The use of these tools minimizes 
the intrusiveness of the modifications to the 
compilation systems within the Jikes RVM by 
allowing transformations of class hierarchies, class 
signatures and method bytecodes including system 
classes. If necessary, these changes can be masked 
from the application code through a modified 
introspection mechanism. 

3.2 Method Invocation 

When a method is invoked on an object, there are two 
main issues that need to be addressed before the 
method can be executed. The first is to determine 
where the object containing the method resides. The 
second is to decide where the method should be 
executed. We deal with the first issue in Section 3.4. 
Here, we look at the latter issue, that of method 
execution. 

Once we locate the home node of the object, we need 
to decide where to execute the invoked method. We 
can migrate the object to the node that invoked the 
method and execute it there. However, effective object 
placement locates objects at nodes based on execution 
pattern and hence, random movement of objects is to 
be avoided. Therefore, we will not pursue this 
approach and will use the following options based on 
context: 
• Where the method is a static method, or is a 

method that does not access fields of its object, or 
accesses only immutable (that is, read only) fields 
of its object, the method is executed locally, since 
the method code is replicated and available 
locally. The immutable fields of the object are 
cached locally to reduce remote accesses.  

• In all other cases, the method is executed on the 
node where the object is located, through the 
remote method invocation mechanism described 
in Section 2.2. 

If an object is known to be immutable, then that object 
is replicated and cached locally. The LID to UID 
mapping of that object is changed to indicate that it is 
locally cached. 

When we execute a method on a remote node, the 
execution context of the corresponding thread 
changes, along with the physical identity of the thread. 
However, the global identity of the thread must not 
change. In order to ensure this, each logical thread has 

a unique global identifier and the mapping of that 
identifier to a local physical thread (VM_Thread) is 
changed at each node where it executes. This requires 
special handling and caching of application level 
threads, i.e. threads that extend java.lang.Thread. 

Node 1 Node 2

VM_Thread VM_ThreadA B

a.m()

c.y() b.x()

 
Figure 1: Local Thread Reuse 

This raises the question of the reuse of local thread 
structures. Figure 1 depicts a thread, Thread A, 
instigated on Node 1 that remotely calls a method 
b.x() on Node 2. The local thread structure, Thread B, 
is given the same global identity as Thread A. Method 
b.x() performs a remote call to method c.y() back on 
Node 1. Local Thread A is reused, continuing the 
processing of threads call chain. This is more efficient 
than allocating a new thread at Node 1 that logically 
should have the same global identity as Thread A.  Our 
design differs in this respect from that of Aridor et al 
[1999], where they create a new thread at Node 1 in 
such a scenario. 

Method calls are synchronous. Thus, a call made to 
another will block the instigating thread until that call 
is satisfied. However, as in the above example, if the 
same global thread calls a method on that node, then 
the blocking thread is interrupted and informed of the 
new incoming operation it is required to perform. 
Once that operation has been completed, it then waits 
for the completion of the remote method call. 

To effect a remote invocation, a message 
encapsulating the identity of the thread and the method 
to be executed, along with the appropriate parameters, 
is generated. This message is passed to the target node, 
where a local thread resource is assigned (if one 
already hasn't), the parameters placed on the stack and 
the appropriate method invoked. This mechanism can 
be implemented either by: 
Inline code modification—Code is constructed at 

compile time to retrieve the parameters from the 
stack (converting each reference from a local to a 
global representation), packing them into a 
message, which is sent as a request to the target 
node. Upon receipt of an invocation request, the 



parameters must be unpacked onto the stack and 
the method invoked. However, such a method can 
pollute the instruction cache of the initiating site. 

Proxy methods—Each method that is compiled has 
two additional methods generated, proxy and stub. 
The first packs and sends a request and the second 
unpacks and invokes the method. This requires 
determining whether an object is local or remote. 
Aridor et. al. [2001] state that ``We cannot make  
this determination by using different classes for 
the master and proxy, or by adding a field to the 
application, as the introspection APIs would make 
this visible to the application, violating SSI''. 
However, this can be circumvented by modifying 
the introspection mechanism in the Jikes RVM 
runtime libraries, so that the mutations in the class 
definitions are hidden from the application. 

Clearly, the second solution is cleaner and more 
flexible. For expediency, in the initial prototype we 
used the first solution, but have moved to the second 
solution with the port of Jikes RVM 2.2.0. 

Exceptions and interrupts must also be accounted for. 
A thread that handles an incoming request must catch 
all possible exceptions from the application code. 
Once an exception is caught, it must package that 
exception and return it to the node that initiated the 
call, where it will be re-raised. By contrast, an 
interrupt must be propagated along the call chain to 
the node currently executing the global thread, where 
it is finally dispatched to the underlying VM_Thread. 
3.3 Data Access 

In broad terms, there are two areas that need to be 
considered: globally referenced data (i.e. static 
variables) and instance data (i.e. objects and arrays). 

3.3.1 Globally Referenced Data 

Each node must manage its local resources. The local 
resource management information in a non-distributed 
JVM is global data. However, in a distributed JVM, 
most of that information is global only within the 
context of that node. Hence, the set of static variables 
in a distributed JVM can be divided into two mutually 
disjoint sets, namely: 
• the set of static variables that are global to all the 

nodes, and 
• the set of static variables that are global within a 

specific node. 

One way to implement the above is to encapsulate the 
node specific information in an object that is visible 
only within the specific node. Another is to change the 
code that accesses static data according to the data that 
is being accessed.  We take the second approach. 

A runtime test is necessary to determine if a static 
variable is held locally or remotely. The Jikes RVM 
(and its runtime structures) are written in Java which 
raises  the following two issues: 

1. Determine whether or not the static variable under 
consideration is just a local runtime support 
variable. 

2. If not, check whether it is of the type that may be 
held locally or remotely. If so, test where it is 
actually located by using a local runtime structure. 

If care is not taken, then the code generated to test 
whether a static variable is locally or remotely held 
may itself require a similar test, resulting in an infinite 
loop. 

In the Jikes RVM, the static fields are held in a Java 
Table of Contents (JTOC).  Associated with each field 
is a descriptor that identifies the category and type of 
information held, e.g. literal int, static field long. The 
set of descriptors is an array of bytes, held as a static 
array in VM_Statics, and is referenced from the 
JTOC. Each descriptor has two unused bits and w use 
these to indicate whether it is a read only field and/or a 
remotely held field. 

In general, the runtime support classes in the Jikes 
RVM only contain  static variables that are used 
locally within a node. This  is  communicated  to the 
compiler  through  a  simple  annotation  method  
commonly used in Java—an empty interface 
DVM_LocalOnlyStatic implemented by any class 
that contains static data that is always accessed locally.  
The code generated to access a static field of such a 
class is unchanged from that of the original compiler. 
For other classes, the test described above is 
performed.  Clearly, this does not introduce any 
overhead for locally used static variables. However, it 
does introduce some overhead for other static 
variables. The overhead will be reduced in later 
implementations by combining the descriptor and 
JTOC information into the one array. 

3.3.2 Instance Data 

The approach taken to implementing the reference 
faulting mechanism, outlined in Section 3.4, dictates 
the compiler changes necessary for handling instance 
data. In particular, there are four different types of 
code to consider: object and array access, code 
execution, lock operations and type checks. 

Field access (getfield and putfield) and array element 
access (aaload, aastore etc.) dereference an object2 to 
determine the memory location of the data. The 
software detection of remote references mentioned in 
Section 3.4 necessitates a test of the reference itself. A 
local reference is accessed in the normal manner, 
whereas a remote access is initiated by calling a static 
method, which generates a message that contains a 
description of the remote operation (see Section 2.2). 

                                                     
2 An array element access is considered to be a variant of field 
access. 



3.3.3 Type Operations 

The remaining operations are type checking 
operations. Explicit type checking operations 
checkcast and instanceof) can interrogate the types 
through remote calls. We cache this information 
locally, since an object's type remains unchanged 
during its life time. Any interrogation of an object to 
obtain its TIB is intercepted to obtain the TIB from the 
local cache. 

3.4 Object Location 

We use a reference faulting mechanism to determine 
whether an object is available locally, or is only 
available remotely. This is achieved by using an 
appropriate global and local addressing scheme for 
objects. Each object has an associated universal 
identifier or UID that uniquely identifies the object in 
the cluster. The UID needs to be resolved into an 
object address at a specific node.  One of the ways in 
which the UID can be allocated is centrally, where the 
allocation of UIDs is done by a master node in the 
cluster. However, this could lead to a bottleneck at that 
node. We have chosen to use a decentralized 
approach, where each node in the cluster allocates a 
UID for an object that it owns, from a range of UIDs 
under its control. A UID is generated when an object 
reference is exported for the first time. The node that 
owns an object is called the home node of that object. 
While this eliminates the above mentioned bottleneck 
problem, it does lead to more complicated updates 
resulting from object movement from one node to 
another. 

At any given node in the cluster, an object reference 
either points to a local object or to a remote object. In 
our implementation, a local object has an associated 
object identifier or OID. This is identical to the 
address of the object at that node and thus avoids any 
overheads incurred through indirection tables or 
indexes. A remote object has an associated local 
logical identifier or LID at that node. This LID needs 
to be mapped to the UID of the object to determine its 
exact location in the cluster. 

In the Jikes RVM, all object and array addresses are 4 
byte aligned. We use this property to make the 
reference faulting mechanism work. All the LIDs are 
misaligned, while the OIDs, being actual object 
addresses, are not. This can be implemented by either: 
Software—Misaligned addresses can be detected by 

examining the LSBs (least significant bits) of an 
address and branching if not zero. This introduces 
a couple of instructions into the instruction 
pipeline. Importantly, no indirection or additional 
loads are required. 

Hardware—In the Jikes RVM, checking array bounds 
and object types are 4 byte aligned operations, and 
their interrogation via a misaligned address will 
cause a hardware trap.  Most accesses will be to 
local objects, so the added expense of a hardware 

trap for remote objects will be outweighed by zero 
overhead for local access. 

We have currently implemented this using software, 
but intend to implement the hardware faulting 
mechanism. 

3.5 Locking 

Locking operations are directed to the home node of 
the object, and in the case of locks on classes they are 
directed to the home node of the class (the master 
node). The thread identifier sent with the lock is the 
global identifier of the thread, for obvious reasons. A 
thread that already has a lock can acquire additional 
locks on the same object. The number of locks and 
unlocks must be equal. For efficiency, additional 
requests need not be sent to the home node.  A local 
count can be kept, and an unlock request sent to the 
home node once the count reaches zero. 

The explicit lock operations monitorenter and 
monitorexit are handled by the Jikes RVM runtime 
system and do not need compiler modifications. 
Implicit locks on object instances (synchronized 
methods) are similarly handled. However, implicit 
locks on statics must be directed to the home node of 
the class. In the case of classes that implement 
DVM_LocalOnlyStatic, this is done locally. In all 
other cases, it is done by the master node. 

4 OBJECT ALLOCATION AND PLACEMENT 

In order to enable the distribution of objects across the 
nodes in the cluster, there should be a way of remotely 
allocating an object on a specified node.  In the Jikes 
RVM, the VM_Allocator class does the work of 
object allocation. In dJVM, this is replaced with an 
allocator that directs requests to a standard local 
allocator or to an allocator on another node. On 
initialization, each node will have an instance of an 
allocator that directs allocation requests to the local 
node. Each allocator instance acts as a placeholder, 
enabling the remote invocation mechanism to be used 
to effect remote allocation requests to specific nodes. 
The UID of this placeholder object is known to all the 
other nodes. A remote allocation request is passed on 
to the placeholder object of the node at which the 
allocation is to be made, which then allocates the 
object locally at that node. 

Introducing a local or remote allocation decision 
process at runtime can be expensive. Compile time 
analysis can eliminate some of these decisions by 
generating local allocation code where it is clearly 
sensible to do so. Object placement is important for 
load balancing and performance improvements.  
Ideally, a new object should be placed on the node 
where it is most required.  Aridor et. al. [1999; 2001] 
enumerate a number of techniques and patterns used to 
improve efficiency and these will be incorporated into 
the dJVM. Additionally, we will examine further 
techniques using escape analysis, call chain, and static 



and dynamic profiling information to enhance object 
placement. 

5 CONCLUSIONS AND FUTURE WORK 

In this paper, we present some of the design issues that 
we came across in developing dJVM. We also outline 
some solutions to these issues. Currently, we have a 
working prototype that uses the baseline compiler. We 
are working on modifying this prototype to use the 
latest version of the Jikes RVM.  Once this is done, we 
will look at the following issues:  
Optimizing Compiler—The optimizing compiler 

implements a range of analysis and optimization 
techniques. These optimization techniques can be 
applied to the Jikes RVM (and hence our 
extensions) as well as the application code. 
Consequently, we intend to use facilities such as 
escape analysis and profiling, to feed into the 
object placement and migration decision making 
processes. 

Proxy/Stub—For code execution a proxy/stub 
mechanism provides a cleaner implementation of 
code invocation. This will be mixed with the 
reference faulting scheme, to provide minimum 
overhead for field and array accesses, while 
providing a clean implementation for remote calls. 

Communication—Flattening the communication 
hierarchy and removing all but essential object 
creation and data copying. 

From our experience with building the dJVM, we feel 
that the JVM specification should allow for a system 
class loader facility that minimizes the set of system 
classes that cannot be modified. Although, such a 
mechanism does raise significant security issues. 

Concurrently with the development of dJVM using the 
optimizing compiler, we will investigate techniques to 
improve performance. We intend to use techniques 
such as code analysis, and static and dynamic 
profiling, for determining object placement and 
migration, object caching and thread migration. We 
also intend to implement efficient distributed garbage 
collection algorithms. 
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Abstract: This paper presents a new domain decomposition approach whose main goal is the computation of a
load balancing partition while reducing the overhead to compute such a partition. In the proposed approach, the
number of neighbours of each sub-domain returned by the decomposition can be bounded by an user supplied
value. This reduces the communication overhead of the application. We describe an algorithm implementing our
decomposition strategy and apply our approach to WaTOR, a classical dynamical simulation problem. We report
also some preliminaries result to prove the effectiveness of our approach.
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1 INTRODUCTION

Domain Decompositionis a technique exploited both
to balance the load and to reduce communications in
parallel applications [Culler and Singh, 1998]. It is
applied when the data set of the application can be re-
garded as a physical domainwhere the computation
performed on each element � requires the knowledge
of a small subset of data close to� only. Several paral-
lel applications belong to this class, a classical exam-
ple being that of cellular automata [Sloot and Talia,
1999].

This technique partitions the domain into a set of
sub-domains with the same computational load and as-
signs each sub-domain to a distinct process. Each pro-
cess updates the elements belonging to its sub-domain
� and communicates with the other processes only to
update the elements located on the boundary of �.

The domain decomposition problem becomes chal-
lenging when dynamical applicationsare considered
because in these applications the decomposition of the
domain has to be updated during the computation. The
update is required to take into account that the number
of the elements of the domain and/or their positions
are dynamic, i.e. change during the computation.

Several approaches have been proposed in the last
years. Each strategy takes into account the trade-off
between the overhead introduced by the dynamic par-
titioning of the domain and the benefits obtained by
balancing the load. Orthogonal Recursive Bisection
[Salmon, 1990] is a domain decomposition strategy
exploited in many parallel application. This technique

produces an optimal balance of the work, at the ex-
pense of a large computational complexity. On the
other side, simpler solutions often result in decomposi-
tions of the domain characterized by an unsatisfactory
load balance.

This work describes the BoundedNeighboursap-
proach, a domain decomposition technique whose main
goal is to reduce the overhead introduced by partition-
ing the domain while preserving an acceptable balance
of the work. Another interesting feature of our ap-
proach is that it allows the user to boundthe number
of neighbours of each sub-domain. Since each sub-
domain is assigned to a different process, this bounds
also the number of communications of each process
and, hence, the overall communication overhead.

Section 2 reviews existing proposals. The main
features of our strategy are described in section 3,
while section 4 presents the Bounded Neighboursim-
plementation. Finally, section 5 shows the application
of Bounded Neighboursto WaTOR, a classical irreg-
ular distributed simulation problem. Some significant
performance results are described as well.

2 RELATED WORKS

Several domain partitioning techniques have been
proposed in the last years. While most of them con-
sider 2-dimensional domains, almost all of them can
be easily extended to cover a larger number of dimen-
sions.

Applications defined on irregular and/or dynamical
domains generally require a dynamic partitioning of



the domain. Nevertheless, some dynamical applica-
tions exploit scattered decomposition[Saltz, 1990], a
static decomposition technique. Scattered decompo-
sition partitions the domain into a set of rectangular
zones, the templates. Each template is further divided
into a set of rectangular regions, the granules. Cor-
responding granules belonging to different templates
are assigned to the same process. The resulting load
is balanced only when the domain is characterized by
a uniform distribution of the load to the granules. The
main advantage of this technique is that the decompo-
sition defines a set of regular communication patterns.
On the other way, a satisfactory load balance may be
obtained only when the size of the granules is rather
small.

Since the communication overhead due to a gran-
ule increases with the ratio between the perimeter and
the area of the granule, a larger number of granules
improves load balancing at the expense of increasing
the ratio between the communication overhead and the
computational one.

Dynamic decomposition techniques update the do-
main partition when the number and/or the position of
the elements are modified. A well known approach
is that of [Salmon, 1990; Simon, 1994], the Orthog-
onal Recursive Bisection (ORB). ORB initially splits
the domain into two rectangular sub spaces with the
same load. The set of processes is partitioned into two
subsets as well, and each subspace of the domain is
assigned to a subset of processes. The procedure is re-
cursively applied until a single subspace is assigned to
each process. In general, ORB achieves a good bal-
ance, but its computational cost is high because of the
complexity of determining the cuts of the domain. Fur-
thermore, each process records the partitions through
a binary tree, built during the load balancing phase.
This tree is visited during the computation to detect
the neighbours of each process. This visit introduces
a further overhead in the computation. Note that, in
the worst case, an high number of neighbours may re-
sult for each process. ORB was originally proposed
for an hypercube architecture and its implementation
is greatly simplified if the number of processes of the
application equals a power of 2.

A simpler approach considers the domain as a grid
that is partitioned into blocks of contiguous rows. The
boundaries of each block are dynamically re computed
to balance the load. The main advantage of this tech-
nique is its simplicity. Furthermore, each process has
two statically defined neighbours. The main disadvan-
tage is that the balancing is not satisfactory, because of
the coarse grain of the partitioning.

The cost zone [Singh et al, 1995] or space fill-
ing curves [Singh et al, 1995; Baden and Pilkington,
1995; Moon et al, 2001] are exploited for applications

defining a hierarchical subdivision of the domain .

3 BOUNDING NEIGHBORS

Bounded Neighboursis a domain decomposition strat-
egy whose main goal is to reduce the overheadof dy-
namical domain partitioning while producing an ac-
ceptable load balance. Furthermore, Bounded Neigh-
boursallows the user to boundthe number NSof neigh-
bours of each sub-domain. This implies a reduction
of the overhead due to communications. As a mat-
ter of fact, the process associated with a sub-domain
requires elements belonging to its neighbours when it
updates the elements on the border of its partition only.
In our approach, the number of processes exchanging
data with each process of the application is bounded
by ��. Since each communication with a distinct
partner implies a new start-up phase, this reduces the
communication overhead. It is worth noticing that the
computational cost of the start-up phase of each com-
munication is high, in particular when considering ap-
plications developed on workstation clusters. Further-
more, several optimizations can be applied to reduce
the communication cost between a single pair of part-
ners.
In Bounded Neighboursthe value of the parameter��

can be defined by the user. Each decomposition pro-
duced by Boundedn Neighbourssatisfies the bounded
neighbours condition, i.e. the number of neighbours
of each sub-domain does not exceed ��.

Bounded Neighboursgeneralizes the simple domain
decomposition that assigns blocks of consecutive rows
of the grid to each process. In our approach, each row
can be further subdivided into segments and each seg-
ment can be assigned to a different sub-domain. The
leftmost part of Figure 1 shows a decomposition pro-
duced by Bounded Neighbours. This strategy returns
an optimal load balancing, but, in general, the bounded
neighbours condition is not satisfied. This constraint is
considered in a second phase, when the cuts produced
by the first one are shifted to produce a legal decom-
position. Bounded Neighboursdefines a set of sim-
ple conditions which imply the bounded neighbours
one. Consider, for instance, a ��� grid and suppose
�� � �, i.e. the number of neighbour of each domain
is bounded by 2. In this case, the following conditions
guarantees that the bounded neighbours condition is
satisfied.

� each row of the grid includes at most one cut;

� each sub-domain includes at least � points of
the grid



These conditions can be easily checked by consid-
ering the grid decomposition. For instance, in Figure
1, process P3 includes exactly m points of the grid.

[Bonotti, 2002] defines similar conditions for the
more general case. It is worth noticing that the num-
ber of cuts that can be applied to each row increases
with the value of ��. Furthermore, the balancing is
improved by a larger number of cuts. Nevertheless,
our experiments show that an acceptable compromise
between communication overhead and load balancing
may be achieved by low values of ��.

Fig. 1 compares our approach with blocks of rows
decomposition (shown in the central part of the fig-
ure) and with orthogonal recursive bisection(shown
in the right part). Our approach produces a better load
balancing with respect to the first one because a row
can be cut and the resulting subset of the row can be
assigned to different processes. In the block of row
decomposition, the number of neighbours of each pro-
cess is equal to to 2. This can be obtained also in our
approach, by setting �� to 2.

In general, the ORB strategy, achieves a better load
balancing. On the other hand, in the worst case, it may
result in a large number of neighbours of a given sub-
domain.

Furthermore, in our approach, the computation of
cuts is straightforward. Instead,��� [Salmon, 1990]
requires a parallel median finder algorithm which, in
turn, results in a large amount of communications to
implement domain decomposition.

4 THE IMPLEMENTATION

This section describes a 	
� algorithm to imple-
ment the Bounded Neighbours strategy. If � is the
number of processes of the application, the algorithm
partitions the domain into � sub-domains and assigns
���� to process 
�. Each process exploits a data
structure, the cut-array, to store the initial and the fi-
nal coordinates of each sub-domain, i.e. the cutsof the
grid.

This structure is initialized when the elements are
distributed to the processes and is updated after each
load balancing step. Note that this structure does not
store the exact location of the elements in the other
sub-domains produced by a partition, it only describes
the partition of the domain among the application pro-
cesses.

The Bounded Neighbours algorithm consists of four
phases:

� Trade off Evaluation

� Cuts Computation

� Cuts Checking

� Data Exchange

In the first phase, Trade offevaluation, processes
exchange their current load. This information is ex-
ploited to evaluate the trade-off between the overhead
introduced by the execution of the algorithm and the
unbalance of the computation. The following phases
are executed only if the trade-off is significant. In the
Cuts Computationphase the processes compute the
new partitions, i.e. the new cuts to balance the load.
This phase can produce an illegal partition of the do-
main, i.e. a partition where the number of neighbours
is larger that ��. In the following phase, Cuts Check-
ing, a partition may be updated to produce a legal so-
lution. Finally, in the Data Exchangephase, the pro-
cesses exchange data to build the new partition of the
domain. In the following, we will describe each phase
in more detail.

4.1 Trade-Off Evaluation

We assume that each process, after each load bal-
ancing step, stores in a local data structure the cuts
defining the partition of the domain and the current
load of any other process. The load may be changed
because, during a computational step, the number and/or
the position of the elements in the domain may be
modified. In this phase, processes exchange their cur-
rent load, i.e. the number of elements currently be-
longing to a sub-domain. This communication is im-
plemented by a 	
� �������� primitive.

After the collective communication, each process
computes the optimal load and evaluates the trade-off
between the overhead due to the execution of the load
balancing algorithm and the benefits of a balancing
step. The trade-off is defined by the following crite-
ria:

� Number of elements

The current number of elements can be easily
computed by summing the current load of any
process. If this value is smaller than a threshold
percentage Pof the total number of positions of
the grid, the load balancing step is not executed,
because, the overhead of the load balancing is
not balanced by the resulting speed up of the
computation.

� Maximum Unbalance

The overall execution time of a computation step
is determined by the execution time of the slow-
est process, i.e. the process 
� owning the sub-
domain �� including 	����, the largest num-
ber of elements. The load balancing algorithm
is executed only if the difference between the
	��� and the optimal number of elements of
each process is larger than threshold value V.
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The user can modify 
 and � to tune its applica-
tion. An example is discussed in Section 5.

4.2 Cuts Computation

The Cuts Computationphase computes the new par-
tition of the domain that assigns the optimal number
of elements to each process. If the resulting partition
does not satisfy the Bounded Neighbours condition,
it will be modified in the next phase, Cut Checking
which always generates a legal partitioning.

The Cut Computationphase consists of two steps.
Let us denote by old partition, the partition computed
in the previous load balancing step and by new par-
tition that computed in this phase. In the first step,
each process computes the intersectionsbetween the
cuts defining the new partition and the sub-domains
defined by the old partition. This computation exploits
both the information gathered in the trade-off evalua-
tion phase and the cut-arraystoring the cuts of the old
partition.

P1 55

P2    7

P3 30

P4 8

P1

P2

P3
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Figure 2. Cuts Computation

Consider, for instance, Figure 2. The leftmost part
of the figure shows the old partition of the domain,
which is recorded in the cut-array. For each sub do-
main we show a reference to the process owning the

sub-domain and the current load of that process. This
information, gathered during the trade off evaluation
step, is exploited to compute the optimal amount of
elements to be assigned to each process, 25 in the con-
sidered example. In the right part of the figure, the
new cutsare shown through dashed lines. It is worth
noticing that the exact location of a new cut can be de-
termined only by the process 
� owning the domain
including the cut. Since any other process 
� , � �� �,
does not know the exact location of the elements in
����, 
� can only determine the number of cutsof
the new partition intersecting ����. During this step,
each process 
� builds a list, ListCutsand an array, Re-
ceivecuts. Listcuts stores the coordinates of all the cuts
intersecting its domain. Receivecutsis an � elements
array, where the j-th position records the number of
cuts intersecting ���� , for any � �� �.

Consider again Figure 2. Process 
� computes
the coordinates of the cuts that intersects the first sub-
domain of the old partition and stores them in its List-
cuts. All other processes store the value � in the first
position of their Receivecutsarray.

The code implementing this step is shown in Fig-
ure 3. We suppose that the variable TotBalanceand
Optbalancerecord, respectively, the total number of
elements of the grid and the optimal amount of work
to be assigned to each process. The i-th position of the
array ElPart records the current load of process 
 �.

When all the processes have completed this step,
the exact location of the new cuts is notified by each
process to any other one. This communication step
is implemented by a loop executed in parallel by all
the processes, according to an �
	� programming
style. To notify its cuts to the other processes, at each
iteration process 
� executes a distinct 	
� broad-
cast communication as a sender for each of its cuts.
Each process 
� � �� � executes, in turn, � MPI broad-
cast, as a receiver, where k is the value stored in Re-
ceivecuts[i].



Tot = TotBalance;
Diff= OptBalance;
i =0; CutPos=0;
Listcuts = �;
while Tot�0

if (Elpart[i]�Diff)
Diff = Diff - Elpart[i];
Tot = Tot - Elpart[i];
i = i+1;

else
%calcolo nuovo taglio
ElPart[i] = ElPart[i] - Diff;
if myrank()�� i

Listcuts=Listcuts �NewCutUpdate(CurPos, Diff)
else

ReceiveCuts[i]=ReceiveCuts[i]+1;
endif
Tot = Tot -Diff;
Diff= OptBalance

endif
endwhile

Figure 3. Cuts Computation

4.3 Cuts Checking

This phase checks the Bounded Neighbourscondi-
tion for the partition produced by the previous step. If
appropriate, it modifies the partition as well. In the fol-
lowing, we show the implementation in the case where
�� � �. [Bonotti, 2002] describes the more general
case. Each process considers the sub-domains in a se-
quential order and it checks the following conditions
where ��� is the sub-domain that is currently con-
sidered.

� Each sub-domain ��� should include at least
� grid elements, � is the number of columns
of the grid. In this way ���� completely sepa-
rates ������ from ������. This implies that
each domain has 2 neighbours. If this condition
is not satisfied, all the processes shifts forward
the cuts of the domains following���, in order
to associate at least� points of the grid to���.
This operation can introduce a certain amount of
unbalance. However, our experiments show that
this case is not very frequent and may arise only
when the dimension of the grid is small with re-
spect to the number of available processes.

� If ��� includes � or more grid elements, each
process checks if the the bounded neighbours
condition can be verified by all the sub-domains
considered after ���. This is possible if the
number of grid cells from the final cut of ���
to the end of the grid is larger than � times the
number of sub-domains still to be considered.
If this condition is violated, then this is the first

domain violating the condition because the do-
main are considered one at a time. Then ���
and the following sub-domains can be updated
to satisfy the condition.

4.4 Data Exchange

The phase implements, the actual exchange of the
elements. Let �
� be the old sub-domain associated
with 
� and �
� its new sub-domain. Each process:

� sends to 
� each element belonging to the inter-
section of �
� with �
�

� receives from 
� any element belonging to the
intersection of �
� with �
�

In the example of Figure 2, process 
� sends some
elements to 
� because some elements in its old sub-
domain now belongs to 
�. It also receives some el-
ements from 
� and all the elements of the partition
assigned to 
�.

5 WaTOR: AN IRREGULAR DYNAM-
ICAL SIMULATION

The load balancing strategy defined in Section 4
has been exploited to implement WaTOR, a classical
distributed simulation problem. This problem, origi-
nally introduced in [Dewdney, 1984], defines an ide-
alized world where fishes and sharks move randomly,
feed, breed and die. Plankton is located randomly at
the vertices of the grid. Fish eat plankton, while sharks
eats fishes.

The exact rules describing the behaviour of fishes
and sharks are given in [Dewdney, 1984].

[Fox et al, 1988] observes that, even if these rules
are too simple to describe a realistic biological popu-
lation, the parallel implementation of WaTORpresents
a number of interesting features characterizing more
advanced parallel applications as well. First of all, the
application is characterized by a very in homogeneous
and dynamic load distribution. As a matter of fact, the
distribution of the elements in the domain is not uni-
form and the number of the elements of the domain
changes dynamically due to their death and breeding.
Second, a conflict resolution strategyhas to be defined
to solve the conflicts arising among animals. For in-
stance, two animals can decide to move to the same
point of the grid, or two sharks can decide to eat the
same fish. Since no specific rule is specified in [Dewd-
ney, 1984], any choice is acceptable. In the parallel
implementation, conflict resolution is more complex
because it can involve several processes. As a matter
of fact, conflicts can arise among processes which con-
currently try to update the same cell of the grid belong-
ing to a border of the sub-domain. Several strategies



have been proposed in [Fox et al, 1988], ranging from
the simplest one which simply eliminates the animal
losing the conflict, to that defining a complex rollback
strategy.

Let us briefly describe the main characteristics of
our implementation. Our implementation models the
problem domain as a two-dimensional toroidal grid.
Fishes and sharks are located at the vertices of this
grid and can move only to the four nearest-neighbours
vertices. A straightforward implementation stores the
grid in a rectangular two-dimensional array. The draw-
back of this solution is that processes can spend a sig-
nificant amount of time to examine empty regions of
the ocean. For this reason, an application process P
exploits a linked list storing only animals present on
the grid. The grid is represented by a one dimensional
array of � elements, where � is the number of the rows
of the grid. Each element of the array is null if the
corresponding row of the grid does not belong to 
 ,
otherwise it includes the list of all the animals in the
row. This solution reduces the memory required for
rows not belonging to the process. Furthermore, rows
can be added or deleted during load balancing without
modifying the rows not involved in the operation.

The conflicts are solved by avoiding the concur-
rent update of a grid point. In turn this is achieved
by properly ordering the communications among the
processes. The computation alternates a computation
step and a load balancing step. During the compu-
tation, first each process updates the upper border of
its domain and sends it, through an immediate 	
�

communication, to its neighbour. Then, each process
updates the inner part of its domain. Before updating
the lower border of its domain a process receives the
updated upper border from its neighbour, it updates its
lower border and it sends it back. After each computa-
tion phase, Bounded Neighboursis executed.

5.1 Results

This section shows some preliminary performance re-
sults. The experiments have been performed on Backus,
a cluster of 8 PCs running Linux and connected by a
Fast Ethernet network switch [Danelutto, 2003].

We have tested the effectiveness of the Bounded
Neighbours algorithm through the Wator implemen-
tation and compared the result obtained considering
grids of different sizes. For each case, we have com-
pared the speed-up obtained when load is not balanced
versus that achieved by exploiting Bounded Neighbours.
The speed-up achieved for a ���� ��� grid, rs. for a
����� ���� grid are shown in the leftmost, rs. in the
rightmost part, of Figure 4. The parameters of the
simulation are shown in table 1.

The percentages are referred to the total number of
elements of the grid. As far as concerns the ���� ���

number of fishes 20 %
number of sharks 30 %
initial amount of plancton: 30%
fish survival time 7
shark survival time 3
fishes breeding age 10
sharks breeding age 12
number of simulation steps : ���

Table 1. Simulation Parameters

grid, we have that the overhead introduced by Bound-
edNeighboursequals the benefits obtained by balanc-
ing the load. As a matter of fact, the speed-ups achieved
in the two experiments are comparable. In the case of
the ����� ���� grid, the speed-up that is achieved by
balancing the load is larger that the one that is achieved
without load balancing. Furthermore, the former speed-
up is close to the optimal one.

We have also investigated the relation between the
percentage of unbalanced load and the execution time,
in the case of 8 processors and a ���� � ���� grid.
Figure 5 shows the execution times corresponding to
different unbalance degrees, i.e. to different values of
the threshold value � , see section 4.1. The values
shown on the x-axis corresponds to different percent-
age of unbalance with respect to the size of the grid.
The value 0 corresponds to the execution time obtained
when Bounded Neighboursis not exploited. The re-
sults show that, even for low unbalances, the execution
time decreases when Bounded Neighboursis applied.

6 CONCLUSIONS

This paper has presented the Bounded Neighbours
approach to domain decomposition. The most impor-
tant feature of this approach is that the number of neigh-
bours of each process is bounded. An implementation
of the BoundedNeighboursapproach has been devel-
oped and its effectiveness has been tested through Wa-
TOR, a classical irregular distributed simulation prob-
lem. Current implementation supports two neighbour-
ing sub-domains for each domain produced by the par-
tition. Preliminary results show a good trade off be-
tween the overhead introduced by the load balancing
algorithm and the reduction of the execution time. We
are planning to modify the decomposition procedure in
order to support more cuts for each row. Furthermore,
we will exploit our algorithm in the implementation of
more complex simulation problems, such as real life
problems described by cellular automata.
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Abstract: Recently, a new server-less architecture is proposed for building low-cost yet scalable video streaming 
systems. In this architecture, video data are distributed among user hosts and these hosts cooperate to stream video 
data to one another. To improve reliability, data and capacity redundancy are introduced to sustain node failures. 
However, the data placement as well as the redundant data in the system will need to be updated whenever new nodes 
join the system. This study is a first step in investigating the problem of updating redundant data when growing such 
a server-less system by assimilating new nodes. Results show that the redundancy update overhead is very significant 
and even exceeds that in data reorganization. To tackle this problem, this study presents a novel Sequential 
Redundant Data Update (SRDU) algorithm that takes advantage of the structure of Reed-Solomon Erasure Correction 
codes to reduce the redundancy update overhead by as much as 75%. Numerical results show that by further delaying 
the update of redundant data until adding multiple nodes, say 10, we can further reduce the redundancy update 
overhead by as much as 97%. 
 
Keywords: Server-less, video-on-demand, redundant, update, reliable. 

 
1. INTRODUCTION 

 
Peer-to-peer and distributed computing has shown 
great potentials in high-performance computing 
applications. Apart from computational problems, data 
and I/O-intensive applications can also benefit from 
the inherent scalability offered by distributed 
architectures. One such architecture, called server-less 
video-on-demand architecture, recently proposed by 
Lee and Leung [Lee and Leung, 2002a] adopted this 
completely decentralized approach to eliminate the 
need for costly high-capacity video servers. 
 
Unlike conventional video-on-demand (VoD) systems 
built around the well-understood client-server model, a 
server-less VoD system is built entirely from user hosts. 
Video data are distributed among these user hosts 
which then cooperate to stream video data to one 
another for playback. Lee and Leung [Lee and Leung, 
2002a] showed that this server-less  architecture is 
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easily scalable to hundreds of user hosts using 
off-the-shelf computers and network switches. 
Moreover, by incorporating data and capacity 
redundancy into the system, one can even achieve 
system-level reliability comparable to or even 
exceeding those of dedicated video servers [Lee and 
Leung, 2002b]. 
 
The study by Lee and Leung [Lee and Leung, 2002a] is 
focused on the scalability and feasibility of the 
server-less architecture. They did not, however, 
address the practical problem of system growth when 
new user hosts join the system. Specifically, as video 
data are distributed among user hosts, these data will 
need to be redistributed to newly joined hosts to utilize 
their storage and streaming capacity. This problem has 
been investigated by Ghandeharizadeh and Kim 
[Ghandeharizadeh and Kim, 1996], Goel et al. [Goel et 
al, 2002], and Ho and Lee [Ho and Lee, 2003] 
respectively. Nevertheless, all three studies are focused 
on the reorganization of the video data. The problem of 
updating redundant data that are themselves computed 
from the video data has not been addressed. 
 



In this study, we investigate the problem of efficient 
update of redundant data when video data are 
reorganized during the growth of a server-less VoD 
system. We found that updating redundant data can 
incur significantly more overhead than data 
reorganization. To tackle this problem, we are going to 
present a new redundant data update algorithm called 
Sequential Redundant Data Update that takes 
advantage of the structure of Reed-Solomon erasure 
codes [Plank, 1997] to reduce the redundant data 
update overhead by as much as 75%. Numerical results 
show that by further delaying the update of redundant 
data until adding multiple nodes, say 10, we can 
further reduce the redundancy update overhead by as 
much as 97%. 
 
In the next section, we first briefly review the 
server-less VoD architecture and the previous works on 
data reorganization. We formulate the data 
reorganization problem in Section 3. The redundant 
data regeneration and proposed update algorithm are 
presented in Section 4 and 5 respectively; Section 6 
gives the performance evaluation and Section 7 
concludes the paper. 

 
2. BACKGROUND 
 
In this section, we first give a brief overview of the 
server-less VoD architecture [Lee and Leung, 2002a] 
and then review the existing works on data 
reorganization. 

 
2.1 Server-less VoD Architecture 
 
A server-less VoD system comprises a pool of fully 
connected user hosts, or called nodes in this paper. 
Inside each node is a system software that can stream a 
portion of each video title to as well as playback video 
received from other nodes in the system. Unlike 
conventional video server, this system software serves 
a much lower aggregate bandwidth and thus can 
readily be implemented in today’s set-top boxes (STBs) 
and PCs. For large systems, the nodes can be further 
divided into clusters where each cluster forms an 
autonomous system that is independent from other 
clusters.  
 
For data placement, a video title is first divided into 
fixed-size blocks and then equally distributed to all 
nodes in the cluster. This node-level striping scheme 
avoids data replication while at the same time share the 
storage and streaming requirement equally among all 
nodes in the cluster. 
 

To initiate a video streaming session, a receiver node 
will first locate the set of sender nodes carrying blocks 
of the desired video title, the placement of the data 
blocks and other parameters (format, bitrate, etc.) 
through the directory service. These sender nodes will 
then be notified to start streaming the video blocks to 
the receiver node for playback. 
 
Let N be the number of nodes in the cluster and assume 
all video titles are constant-bit-rate (CBR) encoded at 
the same bitrate Rv. A sender node in a cluster may 
have to retrieve video data for up to N video streams, 
of which N – 1 of them are transmitted while the 
remaining one played back locally. Note that as a video 
stream is served by N nodes concurrently, each node 
only needs to serve a bitrate of Rv/N for each video 
stream. With a round-based transmission scheduler, a 
sender node simply transmits one block of video data 
to each receiver node in each round. Interested readers 
are referred to the study by Lee and Leung [Lee and 
Leung, 2002a; Lee and Leung, 2002a] for more details. 

 
2.2 Related Works 
 
The problem of data reorganization has been studied in 
the context of disk arrays [Ghandeharizadeh and Kim, 
1996; Goel et al, 2002]. The study by 
Ghandeharizadeh and Kim [Ghandeharizadeh and 
Kim, 1996] is the earliest study on data reorganization 
known to the authors. They investigated the data 
reorganization problem in the context of adding disks 
to a continuous media server. They employed 
round-robin data striping common in disk arrays and 
investigated and analyzed techniques to perform data 
reorganization online, i.e., without disrupting on-going 
video streams. However, their study assumed there is 
no data redundancy in the disk array and thus did not 
address the redundancy update problem. 
 
In another study by Goel et al. [Goel et al, 2002], a 
pseudo-random algorithm called SCADDAR for data 
placement and data reorganization was proposed for 
use in disk arrays. In this algorithm, each data block is 
initially randomly distributed to the disks with equal 
probabilities. When a new disk is added to the disk 
array, each block will obtain a new sequence number 
according to their randomized SCADDAR algorithm. 
If the reminder of this number is equal to the disk 
number of the newly added disk, the corresponding 
block will be moved to this new disk. Otherwise, the 
block will reside at the original disk.  
 
In a recent study [Ho and Lee, 2003], Ho and Lee 
proposed a more efficient data reorganization 



algorithm called Row-Permutated Data 
Reorganization that can achieve lower data 
reorganization overhead and also allow controllable 
tradeoff between streaming load balance and data 
reorganization overhead.  
 
While the previous pioneering studies have been 
successful in reducing the data reorganization 
overhead substantially, they did not yet address the 
issue of redundant data update. Given that a server-less 
VoD system is built from user hosts that are inherently 
less reliable than dedicated video servers, fault tolerant 
capability clearly becomes a necessity. To this end, one 
will need to incorporate data and capacity 
redundancies into the system and these redundant data 
will need to be updated whenever new nodes are added. 
To our knowledge this study is the first attempt at 
tackling this redundant data update challenge. Our 
study reveals that the overhead incurred in updating 
these redundant data far exceeds even the overhead in 
data reorganization. 
 
3. OVERHEADS IN DATA REORGANIZATION 
 
Based on the server-less VoD architecture presented in 
Section 2.1, we formulate the system model in this 
section and present the three types of overhead in 
reorganizing data to accommodate newly added nodes. 
Let B be the total number of fixed-size video data 
blocks in the system and vj be the jth block of the video 
title. For simplicity we consider only one video title 
although the results can be readily extended to 
multiple video titles. 
 
Fig. 1 illustrates one possible placement of video data 
in a server-less VoD system. Each block in the figure 
represents either a Q-byte video data or a Q-byte 
redundant data block. Blocks under the same column 
are stored in the same node. The jth redundant data 
block, denoted by ci,j, are computed from video data 
stripe i, comprising blocks {vk, k=i(N-h), i(N-h)+1, …, 
(i+1)(N-h)−1}}, using a systematic erasure-correction 
code such as the Reed-Solomon Erasure Correction 
(RSE) code [Plank, 1997]. Briefly speaking, with h 
redundant data blocks in a data stripe, the system will 
be able to sustain the failure of up to h nodes without 
loosing any data. A previous study [Lee and Leung, 
2002b] had shown that one can achieve system-level 
reliability comparable to high-end dedicated video 
server with redundancies of h/(N-h)≈0.2. 
 
When one or more new nodes join the system, they 
will add both streaming load as well as capacity to the 
system. There are three types of overhead in 

assimilating these new nodes into the system. First, to 
utilize their streaming and storage capacity, the system 
will need to redistribute portion of the video data to 
these new nodes. The system may also need to 
reorganize video data in the existing nodes to maintain 
streaming load balance [Ho and Lee, 2003]. This data 
reorganization process incurs overhead in the form of 
relocating data blocks within nodes in the system. 
 
Second, as these redundant data are computed from the 
data stripe, relocation of the data blocks will require 
corresponding update to the redundant data blocks. 
This redundant data update process incurs overhead in 
transmitting data blocks to the nodes for regenerating 
the redundant data blocks. 
 
Third, as the system grows larger with more nodes, the 
system reliability will decrease if the number of 
redundancies h is kept constant. To improve reliability, 
we will need to introduce new redundancies to the 
system (i.e., increasing h). This redundant data 
addition process incurs overhead in transmitting data 
blocks to the nodes for generating the new redundant 
data blocks. 
 
To our knowledge, only the data reorganization 
process has been investigated [Ho and Lee, 2003; 
Ghandeharizadeh and Kim, 1996; Goel et al, 2002]. In 
this study, we investigate the redundant data update 
process and leave the redundant data addition process 
for future work. Common to all three processes, the 
goal is to minimize the overhead incurred when new 
nodes are assimilated into the system. 

 
4. REDUNDANT DATA REGENERATION 
 
For a general systematic erasure-correction code in a 
system with N nodes and h redundancies, we will need 
all (N−h) data blocks in a stripe to compute the 
corresponding h redundant data blocks. As individual 
data and redundant blocks of a stripe are all stored in 
different nodes, the data blocks will all need to be 
transmitted to the redundant nodes (i.e., nodes storing 
the redundant data blocks) for regenerating the new 
redundant data blocks. 
 
Therefore for a system with B data blocks, a total of B 
blocks will need to be transmitted to and received by 
the redundant node to support redundant data 
regeneration. Clearly this overhead is very significant 
and worst, increases with the system scale and level of 
redundancies. 
 
On the other hand, if a central archive server storing all 



video data is available in the system, then it can simply 
regenerate the new redundant data blocks locally and 
send them to the redundant nodes to replace the old 
redundant data blocks. In this case, the number of 
blocks sent will be reduced by a factor of (N−h) to 
(B/(N−h)). Nevertheless maintaining this central 
archive server will incur its own costs, and depending 
on applications, may not be desirable or even feasible. 
 
Reconsidering the generation of a redundant data 
block from a data stripe, we can observe that in most 
cases, the reorganized data stripe still comprises many 
data blocks from the old data stripe before 
reorganization. For example, in growing a system from 
N nodes to N+1 nodes, the first data stripe will be 
reorganized from the composition of {v0, v1, …, 
vN−h−1} to {v0, v1, …, vN−h−1, vN−h}, which differs by 
only one data block vN−h. This motivates us to 
investigate techniques to reuse the old redundant block 
to compute the new redundant block such that only a 
portion of the data stripe will be needed. 

 
5. SEQUENTIAL REDUNDANT DATA UPDATE 
 
Among different erasure correction codes there is a 
class of codes called linear systematic block erasure 
correction codes, with the Reed-Solomon Erasure 
Correction code being one well-known example. One 
key property of linear systematic block codes is the use 
of strictly linear matrix multiplications in computing 
the redundant data, and this very property enables us to 
reuse original redundant data to compute the updated 
redundant data.  
 
Specifically, let (N-h) and h be the number of data 
nodes and redundant nodes in the system respectively. 
Assuming the number of redundant nodes in the 
system is fixed, then we can apply the (N, h)-RSE code 
to compute the h redundant data blocks from each 
stripe of (N-h) data blocks using 

1,1 1,2 1,3 1, ,0

2,1 2,2 2,3 2, ,1

,1 ,2 ,3 , , 1

,0

,1

1 1 1
, 1

,0

,1

1 1 1 1
1 2 3

1 2 3 ( )

N h i

N h i

h h h h N h i N h

i

i

h h h
i N h

i

i

i

f f f f d
f f f f d

F D

f f f f d

d
dN h

dN h

c
c

c

−

−

− − −

− − −
− −

   
   
   ⋅ =
   
   
      

  
  −   =
  
  

−     

=

K

K

M M M M M

K

K

K

MM M M M

K

M

, 1h

C

−

 
 
  =
 
 
  

 

(1) 
where the F, D, and C are the Vandermonde matrix 
[Plank, 1997], the video data vector, and the redundant 
data vector respectively; and di,j, ci,k represent data 
block j (j=0,1,…,N−h−1) and redundant block k 
(k=0,1,…,h−1) of stripe i respectively. Elements in F 
is computed from fi,j = ji-1 and are constants. Note that 
the matrix multiplication in (1) is computed over 
Galois Fields of 2w where N < 2w. For example, by 
setting w=16 then the code can support up to 65,535 
nodes. 
 
In the following sections, we present a novel 
Sequential Redundant Data Update (SRDU) algorithm 
comprising three techniques, namely Reuse of 
Original Redundant Data, Parity Group Reshuffling, 
and Reuse of Transmitted Data, to substantially reduce 
the redundancy update overhead. 

 
5.1 Reuse of Original Redundant Data 
 
To illustrate how original redundant data can be reused, 
consider the examples in Fig. 1 and 2, which represent 
respectively the system configuration before and after 
the addition of one new node. In the original 
configuration in Fig. 1, there are 4 data nodes and 2 
redundant nodes. Now the first two original redundant 
data in redundant node r1, denoted by c0,1 and c1,1, are 
computed from 
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according to (1). 



After a new node is added, the system configuration 
will be changed to that in Fig. 2. Now the two new 
redundant data block, denoted by c’0,1 and c’1,1, are 
computed from 
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Comparing (4) with (2) we can observe that they share 
four common terms in vj − v0, v1, v2, v3. Thus we can 
rewrite (4) as follows: 
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In other words, we can compute c’0,1 using the original 
redundant data c0,1 plus data block v4. Therefore 
instead of sending all five data blocks to redundant 
node r1, we now only need to send one data block, i.e., 
v4, thereby dramatically reducing the overheads in 
updating the redundant data c’0,1. 

 
5.2 Parity Group Reshuffling 
 
In some cases, the previous straightforward reuse 
technique cannot be applied due to differences in the 
coefficients fi,j. For example, c’1,1 is computed from v5 
to v9 and share common terms in v5, v6, and v7 with c1,1. 
Thus it may appears that we can reuse the common 
terms and send only v8 and v9 to r1 to compute c’1,1. 
However, analyzing the equation for c’1,1 −  
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and for c1,1 − 
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we found that the common terms v5, v6, and v7 now 
have different coefficients fi,j (e.g., f2,1v5 versus f2,2v5). 
As a result, we cannot reuse c1,1 in computing c’1,1. 
 
To tackle this problem, we propose to reshuffle the 
order of computations for c’1,1 to 

( )1,1 2,1 8 2,2 5 2,3 6 2,4 7 2,5 9'c f v f v f v f v f v= + + + +  (9) 

thus enabling us to reuse c1,1 in the computation: 
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This reduces the number of data block transmissions 
from 5 to 3. Note that the receiver node will also need 
to use the reshuffled order to correctly decode the 
parity group. This parity group order information can 
either be generated dynamically, or simply be sent 
along the video data blocks. 
 
Interestingly, there may be more than one way to reuse 
redundant block in updating the redundant data, and 
possibly with different redundant update overhead. For 
example, consider the redundant generation function 
for c2,1: 
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If we reshuffle the order of computations for c’1,1 to 

1,1 2,1 8 2,2 9 2,3 5 2,4 6 2,5 7' ( )c f v f v f v f v f v= + + + +  (12) 

then we can reuse c2,1 in the computation: 
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However, in this case the number of data block 
transmissions is 5, which is two blocks more than that 
of reusing c1,1. Thus in the SRDU algorithm, the 
system will first compute the redundancy update 
overhead for all reusable redundant blocks and select 
the one with the lowest overhead for reuse. 

 
5.3 Reuse of Transmitted Data 
 
A third way to reduce overhead is to reuse data blocks 
already transmitted to a redundant node in computing 
another redundant data. Reconsidering the previous 
example in computing c’1,1, the data blocks needed are 
v4, v8, and v9. However, v4 has already been sent to the 
redundant node when computing c’0,1 (c.f. Equation 
(6)) and thus can simply be reused. As a redundant 



block is computed from a stripe of (N-h) data blocks, 
we need to cache at most (N-h) data blocks from 
previous updates at the redundant node. 

 
6. PERFORMANCE EVALUATION 
 
In this section, we evaluate the Sequential Redundant 
Data Update algorithm using simulation. Beginning 
with a small system, we add new nodes to the system 
and then apply the SRDU algorithm to update the 
redundant data blocks. Performance is measured by 
the number of data blocks that need to be sent to the 
redundant nodes – or simply called redundancy update 
overhead. The total number of data blocks is 40,000 
and is fixed throughout the simulation. For simplicity 
the redundancy update overhead for updating one 
redundant node is presented. For systems with more 
than one redundant node, the total overhead is simply 
multiplied by the number of redundant nodes. 
 
 
6.1 Redundancy Update Overhead in Continuous 
System Growth 

 
In the first experiment, we begin with a system of five 
data nodes and one redundant node. Then we add a 
new node to the system one by one, each time the 
redundant data blocks are completely updated using 
the SRDU algorithm. This continues until the system 
grows to 400 data nodes. 
 
Fig. 3 plots the redundancy update overhead versus 
system size from 6 to 400. As expected, Redundant 
Data Regeneration performs the worst, essentially 
requiring all data blocks to be sent to the redundant 
node for regenerating the redundant data. On the other 
hand, regenerating redundant data using a centralized 
archive server incurs the least overhead, albeit at the 
expense of extra centralized facility. 
 
Surprisingly, direct reuse of the original redundant data 
also performs very poorly. This is because the 
algorithm maintains the same data order within the 
parity group in computing the redundant data, and thus 
severely restricts the redundant data that can be reused. 
Once this restriction is relaxed by reshuffling the parity 
group, the overhead is reduced by half to around 
20,000 blocks. Caching already transmitted data 
blocks further reduces the overhead by half to around 
10,000 blocks. Thus with all three techniques 
combined, the SRDU algorithm can reduce the 
redundancy update overhead by as much as 75%. 

 

6.2 Batched Redundancy Update 
 
In the previous experiment, we always completely 
update all redundant data blocks before adding another 
new node. Clearly this is inefficient if new nodes are 
added frequently or added to the system in a batch. To 
address this issue, we conduct a second experiment 
where redundant data blocks are not updated until a 
fixed number of nodes, say W, are added – batched 
redundancy update. During this time, storage and 
streaming capacity in the new nodes are not utilized 
and thus this approach represents tradeoffs between 
redundancy update overhead and resource utilization. 
Fig. 4 plots the redundancy update overhead versus the 
batch size W for initial system size of 80 nodes. The 
key observation is that the normalized per-node 
redundancy update overhead decreases significantly 
with the batch size. A second observation is that the 
gain in caching transmitted data blocks reduces when 
the batch size increases. This is because the number of 
common term in reusable redundant blocks increases 
with larger batch size, and thus reducing the need for 
raw data blocks to update the new redundant data. 

 
7. CONCLUSION AND FUTURE WORKS 
 
This study is a first step in tackling the problem of 
redundant data update. As the results clearly showed, 
the redundancy update overhead is even more 
significant than data reorganization overhead and thus 
cannot be ignored. By taking advantage of the 
structure of RSE codes, we were able to substantially 
reduce the overhead by as much as 75%, and by 
performing update in a batch, we manage to reduce the 
overhead further by 97% for a batch size of 10. 
Nevertheless, batched redundancy update is not 
without tradeoffs. In particular, the storage and 
streaming capacity of the new nodes cannot be utilized 
until the system is reconfigured. Thus further 
investigations are warranted to quantify the tradeoffs 
to determine the optimal batch size that can balance 
between redundancy update overhead and resource 
utilization. 
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Fig. 1. Data placement before addition of nodes. 
 
 

Fig. 2. Data placement after adding one data node. 
 

 

Fig. 3. Redundancy update overhead versus  
system size. 

 
 
 

Fig. 4. Per-node redundancy update overhead versus 
batch size. 
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Abstract: The evolution of the Internet gave rise to new applications. The need to disseminate high volumes of 
data to numerous users along with the evolution of Peer-to-Peer systems, introduced a new alternative to the 
traditional client-server paradigm. File sharing networks became the platform for thousands of users to share 
content. Users often turn to these networks to find highly anticipated, newly released software or video files 
which sometimes are of considerable size. However, increased mean response time or even network failures can 
be observed in such P2P systems, often caused because of uneven flow of data and intersperse congestion points. 
In this paper, the structure of Peercast, an agent based dissemination network, is presented. Several simulation 
experiments were conducted and their results are examined in order to determine how the network’s bandwidth 
can be best utilized during the dissemination process. 
 
keywords: peer-to-peer, network modeling, middleware, grid computing 
 
 
1. INTRODUCTION 

 
As bandwidth availability is increasing, users’ 
demands change constantly. Today the internet is 
used to download music, software, video clips and 
other files of considerable size. This can saturate the 
network quickly, clogging the host computer. Such is 
the case for example when any highly anticipated 
software is released and several people are trying to 
download it at the same time. This became known as 
the middle night madness problem [Schooler and 
Gemmell, 1997]. Conventional FTP servers can no 
longer serve as a way of distributing large amounts of 
data. For example, modern Linux distributions can 
span more than one CD. Assuming that the server's 
bandwidth is 1 MBit/sec and the requested software 
is distributed in 2 ISO CD images, the server could 
only serve about 50 clients in a period of one week, 
even in the theoretical case that no errors occur. 
Mirroring the required content on several dispersed 
servers, cannot always compensate for the rapid 
traffic increase.  
 
In such cases, traditional ways of making data 
available to the masses do not apply to modern 
demands. The main architecture used for casting data 
through the Internet is IP multicast, which mainly 
targets real-time non-reliable applications. It extends 
the IP architecture so that packets travel only once on 
the same parts of a network to reach multiple 
receivers. A transmitted packet is replicated only if it 
needs to, on network routers along the way to the 
receivers. Although it has been considered as the 

foundation for Internet distribution and it is available 
in most routers and on most operating systems, IP 
multicast has not so far lived up to early 
expectations. Its fundamental problem is that it 
requires that all recipients receive the content at the 
same time. The most popular solution to this problem 
was to multicast the content multiple times until all 
of the recipients obtain it. Some of the other 
drawbacks of IP multicast include small address 
space (26-bit), need of large routing tables and lack 
of congestion control and reliable transfer control. 
 
Several algorithms arise for membership 
management and packet replication to solve 
problems such as server implosion from client side 
NACKs (negative acknowledgments), server 
explosion from maintaining status of the download 
process for each client and managing downloads 
requests by users connected with different 
bandwidths. Forward Error Correction (FEC) has 
long been used for the dissemination of static data as 
it provides graceful degradation of performance in 
the presence of packet losses. Its greatest 
disadvantage is that it is very demanding on CPU and 
memory [Rizzo, 1997]. 
 
Although IP multicast might be considered ideal for 
applications that require relatively high and constant 
throughput but not much delay, it is not suitable for 
applications that may tolerate significant delays but 
no losses. This is the case with file distribution. 
These days, a new way of disseminating files 
emerged. File sharing networks [Parameswaran et al, 



2001] are perhaps the most commonly used 
Peer-To-Peer applications. P2P systems existed since 
the birth of the Internet, but as bandwidth, 
computational power and great storage capacity 
became available, their popularity increased. Such 
systems have been used for diverse applications: 
combining the computational power of thousands of 
computers, forming collaborative communities, 
instant messaging, etc.  
 
P2P file sharing networks' main purpose is to create a 
common pool of files where everybody can search 
and retrieve any shared files. Depending on the 
algorithm used, these sharing networks can be 
divided in two groups. Networks that maintain a 
single database of peers and their content references 
are known as centralized. Such file sharing networks 
[Shirky, 2001] have several advantages, such as easy 
control and maintenance, and some disadvantages as, 
for example, server overload. On the other hand, 
dynamically reorganizing networks such as Gnutella 
[Ripeanu, 2001], have a rather more elaborate service 
discovery mechanism, avoiding this way the use of a 
centralized server. Those kinds of networks are 
known as decentralized, and their main advantage is 
the absence of a single point of failure. However, the 
lack of a coordinating server may lead to inefficient 
use of the network’s resources. 
 
Along with the widespread use of those networks, 
several problems emerged. A study conducted at the 
Xerox Palo Alto Research Center showed that 70% 
of Gnutella users provided no files or resources to the 
system and that 1% of the users were providing half 
of the total system resources [Adar and Huberman, 
2000]. This created network bottlenecks causing 
further inter-domain jamming. File sharing networks 
had never been designed for file dissemination. 
Nevertheless people turn to them to find highly 
anticipated files, when the official server stops 
responding due to high demand. Extensive research 
has been done about how existing P2P networks 
operate over time and how they can be optimized 
[Markatos, 2002; Ripeanu et al, 2002]. However, the 
dissemination process of highly anticipated files on 
P2P networks over unreliable network connections 
remains unexplored. Peercast, a P2P network first 
presented in [Zerfiridis and Karatza, 2003], is 
designed to assist the dissemination of a file in a 
heterogeneous network of clients. The purpose of this 
paper is to show how the Peercast performs under 
different bandwidth utilization scenarios using a 
simulated model of the network. The drown 
conclusions can be used to optimize other P2P file 
sharing networks as well. 
 
The structure of this paper is as follows. In section 2 
PeerCaster, the agent based infrastructure used, is 
presented. Section 3 shows Peercast’s structure, 
along with its latest extensions. Section 4 elaborates 

on the network’s simulation model and in section 5 
the results and drawn conclusions are summarized. 
Finally, section 6 presents plans for further research. 
 
2. THE INFRASTRUCTURE 
 
Software agents are programs that act on behalf of 
clients. They are able to perform predefined tasks 
that are assigned to them. This is done either with or 
without the supervision of the user, depending on the 
given job. Mobile agents have an additional property 
[Chess et al, 1995]. The ability to transport 
themselves on different systems after being executed, 
carrying with them their program code, current state 
of execution and any data which was obtained. This 
gives them the unique capacity of living on a 
distributed network rather than on a distant stationary 
system, and to take advantage of the services that 
each host has to offer locally. Furthermore, mobile 
agents allow proprietary code to be used on the hosts, 
allowing complete customization of the retrieved 
results.  
 
The unique properties of the mobile agents give them 
the edge in comparison to the traditional client-server 
paradigm. They have been used in the past instead of 
protocols [Joy, 2000], for file transfer [Spalink et al, 
1999] and as a dynamic system for information 
discovery and retrieval. There are many applications 
that would benefit from the use of mobile agents as a 
vehicle for getting around bottlenecks. PeerCaster 
[Zerfiridis and Karatza 2002] is a platform 
implemented in Java that uses mobile agents as a 
vehicle delivering great amount of static data to users 
on a heterogeneous network. This is done by splitting 
the data into small packets, loading them onto mobile 
agents and releasing them to the peers where the 
payload is delivered and continue according to their 
itinerary. The coordination and communication 
overhead is acceptable considering the scalability 
that can be gained by the dynamic nature of the 
agents. As they can operate asynchronously and 
independently of the process that created them, they 
do not need to report back to the server. In this paper, 
PeerCaster was used as a mean of distributing high-
demand files without clogging the host computer. 
This system could be integrated as part of a P2P file 
transfer network, or it could be used as an alternative 
to multicast for large files with great demand, such as 
the release of a new version of popular software as 
depicted in [Schooler and Gemmell, 1997]. 

 
3. THE NETWORK 
 
When a file needs to be downloaded by more clients 
than the server can handle, alternative algorithms 
have to be utilized. The naive way of avoiding 
retransmissions is to pipeline the file through all the 
clients. But this is not a viable solution because 
clients might have to indefinitely wait to be served.  



 
The proposed algorithm uses centralized approach in 
order to avoid uneven flow of data and intersperse 
congestion points which can compromise 
inter-domain quality of service. The server can 
upload the file to a certain number of clients 
simultaneously. When the server successfully 
uploads a file to a client, it keeps a reference of this 
client to a list. The server has the responsibility of 
maintaining a complete list of served clients that are 
currently on-line. 
 
Although the server has a queue, most of the clients 
are expected to find this queue full. This is the case 
especially at the beginning of the dissemination 
process, as clients arrive more rapidly than the server 
can handle. When this happens, the server sends to 
the client a short (up to 100 entries) list of randomly 
selected peers that downloaded successfully the file, 
and are known to be on-line. This way, the new client 
can download the file from a peer that was already 
served, removing the congestion from the server. If 
the client cannot be served by any of those peers it 
requests another list of clients in order to continue 
searching for service. If the server is contacted more 
than 10 times, or the returned list is less than 100 
entries long, the client waits for a certain period of 
time before it contacts the server again. If a client 
cannot contact a peer either because it is off-line or 
because it is unreachable due to network failure, it 
sends to the server a short message so that the server 
can update its database. 
 
As it was mentioned earlier, when a client finishes 
the download it acts as a server for other clients. 
Similarly to the server, the clients have a short queue. 
If a client A requests the file from a client B that has 
it, and client B can not serve client A immediately, A 
is queued. If the queue is full, client B dismisses 
client A. When a client finishes the download, it 
sends a short report message to the server in order to 
include it in its list. 
 
When a peer leaves the network, the list maintained 
at the server is left in an inconsistent state. In order to 
compensate for this, clients that are not able to 
contact other peers, report to the server that this peer 
is no longer reachable. If the server receives several 
such reports for the same peer, it removes its 
reference from the list. 
 
In order to utilize all the available upload bandwidth, 
a single peer can serve several clients concurrently. 
Additionally, each client can initiate multiple 
concurrent download connections in order to utilize 
all the available download bandwidth. At the end of 
the transfer, the downloading client sends a message 
to the server in order to be included in the list.  
 

Several issues arise about the performance of this 
algorithm under different network conditions in a 
heterogeneous network of clients. For example, what 
is the benefit of allowing several clients to download 
from a single peer? It will reduce the average waiting 
time, but what consequences will it have on the 
downloading speed and in the long run on the total 
number of served clients? On the other hand, if the 
clients are able to download from multiple peers 
simultaneously, how will it affect the system’s 
dissemination process? This can in theory utilize all 
the download bandwidth of client and therefore, 
reducing the mean response time. 
 
4. SIMULATION MODEL 
 
In this section details are presented about the 
simulation model for the proposed network, and 
show how different strategies might affect the 
dissemination process. An object-oriented model of 
the network was used for the simulation. The 
programming language used was Java. The system 
was populated with clients arriving according to the 
exponential distribution. The simulation period was 
set to be 2 weeks (1209600 seconds). During the first 
week the mean interarrival time was incremented 
linearly from 5 to 20 sec in order to simulate demand 
on a highly anticipated file. For the second week the 
exponential distribution was used with 20 sec mean 
interarrival time. The file size was set to be 650MB 
(the size of a full CD). 
 
All the clients that populated the system were set to 
have broadband connections to the Internet, 
resembling cable modems and DSL. This is done in 
order to use a realistic model. As in many cases, such 
connections have different download and upload 
speeds. Four different categories of users were used. 
The first category (10% of the clients) had download 
and upload speed of 256 Kbps, the second (40% of 
the clients) had 384 Kbps and 128 Kbps respectively, 
the third (20% of the clients) had 384 Kbps download 
and 384 Kbps upload speed, and the fourth (30% of 
the clients) had 1.5 Mbps and 384 Kbps respectively. 
This configuration is a theoretical model, and is used 
to compare how the same network performs under 
different conditions. 
 
These kinds of clients are always on-line. However, 
they are not expected to share the file for ever. 
Therefore they were set to leave the dissemination 
network with exponential distribution and mean time 
of four days. The server was set to have 1.5 Mbps 
download / 384 Kbps upload connection (resembling 
a DSL user) to the net and never to go off-line. As 
the server is only uploading files, the simulation 
would have given the same results if the server had 
384/384 connection to the net (third category). An 
additional difference between the server and the 
clients is that the server keeps a list of all the served  



clients that are currently on-line. This list is 
constantly updated. 
 
The actual connection speed between two clients is 
calculated at the beginning of each session, taking 
into consideration the theoretical maximum speed 
they could achieve and an exponentially distributed 
surcharge, in order to simulate additional network 
traffic and sparse bottlenecks. If a new client cannot 
be served or queued immediately, it waits for 600 
seconds and retries. In order to simulate peers that 
are not willing to assist in the dissemination process, 
10% of the clients were set to go off-line 
immediately after they finish downloading the file. 
This is expected to significantly decrease the 
performance of the dissemination process. 
Nevertheless it is a behavior that can be expected. 

 
If a client cannot contact another peer, it sends a 
message to the server that this peer is unreachable. 
When the server receives three such messages from 
different clients for the same peer, that peer is 
removed from the list. This is done to avoid 
removing a client from the list just because one 
connection could not be established. However, if a 
client that is participating in the dissemination 
process is not requested to serve another peer for 
over 1200 seconds, it contacts the server to verify 
that it is still included in the server’s list. This is done 
as a countermeasure to accidental removals from the 
list.  
 
As it was mentioned earlier, the behavior of this 
network can change significantly under certain 
conditions. The system’s performance is investigated 
at the beginning (2 weeks) of the dissemination, 
under different conditions. Our focus is on how the 
system behaves under different bandwidth loads. 
More specifically, the simulations tested the system’s 
performance when 1, 2, 4 and 8 concurrent upload 
streams were used. In each case, a serving-client was 
able to serve one or multiple peers at the same time 
by sharing the client’s bandwidth. By sharing the 
bandwidth to multiple peers the full bandwidth is 
utilized, but the connection speed decreases. 
Additionally, the system’s performance was tested 
with clients that were able to download from 1, 2, 4 
and 8 serving-clients simultaneously. If a client can 
not use all its available download streams it retries to 
find an available serving-client after 600 seconds. 
With this approach, the client’s download bandwidth 
can be utilized to the maximum. On the other hand, 
several serving-clients are occupied by serving one 
client, diminishing this way overall network 
performance.  
 
5. SIMULATION RESULTS AND CONCLUSION 
 
In total 16 simulations were done. Table 1 reveals 
significant differences between the tested scenarios. 
The increased mean response time in all cases can be 
explained as the clients that arrive early on the 
dissemination process have to wait for a long period 
of time to be served. When the rate of arrivals 
balances with the rate of clients being served, the 
mean response time stabilizes to lower levels. This 
balance occurs when a critical mass of serving-clients 
has been built. The critical mass is reached when the 
number of served clients in the system starts to 
decline (figure 1). Therefore, clients arriving later in 
the system benefit from a faster service. This is 
depicted in figure 2 where mean response time is 
shown in 12 hour intervals according to each client’s 
arrival in the system. 
 

 

 
Figure 1. Network’s status over time, 4 upload 
and 4 download streams 
 

 
Figure 2. Mean response time in 12–hour 
intervals according to each client’s arrival 
 



Table 1 shows that using 8 concurrent upload streams 
for each client increased dramatically the mean 
response time in all cases. Additionally, figure 2 
shows that although the mean response time for the 
8/8 case is increase at the beginning of the 
dissemination process, after the critical mass is 
reached it decreased dramatically, even to lower 
levels than those of the other cases,. The explanation 
for this is that when the critical mass has been built, 
there are enough serving-clients in the system to 
accommodate the rest of the peers and the new 
clients as they arrive. Therefore, the multiple upload 
streams utilize the client’s upload bandwidth to the 

maximum and assist the peers in finding service 
immediately as they arrive in the system.  
On the other hand, multiple upload streams have the 
opposite affect at the beginning of the dissemination 
process. Sharing the serving-client’s bandwidth to 
multiple peers reduces the downloading speed. This 
increases the response time, and therefore the critical 
mass is built much later in the dissemination process. 
This is shown in figures 3 and 4, where as the upload 
streams increase, the time period in which the system 
reaches the critical mass increases also. Comparing 
these two figures reveals also that the use of multiple 
download streams accelerates the build of the critical 
mass. 
 
Figure 5 reveals that for the 4 upload streams case, 
the more download streams used, the sooner the 
critical mass is built. This can be seen in table 1 as 
well, where shorter mean response time is observed 
as the download streams increase. This is also the 
case for the 8 upload streams scenario. However, 
table 1 shows that this is not valid for the other two 
sets of tests. For example, the 1 download / 4 upload 
streams test produced reduced mean service time in 
comparison with the 1 download / 8 upload streams 
case. This shows that although multiple download 
streams have a positive affect on the utilization of the 
given bandwidth, they can also be accountable for the 
depletion of network resources. 
 
Overall, the system’s behavior can change 
dramatically by using different bandwidth utilization 
scenarios. Increased number of download streams 
helped in all the cases to the faster build of the 
critical mass. However in some cases this was the 
reason for an increase in the mean response time. On 
the other hand the use of multiple upload streams 
increased the mean response time before the build of 
the critical mass, but afterwards it decreased the 
mean response time. We propose the use of a 
dynamically changing number of upload and 
download streams as the dissemination process 
develops. The server can estimate when the critical 
mass is reached by the size of the list of 
serving-clients that it maintains. Before that point, 
using 2 upload and 4 download streams can speed up 
the build of the critical mass. After that point, by 
gradually increasing the upload and download 
streams to 8, is expected to decrease the mean 
response time. Simulation results of this scenario are 
under way. 
 
6. FUTURE WORK 
 
The use of a decentralized approach, as described in 
[Zerfiridis and Karatza, 2003], is also investigated in 
order to determine the best upload/download 
bandwidth utilization scenario in that case. 
Additional simulation experiments are under way, 
using distributions varying with time for more 

Figure 4. Total clients served over time (8 
download streams) 
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Figure 5. Total clients served over time (4 upload 
streams) 

Figure 3. Total clients served over time (1 download 
stream) 
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realistic long-run simulations, as depicted in 
[Karatza, 2002]. Peercast is an evolving platform. 
For the current P2P network implementation we used 
a monolithic approach: all the data has to be sent to a 
client, before this client starts sending it to another 
peer. A new version that replicates groups of 256KB 
packets, to adjacent peers as they arrive, is under 
way. This is expected to alleviate the problems that 
are caused from peers that go off-line immediately or 
soon after they finish downloading the requested file. 
The synchronization between the peers is done in 
predetermined time intervals, called epochs [Karatza 
and Hilzer, 2001]. The peers are segmented in virtual 
groups according to their bandwidth and the epoch 
size depends on an estimation of the minimum 
bandwidth between the peers that form each 
dissemination group. Simulation results from this 
network are expected to show alleviation of several 
issues raised in this paper such as the increased mean 
response time at the beginning of the dissemination. 
An alternative way which we also investigate is to 
use prior knowledge of a peer's content to push newly 
arrived packets. 
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Abstract: 
The aim of this paper is to present an approach to describe cryptographic protocols using agent-based simulation. 
This provides a framework to understand and model protocol behaviour and interaction in a simulation 
environment. Simulation techniques in the past have proven to be useful especially in areas where it is critical for 
testing to be carried out.  This allows the designer to determine the correctness and efficiency of a design before 
the real system is constructed and deployed. Hence, an attempt to use this approach in testing the correctness of 
cryptographic protocols is promising. 
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1. INTRODUCTION 
 
Cryptographic protocols are designed to provide 
security services. Research has shown that a good 
number of these protocol are flawed. One reason 
for these failures, is primarily the lack of proper 
universally accepted technique and  methodology 
for describing and analysing these protocols. 
Several successful attacks against cryptographic 
protocols, which exist in academic literatures show 
that weaknesses are not due to the underlying 
cryptographic algorithms but are as a result of 
logical errors. To deal with these problems, several 
methods have been proposed. These include 
methods based on specification languages and 
verification tools [Varadharajan, 1990], modal 
logic, expert systems, algebraic reasoning, and 
model-based approaches [Nieh, 1992; Gong, 1990; 
Burrows, 1990]. 
 
In this paper an approach to reasoning about the 
security of a protocol, which involves the use of 
agent models to characterises how principals 
interact is described.  Furthermore, it describes how 
messages are sent and received, what messages a 
particular agent can assemble and transmit, the 
actions an agent can perform at a particular time 
and the use of simulation framework in modelling 
the activities of these agents. These 
characterisations form the bases for asking security 
related questions such as: what are the possibilities, 
given all possible situation and interactions, of 
security compromises. First, a conceptual model of 
the system needs to be designed, which describes 
how agents may communicate within a simulation 
environment and formalised using the Discrete 
Event Simulation (DEVS) formalism [Zeigler, 
2000]. DEVS describes the autonomous and 

dynamic behaviour of agents and how agents react 
and generate input and output events at the atomic 
and coupling levels. Second, there is a need to 
design a simulation model, which enables agents to 
react and respond to events such as an intruder 
activity. Finally, the Needham-Schroeder and DSE 
protocols are considered using this approach. 
 
2. AGENT-BASED SYSTEMS 
 
Research and development of agent-based systems 
as a solution for various problem domains are 
rapidly increasing. Agents are in fact a key 
contributing technology for the Internet and World 
Wide Web and can be classified in several 
dimensions. The concept of deliberative agents was 
derived from the deliberative thinking paradigm in 
which agents hold an internal reasoning model from 
which it can make decisions to meet set goals. 
These kinds of agents are found in the area of 
artificial intelligence, psychology, cognitive 
sciences where agents have been modelled with 
personality traits and passion for decision-making 
[Baillie, 2002; Schmidt, 2002]. Conversely, 
reactionary agents do not have any internal 
symbolic model but make decisions based on 
stimulus or reaction from its environment. Agents 
can be classified according to their attributes such 
as autonomy, learning ability, interaction and 
cooperation. An important attribute of an agent is 
its ability to take initiatives and learn from past 
experience as it reacts and/or interacts within or 
outside its environment. 
 
3. AGENT FRAMEWORK 
 
A cryptographic protocol is considered to include a 
set of agents and channels of communication. 



These agents interact with each other according to 
some predefined rules and processing messages 
sent and received via the communication channels. 
A channel is an abstraction of the communication 
facility that has certain constraints. Each agent is an 
autonomous and reactionary entity capable of 
performing a sequence of operations (events) on 
messages. The agent formalism is characterised by 
the tuple modelled at the atomic level. 
 

ΣAgent = (X, S, Y, δint, δext, λ, ta)  
 
X ={x1, x2,.....xn}is a non empty set of input events. 
S={s1, s2,.....sn}is a non empty set of allowable 
states.  
Y={y1,y2,.....yn}is a non empty set of output events.  
δint : S → S An internal state transition function 
describing the behaviour of a Finite State 
Automaton.  
δext : Q * X → S:  An external state transition 
function describing reaction of the agent to external 
events, where Q = {(s , e) | s ε S, 0 ≤ e ≤ ta (s)}. 
 
λ : S → Y: An output function which maps the 
internal agent state to the output set. Output events 
can only be generated at the time of internal 
transition. 
ta : S → Time: This represents the time the agent 
stays in a particular state before transiting to the 
next sequential state. 
 
Cryptographic protocols are designed to establish 
and authenticate communication between entities. 
Entities in cryptographic protocols are formally 
called principals and are assumed to have unique 
identities. A good number of cryptographic 
protocols require an authentication server or a 
certification authority to provide keys and 
certificates to enable secure communication 
between two or more principals. These properties 
and more are clearly identifiable in agents and to 
describe these properties in DEVS, the formalism 
for a coupled model needs to be introduced. The 
coupled model describes how to integrate all three 
agents as identified in the DSE protocol (discussed 
in subsequent sections) forming a larger model as 
shown below. 
 

∏AgentS = (X, Y, M, ϒeic, ϒeoc, α, select) 
X = {x1, x2,.....xn}is a non empty set of inputs to the 
coupled model agent S. 
Y = {y1, y2,.....yn}is a non empty set of outputs to 
the coupled model agent S.  
M = {m1, m2,.....mn} is a non empty set of unique 
component references. 
ϒeic ⊆ ∏AgentS.input * ΣAgent.input: An external input 
coupling relation. 
ϒeoc ⊆ ΣAgent.output * ∏AgentS.output: An external 
output coupling relation.  
 

α ⊆ ΣAgent.output * ΣAgent.input: An internal 
coupling relation.  
select : 2M → M : Tie breaking selector. 
 
A multiple state transition is one of the problems 
associated with coupling concurrent and sequential 
components in discrete simulation systems. This 
may lead to instability if it occurs at the same 
simulation time. In order to deal with this problem 
a selection criteria is defined, which determines the 
component's transition that is priority. This is also 
applicable to agents described in the simulation 
model where select represents a tiebreak. Select 
chooses a unique agent from any non-empty subset 
E of M where E corresponds to the set of all agents 
having simultaneous state transitions. 
 
4. THE SIMULATION MODEL 
 
In order to explain the development of the model 
using the agent definition described above, a simple 
cryptographic protocol simulation model is 
presented. The model is intended to convey the 
session key Kab and data, from agent A to agent B 
whilst keeping it secret from other agents on the 
network. 

Agent A Agent B"out_1"

Agent S

"in_1"

"out_1"

"out_2"

"in_1"

"in_1"

 
         Figure 1: A Simple Cryptographic Protocol Model 
 
Agent A makes contact with agent S, who provides 
A with the session key Kab and a secret containing 
the session key Kab but encrypted with B's key. 
Agent A  then sends the secret to agent B who then 
decrypts the secret and stores the session key. 
Figure 1 shows the input and output ports of agent 
A. The input port "in_1" of agent A is for receiving 
messages from agent S. The output port "out_2" is 
used for sending the messages containing the 
session key Kab to agent B and output port "out_1" 
of agent A is for making initial contact with agent 
S. A formal description of the model is specified 
using the atomic DEVS as shown below. 
 

ΣAgentA = (X, S, Y, δint, δext, λ, ta)  
X ={“in_1”}  
Y ={“out_1”, “out_2”}  
S ={idle, sent, recvd, accpt}. 
δint (idle) = (make_INI_REQ, sent) 
λ (idle) = “out_1” = msg 



 δext ((-,-), “in_1”) = (recv_MSG, recvd)) 
δint (cond ≠ False, accpt)) = (send_MSG, accpt) 
λ (cond ≠ False, accpt)) = “out_2” = msg 
ta(S) = time value 
 
The notion of time cannot be effectively predicted 
due to factors such as network latency, bandwidth, 
encryption/decryption algorithms etc. The variable 
msg is an address location used to store received 
messages from agent S and cond is a conditional 
variable, which indicates success or failure of 
processed messages. Messages are transmitted 
either as plain text or cipher text depending on the 
protocol being simulated.  
 
In figure 2, a state trajectory is given for the agent 
A model. It shows that the agent made an internal 
transition from idle to sent state. The agent remains 
in the idle state until the time ta (idle) elapses. 
When this occurs an output y1= λ(idle) is generated 
and the state is transited to the sent state. The agent 
remains in this autonomous mode until it receives 
an external event. This event does not give rise to 
an output.  
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  Figure 2: State Trajectory of Agent A  
 

Once the agent A and agent B have been 
developed, the coupled agent S can be specified 
defining the required coupling relationship between 
all the agents in the model. The agent S model is 
formalised as follows.  
 

∏AgentS = (X, Y, M, ϒeic, ϒeoc, α, select) 
 
X  = {“in_1”} 
Y = {“out_1”,”out_2”}  
M = {Agent A, Agent B} 
ϒeic = {(Agent S.out_1, Agent A.in_1)}  
ϒeoc = {Agent A.out_1, Agent S.in_1)}  
 

α = { AgentA.out_2, AgentB.in_1} 
select : (Agent A, Agent B) → Agent A 
 
5. NEEDHAM-SCHROEDER PROTOCOL 
 
This protocol is the basis of many existing protocol 
designs today. It implements a symmetric 
mechanism and shares  the  common  problem of  
key distribution. Here the client A makes the initial 
contact with the server S by sending a message 
consisting of its identity, the identity of client B and 
a randomly generated number N. The server S 
randomly  generates a session key, which is shared 
between clients A and B and then encrypts a 
message containing the shared session key, the 
identity of client A with the session key it shares 
with client B.   
 
Following from that the server encrypts another 
message containing the shared session key, the 
identity of client B, the random number generated 
by client A and an embedded encrypted message. 
The server eventually sends  the encrypted message 
to client A, who with the knowledge  of the server’s 
shared key is able to decrypt the message. Client A 
subsequently sends the embedded encrypted 
message to client B, who is also able to decrypt it. 
Figure 3 illustrates the simulation model in the 
context of agent based framework. Nb-1 in 
message 5 implies that the message is from A and 
not from B [Burrows et al, 1990]. 
 
message 1 A → S:    A, B, Na 
message 2 S → A:   {Na, B, Kab, { Kab, A}Kbs} Kas 
message 3 A→ B:   { Kab, A}Kbs} 
message 4 B → A:  { Nb}Kab 
message 5 A → B:  { Nb -1}Kab  

Agent A "out_1"

Agent S

"in_1"

"out_1"

"in_1"

"in_1"

Agent B

"out_2"

"out_1"
"in_2"

           Figure 3: Needham-Schroeder Protocol Model 
 

∏AgentS = (X, Y, M, ϒeic, ϒeoc, α, select) 
 
X  = {“in_1”,”in_2”} 
Y = {“out_1”, “out_2”}  
M = {Agent A, Agent B} 
ϒeic = {(Agent S.out_1, Agent A.in_1)}  
ϒeoc = {Agent A.out_1, Agent S.in_1)} 
α = { AgentA.out_2, AgentB.in_1} 
α = { AgentB.out_1, AgentA.in_2} 
select : (Agent A, Agent B) → Agent A 



6. DSE  PROTOCOL 
 
The DSE protocol is based on shared and public 
key cryptography and is suitable for authenticating 
federates in HLA coupled distributed synthetic 
environment. Any number of federates can join or 
resign from the federation securely, hopefully, 
affecting the performance of the scheme minimally. 
The protocol is based on the plug and adaptor 
concept where plugs are attached to each federate 
model and the adaptor is attached to the RTI. This 
provides a platform for coordinated and secure 
communication between federates participating in 
the federation exercise.  The adaptor S serves as an 
authentication server and a certificate authority 
providing various services to each federate model. 
Amongst other strengths, the protocol is designed 
to guard against a replay attack using synchronised 
clocks and randomly generated numbers. 
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   Figure 4: The DSE Authentication Protocol Structure 

 
The description of the protocol is given below, with 
two federates attached to Plugs A and B as shown 
in figure 4. Kas and Kbs represent the shared keys 
for Plugs A and B, Kb

-1 and Kb represent public and 
private keys for Plug B. Ra and Rb are random 
numbers generated by federates A and B. Ts, Ta and 
Tb are timestamps of Plugs A, B and adaptor S. SL 
represents the security level and finally d is the data 
in the form of updates. For the sake of clarity, the 
federate attached to Plug A will be referred to as 
federate A and the federate attached to  Plug B as 
federate B. Federate B sends an encrypted message 
consisting of Rb, Ta and the object handle of the 
instance whose attributes need to be updated with 
the new attribute value d. If federate A subscribed 
to this attribute, once it has been registered and 
updated by B, it sends its identity along with an 
encrypted message consisting of a randomly 
generated number Ra, a timestamp Ta, and the 
object handle of the instance whose attributes have 
been updated to S. S confirms that the message is 
timely, and Ra checked against existing random 
generated numbers. S then generates a timestamp 
Ts, and forwards both the encrypted attribute values 
(data) and the certificate of B containing the public 
key of B to A who then extracts and verifies the 
public key. If the process is successful, the message 

is decrypted and the data is reflected and updated as 
shown in figure 4. 
message 1 B → S : B,{Rb, Tb, {d}kb, SL, Hb}kbs 
message 2  A → S   :  A, {Ra, Ta, SL, Hb}kas 
message 3  S → A   : {Tb, {d}kb}kas , Kb

-1 

 
6.1 DSE  Protocol Simulation Model 
 
In this protocol agent B makes contact with agent 
S, if successful data is transferred. Agent A wishes 
to have access to the data transferred by agent B. 
To do so agent A must make contact with agent S 
passing on its identity and authentication details, 
which are verified. If successful agent S responds 
with the requested data encrypted with the shared 
key.  The input and output ports of the agents are 
shown in figure 5 and the formal description given 
below.    

Agent A Agent B"out_1"

Agent S

"in_1"

"out_1"

"in_2""in_1"

"out_1"

 
Figure 5:   DSE Simulation Protocol  Model 

 
ΣAgentA= (X, S, Y, δint, δext, λ, ta) 
 

X = {in_1"}  
Y = {"out_1”} 
S ={idle, sent, recvd, accpt}.  
δint (idle) = (make_INI_REQ, sent) 
λ (idle) = “out_1” = msg 
δext ((-,-), “in_1”) = (recv_MSG, recvd)) 
ta(S) = time value 
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  Figure 6: State Trajectory of Agent A in the DSE Model 
 
The trajectory of agent A is shown in figure 6. 
Similarly, agent B can be developed and shown 
trivially. Once agent A and agent B have been 



developed, the coupled model agent S can be 
specified. The agent S model formalisation is 
shown below. 

∏AgentS = (X, Y, M, ϒeic, ϒeoc, α, select) 
X  = {“in_1”, “in_2”} 
Y = {“out_1”}  
M = {Agent A, Agent B} 
ϒeic = {(Agent S.out_1, Agent A.in_1)}  
ϒeoc = {Agent A.out_1, Agent S.in_1)}  
α = { AgentB.out_1, AgentS.in_2} 
 
6.2 Prototyping the Agent Model 
 
The Simplex3 simulation system introduced by 
Schmidt [Schmidt, 2001] has been used to achieve 
the dynamics of the DEVS models. Each agent 
comprises various parts.  The name, declaration and 
the dynamic part all make up the agent 
composition. Firstly, agents are identified by their 
names. The quantities and their properties are 
defined within the declaration part and the 
behaviour of the agent is described in the dynamic 
part. Agent behaviour could be modelled using 
differential equations, events or algebraic 
equations. However, in this case the behaviour of 
the agent is modelled using events. 
 
6.3 High Level Component Agent_SIM 
 
Three high level components have been defined, 
two for the atomic DEVS and the other for the 
coupled DEVS. Within the Simplex3 system, 
components can be composed of subcomponents 
and linked via connectors.  Each agent is 
represented as an independent basic component and 
linked together in a high-level component 
Agent_SIM and described using the Simplex3 
model description language. The Agent_SIM model 
describes a cycle in which agents can send and 
receive messages via input and output channels. On 
the start of the simulation, agent B creates and 
sends a message carrying data updates to agent S 
who then verifies and accepts the update.  
 

Agent SAgent A Agent B

<Channel_1> <Channel_2>

<Channel>

Msg

LocWaitMsg LocWaitMsg

 
Figure 7: Relationship between Basic Agent Components 
 
 Agent A subscribes to data by sending a message 
comprising security information to agent S and if 
successful the data requested is sent to agent A. The 
dynamic behaviour of each agent describes the 
various events which can take place during the 
simulation run.  Figure 7 shows the basic 
component agent A, agent B and agent S all linked 
together using component connections. Figure 8 

shows the high level component connection 
representation of the agents. Messages are modelled 
using a mobile message component, as shown in 
figure 9, where a number of attributes are declared. 
 

  
Figure 8: High Level Component Agent_SIM 

 

   
Figure 9:  Mobile Component Message 
 

7. EVALUATING THE PROTOCOL DESIGN 
 
When examining the security of protocols, it is 
assumed that the underlying cryptographic 
mechanisms are secure. In evaluating the protocol 
an intruder does not necessary have to attack the 
underlying mechanism directly but rather attempt to 
subvert the protocol’s objective by defeating the 
manner in which such mechanisms are combined. 
Agents could be simulated with this capability and 
other known security breaches. This could provide 
for an effective security assessment of the protocol 
simulated.  
 
The aim of the attack model is to provide some 
form of benchmark for testing the security of a 
protocol with the hope of uncovering any potential 
failures in the design. It is intended that the attack 
model is capable of performing a number of attack 
scenarios which include, first, the cases where the 
attack model is able to send messages but not read 
messages that are not addressed to it. Second, the 
attack model is able to send and read messages but 
not block messages and the last but not the least, 
the attack model could send, read and block 
messages but could not replace the blocked 
messages with other messages etc. Other 
capabilities that could be included in the attack 
model include the ability to break certain classes of 
cryptosystems. The overall attack model would 
provide the basis for simulating various attack 
scenarios and thus could reveal the requirements for 
a more secure protocol design.  
 



7.1 Attack Model Description 
 
In this section, an abstract simulator is considered. 
It describes some of the capabilities of the attack 
model for example impersonation and message 
interception where the attack agent attempts to play 
the role of the sender or the receiver as well as 
modify message content. Attack actions could be 
defined as events engaged by an attacker, which 
affect messages sent and received by legitimate 
participants in the protocol. Hence, an attack 
capability could be defined as a set of actions an 
attacker is able to perform. These actions and 
events are described in the model. The simulation 
starts when the model receives the SIMULATE 
message shown below, and stops when tAttackagent 
= ∞ 
when receive (SIMULATE, t)  
send (START, t) to agentattack 
while (tAttackagent ≠ ∞) do  
"Intercept messages transmitted"  
send (MSG,  tAttackagent ) to agentattack 
"Message modification"  
send (MSG, tNchild) to agentS 
endWhile 
 
The attack simulator is necessary to drive the 
model. The variables tL and tN hold the time of last 
time, and the time for the next transition. This 
method sets the partial state to s{o} and the value 
e{o} is interpreted as the time elapsed in the current 
state.  
 
when receive (START, t)  
         tL ← t ← e{o} 
         s ← t ← s{o} 
          tN ← tL ← ta{s} 
end 
when receive (MSG, t)  
   if t ≠ tN then return endif 
         intercepted  ← message t ← MSG 
         s ← δ(s), s ← t ← s{o} 
         tL ← t,  tN ← tL ← ta{s} 
end 
when receive (MSG, t)  
   if t ≠ tN then return endif 
         message t ← MSG 
         s ← δ(s), s ← t ← s{o} 
         tL ← t,  tN ← tL ← ta{s} 
end 
 
8. SUMMARY 
 
A possible approach, which utilises the merits of 
both agent-based and simulation technologies for 
analysing cryptographic protocols has been 
proposed. This approach is based on simulating an 
environment appropriate for describing the DSE 
protocol as well as other known protocols. The 
environment allows agents to interact amongst 
themselves and also react to external activities such 

as an intruder attack. In addition, an attack model 
was described and introduced, with a number of 
attack capabilities, in the simulation environment to 
provide a test bed for examining security flaws in 
the protocol simulation.   
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ABSTRACT

The performance of a BSP Time Warp parallel simula-
tion system on a large-scale cluster of workstations can be
severely affected due to the presence of external workload
on individual machine in the cluster. This paper describes
a new approach to managing external workload for BSP
Time Warp parallel simulation on a cluster of workstations
using the approach of time slicing. Experimental results
comparing the performance of this new approach and the
one proposed previously show that the new approach is
resilient to interruption from external workload on multiple
computing nodes in the cluster of workstations.

1 INTRODUCTION

Parallel simulation is an emerging technology that enables
the execution of large-scale simulation model in a shorter
timeframe compared to its sequential counterpart. Many of
the existing parallel simulation protocols are developed with
the assumption that the underlying parallel computing plat-
form is dedicated and thus most do not consider the factor
of variation in system load of the computing platform due to
interruption from external workload.

The increasing popularity of large-scale cluster of worksta-
tions as the execution platform for parallel simulation re-
quires a new approach in the design of parallel simulation
protocols. Very often computing resources in these clus-
ters are not dedicated and are usually shared among multiple
users. The workload on each computing node in the cluster
can fluctuate widely due to the presence of jobs from other
users.

In [6, 7], we have reported our initial effort in designing
a dynamic load-balancing (DLB) algorithm for the Bulk
Synchronous Parallel Time Warp (BSP-TW) with external
load-management capability. The external load-management
module described in [7] uses the approach of evicting simu-
lation workload from a processing node whenever the system
load of the processing node exceeds a load threshold param-
eter. The drawback of this approach is that the performance
of the system deteriorates rapidly in the presence of external
workload on multiple nodes of the cluster of workstations. It
is also difficult to determine the optimal values for the load
threshold parameter.

In this paper, we present a new approach to external work-
load management using time slicing. Our experimental re-
sults show that the new approach is able to maintain high

performance in the presence of external workload on multi-
ple nodes of the cluster of workstations without the need to
use the load threshold parameter.

The rest of this paper is organized as follows. Section 2 de-
scribes the BSP model and the BSP Time Warp optimistic
protocol. In section 3, the BSP-TW DLB ����� � algorithm pro-
posed in [7] is described. We then describe the new BSP-TW
DLB ����� � algorithm which uses a time slicing approach to ex-
ternal workload management in section 4. Section 5 presents
experimental results comparing the new DLB algorithm with
the existing one on a manufacturing simulation model. Some
related work are described in section 6. Section 7 summa-
rizes the paper and outlines future research directions.

2 BSP TIME WARP

The BSP model first proposed in [9] is designed to be a gen-
eral purpose approach to parallel computing that allows the
separation of concerns between computation, synchroniza-
tion and communication costs. It has a simple cost model for
predicting the performance of BSP algorithms on different
parallel platforms. A BSP programming model consists of

�

processors linked by an inter-connecting network and each
with its own pool of memory.

A BSP algorithm consists of a set of processors each execut-
ing a series of supersteps. Each superstep consists of three
ordered phases: 1) a local computation phase, where each
processor can perform computation using local data and issue
communication requests; 2) a global communication phase,
where data is exchanged between processors according to the
requests made during the local computation phase; and 3) a
barrier synchronization, which waits for all data transfers to
complete and makes the transferred data available to the pro-
cessors for use in the next superstep.

The BSP-TW algorithm [8] shown in Figure 1 is designed
to be an efficient realization of an optimistic synchronization
protocol ([3], [4]) on the BSP model. Each processor man-
ages a group of logical processes (LPs) in the system. In
BSP-TW, LPs are also referred to as simulation objects and
the two terms are used interchangeably in this paper. LPs
in the same processor share a common event-list. A series
of supersteps are executed by each processor as indicated by
the outer while loop and the bsp sync() statement at the
end of the loop.

The global virtual time (GVT) measures the progress of a
simulation run. An estimate of GVT is computed after every



bsp begin();
[A] Initialization;
while GVT

�
SimEndTime do

[B] Receive external events and process rollback;
[C] Compute new GVT, perform fossil collection and

compute new event limit ��� every ��� supersteps;
[D] Execute ��� events;
bsp sync();

endwhile
bsp end();

Figure 1. Algorithm for BSP Time Warp.

��� supersteps; ��� is also known as the GVT update inter-
val. The body of the loop terminates when the GVT value is
greater than the simulation end time.

The algorithm provides an automatic means of throttling the
number of events, � � , being simulated per superstep based on
statistics from fossil collected events. The BSP cost model
for a BSP-TW algorithm

	
can be expressed as

cost 
 	��� ���� � ��� 
���
�� ������ 
�� �!�#"$� (1)

where � � is the total number of supersteps; ��
�� � is the com-
putation cost for superstep � ; and

 
�� � is the maximum num-
ber of messages sent or received respectively by any proces-
sor in superstep � . The architecture dependent parameters�

and
"

represent the communication and synchronization
costs respectively.

From the BSP cost model, we can see that the performance
of a BSP-TW algorithm relies on three factors: a) computa-
tion balance; b) communication balance; and c) � � , the total
number of supersteps. Computation and communication im-
balance can result from the dynamic changing nature of the
workload of the simulation model and interruption from ex-
ternal workload. The total number of supersteps required to
complete the simulation depends on the lookaheads on the
links between LPs on different processors. Lookahead is de-
fined as the minimum simulation time interval between event
arrival, from the source to a destination LP. A dynamic load-
balancing algorithm can reduce both computation and com-
munication load-imbalance, as well as optimize lookaheads
by migrating simulation objects between processors.

3 MANAGING EXTERNAL WORKLOAD BY
EVICTING PROCESSORS

The BSP-TW DLB ����� algorithm first described in [6] has fa-
cilities to dynamically balance computation and communi-
cation load-imbalance, as well as optimize lookaheads be-
tween processors. However, the algorithm does not take into
account interruption from external workload. In [7], we pro-
posed an extension to the BSP-TW DLB ����� algorithm, re-
ferred to as BSP-TW DLB ����� � algorithm, to allow external
workload management.

bsp begin();
[A] Initialization;
while GVT

�
SimEndTime do

[B] Receive external events and process rollback;
[C] Compute new GVT, perform fossil collection and

compute new event limit ��� every ��� supersteps;
[D] After each % GVT computation:

[D0] balance extLoad();
[D1] balance computation();
[D2] balance communication();
[D3] optimize lookahead();

[E] Execute ��� events;
bsp sync();

endwhile
bsp end();

Figure 2. Algorithm for BSP-TW DLB ����� � .

3.1 BSP-TW DLB ����� � Algorithm

Figure 2 shows the pseudo-code for the BSP-TW DLB ����� �

algorithm. The BSP-TW DLB ����� � algorithm consists of four
modules and is executed at each migration point, which oc-
curs every & ��� supersteps ( &$')( ). We also refer to the & �!�
supersteps between two migration points as a migration in-
terval. The pseudo-code for the BSP-TW DLB ����� algorithm
is not shown here as it is essentially BSP-TW DLB ����� � with-
out module D0.

At each migration point, one of the four modules will be ac-
tivated based on factors such as the amount of external work-
load, computation imbalance and communication imbalance.

The computation load-balancing in module D1 is carried out
by transferring simulation objects from processors with high
computation workload to processors with low computation
workload. For module D2, communication load-balancing is
carried out by exchanging simulation objects between pro-
cessors. The module uses load exchange, rather than load
transfer to preserve the computation balance achieved in
module D1, at the same time improving the balance in com-
munication workload. The lookaheads optimization in mod-
ule D3 is carried out by merging simulation objects with
small lookaheads into the same processor. For more de-
tailed explanation of these three modules, readers are re-
ferred to [6].

The BSP-TW DLB ����� algorithm described in [6] is enhanced
with module D0 in order to handle computation and com-
munication load-imbalance due to the presence of external
workload. The pseudo-code for module D0 is shown in Fig-
ure 3.

The state variable
�

�
* +-, is used to track the average system

load of processor
�

�
. We classify the set of processors with

average load greater than the processor load threshold param-
eter, . , as heavily loaded. The average load of a processor
is obtained by a UNIX system call getloadavg(). This
system call returns the number of processes in the system run



balance extload()
foreach processor

���
do

if
���

.loadavg ��� then
migrate all(

���
);

set
���

as inactive;
else if

����� � 	 ��
� then
set
���

as active;
endif

endfor

Figure 3. Algorithm for Balancing External
Workload.

queue averaged over various periods of time. The one minute
sample returned by the system call is used in the experiments.

At each migration point, the BSP-TW DLB ����� � algorithm at-
tempts to evict all the simulation objects out of these heav-
ily loaded processors. The method migrate all(

��
) evicts

all the simulation objects in processor
�

�
to other proces-

sors with normal workload in a round-robin fashion. The
status of processor

�

�
is then set to inactive. As the dynamic

load-balancing modules D1 to D3 only consider the set of ac-
tive processors, simulation objects will not be migrated back
to the processors that are still heavily loaded with external
workload. When a previously heavily loaded processor’s av-
erage system load drops below

�� , the status of the processor
is reset to active. This causes the computation and commu-
nication load-balancing modules to detect the idle processor
and allows simulation objects to be moved back to it.

4 MANAGING EXTERNAL WORKLOAD BY TIME
SLICING

Although the BSP-TW DLB ����� � protocol does solve the
problem of external workload interruption, it sacrifices the
complete use of a processor whenever it is loaded with exter-
nal workload, regardless of the amount of external workload
in the processor. Also, the performance of BSP-TW DLB ����� �

depends largely on how . is set. If the value of . is set too
low, many processors may be evicted due to the presence of
very small external workload. If the value of . is set too high,
the BSP-TW DLB ����� � algorithm may not react effectively to
the presence of external workload.

In this section, we consider another approach to managing
external workload by considering the available time slice for
the BSP process on the heavily loaded processors, rather than
leaving the processors completely out of the parallel compu-
tation.

4.1 Example of External Workload Management using
Time Slicing

We first illustrate our approach using the example shown in
Figure 4. The figure shows the computation workload of
a superstep for eight processors. Processors P0 to P3 are
each loaded with two external workloads, indicated by the
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Figure 4. An Example of External Workload
Management using Time Slicing.

shaded boxes. The computation workload of simulation ob-
jects on all the eight processors in the superstep are the same,
as shown by the white boxes. Each white box can be consid-
ered the computation workload of a simulation object.

Due to the presence of external workload, the superstep on
processors P0 to P3 takes three times the amount of time to
complete, as compared to those on processors P4 to P7. We
can also say that the simulation workload is only given one-
third slice of the CPU processing time. If we assume that
each box (white or shaded) consumes one unit of CPU pro-
cessing time, the superstep takes 12 units of CPU processing
time.

Figure 4b shows the workload configuration using the BSP-
TW DLB ����� � algorithm. All the simulation objects are
evicted from the four loaded processors and distributed to
processors P4 to P7. The resulting configuration is such that



processors P0 to P3 each can complete the superstep with
minimum delay while processors P4 to P7 now have twice
the amount of workload to process. The CPU processing
time for this superstep is reduced to 8 time units.

Another approach to managing the workload is to consider
the fact that the BSP workload on the heavily loaded proces-
sors still have access to one-third slice of the CPU process-
ing time. We can migrate parts of the simulation objects out
of these processors so that the overall workload for all pro-
cessors (taking into account the external workload) after the
migration is still balanced.

Figure 4c shows an example of how this is done. Two simu-
lation objects are migrated out of each processor loaded with
external workload. The resulting workload configuration is
balanced across all processors. The superstep now requires
only 6 units of CPU processing time.

The reason for the improvement over that using BSP-TW
DLB ����� � is due to the use of the remaining one-third slice
of CPU processing time on those heavily loaded processors
to process part of the simulation objects’ workload. The in-
creased in workload of those processors not affected by ex-
ternal workload is reduced compared to that using BSP-TW
DLB ����� � .

4.2 BSP-TW DLB ����� � Algorithm

We now describe the BSP-TW DLB ����� � algorithm that pro-
vides an alternative solution to managing external workload
by considering the allocated CPU time slice for the computa-
tion workload in each processor in the system. The outline of
the BSP-TW DLB ����� � algorithm is essentially the same as the
BSP-TW DLB ����� algorithm. Unlike the BSP-TW DLB ����� �

algorithm which adds another module to the BSP-TW al-
gorithm, the BSP-TW DLB ����� � algorithm works within the
balance computation()module. Also, it should be noted
that the BSP-TW DLB ����� � algorithm does not require the use
of the processor load threshold parameter . .
Before we describe the modification to the module for bal-
ancing computation workload, we first need to resolve the
condition for detecting imbalance in computation workload.
For example, we would want to consider the workload con-
figuration in Figure 4a as unbalanced while the configuration
in Figure 4c as well-balanced. As the time taken to complete
a superstep in each processor is computed by summing up
the time taken for executing each event in the superstep, the
balance computation()module will instead consider the
configuration in Figure 4a as well-balanced while the config-
uration in Figure 4c as unbalanced.

To resolve this problem, we can make use of the additional
knowledge of the average system load of each processor
(
�

�
* +-, ) to work out a better approximation of the workload

on each processor. We first scale the computation workload
of each processor (

�

�
* � + ) by its corresponding average sys-

tem load as follows:

�

�
* � + �  �

�
* � +�� �

�
* +-, * (2)

balance computation()
while ������� do

let 	�
��� be the processor with the max. computation workload;
let 	 
 � � be the processor that yield the min. average workload;

when paired with 	�
���
� :=

	�
����� ������	�
����� � ����	 
 � � � ��� ��	 
 � � � � �
	�
����� � ��!"	 
 � � � � �

computation migrate(� , 	�
��� , 	 
 � � );	�
����� ��� := 	�
����� ��� - � ;	 
 � � � ��� := 	�
����� ���
compute ��� ;

endwhile
return flag;

Figure 5. Algorithm for Determining Amount
of Computation Workload to Migrate taking
into account System Workload. # is the Load-
imbalance Threshold Parameter.

Note that for those processors with average system load less
than 1.0,

�

�
* +-, will be set to 1.0.

The calculation of the computation imbalance, $&% , of the
system is shown in equation (3).

$&%  max 
 �
�
* � + �' mean 
 �

�
* � + �

mean 
 �
�
* � + � * (3)

Using this formula, the load imbalance for the superstep
shown in Figure 4a will be 0.5 while the superstep in Fig-
ure 4c will be treated as having perfectly balanced workload.

The BSP-TW DLB ����� � algorithm has exactly the same struc-
ture as that of BSP-TW DLB ����� . The difference lies in the
balance computation() module, which now needs to
take into consideration the system load of those processors
involved in the load transfer process.

Figure 5 shows the pseudo-code for the
balance computation() module. Note that the compu-
tation workload used in the module have all been scaled
by the average system load of individual processors. The
processor

�(
�
� is not taken to be the one with the lowest

computation workload, but rather the processor that will
yield the lowest average workload when selected to engage
in the load transfer process with the processor

�)(+*�,
that has

the heaviest computation workload.

Figure 6 shows an example to illustrate why the processor
that has the lowest computation workload is not chosen to
be processor

��(
�
� . The example shows three processors and

their respective computation workload for a superstep. We
see that processor P0 is loaded with one external workload
and processor P1 is loaded with four external workload. Al-
though processor P2 is free from any external workload, its
overall computation workload is still higher than processor
P1.

Suppose processor P1 is now chosen to engage in the load
transfer process with processor P0. One unit of computation
workload will be migrated from processor P0 to processor



��������������������

��������������������
��������������������

��������������������

	�	�		�	�	
�
�

�
�


����������������������������������������������������������������������������������������������

P0 P1 P2

��������������������

��������������������

�������������������� �������������������������������������������������� � �  � � !�!�!!�!�!"�"�""�"�"#�#�##�#�#$�$�$$�$�$

P0 P1 P2

%�%�%%�%�%&�&�&&�&�&

'�'�''�'�'(�(�((�(�(
)�)�))�)�)*�*�**�*�*

+�+�++�+�+,�,�,,�,�, -�-�--�-�-.�.�..�.�./�/�//�/�/0�0�00�0�01�1�11�1�12�2�22�2�23�3�33�3�34�4�44�4�45�5�55�5�56�6�66�6�6 7�7�77�7�78�8�88�8�89�9�99�9�9:�:�::�:�:;�;�;;�;�;<�<�<<�<�<=�=�==�=�=>�>�>>�>�>

P0 P1 P2

?�?�??�?�?@�@�@@�@�@ Computation Workload

External Workload

Balancing P0 and P1

Balancing P0 and P2

Figure 6. An Example to Illustrate the Selection
of Processor

�(
�
� .

P1. This results in a net decrease of two units of computa-
tion workload in P0 and a corresponding five-unit increase
in computation workload in P1. The overall improvement in
the maximum computation workload is two units.

However, if processor P2 is chosen instead, two units of com-
putation workload will be migrated from P0 to P2. This re-
sults in a net decrease of four units in computation workload
in P0 and a corresponding two-unit increase in computation
workload in P2. The overall improvement in the maximum
computation workload in this case is four units. Although
P2 is not the processor having the lowest computation work-
load, selecting it for the balancing process yields better per-
formance compared to selecting P1, which has the lowest
computation workload.

The presence of external workload on the individual proces-
sor and the scaling of computation workload for each pro-
cessor requires some modifications to the formula used to
compute the amount of workload to be transferred from pro-
cessor

�(+*�,
to

�(
�
� . The following formula computes the

amount of computation workload, A , that needs to be mi-
grated from processor

��(+*�,
to processor

��(
�
� so that the

resulting workload, B , on both processors after the migration
is equal.

A  �(+*�, * +-, 
 �(+*�, * � + ' �(
�
� * � + ��(+*�, * +-, � �(

�
� * +-, (4)

B  �(+*�, * � + ' A (5)

5 EXPERIMENTS WITH MANUFACTURING SIM-
ULATION MODEL

In this section, we describe a set of experiments to compare
the performance of BSP-TW DLB ����� , BSP-TW DLB ����� � , and
the BSP-TW DLB ����� � algorithms.

5.1 Simulation Model

The experiments are carried out using a manufacturing sim-
ulation model similar to that used in [5] to study different
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Figure 7. Layout of a Production Line and an
Assembly and Test Facility.

runtime systems for a conservative simulation protocol. The
manufacturing model consists of different entities of a typical
production line with an assembly and test facility. Figure 7
shows the layout of a production line and an assembly and
test facility. The configuration of the manufacturing model
consists of a total of seven production lines. Each production
line consists of 100 production stages. The assembly and
test facility consists of 100 assembly stations and 100 testing
stations. There are a total of 2417 simulation objects in this
model.

This manufacturing model is a challenging model for opti-
mistic simulation protocol such as BSP-TW due to the pres-
ence of many zero lookahead links on the fork and join
nodes. Lookahead is crucial to the performance of the BSP-
TW protocol since processors with many incoming commu-
nication links with small or zero lookaheads are likely to suf-
fer from high event rollback rates.

For all the experiments, the GVT computation interval ��� is
fixed at 50 supersteps. The migration interval & is set to 5. A
processor load threshold parameter of . =1.5 is used for the
runs with BSP-TW DLB ����� � . The experiments are conducted
on a cluster of eight 350MHz Sun UltraSparc workstations
connected via a 100Mbits TCP/IP network. All execution
times shown are the average of 10 runs. The simulation run
length of all experiments is (DCFE time units. A block partition
strategy is used to assign consecutive block of 25 simulation
objects onto the same processor. The experiments are car-
ried out by loading different number ( G =1, 2, 4 and 6) of
processors with different number ( H =1, 2, 3, 4) of external
workload. The external workload is introduced from the start
of the simulation and lasts through the entire simulation du-
ration.

5.2 Experimental Results

Table 1 shows the execution times using the three different
protocols on the manufacturing model. The column under
BSP-TW DLB I����� � is executed using a modified version of
BSP-TW DLB ����� � . This version uses a modified average sys-
tem load for each processor, which is shown below:

�

�
* +-, �  
 �

�
* +-, � � * (6)

The modified system load of individual processor is then ap-
plied to the scaling of the computation workload in equa-
tion (2). This modification has no effect on those processors



BSP-TW� �
DLB ����� DLB ����� � DLB ����� � DLB ������ �

1 1 602.0 489.4 551.2 520.6
2 789.8 517.8 559.3 558.0
3 844.3 566.1 617.9 569.6
4 993.3 592.2 787.8 606.1

2 1 718.9 596.8 672.9 613.5
2 1170.5 634.1 705.1 615.1
3 1318.3 635.9 732.7 651.2
4 1667.6 693.5 958.8 690.7

4 1 826.2 944.0 768.6 747.8
2 1502.5 954.7 981.9 749.0
3 1697.1 987.7 1055.7 767.6
4 2329.2 1021.6 1275.6 840.5

6 1 918.9 1462.8 934.0 867.8
2 1704.6 1736.5 1350.0 1038.4
3 2090.9 1843.2 1449.8 1124.8
4 2971.3 1870.6 1816.9 1128.7

Table 1. Execution Times (sec.) using BSP-TW
DLB ����� � with H Number of Processors Loaded
with G Number of External Workload.

with no external workload since
�

�
* +-, will still be equal to

1.0. For those processors with average system load greater
than 1.0, this change has the effect of encouraging the BSP-
TW DLB ����� � to migrate more simulation objects out of them.
Similarly, it also discourages the load-balancing algorithm
from migrating simulation objects back into them.

Table 1 shows that for the cases with H  ( , the perfor-
mance of BSP-TW DLB ����� � drops below BSP-TW DLB �����

as the number of processors loaded with external workload
is increased to six. The BSP-TW DLB ����� � algorithm is dis-
carding six out of eight processors even though each of the
six processors is only loaded with one external workload.

By not discarding completely those processors with external
workload, the BSP-TW DLB ����� � protocol is able to achieve
better performance than the BSP-TW DLB ����� � protocol for
the cases with H  ( and G 	�

and 6. For G �

, the

BSP-TW DLB ����� � algorithm outperforms BSP-TW DLB ����� �

for all values of H .

However, as the number of processors loaded with external
workload is reduced, the performance of BSP-TW DLB ����� �

drops below that of BSP-TW DLB ����� � . This drop in perfor-
mance in BSP-TW DLB ����� � can be attributed to two factors:
1) insufficient simulation objects are migrated out of those
heavily loaded processors as the number of external work-
load on these processors is increased; and 2) side effects from
the lookahead optimization module.

In order to verify the first hypothesis, we carried out the runs
with BSP-TW DLB I����� � to test if better performance can be
achieved by encouraging more simulation objects to be mi-
grated out of the heavily loaded processors. In a way, the
squaring of the average system load of individual proces-
sor in equation (6) serves to exaggerate the load situation of
those heavily loaded processors such that more simulation
objects can be migrated out of them.

Table 1 shows that this approach does significantly improve
the performance of the BSP-TW DLB ����� � algorithm. For
the cases with G ��

and 6, the performance of BSP-TW
DLB I����� � drops gradually with increasing external workload.
This shows that the dismal performance of BSP-TW DLB ����� �

is indeed due to insufficient simulation objects being mi-
grated out of those heavily loaded processors.

However, for the runs with only one processor being loaded
with external workload, the performance by either BSP-TW
DLB ����� � or BSP-TW DLB I����� � is still slightly worse than that
using BSP-TW DLB ����� � . This performance drop can be at-
tributed to the side effect of lookahead optimization.

Figure 8 shows a breakdown of the computation workload
as well as the number of simulation objects on each proces-
sor for a run executed using BSP-TW DLB I����� � . In this run,
processor P1 is loaded with one external workload. We see
that at superstep 1250, the balancing module is activated and
the number of simulation objects on processor P1 drops from
307 to 170. Correspondingly, the computation workload for
processor P1 decreases from a high level of 17.5 to 6.4.

However, at superstep 1500, an optimization of lookahead
is carried out by the BSP-TW DLB I����� � algorithm. This re-
sulted in 20 simulation objects being migrated back into pro-
cessor P1. The computation workload of processor P1 is in-
creased to 11.5 in superstep 1750. At this point, the pattern
repeats itself with the computation balancing module migrat-
ing simulation objects out of processor P1 and the lookahead
optimization module migrating simulation objects back into
processor P1. The main problem here is that the lookaheads
optimization module uses a migration threshold  =0.5 which
allows up to 50% of the simulation objects to be migrated
during each round of lookahead optimization and this tends
to disrupt the load-balance achieved in the computation bal-
ancing process.

A possible solution to resolving this issue might be to use
a value of  smaller than 0.5. While this will reduce the
amount of simulation workload that can be migrated back
into the heavily loaded processors, it will also slow down the
lookahead optimization process on other processors, causing
the performance to drop. An effective solution might require
the value of  to be set differently for different processors
with different load configurations. Further work will need to
be carried out to explore this possibility.

6 RELATED WORK

Past studies of DLB algorithm for optimistic parallel simula-
tion protocols have typically focused on which metrics to use
to measure the actual workload of the system. In this paper,
the metrics used are the computation workload together with
the average system load of the individual nodes in the cluster
of workstations.

In the study reported in [1], Carothers and Fujimoto pre-
sented an approach for background execution of Time Warp.
The scheme allows a Time Warp system to execute in back-
ground and consume unused CPU cycles across a collection
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Figure 8. Processors Computation Workload and Number of Simulation Objects using BSP-TW DLB I����� � .

of heterogeneous machines. The metric used is “Processor
Advance Time” (PAT), which reflects the amount of real time
needed to advance the virtual time of a logical process by
one unit. A personal communication service network model
is used in this study. The experimental results showed an
improvement of up to 45% in the presence of external work-
load.

Glazer and Tropper also described a metric based on time
slices [2]. They defined a time slice to be a metric propor-
tional to the ratio of the amount of computation time required
by a process over the advance of its simulation time. They
presented speedup improvement ranging from 12% to 49%
using this approach to balance simulation workload for three
different simulation models running on a simulation multi-
processor environment. However, their experiments do not
take into consideration interruption from external workload.

7 CONCLUSION

In this paper, we have described a new time slicing approach
to external workload management for the BSP-TW parallel
simulation protocol. Our experimental results comparing the
performance of the BSP-TW DLB ����� , BSP-TW DLB ����� � and
BSP-TW DLB ����� � show that BSP-TW DLB ����� � protocol is
able to achieve better performance over BSP-TW DLB ����� �

when a high proportion of processors in the BSP-TW com-
putation are burdened with external workload. However,
the performance of BSP-TW DLB ����� � drops rapidly with in-
creasing system workload on those heavily loaded proces-
sors. By amplifying the processor system workload to exag-
gerate the load-imbalance of the system, we show that the
BSP-TW DLB ����� � protocol can indeed achieve significant
performance improvement over both the BSP-TW DLB �����

and BSP-TW DLB ����� � protocols.
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Abstract:  The rapid growth in mobile and wireless computing technology continuous to present new challenges. 
Mobile users access information, independent of their location, through wireless and wired networks. In mobile 
computing, location management is introduced whenever users move from one place to another. In order to track a 
mobile user, the system must store information about his current location and report new locations to a home base 
station. Several techniques have been proposed to optimally manage the location of mobile hosts. In this paper, we 
present an overview of some principal issues, concepts and definitions used, and techniques proposed and developed for 
location management in mobile computing systems. The performance of these techniques is dependent on several 
parameters, such as the Call-to-Mobility Ratio (CMR). It also depends on update and routing costs, calls, and moves. We 
discuss different approaches introduced and assess their effectiveness. This will be followed by a survey of existing 
classifications of location management solutions. Finally, we introduce an alternative way of classifying these techniques 
in light of the central issues identified and in order to facilitate the development and design of a framework for these 
systems.   
Keywords: Wireless and Mobile Computing, Location Management Techniques, CMR, Classification of LMTs. 
 
1. INTRODUCTION  
In mobile and wireless computing environments, mobile 
hosts may relocate from one cell location to another. In 
order to keep track of mobile hosts, the system must 
record and know the information about mobile hosts’ 
current location. In recent years, several location 
management algorithms have been proposed to reduce the 
update and lookup costs accruing as a result of 
maintaining host information. An update occurs when a 
mobile host sends a message to update its stored location. 
A lookup occurs when it is required to locate a user each 
time a call is placed to that user or when a message is sent 
to her. The location updates and lookups are evaluated in 
terms of the number of messages sent, the size of 
messages, the distance the message needs to travel, the 
bandwidth consumed, the processing overhead and the 
delay incurred in answering locations queries.  The main 
criterion used for efficient update is low signaling cost 
incurred by relocation of hosts between cells. The cost 
should be kept small enough not to affect network 
performance. This mobile communication network 
technology is expected to further develop to smaller cells 
for greater bandwidth sharing and reuse. The signaling 
load for location updates will be higher due to more 
frequent relocation for small cells [Hacacute and Liu, 
1998]. A good location management scheme should 
attempt to optimize all of these parameters. Tracking 
mobile hosts and establishing efficient routing are basic 
functions of a mobile computing system. The system 

needs to be updated and provided information about the 
location of mobile hosts regularly. Typically, the location 
area structure has several cells in it, and a mobile 
computing environment structure consists of several 
location areas, which may overlap with each other. 
Depending on the algorithm employed, an update will 
occur when the mobile host moves from one cell to 
another or from one location area to another location area.  
 
A general mobile system consists of mobile hosts (MHs) 
that interact with a static network through fixed hosts, 
known as mobile base stations (MBSs). MBSs are 
augmented with a wireless interface, and they provide a 
gateway for communication between the wireless network 
and the static network. A mobile host can communicate 
with a mobile base station within a limited region around 
it. This region is referred to as a mobile base station’s 
cell. Cells can have different sizes, and the average size of 
a cell is typically around 1 to 2 miles in diameter. A 
mobile host communicates with one mobile base station at 
any given time. An MBS is responsible for forwarding 
data between the mobile host and the static network. Due 
to mobility, a mobile host may cross the boundary 
between two cells while being active. Thus, the task of 
forwarding data between the static network and the 
mobile host must be transferred to the new cell’s mobile 
base station [Krisha et al, 1996]. This process, known as 
handoff, is transparent to the mobile user. Handoff takes 
place when a mobile host moves from one cell to another 



 

during a communication session. The information 
transmitted to the original mobile base station is easily 
forwarded to the new mobile base station through their 
common link. Note that handoffs and location 
management serve different purposes. The former is not 
required unless a communication session is in progress 
while a mobile host moves from one cell to another, 
whereas the latter is always required [Doley et al, 1996].   
 
2. CALL-TO-MOBILITY RATIO 
In a mobile computing environment, there are two 
important factors to consider: calls and moves. During a 
given time period, the number of calls and the number of 
moves determine how many data packets a mobile host is 
sent and how many movements the host has made, 
respectively. Classes of users are characterized by their 
call-to-mobility ratio (CMR) [Jain and Lin, 1995]. CMR 
is the average number of calls to a user per unit time, 
divided by the average number of times the user changes 
registration areas per unit time. We also define a local 
CMR (LCMR), which is the average number of calls to a 
user from a given originating signal transfer point per unit 
time. The LCMR can be used to relate the hit ratio to 
users’ calling and mobility patterns directly. To do so, we 
need to make some assumptions about the distributions of 
the user’s calls and moves. Let the call arrivals from an 
MBS to a user be a Poisson process with arrival rate λ, 
and the time that the user resides in a registration area be 
1/µ.  Then, LCMR can be expressed as: LCMR = λ / µ.     
 
Since we are dealing with non-negative random variables, 
it is convenient to associate with a probability density 
function, f(s), its Laplace transform, f*(s). Let the residual 
time of a user at an RA be a random variable with a 
general density function mf . Then, its Laplace transform 
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Note that for different values of LCMR, there will be 
different values of hit ratio.  
 
Several works have used the CMR to compare different 
algorithms and to show that it is one of the factors that 
could heavily affect the performance of these systems. 
For instance, the number of calls and moves generated by 

a mobile host in a unit time can be modeled as a Poisson 
distributed random variables. Then, the time interval 
between successive moves or calls can be obtained from 
the product of CMR and the Poisson distributed variables 
[Cho, 1998]. In his simulation study, each mobile host 
component repeatedly fires the call or move event with 
the time interval computed, and runs a corresponding 
routine. The simulation results obtained in the study 
showed that the number of location updates was 
dependent on two simulation parameters: the CMR and 
the symmetric rate, which is defined as the ratio between 
the time a mobile host stays at its home MBS and the time 
it spends in other MBSs. One study, [Ho and Akyildiz, 
1997], argued that in general, the relative cost increases 
with the CMR. When the CMR is low, the mobility rate is 
high and the cost for the location registration dominates. 
When the CMR is high, the mobility rate is low and the 
cost saving from location registration diminishes. 
Therefore, the cost reduction is most significant when the 
CMR is low and the cost for accessing the home base 
station is high. Interestingly, FBFind algorithm [Kim and 
Smari, 2003a] showed different results. In this work, 
LCMR was varied from 1 to 10 and the cost of the 
algorithm was measured. They found that the algorithm 
saved about 40% more in costs when the LCMR was 10 
than when it was 1, i.e., the algorithm saved more in costs 
with higher LCMR. In another work on distance-based 
updating cost analysis [Kim and Smari 2003b], they 
modified the FBFind algorithm’s system model and 
measured the cost of the algorithm. They found that they 
could save more than 50% of the costs when the LCMR is 
10 than when it is 1.   
 
3. LOCATION UPDATE & LOOKUP SCHEMES 
Mobile hosts within a cell communicate with other hosts 
through a MBS which is installed within the cell, as 
illustrated in Figure 1. This MBS is connected to other 
MBS through an underlying wire line network. In order 
for the network to efficiently route incoming messages to 
a mobile host, each mobile host is required to report its 
location to the network. This reporting process is called 
location update. The purpose of location update is to 
reduce the cost for tracking down the mobile host. An 
effective location update policy should reduce the average 
cost as much as possible compared to the no-update 
policy. There are a number of ways to determine these 
location update points. The most commonly used scheme 
is to group the cells into location areas. A mobile host 
performs location update whenever it enters a new 
location area [Akyildiz and Ho, 1995].  

 

Typically, location update is done in the following way. 
First, each MBS broadcasts the identity of its location 
area periodically. Second, the mobile hosts always listen 
to the network broadcast information and store the current 
location area identity sent. If the received location area 
identity number is different with its previously stored 
number, the mobile hosts trigger location update 
procedure.    



 

 
 
 
 
 
 
 
 
 
 
 

            

Figure 1 A General Mobile Computing System 
 

In the case of a lookup scheme: when a call is placed to a 
mobile host or a message is sent to it, the system must be 
able to locate the host by tracking its movements. To 
make host tracking easy, the mobile network is 
partitioned into Location Areas, which are chunks of 
cells, as was mentioned before [Weng and Huang, 2000]. 
Now, to perform a lookup scheme, two steps of 
processing are taken.  First, determine the LA where the 
mobile host is currently located at, and second, page the 
cells of this particular LA to determine the exact cell 
within where the MH is residing. There are several 
schemes introduced to reduce lookup time. Replication 
[Shivakumar and Widom 1997] and caching [Minh and 
Van As 2001] schemes are two well known techniques 
used for this purpose. Replication is different from 
caching in that it always keeps all copies up-to-date and 
there is no invalidation problem. But the associated costs 
of replication will increase rapidly, especially for 
frequently moving mobile hosts.  
 
In addition to mobile host, mobility agents are very 
important entities for location and routing. A mobility 
agent provides the wireless interface between mobile 
hosts and the rest of the network. It maintains a set of 
mobility bindings-an association of the host’s home 
identifier with a current locator for the hosts locally or 
remotely under its control. The agent works a router, and 
if necessary, forwards packets to a host’s current location 
using the binding information it has. If a host is initially 
registered with this agent, the agent is called the home 
agent, otherwise, it is known as a foreign agent. When the 
host moves to another agent, the current agent becomes 
known as the previous agent [Cho, 1998].   
 
Source messages intended for a mobile host can be routed 
in one of two ways: informed routing or triangle routing 
[Yates et al, 1996]. In informed routing, the source knows 
the direct route to the mobile host, and is informed of all 
location changes by the mobile host. In triangle routing, 
the source directs messages to a home agent that forwards 
messages to the mobile host.  
 
Routing impacts update procedure performance directly. 
We can say that the efficiency of a location update 

depends on how to distribute the location information 
through the entire network. Usually, the efficiency of 
location update is measured by the total cost of routing a 
packet to its destination mobile host. The total cost to 
route a packet to its destination mobile host is contributed 
by two parts, update cost and routing cost. Update cost 
consists of both registration cost and patron service 
update cost, while routing cost consists of search cost and 
hop cost between the node in which the mobile host’s 
location binding is found and the destination mobile host 
[Hacacute and Huang, 2000].   
 
4. GENERAL CLASSIFICATION OF LOCATION 

UPDATE SCHEMES 
Classifying location management schemes can be 
considered from several perspectives.  One way is to look 
at these schemes under the two main components of any 
management technique, namely, updates and lookups.  
Most of the literature has focused on the former. Due to 
space constraints, we will concentrate on it too in this 
work. Update schemes can be of three main types: 
dynamic [Akyildiz and Ho, 1995; Austin and Stuber, 
1996; Bhattacharaya and Sajal, 2002; Chen, 2000; Cho, 
1998; Doley et al, 1996; Hacacute and Huang, 2000; Ho 
and Akyildiz, 1997; Kim and Smari, 2003; Krishnamurthi 
et at, 1998; Lee et al, 2001; Lin, 1997; Liu and Maguire, 
1996; Maass, 1998; Pissinou et al, 1999; Rocha et al, 
1999; Scourias and Kunz, 1999; Suh et al, 2000; Wang 
and Huey, 1999]; static [Krisha et al, 1996]; and adaptive 
[Bharghavan,1997;  Yates et al, 1996]. Figure 2 shows 
this type of classification.   
 
 
 
 
 
 
 
 

 
Figure 2 Traditional LUA Classification 

 
A static algorithm may fall under one of three different 
types of updating methods: lazy update (LU), limited 
update (LMU), and full update (FU), depending on the 
update cost metric [Krisha et al, 1996]. Here, the updating 
occurs by querying from mobile base stations (either 
home MBS or visitor MBSs). The lazy update (LU) is the 
simplest update scheme, where an update occurs only at 
home MBS and the last visited MBS. In this case, the cost 
of update is zero because no update messages are sent to 
other visited MBSs. On the other hand, in the full update 
(FU) case, the update messages are sent to all visited 
MBSs through the last visited MBS. Hence, the cost of 
this update depends on the number of visited MBSs. 
Lastly, in the limited update (LMU) case, the update 
messages are sent to a specified number of visited MBSs.  

Location Update Techniques

Dynamic StaticAdaptive

Lazy
Update

Limited
Update

Full
Update

Distance-
based

Movement-
based

Time-
based

Location Update Techniques

Dynamic StaticAdaptive

Lazy
Update

Limited
Update

Full
Update

Distance-
based

Movement-
based

Time-
based

MBS

Static Network

MBS MBS MBS

cellcell

MBS MBS

LAMBS

Static Network

MBS MBS MBS

cellcell

MBS MBS

LA



 

Dynamic location update methods [Bhattacharaya and 
Sajal, 2002] can be classified into three categories too: 
time-based, movement-based and distance-based. Under 
strategies using the three categories, location updates are 
performed based on the time elapsed, the number of 
movements performed, and the distance traveled since the 
last location update, respectively.    
 
An adaptive location management algorithm is sought 
when seamless location update is required across different 
mobile networks (i.e., between intranets). If a mobile host 
moves from one mobile network to another, the algorithm 
provides the necessary mechanisms to maintain service 
across the networks quickly and without losing 
connectivity. For example, mobility from indoor to 
outdoor mobile computing networks may result in a 
bandwidth decrease by two orders of magnitude. In order 
to provide a graceful degradation of the operating 
environment, mechanisms for system and application 
levels adaptation are necessary [Yates et al, 1996].   
 
Table 1 summarizes algorithms that are referenced in this 
paper and indicates the respective category for each 
algorithm. The first column shows the reference cited in 
the article. The second column lists the name of the 
location update algorithm (LUA). The third column 
shows the type of policies used: static (S), dynamic (D), 
or adaptive (A) and their respective subcategories (e.g., 
time, movement or distance for dynamic, lazy, limited or 
full for static).  The fourth column denotes the method 
used to model or solve the problem. (Markov) indicates 
that authors use a Markovian model to develop their 
solutions. Similarly, (Prob) is for a probabilistic 
mathematical approach, (Math) is for other mathematical 
techniques, such as Gaussian, Laplace transform, ratios, 
etc., (Pseudo) is for a pseudocode based algorithm. Last, 
(Simul) indicates that simulation was employed for the 
solution. The last column indicates whether the 
corresponding algorithm uses hierarchical (H) or 
nonhierarchical method (N), which will be discussed 
later, and the targeted application type (V for video and D 
for data) for the mobile system.  
 
It is worth noting also that several studies have been 
carried out to compare many of the policies mentioned 
above [Hacacute and Liu 1998; Krisha et al, 1996; Siddiqi 
and Kunz 1999].  

 
Table 1  The LUAs Categorization 

 

Author 
year 

Name of (LUA) Policy Method Type
/App 

Akyil95 Dynamic mobile 
terminal LUA 

D-t Markov N/V 

Austin96  Direction biased 
handoff algorithm 

D-m Math. N/V 

Bharg97 PRAYER  A Simul. N/D 
Bhatta02 LeZi LUA D-m Markov H/V 
Chen00  TLA, FRA D-m Markov N/V 
Chen98 FRA A Markov H/V 

Cho98 Route optimized 
LUA 

D-t Math. N/D 

Dolev96 Modified tree method D-t Pseudo H/D 
Hacac00 LU routing schemes D-m Review H/D 
Ho97 Dynamic 

Hierarchical LUA 
D-m Prob. H/V 

Janni97 HiPER LUA S-l Simul. H/D 
Kim03 a FBFind algorithm D-d Prob. H/D 
Kim03 b DBLM algorithm D-d Prob. H/D 
Krishn98  Optimal LUA D-d Prob. N/V 
Lee01 LUA for frequently 

visited locations 
D-m Prob. H/V 

Lin97 Two Location 
Algorithm  

D-m Math. N/V 

Liu96 Prediction 
Algorithms 

D-m Markov H/D 

Maass98 Location aware 
mobile algorithms 

D-m Pseudo H/D 

Madh95 Dynamic 
programming method 

D-d Markov N/V 

Pissin99 Location and query 
management algo. 

D-m Pseudo N/D 

Rocha99 Mobile unit tracking 
algorithm 

D-m Pseudo N/V 

Scouri99 Activity based LUA D-m Simul. N/V 
Suh00 Hierarchical LUA D-m Prob. H/D 
Wang99 Distributed LUA D-m Markov N/D 
Yates96 Mobile assisted 

adaptive LUA 
A Prob. N/D 

 
5. A NEW CLASSIFICATION METHOD 
We propose a new taxonomy for location management 
schemes based on the modeling technique employed. At 
this taxonomy's top level, we consider hierarchical 
[Bhattacharaya and Sajal, 2002; Chen, 98; Doley et al, 
1996; Hacacute and Huang, 2000; Ho and Akyildiz, 1997; 
Jannink et al, 1997; Kim and Smari, 2003a and b; Krisha 
et al, 1996; Lee et al, 2001; Liu and Maguire, 1996; 
Maass, 1998; Suh et al, 2000] versus non-hierarchical 
modeling techniques [Akyildiz and Ho, 1995;Austin and 
Stuber, 1996; Bharghavan, 1997; Chen, 2000; Cho, 1998; 
Ho and Akyildiz, 1997; Krishnamurthi et at, 1998; Lin, 
1997; Pissinou et al, 1999; Rocha et al, 1999; Scourias 
and Kunz, 1999; Siddiqi and Kunz, 1999; Yates et al, 
1996]. The motivation for considering the hierarchy of 
models in classifying location management approaches of 
mobile systems is due to the fact that these systems, by 
design, are either hierarchical or nonhierarchical. As such, 
their models must be of corresponding nature. Hence, 
using this classification should prove useful in 
understanding, analyzing and designing these systems. 
Figure 3 shows the overall proposed classification.   
 
A basic hierarchical model of a mobile system consists of 
multiple layers. Each layer stores databases that 
correspond to information about the lower layer to it. At 
the lowest layer, which is referred to as the MBS layer, 
the database information stored consists of information 
about all mobile hosts that visit the cell (or location area) 
serviced by that MBS. The second lowest layer stores 
database information about the MBS layer. At the highest 
level, i.e., the hierarchy’s root, the database includes 



 

information about all the children of that root. Typical 
information may include database ID, user ID, user 
profiles and pointers. In practice, this conceptual root may 
be “distributed” over several lower level “roots”, each of 
which can service its own lower levels. This way one 
database (at the actual root) need not store all users’ 
information nor service all root level queries and updates 
[Jannink et al, 1997]. When using a hierarchical 
technique, which employs a tree like modeling of the 
mobile system, there are two main subcategories to 
consider: threshold-based (using time, movement, and 
distance criteria) and non threshold-based (partitioning, 
grouping, and caching). These will be discussed further 
shortly. 
 
 
 
 

 
 
 
 
 

 
 
Figure 3 A New Classification of LM Algorithms  

 
In a non-hierarchical technique, which Elnahas and Adly 
[Elnahas and Adly, 2000] referred to as a two-tier 
scheme, the current location of a mobile host is stored at 
two possible locations in the network. If the mobile host 
is at its home MBS, then its current location is maintained 
in that MBS. If, on the other hand, the mobile host is 
visiting another cell (or LA), then, its current location is 
maintained in its home MBS as well as in the MBS that 
services the cell it is visiting. The current location is 
updated at each move. Nonhierarchical schemes may also 
be of two subcategories: threshold- and non threshold-
based. These will also be further discussed shortly. 
 
5.1 Threshold-based Schemes 
In a threshold-based scheme, a pre-specified value is used 
to trigger events of interest. This threshold value may 
relate to time, distance, or movement associated with the 
mobile host. For example, an update or lookup may occur 
if a prescribed time has elapsed since the last update or 
lookup. Threshold based schemes may be used to design 
update or lookup policies. In either case, there are three 
taxonomy subcategories that can be considered: time-, 
movement-, or distance-based.   
 
In a time-based threshold scheme, the mobile host sends 
periodic updates (or lookups) to the system (a MBS). The 
period or time threshold T between updates can be 
programmed into the mobile hosts using timers. However, 
the cost due to redundant updates made by stationary 
mobile hosts has to be tolerated. Obviously, these 
stationary mobile hosts do not need to send updates which 

represent no new data. Akyildiz and Ho [Akyildiz and 
Ho, 1995] address this problem by proposing the use of 
time points to check the mobile host location: if no 
movement is detected, then the MH need not send any 
update; otherwise, it will be allowed to. The method 
records the time spent by an MH in each location and uses 
these times to establish the MH movement time patterns.  
Then, it uses these patterns to determine the time for the 
next update (i.e., the MH did move).  
 
In a movement-based threshold approach, the mobile host 
sends update messages to the system (a MBS) when it 
crosses a pre-specified number of cells. That means, the 
mobile host needs to count the number of cell boundary 
crossings and update when the count reaches certain 
threshold M. For efficiency purposes, cell sizes may differ 
between, for example, urban and rural areas. It is expected 
then that the number of crossings will change in these two 
cases. Applying a threshold policy means more updates 
will be made in the former case. Hence, one of the 
drawbacks of this scheme is increased signaling traffic 
due to different sizes of the cells. Scourias and Kunz 
[Scourias and Kunz, 1999] use the mobile host’s mobility 
patterns to reduce this signaling traffic. They develop a 
model that stores information about the mobile hosts’ 
daily movement patterns to minimize the traffic costs.   
 
In a distance-based threshold solution, the mobile host is 
required to track the Euclidean distance from the location 
of the previous update and initiates a new update if the 
distance exceeds a specified threshold D. The distance 
could be specified in terms of the distance units used or 
the number of cells between the two positions. Madhow et 
al [Madhow et al, 1995] discuss finding the optimal value 
of D by using the expectation functions of the sum of 
update costs until the next update. They compare an 
iterative algorithm and a difference equation to find the 
optimal D and show that the proposed iterative algorithm 
works better.   
 
5.2 Non-Threshold-based Schemes 
In a non-threshold-based technique, no pre-specified 
value is used to trigger events of interest or to reduce the 
costs. Instead, these approaches use grouping methods, 
caching methods and so on. A well-known method under 
this category is location area partitioning. In this method, 
the service area under the static network is partitioned 
into location areas (LA) formed out of neighboring cells. 
The LAs could be overlapping. A mobile host must 
update whenever it crosses an LA boundary. Its location 
uncertainty is reduced by expanding the search space to 
the set of cells under the current LA rather than having 
per cell searches. All cells under an LA are paged 
simultaneously upon a call arrival, resulting in an assured 
success within a single step (i.e., an MH in that LA will 
connect). The MBSs must broadcast the LA-id (along 
with the cell-id) to help the MHs perform the update.  
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Weng and Huang [Weng and Huang, 2000] introduce a 
modified grouping method to achieve maximum cost 
savings in the network. They consider location areas with 
different sizes and calculate costs associated with each. 
The claim is that this method could yield a significant 
improvement over the conventional cell structure. 
However, there is a drawback: if a system has LAs of 
larger size, the technique increases the routing costs.  
 
Bharghavan [Bharghavan,1997] discusses a data caching 
method. This method reduces access time but causes 
higher wireless traffic by reducing cache size. It also 
introduces a related problem: data consistency, since 
multiple copies of shared data are maintained. Thus, most 
approaches to caching ‘hoard’ data aggressively, and 
allow the mobile user to manipulate the cached copy at 
the portable when disconnected. The modified data is 
reintegrated with the server copy upon reconnection and 
update conflicts are typically reconciled by human 
intervention in the worst case.   
 
5.3 The Taxonomy 
Figure 4 shows the new classification of location 
management techniques. We can organize the known 
techniques of location management into this 144-cell 
taxonomy. For instances, the A algorithm represents a 
dynamic update technique under hierarchical model that 
deals with voice transmission application, using distance 
based threshold approach. Likewise, the B algorithm 
indicates a static lookup technique with non hierarchical 
partitioning model and voice transmission application, 
with non threshold approach. Hence, using this taxonomy, 
we can easily identify any LM problem at a glance.   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
 
 
 
 

Figure 4 The New Classification of Location 
Management Techniques 

6. CONCLUSIONS AND FUTURE WORK 
In the past few years, location management issues and 
solutions have received a good deal of attention, both in 
literature and industry. Efficient location management 
techniques are an important aspect to consider in the 
design of future mobile and wireless environments, 
especially since the number of mobile hosts is poised to 
increase at a high rate. In this study, we defined the 
location management problem and its terminology, 
reviewed some of the main accomplishments achieved by 
researchers in the field, and established the fundamental 
issues that impact this problem. We also attempted to 
compare the solutions qualitatively according to their 
effectiveness for different types of updating techniques. 
That analysis led us to propose a new taxonomy for 
location management techniques in mobile and wireless 
environments based on several important factors.  For 
future work, we plan to extend our analysis to other 
possible solutions of the location management problem 
and help devise more efficient and robust ones.  
 
In closing, it is worth speculating on the long-term impact 
of location management issues on mobile and wireless 
environments and their design. The future for wireless 
and mobile computing is promising indeed, especially 
since technological advances continue to support more 
sophisticated applications for these environments.  
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Abstract. This paper discusses how real time systems for urban modelling are becoming a realistic possibility. 
Portable computers bring increased flexibility for the urban modeller but at the same time challenges for the 
system designer. Portable computing also allows for real time on-site measurement and modelling. The work on 
real time modelling at the Forschungszentrum Karlsruhe is introduced and a flexible method for describing the 
geometry of roofs from angles and offsets is proposed. Furthermore, an overview of a prototype system 
developed is given. 
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1. INTRODUCTION 
 
The surveying of urban areas to create 2D maps for 
a variety of uses is now an established practice. 
However, using this survey data to create realistic 
3D models is a technology that is still developing. 
This process is generally described as “urban 
modelling” and covers a variety of methods that 
produce models ranging from single buildings to 
fully modelled cities. The range of uses varies 
greatly; models may be required for statistical 
analysis, as production prototypes for models, to 
aid in planning decisions or for visual simulations 
such as virtual tourism.   
 
Despite the large amount of current research in the 
area of urban modelling, the general opinion of the 
commercial value of urban modelling varies 
greatly. The current main attraction of the 
technology seems to be the visual effect, rather than 
as a way as presenting data for analysis and 
decision-making [1].  
 
Despite this lack of a clear role for urban modelling 
the champions of the technology have identified 
many potential application areas. A selection of the 
most common is below:- 
• Geometrical models for pollution mapping, 

wave propagation modelling. 
• Urban planning models 
• Base models for wooden or plastic 

architectural models by CNC machines. 
• Modelling of cultural heritage monuments. 
• Virtual models for tourism. 
 
 
One of the problems with successfully developing 
urban models is that the diversity of the above areas 

creates a wide range of requirements in accuracy, 
data, speed, and model realism [2]. This results in 
the dilemma for designers of creating expensive 
specific systems tailored to individual tasks or 
using the best compromise of current techniques.  
The result of this is that few automated or semi-
automated techniques exist. Automated and semi-
automated techniques improve the speed of data 
capture, thus making the process cost effective. If 
cost effectiveness is achieved then the range of 
application areas is potentially huge. The large 
number of academic and research institutions that 
have projects in urban modelling reflects this 
potential. 
 
2. PORTABLE SYSTEMS 
 
Portable computers offer urban modellers the 
tantalising possibility of both measuring and 
modelling on site. Work done in this area suffers 
however from the comparatively decreased power 
of notebook and handheld computers over desktop 
machines. With the gain in increased portability 
come various interface problems for software 
designers. Generally portable computers differ from 
desktop machines in the following:- 
• Portable computers have physically smaller 

displays that currently have a lower resolution 
than desktop displays. 

• Due to size and power consumption the 
processing power, memory as well as graphics 
speed and storage lags behind desktop 
computer capabilities let alone those of a 
workstation. 

• Input devices differ greatly from touch pads to 
touch sensitive screens.  



• Connectivity with current trends, such as a wi-
fi or bluetooth connections are as likely if not 
more so than a traditional RS232 port. 
 

The most significant from the above differences for 
the user interface designer are the screen limitations 
and reduced graphics power. 3D modelling 
packages normally adopt a tri-view approach to 
modelling. The user interface has four 3D viewers 
showing an overhead view, two differing side views 
and a perspective view. For desktop machine with a 
21-inch monitor capable of a native resolution of 
1600 x 1200 or more, this presents no problem. 
However for a small device with a screen maybe a 
quarter the size and resolution this is impractical. 
Not only because of the lack of clarity created but 
also because when working in field conditions the 
views are too small to be manipulated accurately. A 
solution to this is to use a single 3D viewer that can 
switch between the four different viewpoints 
required. As well as being clearer this also requires 
less graphics power to run.  
 
The small display also creates two further 
problems. Displaying the hierarchy and attributes of 
the project being worked on and giving the user 
access to the functions that are required to work on 
the project. The normal 3D CAD system solution is 
to divide the objects into layers to separate large 3D 
data sets into manageable chunks and then use 
toolbars and floating tool palettes to give users 
access to the functions of the program. The problem 
with this system is that urban models are large 
typically extending over kilometres and as such 
consist of a large number of objects that must be 
subdivided [1]. Using layers this creates either a 
very large list of layers that is difficult to navigate 
or a few layers with lots of objects that are hard to 
find and edit. Furthermore, one problem with 
toolbars and floating tool palettes is that whilst they 
are a good way of showing often used functions 
they also take up valuable screen space, which is 
important on a portable device. 
 
Geometrically the relationship between differing 
sub-divisions in a city/urban area follows a tree 
shape. This is because they are artificial constructs 
designed and planned artificially [3]. They can be 
therefore subdivided into objects such as suburbs, 
streets, industrial areas, and buildings that can 
wholly contain other objects. Because of this 
relationship the whole project can be represented 
using tree lists. The advantages over layers 
include:- 
• The user can decide which data to show by 

expanding and collapsing different branches of 
the tree.  

• Single objects can be selectable and also part 
of higher-level groups. 

• By engineering a basic tree object type that 
other objects are derived from, any object 
could be part of any branch, with the rules 
governed by the designer not the system. 

 
Having decided on showing tree lists for the project 
structure the problem of cluttering the screen with 
toolbars and palettes is even more pressing. Putting 
all the functionality of the program in the main 
menu system presents the user with a bewildering 
array of options seemingly unconnected to the 
object or task selected. Another approach is 
therefore required.  
 
Popup menus can be dependant upon cursor 
position and selection. This provides the possibility 
of having the selected object or task dictating which 
options are available. This can, not only save space 
but also help lead the user through the program. 
Using these popup menus to launch dialog boxes 
for user input and control removes the need for 
large floating tool palettes similar to those used in 
image processing packages 

 
3. REAL-TIME SYSTEMS 
 
Traditionally measurement and modelling were 
separate functions that were conducted by separate 
programs. The data was measured by the 
instrument, loaded onto the computer by an 
interface program and then loaded into a separate 
modelling package. This method created the 
limitation that it was not possible to have a real 
time system. However with the increased take up of 
portable computers for urban modelling real time 
systems are becoming a realistic possibility. 
 
A real time system offers several possible 
advantages over the traditional method: - 
• The model can be viewed and created on site 

and on the journey to and from the site 
increasing productivity and making recognition 
of errors easier. Once recognised, errors can be 
corrected on site. This reduces travel time to 
make corrections. 

• Information can be entered directly onto the 
finished model during measurement making 
the need to sketch the survey with pen and 
paper redundant. (This electronic sketchbook 
method is introduced in the next section.) 

• Traverse calculations, area calculations, and 
free stations can be included in the software 
providing quicker traversal, increased 
flexibility and if correctly implemented 
reduced complexity for the user. 

• Coupling of measurement techniques to 
modelling allows semi automatic creation of 
models, including draft creation (sketching) 
and then measurement of all points within 



objects or the use of attributes (angles distances 
etc) to define objects 

 
Reflectorless and servo motorised total stations are 
commonly in use today. However the ability to 
control these instruments by computer is not 
commonly used. Computer control of these total 
stations can remove the need for post survey 
traversal calculations, improve the accuracy of 
measurement, and speed up the survey process. 
Because of this, total stations are normally the 
central instruments in any combined system. 
 
4. OBJECT-ORIENTED MODELLING 
 
As stated previously one of the primary aims of 
implementing the system in real time is to provide a 
method of reducing both errors on site and the 
amount of hand written data created.  
 
To facilitate this a system of object orientated 
sketching is proposed. The objects that form the 
building (doors, roofs, ground plans, etc.) are 
sketched in the 3D viewer by the user before 
measurement. Rather than calculating the geometry 
seperately after all sketching has taken place, the 
sketching, measurement systems and graphics 
architecture are integrated together to provide real 
time sketching, measurement and display.  
 
This should be made possible by removing complex 
surface calculations required and by recalculating 
only entities affected by each measurement. 
 
The objects to be sketched are implemented as  
objects within the system. This allows intelligent 
measuring and definition strategies to be used 
saving time and simplyfying the measurement 
process.  
 
5. MODELLING ROOFS 
 
The most documented roof creation algorithm is the 
straight skeleton algorithm [4]. However this does 
not allow the creation of standard roof types from 
measurement offsets or angles. 
Despite a lot of research no single algorithm can 
create all roof types. One of the problems is that 
roofs are simply so diverse that from one ground 
plan multiple roof shapes are possible. This 
diversity increases with the complexity of the 
underlying ground plan.  
 
Due to this diversity any system wishing to 
comprehensively model roofs must provide several 
creation systems. The system should then suggest to 
the user the correct creation method depending on 
the type of roof to be modelled and the input 
parameters available. After creation or update using 
one of the algorithms the roof geometry can then be 

passed to the standard roof object and additional 
attributes set and added as necessary. 
 
6 TRESTLE DEFINITION METHOD 
 
The system for roof modelling developed at the 
Forschungzentrum Karlsruhe is based on the 
premise that modelling a roof using its trestles, 
which define the roofline geometry, is a sensible 
abstraction since the structure of the roof can be 
defined by its trestles alone. 
 
Figure 1 shows in blue the trestles that the system 
would use to define the roofline points of the 
example roof.  
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1 Trestles within a roof structure 

 
6.1 Sketching 
 
Before measurement or definition of the roof the 
user first sketches the roof object. To sketch a roof 
the user is required to select the points that form the 
roof base. The system presents the user with a list 
of possible roof types based on the number of 
points selected. This assists the user and ensures the 
system defines a correct roof type.  This is shown in 
figure 2. 
A roof generator object is created that encapsulates 
the required number of trestle objects to define the 
roof shape. 
Roof types can be dynamically defined at runtime 
from data files. The definition of the roof types also 
includes default angles between the trestles and the 
base of the roof. 
This enables the system to render the roof in 3D 
before a single measurement has been taken or 
parameter defined. Having sketched a roof it can 
then be precisely defined by measurement or 
definition from given parameters whenever this is 
required. 
 



 
Figure 2 Roof sketching based on selection of roof 
base line points. 

 
The following vernacular roof types are currently 
supported:- 

• Gable 
• Saltbox 
• Hipped 
• Pyramid 
• Shed 
• Cross-hipped 
• Cross gable 
• M-shaped 

 
6.2 Measurement 
 
The sketched roof can be defined by measuring the 
roofline points using the reflectorless mode on the 
total station. This requires the existence of a line of 
sight between the instrument and the points to be 
measured. 
The quickest method is to measure a single point as 
the roofline point. This however is likely to be only 
accurate to within a few centimetres as the laser 
targeting spot diverges over distance. Work has 
been done on using several measurements to get a 
more exact definition of a target point [5]. 
However, this sacrifices speed for enhanced 
accuracy. The user should therefore pick the 
measurement type most appropriate to the 
application area of the urban model being 
generated. 
 
6.3 Parametric Definition 
 
There are several cases when taking a measurement 
of the roofline points is not desirable or possible. 
For example, it may not be possible to establish a 
direct line of sight between the instrument and the 
roofline points. The user may also be in possession 
of architectural plans detailing dimensions and/or 
angles of the structure. Using these to define the 
roof geometry may the clearly be preferred. 
Another possibility would be that the user is 
defining a large urban area possibly from pre-
measured ground plans mainly for visual purposes 

and therefore millimetre accuracy would not be 
required. 
 
To cope with these situations the system gives the 
user the option of defining each of the roofline 
points based on offset distances from the walls or 
using the angles made between the trestle and the 
roof base. Due to the simplicity of the calculations 
once a parameter is redefined the roof geometry can 
be updated in real time. Details on roof geometry 
algorithms and calculations are given in the 
Appendix. 
 
The system resists using constraints based on the 
geometry of the roof type to reduce the number of 
measurements as this would also reduce the 
flexibility of the system and hence lead to undesired 
results for irregularly shaped ground plans. 
Flexibility is retained within the system by allowing 
the user to define each roofline point from 
measurement, angles or offsets. Having defined a 
point using one method it can then be redefined 
using another. This allows the methods to be mixed 
within a single roof construct. 
 
 
7. REAL TIME SKETCHING SYSTEM 
 
This section gives an overview of a prototype 
system that was implemented in (Visual) C++ using 
the Fox Toolkit and OpenGL to provide a GUI 
interface suitable for mobile computers. Its main 
aim is to prove some of the concepts outlined in this 
paper. In its current version it has the following 
capabilities: - 
• Implementation of a real time sketching system 

allowing the user to sketch building floor 
plans, extrude the floor plan and then sketch a 
roof before measurement. Giving full 3D 
visualisation of the scene. 

• Provision of a custom TCR Interface API to 
allow real-time measurement from a TCR30X 
series Leica total station.  

• GUI allows visualisation of project hierarchy 
on a small (800 x 600) notebook screen 
without sacrificing the ability to view the scene 
as adjustments to the project are made.  

• A roof generator allows creation of roofs as 
discussed in Section 5. These can then be 
adjusted by angles or by measuring the roofline 
points using the laser on the TCR.  

• A 3D viewer supports plan, side and projection 
views with zoom in all three and translation in 
the plan and side views. 

 
A screen shot of the prototype platform can be seen 
in Figure 3. 
 



 
Figure 3 Urban modelling prototype system. 

 
 
8. CONCLUSIONS 
 
The development of real time portable urban 
modelling systems is now technically possible. 
However despite great potential, computer based 
urban modelling systems are still too much in 
theory and discussion and as such of no real interest 
to the software developers [1]. Standardisation and 
a target market must first be established before the 
concept meets its potential. 
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APPENDIX 
 
Basic trestle algorithm 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 4 Roof with roofline point over G0G1 
 
Figure 4 shows a roofline point R that lies directly 
above G0G1. The point can be defined from the 
angles θ1 and θ2.  
 
First the distance G0G1 is calculated by 
Pythagoras’s theorem. 
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Next we build two equations to describe the lines 
G0R and G1R. These are straight lines and therefore 
in the format y=mx+c. Firstly the values of m are 
calculated as 
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The intercept values of these simultaneous 
equations are C1 and C2.  C1 is then equal to 0 and 
C2 equal to w. The two equations are solved 
simultaneously to find the height h of the 
intersection and the distance along the line G0G1 is 
the solved value of c. 
 
From this the x, y, and z coordinates of the roofline 
point can be calculated relative to G0. 
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Offset trestle algorithm 
 
 

Figure 5 Roof with roofline point translated along 
(G1G2 + G0G3) 
 
The previous solution is not going to be applicable 
to many roofline points. This is because the slope of 
many roofs is along the roofline as well as across it 
(shown as θ3 in Figure 5). This occurs mostly at 
sections where the roof ends. Therefore it is 
necessary for the definition of this slope within our 
algorithm.  
 
Steps 1 and 2 from the previous example are 
utilised and then an additional value l is calculated. 
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This is the length of the vectors G1G2 and G0G3 
summed. This is because the roofline is defined as 
G1G2 + G0G3. Defining the roofline from the sum of 
two vectors takes into account the shape of the roof. 
 
Then, the roofline point is calculates as  
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Definition from Offsets 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 6 Roof with roofline point determined by 
offsets 
 
Below is the definition of the roofline point R 
calculated from the 3 required offsets (see Figure 
6). Again as with the offset trestle definition the 
roofline point is translated along (G1G2 + G0G3). 
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where oh, oT, and oR are the height, trestle and roof 
point offsets respectively. 
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Abstract: JavaScript is an interpreted language where the important techniques of Object Oriented Programming 
can be utilized. Some of them are not included directly, so they need additional support. For example inheritance 
has to be programmed explicitly. A JavaScript programmer is thus making use of a modern language that, 
together with HTML, supports creation of documents that can contain user-friendly input of validated data, any 
kind of data processing, and lucid presentation of results. Solutions based on JavaScript and HTML are typically 
placed on the web and made thus available literally to everybody who has a browser supporting particular 
versions of these two languages. These capabilities have been applied to create various web-hosted problem-
solving tools. Such tools can contain simple and medium-scale simulation models. Several simulation models 
have already been implemented and placed on the web with very encouraging response. Routines used to create 
these models, including a simple event-oriented simulation engine together with a collection of classes for 
general use in discrete simulation, have been collected into a tool that we call JSSim. The paper describes the 
capabilities of this tool by using examples oriented to simulation of queueing systems. The tool also supports 
direct links between JavaScript objects and parts of the corresponding HTML documents in order to simplify 
programming as much as possible. A queueing network has been simulated to compare JSSim with ExtendTM 
and ArenaTM from several points of view. 
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1 INTRODUCTION 
 
The book [Flanagan, 1998] describes the JavaScript 
prototype oriented paradigm. The papers [Sklenar, 
2001, 2002] explain how to use this paradigm in 
order to be able to utilize all important techniques of 
Object Oriented Programming (OOP) in JavaScript. 
Some new techniques not available in strongly typed 
compiled Object Oriented Languages (OOL) are 
also introduced. In particular the programmed 
inheritance described in the paper [Sklenar, 2001a] 
enables creation of “subclasses” that inherit only 
selected methods of the superclass. Thus we can 
create simplified versions of general superclasses. 
All these techniques can be used to create a reusable 
code open to future expansion and modification. In 
other words in an interpreted JavaScript 
environment we can use the techniques typical for 
classical compiled strongly typed OOLs like for 
example Simula or Java together with the flexibility 
and simplicity typical for interpreted languages with 
loose typing. All this of course can be done at the 
expense of security, but as JavaScript is not intended 
as a language for large software projects, it is not 
considered as a big problem. The paper [Sklenar, 
2001b] deals with the implementation of a 
simulation engine that was written entirely in 
JavaScript and that together with appropriate HTML 
documents supports user-friendly development of 
web hosted tools that contain simple and medium 

scale simulation models. The engine is based on the 
classical event-oriented approach with two 
primitives: schedule an event at a certain time and 
cancel a scheduled event. These primitives are 
implemented as calls to routines with appropriate 
parameters. Other simulation supporting facilities 
are also available, for example generation of random 
numbers, working with queues, and transparent 
collection and computation of statistics. All these 
facilities have now been collected into a tool called 
JSSim (JavaScript Simulation). The purpose of this 
paper is to describe the capabilities of this tool. 
Though JSSim is a general tool for event-oriented 
discrete simulation, examples oriented to simulation 
of queueing systems will be used. 
 
2 SIMULATION FACILITIES OF JSSim 
 
Facilities found in languages and tools for 
programming discrete simulation models can be 
classified into the following main groups: 
 
− Time control, synchronization and 

communication of processes 
− Generation of random numbers 
− Transparent collection of statistical data 
− Statistical analysis 
− Advanced data structures 
− User-friendly Input and Output 



Next chapters will summarize the implementation of 
these facilities in JSSim. 
 
2.1 Time Control 
 
For time control we consider only the two 
commonly used approaches. While the process-
oriented discrete simulation represents the most 
advanced way of modeling the dynamics of complex 
systems, the classical event-oriented approach is 
simpler and easier to learn and to implement. That’s 
why it has been chosen for a JavaScript based tool 
that is not intended for large simulation studies. 
Assuming that the reader is familiar with the event-
oriented principle, these are the basic facts: During 
(re)loading of the document the engine creates two 
global variables: the time and the empty sequencing 
set (SQS). Events are represented by event notices 
created by the user and stored in the SQS. Each 
event notice has the occurence time of the event and 
any other user-defined data. The engine assigns the 
time when the event is scheduled. From the user’s 
point of view, the SQS is a list of event notices 
ordered by the time of occurence in increasing way. 
After activation, the engine repeatedly removes the 
first event notice from SQS, updates the model time, 
and activates a user routine that is given the 
reference to the event notice. Simulation ends by the 
empty SQS or by any user supplied condition. These 
are the engine routines that are called from the user’s 
part of the simulation model: 
 
initialize_run() is a routine that clears the 

SQS (the previous experiment may have finished 
with nonempty SQS) and sets the model time to 
zero. It should be called at the beginning of the 
model initialization. 

 
evnotice() is the event notice constructor. It 

returns an object with the time property, that is 
used later by the engine and should not be 
accessed by the user. The user can add any other 
properties to distinguish between types of events 
and to store other model dependent data. 

 
schedule(event,t) schedules the event whose 

notice is the first parameter at the time given by 
the second parameter. 

 
modeltime() is the current time of the model. So 

scheduling an event e after a delay d is 
performed as follows: 
  schedule(e,modeltime()+d). 

 
cancel(event) cancels a scheduled event. The 

function returns a boolean value that reports 
whether canceling was successful. 

 
simulation_run(stats,length) starts the 

simulation experiment. This routine should be 

called after the model initialization that has to 
schedule at least the first event. The two 
parameters just affect the progress reporting in 
the status bar. The routine ends by reaching the 
empty SQS or by the user supplied terminating 
condition - the user’s routine finish_run(). 

 
The above routines are common to all simulation 
models. Model specific behavior is implemented by 
two routines that have to be supplied together with 
the code (preferably also a routine) that starts the 
simulation. These are the routines (together with 
examples) that represent the user’s part of the 
simulation control: 
 
finish_run() tests whether simulation should 

be terminated. It is called by the engine after 
updating the model time just before activating 
the next user event. It can just test the time 
against the experiment duration or it can 
implement a more complicated terminating 
condition, like for example serving a given 
number of customers. The following is the 
function of a model where the experiment is 
finished by reaching its duration runlength: 

 
function finish_run() { 
  return (modeltime()>runlength) 
}; 

 
eventroutine(event) is activated by the 

engine. The routine is given the reference to the 
event notice that has been removed from the 
SQS. The rest is the user's responsibility. 
Typically there will be some properties created 
by the user used to switch between various types 
of events. It might be a good idea to keep this 
routine short and simple and to write routines for 
various types of events similarly as they are 
written in event oriented simulation languages. 
The following is the function of a model with 
two types of events: 

 
function eventroutine(event) {  
 // The event routine switches 
 // between types of events 
  switch (event.eventtype) {  
  case 1: next_arrival(); break; 
  case 2: 
   end_of_service(event.servnum); 
   break; 
  default:alert( 
      "Wrong eventtype: " 
      + event.eventtype);}; 
}; 

 
The start of simulation has also to be programmed. 
For example it can be a function activated by 
pressing a button “Run”. This function is supposed 
to perform the following activities in this order: 



− Initialization of the engine by 
initialize_run() 

− Model specific initialization 
− Starting simulation by simulation_run() 
− Model specific experiment evaluation. 

 
The following is an example of a function activated 
by pressing the button “Run” and its link to HTML. 
Some model specific tests have been removed. 

 
<INPUT TYPE="button" VALUE="Run" 
 onClick="simulation()"> 
 
function simulation() { 
   // Tests whether simulation can 
   // start (not shown here) 
 initialize_run(); 
   // This prepares the engine 
 initialization(); 
   // Initiates model & statistics 
 var ev = new evnotice(); 
   // Scheduling the first arrival 
 ev.eventtype = 1; 
   // User defined property 
 var x = arrival.generate(); 
   // Generation of first interval 
 intstat.update(x); 
   // Interval statistics update 
 schedule(ev,modeltime() + x); 
   // Scheduling the first event 
 simulation_run(showstatus, 
                runlength); 
   // This starts the experiment 
 evaluation(); 
   // Experiment evaluation }; 

 
2.2 Generation of random numbers 
 
JSSim contains a rather complex class used to 
generate instances (objects) that represent random 
numbers. These can have either a theoretical 
distribution (so far only few are available), but 
primarily they are supposed to contain tables used to 
generate values with a general (for example 
experimentally obtained) distribution. Methods are 
available for entering and editing such tables. 
Working with empirical tables is user-friendly; table 
entries can be modified, inserted and deleted. Large 
tables can be saved and loaded (provided cookies are 
enabled in the browser). Figure 1 shows a table 
created by HTML used to enter parameters of a 
random variable. The controls are self-explaining. 
Figure 1 shows the situation just before confirmation 
of an empirical CDF table by pressing the button 
“Check & Confirm”. Inversion is used for 
generation that can be either discrete or interpolated. 
The technique of restricted inheritance 
(simplification) mentioned earlier was used do 
declare a simplified version of this class for 
generation of discrete random numbers with 

empirical distribution only. Its instances have been 
used for example to represent random movements of 
customers in queueing networks. Work with random 
numbers is very simple. Instances are first created by 
statements similar to the following one located 
typically in the so-called head code that is 
interpreted during loading of the document: 
 
var arrival=new Distribution("a1"); 
 
The method generate() returns the random 
values, so during simulation statements similar to 
the next one are used: 
 

var x = arrival.generate(); 
 
So far the standard JavaScript random generator 
Math.random() is used. 
 

 
Figure 1: Entering parameters of a random variable 

 
2.3 Transparent statistics 
 
Transparent collection of statistical data and simple 
statistical analysis are implemented by the classes 
Accumulator and Tally (Simscript IITM terminology 
is used). They differ in time treatment. Tally ignores 
the time; the statistics is based on the collection of 
the assigned values only. Accumulator statistics is 
based on time integrals. Basically they are both real 
variables with transparent collection of statistics. 
The consequence for the user is the difference in the 
form of the assignment statement. The usual a = x 
has to be replaced by a method call 
a.updateto(x). Simscript IITM calls this 
mechanism left monitoring. It is based on the idea 
suggested by [McNeley, 1968] who used the name 
Store Association. Both Tally and Accumulator 
objects have methods that return standard statistical 
figures like a.average() that are used during 
experiment evaluation without any further 
programming. 
 
2.4 Advanced data structures 
 
To implement the sequencing set that is conceptually 
an ordered list of event notices the heap class has 



been implemented. Heap (not to be mixed with the 
dynamically allocated memory of some languages) 
is a perfectly balanced binary tree stored in an array 
with the following properties assuming ascending 
ordering of items by a certain key: 
 

- The root with minimum key is at the position 1 
- The two children (if any) of a node at the 

position i are at the positions 2i and 2i+1 
- Both children have bigger (or equal) key than 

the parent. 
 

Heap supports two basic operations adding an item 
and removing the first item. These operations have 
the performance of O(log2n) where n is the number 
of items in the heap. Heap is also intended to be 
used as a priority queue. For more details see 
[Sklenar, 2001b]. 
JSSim also contains classes that implement a linked 
list and a generic statistically monitored queue 
without any specific ordering. Using these two 
classes as superclasses, programmed multiple 
inheritance was used to define classes for FIFO and 
LIFO queues. Due to the superclasses used in 
multiple inheritance, the queues can have practically 
unlimited length and methods are available that 
return typical statistical results like average, standard 
deviation, and maximum of the queue length. 
Methods that perform the basic operations have the 
same name. Loosly typed JavaScript is polymorphic, 
so the same code is used to work with various types 
of queues. 
 
2.5 User-friendly Input and Output 
 
Validated input is easily implemented by JavaScript 
code associated with text areas in the HTML 
document. JSSim contains various validation 
routines to check for example that the user has 
entered a syntactically correct non-negative number. 
The technique is known to everyone who has filled 
in any on-line form. In addition to validation it is 
also possible to update model parameters 
accordingly. This can simplify model initialization 
when simulation is started. The following HTML 
fragment together with the associated page contents 
represents a validated input of a probability value. 
The routine checks non-negativity and whether the 
value is not bigger than 1. Note that 0 is restored in 
case of wrong input. 
 
Enter probability [p or F]: 
<INPUT TYPE="text"  NAME="GIpx" 
SIZE=15  VALUE="0.0" ONCHANGE="if 
   (!testNonnegLE1Value(GIpx.value)) 
   {GIpx.value = 0}"> 
 

 

Model parameters can be updated directly when the 
user enters the values or alternatively it is possible to 
link objects to HTML text fields and to write 
methods that read the validated data before 
simulation starts. This direct link has so far been 
utilized for outputs. The idea is as follows. The link 
is done by common names. So assume that a queue 
instance has been created by calling its constructor: 
 

queue = new FifoQueue("Q1"); 
 
The constructor creates and initializes the queue, the 
name is stored to the property qname. The instance 
has two output methods inherited from statistically 
monitored queue. The first method is used to update 
the contents of the host HTML document: 
 

StatQueue.prototype.scrupdate = 
function(dname) { with (this) { 
  eval(dname + qname + 
       "av.value = average()"); 
  eval(dname + qname + 
       "ma.value = maxqlength"); 
  eval(dname + qname + 
       "sd.value = stdDev()"); 
}}; 

 
Note that the method scrupdate() updates three 
text fields (typically in a table with results) that 
would contain the average length, the maximum 
length, and the standard deviation of the length of 
the queue. Assume that the method is called as 
follows: 
 
queue.scrupdate("document.form1."); 
 
So for the average and with respect to the above 
example the procedure eval is given and evaluates 
the parameter: 
 
document.form1.Q1av.value=average() 
 
This updates the text field called Q1av on the 
screen. The following is the HTML fragment 
together with the associated page contents: 
 
<TH> Average </TH> 
<TD><INPUT TYPE="text" NAME="Q1av" 
     SIZE=25></TD> 
 

 
So far it is the user’s responsibility to keep the 
compatibility of names. Here it is the name of the 
JavaScript object Q1 that is linked to the HTML text 
field called Q1av. This can be achieved by using 
standard HTML templates processed by the 
“Replace All” operation available in practically all 



text editors. In this case a template displaying typical 
queue statistics would be used. Another method 
winupdate() generates an HTML fragment that 
displays four lines with results: 
 
StatQueue.prototype.winupdate = 
function(stitle,w) { with (this) { 
 w.writeln(stitle + 
    " length statistics:" +  
    "<BR><UL>"); 
 w.writeln("<LI> Average: " + 
   average()); 
 w.writeln("<LI> Maximum: " + 
   maxqlength); 
 w.writeln("<LI> Std Dev: " + 
   stdDev() + "</UL>"); 
}}; 
 

The method winupdate() is used for generation 
of results in textual format in a separate window. 
Assuming that there is an open window resw the 
method is activated as follows: 
 

var d = resw.document; ... 
queue.winupdate("Queue",d); 

 
The generated output can then be copied and pasted 
into other documents as it has been done here: 
 
Queue length statistics: 

• Average: 0.6672205803062008  
• Maximum: 10  
• Std Dev: 1.4089986068350546 
 

3 EXAMPLE SIMULATION 
 
There are several simulation models created by 
using JSSim that are available on the web.  One of 
them is a general simulator of queuing networks 
whose last version is available at: http://staff.um.edu. 
mt/jskl1/simweb/net2/netmain.html. This model has 
been used to compare capabilities of JSSim with two 
professional simulators that both can be 
characterized as Visual Interactive Modelling 
Systems (VIMS) [Pidd, 1998]. Academic version of 
ArenaTM (Rockwell Software Inc.) is distributed with 
the book [Kelton et al., 2002]. It is a general discrete 
simulation tool oriented to simulation of queueing 
systems. ExtendTM (Imagine That Inc.) is a general 
tool for both continuous and discrete simulation. Its 
demo version can be downloaded from 
http://www.imaginethatinc.com/.  
The simulated system is a network made of two 
generators of customers and four network stations. 
Figure 2 made of self-explaining blocks is a network 
created by Extend, Arena chart is similar. The 
network works as follows: after generation the 
customers enter randomly any of the four service 
stations, all with the same probability. After being 
served the customers either leave the network or 

move to any of the four stations, all five options 
have the same probability. 
 

 
Figure 2: Example queueing network in ExtendTM 

 
The two generators are for simplicity equal with 
exponential distribution of intervals with the mean 
value 10 time units (let’s assume minutes). The 
service stations are also equal, all made of one FIFO 
queue of unlimited capacity and one server with 
exponential distribution with the mean value 2 
minutes. All these assumptions can be easily 
modified. Having these input data, the first task was 
to create the models. In Arena and Extend it means 
drawing the networks and entering parameters of 
blocks. Describing all details is out of the scope of 
this paper, but the work is easy and can be done with 
just the basic training. In JSSim simulator there is no 
drawing. The distributions are entered in tables like 
the one in Figure 1. Server parameters are also 
entered in tables, this model uses defaults, so 
actually nothing is entered. The first criterion is the 
ease of creating the model. While drawing a network 
is certainly a good way for beginners and for 
education, it is a real nuisance in case of routine 
work with non-trivial models. Creating the model in 
JSSim simulator by entering data into tables was 
much faster than drawing a network like the one in 
Figure 2. Moreover equal distributions are entered 
only once, then saved to cookies, and loaded for 
other blocks – see the “Save” and “Load” buttons in 
Figure 1. JSSim simulator and Arena provide all 
typical results for the generators, the queues, the 
servers and the whole network as such, in particular 
the average time spent by a custonmer in the 
network. In Extend measuring this time has to be 
incorporated in the model, that is not included in 
Figure 2. The following text has been copied from a 



report generated by the JSSim simulator in a 
separate window. These are system results for one 
particular 60000 minutes long experiment rounded 
to 3 decimal places. 
 
Number of arrivals : 11787 
Number of lost customers : 0 (0%) 
Number of departures : 11778 
Average time in network : 19.855 
Network time standard deviation : 21.367 
Minimum time in network : 0.001 
Maximum time in network : 234.360 
 
The following are the results for the first service 
station with the CDF table removed: 

Server # 1  
Exponential service duration, Mean=2 
Routing of departures:  (removed) 
Number of channels : 1 
Unlimited queue, FIFO organization 
Number of arrivals : 14809 
Number of not waiting arrivals : 5948 (40.16%) 
Number of lost customers : 0 (0%) 
Number of services : 14808 
Average service duration : 1.997 
Minimum service duration : 0.00007 
Maximum service duration : 19.646 
Average waiting time : 1.902 
Waiting time standard deviation : 3.352 
Average non zero waiting time : 3.178 
Maximum waiting time : 35.340 
Average time in server : 3.899 
Time in server standard deviation : 3.890 
Minimum time in server : 0.00007 
Maximum time in server : 38.558 
Average queue length : 0.469 
Queue length standard deviation : 1.065 
Maximum queue length : 13 
Utilization of server(s) : 0.493 
 
Results from Extend and Arena models are very 
similar with variations given by different sequences 
of random numbers. The second and the most 
important criterion is the speed. Table 1 shows the 
typical duration of an experiment of the length 
60000 minutes for various simulators on the same 
computer (PII, 350MHz, 128MB, Windows/Me) in 
single task mode. JSSim engine measures the time 
exactly, duration for the other two was measured by 
stop watches. There is some variation, figures in 
Table 1 are averages taken from several runs. 
Though the precision of the measurements is not 
very high, for the comparison they are sufficient. It 
is no surprise that JSSim’s interpreted code is slower 
than the other two compiled and optimized 
simulators. The speed of the JSSim simulator in 
Internet Explorer 6 is in fact a pleasant surprise. The 
results show clearly that using JSSim it is possible to 

create at least medium size models that run fast 
enough to enable long experiments or repetitions to 
reduce the variance of the results. 
 

Table 1: Speed of queueing networks simulators 
Simulator Duration [s] 
Extend 4.1 32 
Arena 5.0 55 

JSSim (IE 6.0) 78 
JSSim (NC 4.75) 135 
JSSim (NC 7.02) 340 

 
CONCLUSION 
 
JSSim is a result of experimentation with concrete 
models. Its facilities were added gradually according 
to concrete problems that had to be solved. In 
addition to facilities listed so far there are also 
various utilities like displaying a help window, work 
with cookies, etc. Its next development will be 
oriented to enhancement of random numbers and 
especially to the definition of more complex 
standard classes like complete multichannel servers. 
The simulators implemented so far are used mainly 
for education, but they generated also interest from 
professional organizations. Simulators are freely 
available for direct use and for download at 
http://staff.um.edu.mt/jskl1/simweb/. 
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Abstract:  Traffic congestion is becoming a serious environmental threat that must be resolved quickly.  
Traditionally, travel information systems have been specific to a particular mode of transport.  For instance, 
traffic information (road conditions broadcast) has been directed at drivers.  Instead, travel information systems 
are now being developed which incorporate route guidance systems to divert drivers away from the congested 
areas either by change of travel mode or travel route.  The mobile travel information system developed at The 
Nottingham Trent University enables progression from a passive mode of interaction between traffic control 
systems and road-users (one-way flow of information) to an active mode.  The integration of data concerning 
traffic flows and individual journey plans thus makes it possible to perform optimisation of travel.  This paper 
focuses on the issue of provision of real-time information about urban travel and assistance with planning travel.   
Nottingham’s SCOOT (Split Cycle Offset Optimisation Technique) traffic-light control system provides real-
time information about the link travel times within certain areas of the city.  However, rather than using link 
travel times at the time of the request, it is more effective to predict the link travel times for the time of travel 
along the particular links.  The future link travel times depend upon the historical travel time of the link (for the 
specific time step in the day) as well as the current link travel time.  Consequently, the link weights are a 
combination of real-time data, historical data and static data.  The prediction method will be validated in the 
context of Nottingham’s urban road network.  The results will be presented at the conference. 
 
Keywords:  Transportation, Optimisation, Efficiency, Prediction methods 
 
 
1. BACKGROUND 

 
Traffic congestion is becoming a serious 
environmental threat that must be resolved quickly.  
Great Britain has become a role model in the battle 
against global pollution.  The Prime Minister, Tony 
Blair, has acknowledged that a 20% reduction in 
carbon dioxide emissions in Great Britain is a 
credible target for the year 2010 [Brown, 1997].  
However, significant measures are necessary to 
attain this target.  Road vehicles and industry are 
the main sources of pollutant emissions.  In the 
United Kingdom, road vehicles are responsible for 
over 50% of the emissions of nitrogen oxides and 
over 75% of carbon monoxide emissions [DETR, 
1998].  Congestion is already a major problem in 
many areas and traffic volume is set to grow by 
30% in the next 20 years [MacAskill, 1999].   
 
Indeed, in 1996-1998, the average person in Great 
Britain made over 1000 journeys per annum.  This 
is a substantial increase when compared with the 
figure of 742 journeys made per person per annum 
in the period 1992-1994.  Although the average 
citizen is clearly becoming more mobile, the 
distance travelled by an average person in a year 
has not changed significantly.  The greatest average 
distance travelled per person per annum is for the 

purpose of commuting, closely followed by visiting 
friends at home [Keynote, 1999].  The largest 
increases in the number of journeys per person are 
connected with education.  By optimising such 
journeys, the cumulative emission of vehicles will 
be curtailed.  
 
This paper describes the infrastructure that is 
currently being developed at The Nottingham Trent 
University to facilitate multi-modal travel 
throughout the city of Nottingham.  This paper 
focuses on the issue of provision of real-time 
information about urban travel and assistance with 
planning travel.  This includes consideration of 
uncertainty about traffic delays, inconvenience of 
parking and the variability of travel time along 
urban links. 
 
 
2. TRAVEL INFORMATION SYSTEMS 
 
Traffic/travel information is inherently 
heterogeneous and is characterised by varying 
levels of information granularity: from detailed 
lane occupancy data through to video traffic 
surveillance to travel times of specific journeys 
using various modes of transport.  Recent advances 
in computing and communications have made it 



feasible to access all of these important sources of 
information.  However, the integration of this 
information for the purpose of optimising urban 
travel with respect to various environmental, social 
and economical criteria remains an unanswered 
challenge. 
 
There are a number of ways of informing travellers 
about the location of congestion areas – such as, 
radio or television broadcast and variable message 
signs. The growing body of opinion, that the 
traditional forms of supervisory control are both 
too expensive and inaccurate, prompts new 
development.  The traditional forms require full 
involvement of a human operator.   However they 
do not take into account the specific requirements 
of individual journeys.  In particular, because of the 
protection of privacy, the crucial information about 
the intended destinations of individual vehicles is 
not normally available to these controllers and, 
even if it was, it could not be processed efficiently.  
On the other hand, an attempt to delegate the 
responsibility for journey optimisation to road 
users by informing them (through radio broadcasts 
or variable message signs) about the best routes, 
that are relevant to various journeys, is bound to be 
counterproductive because of the resulting 
information overload. 
 
Traditionally, travel information systems have been 
specific to a particular mode of transport.  For 
instance, traffic information (road conditions 
broadcast) has been directed at drivers.  While 
fulfilling its intended objective, such an approach 
to urban travel support does little to encourage 
multi-modal travel in the cities. 
 
To eliminate these constraints, this research project 
takes a fundamentally different approach and rather 
than aiming at maximising the efficiencies of the 
use of individual modes of transport taken in 
isolation, it considers a broader multi-modal travel 
framework.  Travel requirements are defined in 
terms of journeys and the mode of travel is just one 
of the decision variables.  An important feature of 
our approach is that it recognises the individual 
nature of journeys.  The enquirers are able to select 
their journey according to their individual 
preferences, such as the importance of a short 
journey time or the importance of timely arrival at 
the destination.  Although the answers may be 
highly subjective it must be remembered that it is 
precisely these preferences that make people opt 
for one mode of transport or another.  In this sense, 
multi-modal travel optimisation offers good 
mapping onto human decision-making. 
 
 
 
 

2.1 Conventional Systems 
 
Travel information systems are now being developed 
which incorporate route guidance systems to divert 
drivers away from the congested areas either by 
change of travel mode or travel route.  Dynamic 
guidance is of the greatest benefit to travellers, as new 
routes and travel modes can be suggested as 
conditions change [McDonald and Montgomery, 
1996].  The system will aid the road users by 
providing access to information that is not readily 
observable form the current location of the traveller, 
yet is relevant because of the planned journey.  The 
wide use of such a system will reduce the amount of 
congestion within the city, by the choice of departure 
time and shorter routes as suggested by the route 
guidance system.  This will lead to expected 
reductions of pollutant emissions in currently 
congested and critical areas. 
 
The system enables progression from a passive mode 
of interaction between traffic control systems and 
road-users (one-way flow of information) to an active 
mode.  Within the active mode, the road users supply 
the information about their intended destination 
(without disclosing their identity) and, in response, 
receive customised traffic information that optimises 
their journeys.   
 
Traveller information solutions aimed at Internet users 
have been developed.  However the Internet’s 
communication delays cause problems due to the 
dynamic nature of urban traffic and with access 
limited to the home/office or the few available travel 
information terminals, the accuracy and the relevance 
of the advice is limited.  At the other end of the 
spectrum, travel information systems incorporated in 
top-of-the-range cars, offer excellent static travel 
information but are limited regarding the real-time 
traffic and public transport data provision and as such 
do not contribute directly to mode switching decisions 
by drivers [Bargiela et al., 1999].  
 
 
2.2 Real-Time Systems for Mobile Users 
 
The system must be capable of simultaneous data 
acquisition, processing and dissemination of the 
traffic/travel advice in real-time to a full spectrum of 
end users.  Preston et al. [1993] proposed the use of 
in-vehicle telephones to communicate with a remote 
computer.  The increasing use of mobile phones by 
the general public takes their suggestion one step 
further, opening access to the decision support system 
to many more users.  The integration of data 
concerning traffic flows, public transport and 
individual journey plans thus makes it possible to 
perform multi-modal optimisation of travel.   
 



So, there is a need for a hierarchical urban 
sustainability structure that would be specifically 
responsible for providing a global optimisation 
layer while relying on the local optimisations 
affected by the individual organisations responsible 
for urban transport [Peytchev and Bargiela, 1998; 
Pursula, 1998].  The development of such a 
structure should clearly rely to a maximum extent 
on the standard computer and public 
communication systems.  However, the feasibility 
of such an undertaking has to be proven by detailed 
consideration of the technological constraints of the 
sub-systems that are to be integrated. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 Figure 1.  Determining the shortest path 
 
The developed structure is a Distributed Memory 
Environment (DIME) [Peytchev and Bargiela, 
1998] that manages the data from a number of 
sources (Traffic Control Centre, public transport 
company and the user) (Figure 1).  Nottingham 
Traffic Control Centre continues its kind agreement 
of allowing the Intelligent Simulation and 
Modelling group to have access to its Traffic 
Control System (SCOOT and congestion data), 
providing the necessary current traffic information.  
Nottingham City Transport has obligingly 
approved the use of the necessary information 
concerning their bus timetables. 
   
The user communicates with the DIME system via 
a mobile phone.  The advantage of a mobile phone 
is that there do not exist the constraints of being 
part of a car’s equipment or being deployed at a 
particular location.  Along with the increasing use 
of mobile phones by the general public, this means 
that the system has a much broader user base.  By 
implication, this will result in a much greater 
impact on travel mode switching decisions 
[Bargiela and Berry, 1999].  Also, the system is 
easy to use and not prohibitively expensive.   
 
 
 
 

3. ROUTE GUIDANCE 
 
There are many methods of path finding that are 
appropriate for use within the spectrum of route 
guidance.  Some of these methods have been 
considered and evaluated in the context of multi-
modal travel in Nottingham’s urban network.  The 
results are published in [Hartley and Bargiela, 
2001; Hartley, 2003].  This paper concentrates on 
the delivery of timely route guidance given the 
available real-time traffic information. 
 
 
3.1 Urban Network Information 
 
The pre-requisite to determining any shortest path 
in an urban network is having information about 
the road link weights (Figure 4). 
 
The necessary input data, mostly provided by the 
different organisations managing the urban 
network, comprises SCOOT (Split Cycle Offset 
Optimisation Technique) link data, congestion data 
for fixed loop links and static map data (Figure 1).   
 
 
 
 
 
 
 
 
 
 
 
 

Figure 4.  Calculation of travel along links 
 
SCOOT is an intrinsic part of Nottingham’s traffic-
light control system comprising induction loops 
that detect the presence of vehicles in real-time.  
The SCOOT link data provide real-time 
information about the link travel times within 
certain areas of the city.  Fixed loop congestion 
data again provide real-time information – these 
data are specific to certain junctions or roads 
(distinct from the SCOOT-managed areas).  The 
static map data include information about the 
topology of the urban network and the length of 
roads.  The integration of SCOOT lane occupancy 
data (leading to link times in SCOOT-managed 
areas), fixed loop congestion data (leading to link 
times in some non-SCOOT areas) and static map 
data (providing estimated static data of the link 
times for the remainder of the network) are 
manipulated into up-to-date, reliable information of 
alternative paths and adverse traffic conditions on 
appropriate links.   This enables the derivation of 
the optimal route for travel by car.  
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3.2 Travel by Car 
 
Dijkstra’s algorithm [1959] has been used to 
determine the optimal route by car.  Dijkstra’s 
algorithm builds an expanding list of examined 
vertices and looks at paths through vertices on the 
list.  The path with the smallest total of link 
weights is incrementally found.   
 
 
Dijkstra’s algorithm 
 
pathlength(all links) = ∞ 
marked(all links) = .false. 
marked(origin) = .true. 
pathlength(origin) = 0 
do for all links until marked(destination) = .true. 

{ 
search for all pairs of nodes s.t. 
marked(node1) = .true. & marked(node2) = .false.  
then 

pathlength(node2) = min[pathlength(node2), 
               pathlength(node1)+length(node1,node2)];  

from this set determine which node2 has minimum  
pathlength then 

 marked(node2) = .true. 
} 

 
 
Rather than using link travel times at the time of 
the request, it is more effective to predict the link 
travel times for the time of travel along the 
particular links.  The method used was developed 
as part of the Ali-Scout project [Kotsopoulos and 
Xu, 1993].  The future link travel times depend 
upon the historical travel time of the link (for the 
specific time step in the day) as well as the current 
link travel time.  The process is as follows: 
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where Th (l,n) is the historical mean travel time of 
link l at time step n 
and Tcur (l,n) is the current (time step n ) travel time 
at link l.  
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where Tp (l,m) is the predicted travel time of link l 
at future time step m. 
 
As the state of the network can change extensively 
in a short period of time, a combination of real-
time data and historical data should be used, with 
the proportions dependant on the expected time 
taken to arrive at the measured link [Kotsopoulos 
and Xu, 1993].  Kotsopoulos and Haiping [1993] 
propose information discounting: 
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where a is an increasing function of (m-n), say    
e(m-n). 
 
Consequently, the link weights are a combination 
of real-time data, historical data and static data 
(Figure 5). 

 

 

 

 

 

 

 
Figure 5. Combination of historical, current and 
static data 
 
 
4. REAL URBAN TRAFFIC NETWORK 

APPLICATION 

Currently, the available real-time information in the 
Nottingham urban network is collected from 
SCOOT detectors, which monitor highly traversed 
links within the city centre and the arterial routes 
into the city.  100 links out of 2018 are currently 
equipped with SCOOT inductive loop detectors.  
The SCOOT data consists of a large amount of 
traffic control information relayed in the form of 
messages [Siemens PLC, 1997] (which include 
information about flow, occupancy, delay and 
speed etc.).  The U06 message provides 
information every 30 seconds about the average 
point-speed of a car travelling along a link 
(measured over the last 5 minutes).  This speed and 
knowledge of the link length is used to estimate the 
current travel time of the link. 
 
 
5. RESULTS 
 
As some of the routes across Nottingham may take 
up to one hour to traverse, it is not sufficient to use 
the current travel time estimations.  So, instead 
predictions of travel time will be used (as described 
in section 3.2).  The available historical U06 
messages will be used to determine the validity of 
the prediction method in the context of 
Nottingham’s urban network.  The results will also 
show how the incorporation of real-time 
information routes traffic away from congested 
areas.  It will also be shown that the method is 
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capable of dealing with the transition between peak 
and off-peak conditions. 
 

Figure 6.  Average speed every 30 mins 
on link N11531C
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Figure 7.  Actual speed of link N11531C 

over one day
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Figures 6 and 7 show that the historical speed 
cannot be relied upon, as the speeds fluctuate even 
on a single link on a single day. 
 
The efficiency of the algorithm is of paramount 
importance, so that the information provided to the 
user is timely and thus relevant.  For Nottingham’s 
network of 597 nodes and 2018 links, Dijkstra’s 
algorithm has a system run-time of 0.4 seconds.  
The execution time of the predictive route finder 
algorithm should not be greater than a few seconds. 
 
All of the above results will be presented in detail 
at the conference. 
 
 
6. DISCUSSION 
 
It should be noted that minimisation of travel time 
by car does not necessarily produce the optimal 
route from ‘door-to-door’.  With the increasing 
ownership of cars, there is more demand on the 
limited number of parking spaces within any city.  
Consequently, the inconvenience of parking can 
make travel by car be less preferable especially for 
those travellers who are particularly adverse to 
travel time uncertainty.  So users may ultimately be 
encouraged to travel by public transport instead.  
This becomes especially apparent when travel 
advice includes both car and public transport as 
modes of transport, as is the case in the developed 
real-time travel information system detailed in 
section 2.2. 
 

7. CONCLUSIONS 
 
This work is part of a study exploring the provision 
of traffic and travel information through mobile 
communications.  This paper has clearly shown 
that the communications infrastructure has been 
successfully implemented. 
 
This paper demonstrates the necessity of real-time 
information when providing traffic/travel 
information to the general public.  The use of real-
time data provides the user with information about 
the state of the network, not normally foreseeable 
by the traveller. 
 
 
8. FUTURE WORK 
 
The car guidance system should be tested on a 
suitable simulator before being implemented in the 
real world.  The Simulation and Modelling 
Intelligence group at The Nottingham Trent 
University [Peytchev and Bargiela, 1994; Peytchev 
and Bargiela, 1995] has developed a suitable 
microscopic traffic flow simulator.  Any private 
vehicle route guidance system must consider the 
inherent implications for the rest of the urban 
traffic network.  It must be ensured that the 
movement of traffic from one area of the network 
does not result in congestion of another area of the 
network.  Investigation into induced traffic has 
already shown that road improvements will 
normally result in a traffic growth of 10% in the 
short term and 20% in the longer term [Goodwin, 
1996].   
 
Studies have shown that the acceptance of route 
guidance is strongly correlated to any previous 
experience of the system.  Simulation will be used 
to test how the use of the route guidance system 
will enhance the progression of the traveller 
[McDonald et al., 1995].  
 
Due to the large amounts of static and real-time 
data that will be used by the path finding algorithm, 
there are a number of issues to investigate with 
regard to storing information.  The appropriateness 
of storing set paths, or calculating paths on demand 
will be investigated.  The pruning of the urban 
network will be necessary – this may be achieved 
in a pre-processing mode or as part of the 
algorithm.  Also, further analysis of multiple users 
(of the order of 100) will need to be considered to 
continue to provide a viable service.  Some 
possible long-term solutions are the use of more 
processors, parallel algorithms, or some form of 
artificial intelligence (such as neural networks). 
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Abstract:  This paper introduces the latest collaborative project work being carried out by Consultants at Lanner 
Group and Manufacturing Engineers at Ford Motor Company's PowerTrain Operations.  The work involves aiding 
the design and optimisation of planned Engine Assembly Lines, by generating and experimenting with a complete 
simulation model produced using a spreadsheet interface, re-using and adapting a constantly evolving portfolio of 
modelling components.  Such a methodology can be used to enhance quality and consistency in a process of 
continuous model validation and verification by using tried and tested building blocks.  The re-use of modelling 
components, or ‘modules’, also helps to control and reduce model build time, a factor increasing in importance as 
automotive manufacturers strive to constantly reduce overall lead time and cost-to-market.  The ease of use of the 
spreadsheet interface, coupled with the enhanced efficiency inherent in a modular approach to simulation modelling, 
empowers specialists and non-specialists alike to meet targets when designing and implementing complex processes. 
Modular Simulation is contributing to improved Business Process Management at Ford PowerTrain – improvements 
that, at the time of writing, are being rolled out globally. 
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1.  INTRODUCTION 
 
This paper introduces the latest collaborative project 
work being carried out by Lanner Group Consultants 
and Manufacturing Engineers at Ford’s PowerTrain 
Operations (PTO).  A unique feature of the on-going 
consulting relationship between Lanner Group and 
Ford PTO is the reuse of a constantly evolving suite 
of modelling components, or ‘modules’.  Simulations 
composed using this portfolio of modules via a 
spreadsheet based front-end, have the advantages of 
being quicker, less costly to construct and maintain 
and easier to validate with a greater degree of 
confidence, as well as being more accessible to the 
engineers employed in the design and implementation 
of assembly lines. 
 
After first giving a brief introduction to simulation at 
Ford PTO and their relationship with Lanner Group, 
this paper will explore some of the arguments 
surrounding Composable Simulation that have been 
put forward in recent years.  The methodology 
enabling successful implementation of Composable 

Simulation will then be detailed.  Finally, concluding 
remarks and  potential future directions will be given. 
 
1.1. Background 
 
Ford PTO has used simulation for over 20 years.  In 
that time, significant progress has been made, not 
only into the process design issues themselves but in 
the simulation methodology employed to make these 
improvements.  Ford are using the latest technology 
developed by Lanner Group, a UK based specialist 
Simulation company. Their WITNESS simulation 
system is used by Ford throughout the world to model 
new and changing facilities in order to answer such 
questions as “What is the throughput achievable for a 
line?” and “How large should a buffer storage area 
be?”   
 
The choice of tools, support and expertise deployed, 
have been the focus of a continuous drive to raise the 
awareness of, and thus utilization by, non-
‘simulationists’. [Ladbrook, 2001].  Another key area 
is that of increasing the availability of these resources 
to all at Ford PTO able to benefit from them.  Several 
systems have been developed enabling simulation 



models to be created automatically via spreadsheet 
entry by Ford engineers.  This effectively makes the 
simulation model easier to construct for an engineer, 
by using an interface that explains the data required 
from them in the form that is most readily 
understood.  The input of simple data, indicating 
operation dimensions, in the spreadsheet places the 
next operation in the assembly line relative to the 
current operation.  An entire production loop is 
created automatically by input of the data into a 
WITNESS model shell, the whole process being 
controlled by Visual Basic (for Applications) and 
WITNESS’ own command language; creating a 
model dynamically and visually in real- time.   
 
1.2. A New Assembly Line 
 
The latest project work undertaken by the Lanner 
Group in collaboration with Ford PTO concerns the 
design and implementation of a new engine assembly 
line.  One of the chief concerns of the work was to 
drive down the time taken to achieve successive 
levels of model development.  Ford PTO comprises a 
subset of the complex interlinked and interdependent 
processes of Ford’s Supply Chain. Timely decision 
making is thus required by Ford PTO to ensure they 
meet their commitments to Ford as a whole, who in 
turn are constantly striving to reduce time-to-market.  
Some have referred to this high level of 
interdependence as a ‘House of Cards’.   
 
Many of the building blocks that comprise this new 
line, or rather, a potential model of this new line, 
already existed.  Much of the project thus comprised 
the adaptation of these modules to incorporate new 
production philosophies, and to ensure their 
continued interoperability throughout.  In the 
following section we will discuss Composable 
Simulation with particular reference to this project.  
We will then detail the methodology followed by 
developers at Lanner and at Ford, and the steps 
followed by manufacturing engineers at Ford when 
building subsequent models. 
 
2.  COMPOSABLE SIMULATION 
 
Composable Simulation can be considered a subset of 
the wider field of software reuse, a field with some 
considerable effort devoted to it:  “The software 
community has struggled with the concept of reuse 
for many years.  Components offer a useful 
mechanism to support reuse.  But a number of 
questions are raised by them as well”. [Page and 
Opper, 1999].  Ray J. Paul, in his foreword to Ezran 
et al. (2002), gives his approach to the reuse of 
programming and modelling constructs in this wider 

software/information systems context:  “To make the 
model provide future software reuse, sub-models of 
the organisation would have to be determined, made 
relatively self contained, represent a recognisable 
part of the organisation, and be likely to be required 
as part of some future unknown system.  Quite a tall 
order.”  This paper will go on to detail an ongoing 
string of projects satisfying this demanding brief.    
 
So what exactly is Composable Simulation?    
“Composability is still a frontier subject in Modelling 
and Simulation” [Kasputis and Ng, 2000].  In such a 
new field it is hard to find succinct definitions (even 
more mature fields, such as OR as a whole, struggle 
with this!).  At a high level it could be considered:  
“…a system with which simulations are created at 
runtime to meet the specific requirements of that run.  
The user specifies his needs to a system that in real 
time builds a simulation…” [Kasputis and Ng, 2000].  
At a lower, software/model developer oriented level, 
Composable Simulation involves the selection of a 
series of existing modelling constructs, bringing them 
together in such a way as to model the real world 
situation at hand, in much the same way as existing 
modelling methodologies – but with much of the 
underlying coding already carried out.  The literature 
in the area suggests that Composable Simulation 
represents something of a panacea.  Why? 
 
2.1. Time and Money Benefits 
 
Much of the case for Composable Simulation is 
inherently intuitive, especially given the relative lack 
of published experience in the area:   “Intuitively, 
component-oriented design offers a reduction in the 
complexity of system construction by enabling the 
designer to reuse appropriate components without 
having to reinvent them.” [Page and Opper, 1999].  
This time saving, particularly in the commercial 
context, has clear cost implications by potentially 
reducing the effort required to reach a comparable 
level of development of a simulation model sooner:  
“Such a system offers the potential for providing 
higher quality simulations in less time for lower 
costs.” [Kasputis and Ng, 2000].  So, we see that not 
all of this benefit need be taken in the form of 
reduced costs, nor perhaps should it be… 
 
2.2. Quality Benefits 
 
On the issue of quality in simulations, there is little 
disagreement over the need to conduct VV&T 
(Validation, Verification and Testing) throughout the 
life-cycle of a simulation project [Balci, 1994], 
[Robinson, 1999] but:  “Assessing credibility 
throughout the life-cycle of a simulation study is an 



onerous task” [Balci, 1994].  The case for improved 
quality is not equally valid [sic.] across the VV&T 
board though; where composable simulation really 
contributes is in the area of Verification (‘building the 
model right’) as opposed to Validation (‘building the 
right model’).  This is achieved, effectively, by 
extending the testing phase of successive studies – 
reused modules have already undergone some 
verification and testing in their previous role.  Some 
verification is still carried out of course, as the more 
tacit/emergent properties of a module, and its 
relationship to models built, are experienced. 
 
2.3. Ease-of-Use and Accessibility.  
 
Another benefit of Composable Simulation is that 
afforded by the potential level of abstraction by the 
end-user, from the underlying code generating the 
behaviour they (wish to) observe.  The division of 
labour so prevalent in just about any efficiently 
carried out enterprise is promoted by this abstraction, 
allowing a greater degree of separation of 
programming, modelling and, in the case of Ford 
PTO, engineering expertise.  This promotes the 
efficient resolution of the real-world problem and 
allows the benefits of simulation to be brought to a 
far wider range of real-world problems, and people. 
 
2.4. Difficulties and Reservations 
 
Of course, what we have discussed herein is the 
potential of Composable Simulation to aid and 
promote the application of simulation, not the actual:  
“Current capability in composability is limited” 
[Kasputis and Ng, 2000].   
 
One of the key issues that may delay the adoption of 
component-based approaches is the potential 
complexity of their application:  “As the number of 
candidates for reuse (composition) becomes large, 
the benefits of reuse (composition) become negated 
by the costs of storage, organisation and retrieval of 
candidates.” [Page and Opper, 1999].  The authors go 
on to discuss the complexity of the selection of 
components. A non-technical summary is perhaps 
most succinctly achieved with the observation that for 
n components, there are in the order of 2n possible 
models that can be constructed from them – any 
search for the ‘optimal’ combination could thus not 
be carried out in ‘reasonable’ (i.e. not increasing 
exponentially with n) time.   
 
The issues facing the modeller, given a virtually 
unlimited choice of components, is similar to that 
faced by the researcher looking for information in the 
internet age.  There is then a  further complication 

caused by the need to establish the suitability of 
candidates – a factor exacerbated by the emergent 
properties of combinations. 
 
2.5. The Overall Case 
 
Much of the argument in favour of Composable 
Simulation here is of course analogous to the creation 
and subsequent uptake of simulators (i.e. simulation 
software packages such as WITNESS), as distinct 
from simulation programming languages.  In the 
Composable Simulation arena, however, it is possible 
for the Consultant/Model Developer to bridge the gap 
even further between real-world problems and the 
techniques brought to bear upon them – using 
Modules: 
 
Fig 1. Problem and Solution; Bridging the Gap. 
 

 
 
The Consultant/Model Developer must become adept 
not only in the relevant software and modelling 
process, but also in abstracting from their work that 
which can be more widely applied in a formal 
manner – that is, generating Modules.   We thus have 
a strong case for the greater specialisation of 
simulation Consultants in specific industry areas.  
 
2.6. Moving Forward 
 
Although in the long term, the suite of Modules could 
support both a span of domains and a range of 
granularity, the difficulty of this task is widely 
acknowledged [Kasputis and Ng, 2000], [Page and 
Opper, 1999].  Despite this, the desirability of this 
outcome is clear: “In this envisioned future, 
simulation becomes ubiquitous.” [Page and Opper, 
1999].  A pragmatic approach, suggesting how 
progress towards Composable Simulation may be 
made, has been given by Kasputis and Ng. (2000): 
“Initial work… should deal with physical 
descriptions.  Lessons learned in structures and 



processes can then be applied to the modelling of 
other aspects as they mature.  It is also wise to limit 
the initial effort to one or a few domain areas or 
classes of applications.”   
Finally; is it not simply good general programming 
practice to make use of existing routines and 
modelling constructs, where they exist and are 
available to the current developer or modeller?  The 
answer is, of course, “Yes” - The factor that separates 
Composable Simulation from simple good practice is 
that reuse of the components is a design influence 
from the start.  It is not simply good fortune that pre-
existing components exist, these constructs were 
developed with attention paid not only to their current 
purpose, but likely future use too.  Indeed, the fact 
that modules are designed with the current purpose in 
mind at all is merely a result of the setting of the 
work – commercial necessity being “the mother of 
invention”.  The on-going Consulting relationship 
between Ford PTO and Lanner Group enables 
modelling to build upon previous effort, using a 
portfolio of modules and a tool to draw them together 
and construct the model.  ‘FAST’ is just such a tool... 
 
3.  THE FORD ASSEMBLY SIMULATION 
TOOL (FAST) 
 
Ford PTO are looking to apply a consistent global 
approach to Business Process design.   The process 
about to be outlined, along with the technological 
tools and expertise required for its successful 
implementation, are being rolled out globally.  Hand-
crafting models from the start is difficult and time 
consuming, whereas reusing entire models is 
dangerous and unlikely to result in a valid model.  
FAST building however, takes seconds on a laptop 
computer, allowing the focus to remain on the issue 
of validity. 
 
3.1. The Model Building Process 
 
Developers, Consultants and Manufacturing 
Engineers all contribute to the finished model.  
Developers bridge the gap from programming to 
simulators.  In the Composable Simulation case, 
Consultants/ Model Developers then build upon this 
by concentrating on building modules.  Finally, the 
end-user inputs their requirements in a format tailored 
to their requirements, using the technology to solve 
the process design issues they are faced with.    
 
3.1.1. The Developer 
 
Developers provide the software, in this case 
WITNESS.  Simulation packages, or simulators, 
require a difficult balance to be reached between 

flexibility and ease-of-use; a balance for which 
WITNESS has been recognized as a class-leader, 
particularly where complex and large-scale modelling 
is required.  [Hlupic and Paul, 1999] 
 
3.1.2. The Consultant 
 
Generally, it is the role of the consultant to create the 
model itself, delivering the finished product with 
appropriate documentation.  In this case, to a certain 
extent, Consultants /Model Developers step back 
from this position, instead concentrating on work 
intended to bring the model building exercise within 
reach of a wide selection of users, e.g. Manufacturing 
Engineers.  This comprises liaising with Ford PTO to 
establish required new functionality whilst ensuring 
inter-operability, and requires the consultant to take a 
more abstract approach than building the model 
directly - focusing efforts on the underlying modules, 
and the WITNESS code that brings them together to 
form the possible models to be built at run-time. 
 
3.1.3. The Manufacturing Engineer. 
 
It is at the Ford PTO end that requirements are 
formulated in terms of module and FAST shell 
capability  - FAST is the WITNESS ‘model’ acting as 
canvas on which the model can automatically be 
built.  Much of the VV&T effort is focussed here, 
with recent developments by consultants being put 
through their paces.  A benchmark of expected 
overall line performance has built up over the years, 
and so relatively tight upper and lower bounds of 
expected performance can be used for black-box 
validation of any assembly line not already in service.  
At a lower level, white-box validation is carried out 
by those who are most familiar with the processes 
being simulated, although this is usually done by 
those also adept with the WITNESS software.  
Finally of course, building, running and 
experimenting are all carried out at run-time.  Clearly, 
with such easily modified model structure, scenarios 
can be investigated with ease.  
 
3.2. Challenges Faced.   
 
The greater degree of abstraction from the finished 
simulation model presents the Consultant/Model 
Developer with particular challenges to overcome.  
Many of these were alluded to in the previous section, 
but are discussed here with particular relevance to the 
Engine Assembly Line project.  In order to take 
account of new production procedures and 
philosophies, as well as build upon overall 
functionality, modules constantly need to be updated.  
The process of updating a module is itself relatively 



easy, taking in the order of hours rather than days.  
These modules are a popular and often used feature of 
the WITNESS simulation software.  This project 
however, also had to find ways of assembling these 
modules automatically at run-time, and in almost any 
conceivable permutation.  The challenge here, then, is 
the assurance of inter-operability.   
 
To take a very simple and frequently occurring 
example, modules, when loaded into the FAST shell, 
must be placed relative to the previous module.  The 
varying ‘footprints’ of these modules must therefore 
be taken into account when assigning a location for 
the new module to be loaded onto.  Ensuring the 
correct display of modules, given the number of 
module types, is not a trivial task.  The precise 
position of a module is a relatively unimportant 
feature when it comes to the correct functioning of 
the model – it is more useful for subsequent analysis 
and communication.  It is also easy to see when this 
form of interoperability has not been achieved – it is 
readily seen on the screen.  Much of the rest of the 
functionality of the module is both more important, 
and less easily spotted.  It is important then to take a 
highly incremental, methodical and organised 
approach, incorporating frequent testing, to building 
new functionality – especially where new features are 
replicated across the entire model.   
 
A specific new feature of the current suite of modules 
is the modelling of human behaviour.  This is in its 
earliest stages, modelling certain features of human 
interaction with the production lines as a type of 
breakdown, according to an empirically defined 
schedule.  Additionally, the model needs to keep pace 
with constant design changes in an iterative process 
of design → model → test → design.  This is greatly 
assisted by the FAST build procedure; changes 
effected by Consultants/Model Developers at the 
modular level are automatically incorporated into all 
relevant parts of the model at run-time!  Indeed, the 
potential for a Composable Simulation framework to 
accomplish this speed of development had already 
been identified:  “…there is a high probability that 
most or all of the representations needed for a new 
operation type would already exist.  Therefore, 
simulations that operate within a composable 
framework would have the potential to adapt quickly 
to emergent operations.” [Kasputis and Ng, 2000].   
 
The development time for new simulations, though 
greatly reduced, is still significant.  New 
functionality, as well as production philosophies and 
procedures, create a moving target to the modeller – 
flexibility creates speed, and speed enables the design 
process to go through more iterations! 

4.  CONCLUSIONS 
 
In many ways the advances made by FAST are an 
extension of modern simulation packages, where 
users are presented with a palette of iconic 
components [Page and Opper, 1999].  But FAST is a 
highly specialised extension of one of these packages, 
made possible by the high degree of flexibility in the 
WITNESS package.  Because models can quickly be 
constructed and altered, building a model just prior to 
run-time to address specific issues, FAST does 
constitute a genuine move towards Composable 
Simulation.  The status of FAST built models as 
Composable Simulations can be seen from the 
following diagram – modelling components required 
to create the model are not drawn together until run 
time, and this stage is automated according to the 
prior input of the Manufacturing Engineer: 
 
Fig 2.  Model Creation. 
 

 
 
We saw in the previous section a number of 
reservations concerning the potential practical 
application of Composable Simulation.  However, by 
restricting ourselves to a specific (engine assembly) 
domain, with a ‘natural’ and consistent level of 
modular detail, significant progress has been made 
through the control of combinatorial complexity.  In 
this application we have therefore managed to 



achieve many of the benefits associated with 
Composable Simulation, and learnt valuable lessons 
that will be required if we wish to extend our 
modelling scope or broaden the problem domain. 
 
5.  THE FUTURE 
 
Another frontier area in simulation is the 
incorporation of Virtual Reality [Waller and 
Ladbrook, 2002].  This has the primary benefit of 
communicating simulation to the widest range of 
agents.  However, VR currently requires highly 
intensive work, both in terms of computation and 
development effort.  A composable approach allows 
the consolidation of work already carried out, again 
helping to control the new effort required in each new 
endeavour – enabling those involved to stay ahead of 
each new leap in computational speed. 
 
Going back to Composable Simulation per se, Web-
based simulation appears to mark the envisaged 
culmination of this work – where modelling 
constructs proliferate in the same way that 
information does today. [Page and Opper, 1999].  
There are special challenges here though, as the user 
doesn’t merely need to search for the right constructs, 
but must take account of the relationship of the 
emergent properties of these components with the 
modelling objectives they face – as we have had to do 
with FAST.   
 
We will thus always need a modeller – but their role 
may become more abstract.  Today’s modellers need 
not have in depth programming knowledge (although 
many of them do!), and the number of layers between 
the underlying code and the finished model grows.  
This frees up resources and enables those engaged in 
the activity of simulation to concentrate on the 
modelling of process, rather than the coding required 
to do so.   
 
There exists between the Lanner Group and Ford 
PTO a continuing commitment to develop improved 
tools and methodology.  By operating at the frontiers 
of current simulation expertise, continuous 
improvements have been made in the design, 
implementation and overall management of new and 
existing Business Processes at Ford – improvements 
that at the time of writing are being rolled out 
globally.  
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Abstract: Distribution centers managed by BR, one of the Petrobras group companies, are the starting point 
from Gas stations and big fuel customers supply. These centers, intermediate links of the fuel supply chain, 
provide oil products to a very competitive market. To be efficient, the centers must have regulating stocks that 
use service level parameters for management purposes. Determining these parameters according to the number 
of centers and their localization around Brazil require plenty of simulation models, which have to be managed by 
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implementation and the role of each software used. 
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1. INTRODUCTION 
 
Petrobras is a large petroleum company, leader in 
Latin America, present in several countries and is 
considered one of the top energy companies in the 
world. 
 
The Operations Research Team has a lot of 
experience in building decision support systems, 
mathematical programming, simulations and 
statistics. Our main applications are in oil selection 
and purchasing, investments, distribution, sales 
forecasting and resource allocation. 
 
The Operations Research team has always 
developed  projects using simulation. The team 
used FORTRAN, then moved to GPSS. Today, 
PROMODEL languages are used. 
 
The most relevant simulation applications in 
Petrobras can be classified in two groups: 

 
• Critical resources, drilling or maintenance rigs, 

the rental of specialized vessels (about 
US$20,000 per day), port extensions, fleets and 
others. 

• Determination of stock levels, LPG 
infrastructure (pipes and tanks) investments. 

 
In the present case, a system was planned to 
manage all the process of simulation, starting from 

the choice of the distribution center, the selection of 
a product handled at this center, organizing the 
creation of scenarios, initiating and monitoring  the 
simulation process of the equivalent model chosen. 
Finally, it has also been projected to generate 
customized reports, some of them presenting 
graphical features. 
 
The system has been developed in VISUAL 
BASIC, and it integrates PROMODEL, MS 
EXCEL and MS ACCESS to support all that 
functionality. Some difficulties appeared when 
starting to integrate all the software and making it 
work together. After that, other relevant aspects 
came round, like the time spent by the simulation 
models processing and the consumption of 
computer resources (memory), beside others. 
 
Recently, the CITRIX solution has been tried out in 
order to solve some of these problems and then, 
after being approved, would be implemented. 
 
2. THE PROBLEM (SIMULATION MODEL 
OBJECTIVE) 
 
The project’s objective was to define the amount of 
fuel that is stocked in the distribution centers, to set 
up service level goals and company management 
strategies,  keeping costs at competitive levels. 
 



The concept of safety stock inventory is widely 
used in petroleum companies, because mistaken 
sales forecasting and irregular supplies may cause 
loss of sales (stock-out) or increase stocking costs 
(surplus stock). 
 
Sales variability and Irregular supplies (supply 
uncertainty)  from distant centers might cause  
stock-out if there is a lack of product, possibly 
caused by a delay of the deliver, or surplus stocks, 
which involves higher costs, using ships or trains 
for storage if there is no room in the tanks at the 
centers. 
 
Our first main difficulties were: 
 
• Number of sites; 
• Extensive supply lines all over Brazil; 
• Almost all clients are demanding experts in 

logistics; 
• Need to adapt results to each situation; in other 

words, we had to customize models for each 
center; 

• Need for huge amounts of information; 
• Need for a friendly IT solution, mainly because 

this solution is intended to be used intensively. 
 
3. THE SOLUTION (SYSTEM STRUCTURE) 
 
The solution was to develop a Decision Support 
System involving a large number of simulation 
models to inform the distribution sites stock 
management. It was developed in VISUAL BASIC 
and integrates PROMODEL, EXCEL and ACCESS 
to support all the following functionality: 
 
• Determine, monitor and review  target stocks, 

tank capacities and other parameters for each 
site;  

• Support models for the calibration and 
maintenance of databases; 

• Creating scenarios for studies; 
• Manage all the process of simulation (initiating 

and monitoring the simulation process of the 
equivalent model chosen); 

• Generate customized reports. 
 
As we were working with about 50 models, each 
one containing diferent characteristics in terms of 
inputs and output format files, we need to develop a 
System to support and manage the process related 
to the simulation of the models, covering the 
distribution and the fuel security stocks from all the 
BR refineries and distribution centers (subsidiary), 
which are geografically spread all over Brazil.  
 
The focus of this paper is to describe the appliance 
of new technology to manage and support the 
amount of models created and turning them easy to 
use (friendly) 

Decision Support System Architecture: 
 

 
Picture 1 

 
 
The models has been developed in PROMODEL, 
which has got some built-in tank routines 
developed to make it easier to construct models 
with tank representations and its product 
operations. Besides that, it gaves us much more 
flexibility to programme our fuel distributions 
process as close as possible to its real performance. 
 
The model’s structure is based on tridimensional 
arrays, importation and exportation files, intern 
tables and others. Some generalized subroutines 
were created, saving a lot of time in developing 
models for all the company’s distribution centers, 
because they could be easily adapted for developing 
all the models, due to their similarities. The files 
used by the system throughout the process also use 
generalized codes which can be customized very 
fastly, thanks to their structure. 
 
Because of the limited resources of the Simulation 
Softwares available, we’ve had to decentralize the 
model using EXCEL and ACCESS capabilities so 
that we could generate scenarios and turn it’s usage 
much more easier for those who doesn’t know how 
to operate simulation sofwares. 
 
Then, the next step was to develop the automation 
of the simulation software, and the VISUAL 
BASIC was chosen for that. 
 
Structurally, the process can be presented as the 
following flowchart  
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                                Picture 2 
 
 
The step of Selection of Site/Product/Model is 
supported by ACCESS. The database makes the 
relation among the Sales Region, the sites and the 
products available at that site and also combine the 
selection with the appropriate equivalent model 
developed for that choice. 
 
Due to the large amount of data, an ACCESS 
database was also needed to support the distribution 
defining process and their calibrations. 
 
Like all random simulation models, these models 
are prepared to receive regular calibrations. 
However, any emergency calibration can be made 
when the need arises. This can be easily done 
because of the database. 
 
The next picture shows the first screen displayed 
when the system is initialized 
  
 
 
 
 
 
 
 
 

 
        Picture 3 
 
There is a large amount of EXCEL files 
manipulation, managed by the system, each one 
having a different MACRO developed to support 
the process and make it easier for the user to 
modify the Inputs when creating scenarios. 
Examples of input parameters screen (Pictures 4 
and 5) 
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The following picture shows an example of a model 
being processed by PROMODEL 
 

          Picture 6 
 
Some macros were also developed in EXCEL to 
present the Results and to calculate the average 
values obtained from the replications processing for 
each scenario. In addition, reports are generated at 
the end of each scenario simulation and there is also 
a customized report which compares graphically 
the results of the different scenarios created as it 
can be seen in the next picture. 
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          Picture 7 
 
There are two types of graphics generated by the 
system. One of them shows the evolution of the 
service level of the distribution centers when 
modifying security stock levels for each product 
handled in the model chosen. The other one is the 
evolution of the stock costs within the distribution 
system for each scenario created. 
 

The reports generated at the end of each scenario 
simulation contains only customized information 
about it, which was developed in EXCEL in order 
to give the user much more flexibility to analyse 
and use the results. 
 
4. FURTHER PROBLEMS (APPLYING NEW 
TECHNOLOGY) 
 
After that, we have faced some problems related to 
the instalation of the system, because it envolves 
different softwares and also because of the different 
versions of the required softwares found on the 
client’s machine . Besides that, the system 
consumes memory because it access information 
through a data bank and manipulate lots of 
information from different files and writes a lot of 
information into another files. 
 
In addition, our client used to have short period 
decisions on it’s daily workday and their resources 
(computer) could not be interrupted  to do a long 
processing, because it could interfere their 
operational decisions.  
 
In order to solve this difficult matter, we decided to 
analyse the CITRIX solution. 
 
With this solution we could get some advantadges: 
• This operation costed almost nothing for our 

department in terms of equipment, maitenance 
and support, because we have already had a 
server available to install all the necessary files 
and programs and a team trained with this 
technology  (CITRIX) to do the necessary 
assistance; 

•  This solution doesn’t demand upgrade from 
the client’s Hardware (computer); 

• The system can be used in different 
Operational Systems, because the application 
runs in the server (Metaframe), releasing the 
clients resources (concept of Thin Client); 

• Makes easier the updatings and management of 
the system (through the server); 

• Reduces the costs of development, maitenance 
and more (usage of client’s computer); 

• Visualization through a common Web Browser 
(Nfuse Technology); 

 
Drawbacks: 
• Print the results through a local Printer (client); 
• Availability of the Metaframe CITRIX (server) 

for a large usage and trustability (multiusers 
access). 

 
 
 
 
 



Example of a connection through a common web 
browser 
 
 

 
            Picture 8 

 
The structure of this functionality is shown bellow 
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         Picture 9 

 
5. CONCLUSIONS 
 
The usage of new technologies is recommended to 
support and manage all the simulation process, but 
some important issues should be observed when 
many application are integrated to work all 
together. 
 
Besides the simulation software, support software 
versions, PC hardware and Operational System 
should follow a common configuration set up by 
the developer. If it not possible to accomplish, 
because of the dependency of the applications used, 
the Citrix solution seems to be a good support 
decision. 
 
We have also tried to use the system with more 
than one user at the same time, and everything 
seems to work well. The performance wasn’t 
harmed by the multiple accesses. 
 
Recently, we have been testing it exaustively. As 
soon as it has been approved, we are going to 

implement this solution for our users. It would save 
time in development, maitenance and, above all, 
costs. 
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Abstract: In M/G/n queues —with G a heavy-tailed distribution— the tail of G has
low probability but a dramatic impact on the performance of the system. The analytical
treatment of M/G/n queues is difficult, so many times we must use simulation to study
them. But the simulation of systems using heavy-tailed distributions presents difficulties.
We need efficient simulation methods to study those systems, and we can use M/G/1
systems as workbenches since they have some analytical results to check the simulation
results with. In this paper we try to gain some insight into the nature of those difficulties,
and propose, develop and analyze a method to speed up simulations of M/G/1 systems
when G is heavy-tailed.

keywords: heavy tails, queue systems, steady state.

1. INTRODUCTION

M/G/n queues —where G is a heavy-tailed service
time distribution— are used to model queue systems
where a range of values of the service time, whose
probability is very low, have a drastic impact on
the overall performance of the system. The Pareto
distribution is one of these heavy-tailed distributions
and it has been proposed as the page size distribution
in Web servers or as the file size distribution in FTP
servers. The accurate analytical treatment of M/G/n
systems is very difficult and in many cases it cannot be
applied. Simulation is a possible method to study them.
But simulations with heavy-tailed random variables
present some additional difficulties, and care must be
taken when extracting conclusions from the results of
these simulations. It is necessary to have accurate and
efficient simulation methods. Efficient because we need
to generate big quantities of data for our simulation
study to be accurate enough. And their accuracy can be
checked by means of comparisons with known results
from simpler systems with analytical solution. One
of these simpler queue systems that can be studied
analytically is the M/P/1 queue. M/P/1 systems can be
used then as a workbench for more efficient simulation
methods, able to deal with the heavy-tail problematic.
The slow convergence of the simulations to the steady
state may be an important problem of the simulation
of M/P/1 queues.

Recent studies have shown the problems involved in

simulating M/P/1 queues. The reason of these problems
is the heavy-tailed condition of the Pareto: very high
values of the demanded service time appear with very
low —but not negligible— probabilities, in such a way
that their effect in the waiting time distribution is dras-
tic. The heavy-tailed condition decisively contributes
to rise the mean queue waiting time. But problems
relating to practical aspects of computer simulation like
finite machine resolution and finite and low simulation
time make the simulations underestimate the param-
eters of interest, typically the mean queue waiting
time. Gross [Gross et al, 2002] studies the impact
of finite resolution random number generation on the
mean queue waiting time estimation. It is interesting to
know how many of these problems can be avoided with
better simulation techniques and computer resources,
and how the power-tailed condition effectively limits
our efforts to speed up the simulations.

In this paper we investigate this problem, try to get
insight in the impact of the transient period in the
mean value, and propose a method to try to start
the simulation near the steady state. We compare the
proposed method with the traditional start from empty
system.

2. HEAVY-TAILED DISTRIBUTIONS

A random variable (RV) X , with cumulative distribu-
tion function (cdf) F (x), is said to be heavy-tailed if
its complementary distribution function, 1−F (x), has



an hyperbolic decaying tail:

∃α > 0

∣∣∣∣ lim
k→∞

1 − F (x)

x−α
= c ∈ (0,∞)

The Pareto cdf, clearly heavy-tailed, is given by
F (x) = 1 − (m/x)α ∀x ≥ m > 0, where m is
called the scale parameter, and α is called the shape
parameter. In [Gross et al, 2002] a Pareto distribution
with m = 1 is used in a M/P/1 queue to show the
problems that appear when simulating such system
when α is near 2. In this paper we also fix m to 1
to demonstrate the benefits of our method in the same
scenario. The Pareto probability density function (pdf)
is given by f (x) = α · mα/xα+1 x > m > 0. The
Pareto kth order moment exists if and only if α > k.
Its mean value exists if and only if α > 1 and is given
by X = α·m/(α−1). Its second order moment exists if
and only if α > 2 and is given by X2 = α ·m2/(α−2)

3. PARETO TAIL PROBLEMS

Recent research has shown that the estimation us-
ing computer simulation of the mean queue wait-
ing time of a M/P/1 queue, W , converges very
slowly to its theoretical value when α approximates
2 [Gross et al, 2002]: simulation run-lengths as long
as some million observations do not give estimations
of W close to the exact theoretical value in these cases.

The Pollaczek-Khinchin formula states that the mean
queue waiting time is directly proportional to the
second order moment of the service time in a M/G/1
queue:

W =
λ · S2

2 · (1 − ρ)

where λ is the average arrival rate of customers, S
the demanded service time random variable and ρ the
utilization factor of the queue system —ρ = λ · S—.

If we have a limited resolution random number gen-
erator we will not be able to generate the extremely
large values of S that appear occasionally in the actual
system, so the measured S2 will tend to be low, and
this will probably make the estimation of W low.
Even if we have an infinite resolution random number
generator, we can give a rough estimation of how many
observations of customer queue waiting times we need
before getting close to the real mean value. If we
have a random number generator with finite resolution
which is only able to produce numbers between 0
and K, we will loose in the simulation service times
greater than K. But the appearance in our simulation of
values beyond a certain number is not only a matter of
resolution of the random number generator, but relates
to the intrinsic probability of that value, or range of
values.

If we have a range of values whose probability is p,
the mean number of trials in order to get one value
in that range is 1

p
. The weight of the tail of a Pareto

beyond a certain limit K, i.e. the probability of getting
one value in the range (K,∞), is given by K−α , so
the probability of getting all the values smaller than K

in r trials is (1 − K−α)r.

In the Pareto case, when α is near 2, the tail has
a great influence in the value of its second order
moment. For example, we select the utilization factor
of the system ρ = 0.5. We choose a shape parameter
α = 2.1, so S = 1.909 and S2 = 21. If we generate
a sample of 1 million observations, the probability
of getting all the values smaller than K, i.e., the
probability of having a sample indistinguishable of
that from a truncated Pareto with truncation parameter
K is P = (1 − K−α)10

6

' e−
10

6

Kα . Considering the
service time RV, S, whose pdf is a Pareto, and a
service time RV St, whose pdf is a truncated Pareto
from the former, with truncation value K, we have
fSt

(x) = fS(x)
1−Pr(x<K) x < K with St = K

α
−K

Kα
−1 ·S and

S2
t = Kα

−K2

Kα
−1 · S2. If we now impose a probability of

99 percent about having obtained a truncated Pareto,
the correspondent K is 6434. and the mean value of
the associated truncated Pareto, St, is 0.999934 · S.
So intuitively the probability of getting a mean value
of 0.999934 times the theoretical value —this ratio
will represent the accuracy in the estimation— is 99
percent. This may be considered negligible —we are
correctly estimating the mean value of the Pareto RV.
But the second order moment of the truncated Pareto
is St = 0.58 · S2, what means that with a probability
of 99 percent we are underestimating the theoretical
value of the second order moment, with the estimation
being 0.58 times the theoretical value.

So we see that with a probability of 99 percent we
will also underestimate W in a factor of at least 0.58,
nearly half the theoretical, and the cause is we are
generating too few service times to be able to reach
the steady-state.

This means that the a priori high value of the run size
of the simulation is in practice a very low one when
the service time distribution is heavy-tailed. To have
more accurate results we need a much larger number
of samples. For example, if we impose an accuracy of
99 percent in the second order moment estimation —
equivalent to the accuracy in the mean queue waiting
time—, we obtain K = 1020, so with a probability of
99 percent we will need no less than 1040 samples. If
we want an accuracy of 90 percent, with a confidence
of 99 percent we will need no less than 1019 samples.
Fig. 1 details this. In it we plot the tolerance —one
minus the accuracy— versus the number of samples.

These examples show that although the M/P/1 process,
with α near 2, is ergodic in theory, the run sizes of
the simulations needed to check that ergodicity will
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Fig. 1. Number of samples required for a given tolerance in the
mean queue waiting time

probably be too high to consider the system ergodic in
practice.

So we can see that estimating W when the service
time is heavy-tailed and the shape parameter α is
slightly greater than 2 —large variance— will probably
be computationally very expensive if we start our
simulations from an empty system. Thus, traditional
simulation methods based on computating the samples
of the involved RVs —the interarrival times of the
customers and their service times—, will be too ex-
pensive due to the large amount of samples that must
be generated before obtaining a representative set of
samples of the involved processes.

4. CHOSEN INTERVAL LENGTH

We have developed a framework simulation model to
achieve a greater accuracy in the simulations of M/P/1
queues with α slightly greater than 2. Its main idea is
to try to initialize the simulation almost in steady-state.
We can take advantage of our knowledge of the arrival
process of the M/G/1 queue. When a user arrives at
a M/G/1 system, it will possibly find some users in
the queue and one in the resource. The queue waiting
time of the arriving customer will be the residual life of
the user in the resource, Sr, —i.e., the remaining time
that user will stay in the system— plus the service
times of all the customers in the queue before our
customer arrived. The distribution of the residual life
of the customer in the resource will depend on the
distribution of the service time, as it happens to the
whole service time demanded by this user, L. Its pdf
is given by [Kleinrock, 1975],

fL (x) =
x · fS (x)

S

where fS (x) is the pdf of the demanded service time.
From its definition, we can note that its mean, L, will
be S2/S = S · (1 + C2).

So if our customer arrives to the system while there
is somebody in the resource, it will arrive randomly
in an interval described by fL (x), and, in average, it
will have to wait L/2 for the client in the resource to
finish, plus some amount of time due to the users in
the queue. If we denote M the number of clients in
queue when the user in the resource entered it, and N
the number of clients who arrived between the user in
the resource began service and our user arrival, we can
say that the queue waiting time for a user that has to
wait is:

W = Sr +




M∑

i=1

Si +

N∑

j=1

Sj


 (1)

where the term between brackets represents the waiting
time due to the customers in queue when our client
arrived. So we can express the W in the system as

W = ρ

(
L

2
+ M · S + λ ·

L

2
· S

)
(2)

where we have used the fact that the waiting time will
be non-null with probability ρ, and that the number
of arrivals between the service start of the user in the
resource and our client arrival is a RV with mean λ ·

L/2. To see what is the distribution of M , we can
consider the queue of our M/P/1 system as another
M/G/1 system. Since the departing customers from a
M/G/1 system see the same distribution of the number
of users in the system as the one seen by a random
observer, the departures from the queue —to enter the
resource— see samples of the Q RV.

Finally, we can write Equation (2) as

W = ρ ·

(
L

2
+ Q · S + λ ·

L

2
· S

)

To achieve a good estimation of W , we can simulate
then a system where a user finds another customer
being served, and whose service time follows the dis-
tribution fL (x), obtainable from fS (x). The number
of users who arrive between the time the user in the
resource began being served and our client arrival will
be a Poisson RV whose mean will be known. The
queue length when the selected interval began is one
sample of the queue length distribution. If we could
calculate a good estimation of the queue length Q, the
sample of W when W > 0 would be obtained from
Eq. (1).

We can approximate the theoretical convergence ratio
of the classical simulation method (that starting from
an empty system and simulating the system along the
continuous time axis) and our proposed method using
the considerations on probabilities of appearance of
high-value samples we used in Section 3:



4.1. Classical Method

Consider the service time RV, S, whose pdf is a Pareto,
and a service time RV St, whose pdf is a truncated
Pareto from the former, with truncation value K

fSt
(x) =

fS (x)

1 − Pr (x < K)
x <= K

Its first and second moments are

St =
Kα − K

Kα − 1
· S (3)

S2
t =

Kα − K2

Kα − 1
· S2 (4)

and we see that St < S and S2
t < S2.

The probability of getting one sample value of a Pareto
less than K is 1 − K−α. If we generate a sample of
size Nt of a Pareto distribution, the probability that this
sample is indistinguishable of one of a truncated Pareto
with truncation value K, i.e., the probability of all those
samples are less than K is (1 − K−α)

Nt , so with this
probability we are getting a sample indistinguishable
of one from a truncated Pareto whose truncation value
will be K or less, so in this case an upper bound for
the second moment is given by Eq.(4).

So if we want to calculate with a given confidence P an
upper bound for the second moment with Nt samples
of our untruncated Pareto process, we do the following:

P =

(
1 −

1

Kα

)Nt

' e−
Nt

Kα ⇒ K '

(
Nt

− lnP

) 1

α

So the estimated second moment with a confidence of
P over Nt samples, Ŝ2[Nt, P], is

Ŝ2[Nt, P] =
Kα − K2

Kα − 1
· S2 '

Nt

− lnP −

(
Nt

− ln P

) 2

α

Nt

− lnP − 1
· S2

If we denote Ŵ [Nt, P] the estimated W with proba-
bility P over Nt samples, and define the accuracy in
the estimation of W as

A1[Nt, P] =
Ŵ [Nt, P]

W

it results that the estimated acccuracy in W with a
confidence of P over Nt samples, A1[Nt, P] is

A1[Nt, P] =
Ŵ [Nt, P]

W
=

Ŝ2[Nt, P]

S2
= (5)

Nt

− lnP − ( Nt

− ln P)
2

α

Nt

− ln P − 1

4.2. Proposed Method

We use the relationship

W =

(
L

2
+ λ

L

2
S + Q · S

)
· ρ (6)

where L is the distribution of the chosen interval
length. If S is a Pareto with shape parameter α, is
easy to see that L will be a Pareto with shape parameter
α2 = α−1. To calculate the estimation of L as function
of the number of samples, n, we use the same method
as above.

Considering the Pareto RV L, the estimation of the
mean of the correspondent truncated Pareto, Lt with
shape parameter α2 = α−1 and with truncation value
K is given by Eq (3)

Lt =
Kα2 − K

Kα2 − 1
· L =

Kα−1 − K

Kα−1 − 1
· L

In Equation (6) there is a term that represents the
average value of Q. We will estimate Q producing an
initial number of busy periods, randomly choosing one
point in time and calculating the Q when the selected
customer in service entered the resource. So if we
generate n samples of this initial simulation, we think
we can reasonably suppose that our estimation of Q
will tend to Q with the same speed like the one we
estimate L with. That supposition has been backed with
simulation results shown in Fig. 3, where we plot the
empirical pdf of the estimated W with 100 simulation
runs of the classical method and the proposed method,
and it can be seen that the obtained mean values are
close to those predicted by the analytic expression in
Eq. (7). Using this supposition, and if we denote A2

the accuracy in the estimation of L, L̂/L, we have

W =

(
L

2
+ λ · S ·

L

2
+ Q · S

)
· ρ

=

(
L̂

2 · A2
+ λ · S ·

L̂

2 · A2
+

Q̂ · S

A2

)
· ρ =

Ŵ

A2

A2 =
Ŵ

W
=

L̂

L
=

Kα−1 − K

Kα−1 − 1

The confidence for Nt samples being from a truncated
Pareto with shape parameter α−1 and truncation point
K or less is

P =

(
1 −

1

Kα−1

)Nt

' e−
Nt

Kα−1 ⇒ K =

(
Nt

− ln P

) 1

α−1

So an upper bound for the accuracy of the estimated
W will be, for a confidence P and Nt samples,



A2[Nt, P] =

Nt

− ln P −

(
Nt

− ln P

) 1

α−1

Nt

− ln P − 1
(7)

Fig. 2 compares the theoretical results for the upper
bounds of the convergence rates of both methods, the
classical one, given by Eq. (5), and the proposed one,
given by Eq. (7), for a probability of 99 percent. We
see that our method does not underestimate the real
mean value of the queue waiting time as much as
the traditional method. There is still a big difference
between both estimations and the real value due to the
fact mentioned in section 2: the probabilities involved
for high values of the service times are too small
for those values to appear in short simulations; but
the improvement in the estimation is appreciable. This
method can serve as basis for more improvements
using known facts from the underlying processes, and
we are working in the improvement of the simulation
algorithm.
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bounds for the convergence rates of the classical and proposed
method.

5. IMPLEMENTATION
To obtain samples of W with our method, we generate
the value 0 with probability 1−ρ, and with probability
ρ a sample of the service time length found by a
typical customer that has to wait. This is a Pareto
with shape parameter α2 = α − 1, where α is the
shape parameter of the Pareto representing the service
time. Next, we choose a random point in the generated
interval which will represent the arrival instant of a
typical client. The queue length in this moment will be
the clients in queue when the selected interval began,
plus the number of clients who arrived between the
beginning of the interval and the arrival of our client.
This last number is a Poisson RV with mean λ·U , with
U = L−Sr the elapsed time since the beginning of the
interval and our client arrival. We can directly generate
samples of this RV. But the number of users in queue

when the interval began follows the distribution of Q,
which is unknown, so we will have to estimate it using
a classical simulation. The waiting time of our client
will be, then, the residual life of the interval plus the
service times of the users in queue when it arrives.

6. PERFORMANCE
To evaluate the performance of simulations using this
method, we note that it uses more samples of the
random variables involved than the classical method.
The classical method needs one interarrival time and
one service time to produce one waiting time sample.
Our method needs to generate one classical simulation
to obtain estimates of Q, the queue length. To obtain
one estimate of the waiting time, we need to estimate
one queue length sample, Qi, with a classical simula-
tion; we need to generate one sample of a Pareto with
shape parameter α − 1; one Poisson to estimate how
many customers arrive between the beginning of the
chosen interval and our arrival, N , and N +Qi service
times. Moreover, taking into account the fact that our
estimates of Q will not be independent, because we are
obtaining them from samples in one finite simulation,
to reduce that dependence we can think of choosing
a small proportion of estimates of Q from the total
number of samples of our classical simulation. This
makes the mean number of random values to generate
one sample of the waiting time in our method bigger
than that of the classical method. But that difference
is not important enough to make the proposed method
worst in performance than the classical.

If we have a M/P/1 with shape parameter α, the clas-
sical simulation will need 1 Poisson RV and 1 Pareto
RV to obtain one sample of the waiting time. In our
method, we need one sample of the queue length from
a classical simulation. To reduce dependence between
samples of it, we choose them sampling the classical
simulation with a Poisson process with mean λ/n, with
n > 1. We will need n samples of Q in the classical
simulation to select one of them, Qi, for computation,
and that means n Poisson RVs and n Pareto RVs. We
generate one more Pareto for the length of the selected
interval, one Poisson for the number of arrivals in that
interval prior to ours, N , and Qi+N Pareto RVs for the
service times of all the arrivals. If we have a Pareto
service time with α = 2.1, and ρ = 0.5, using the
Pollaczek-Khinchin formula we have Q = 1.44, and
the average length of the chosen interval is 11. If we
select in average one of every four samples of Q for
computation, in the worst case, that in which we do not
underestimate the theoretical Q —because in that case
there are more service times to generate— we will need
in average 4 Pareto + 4 Poisson + 1 Pareto + 1 Poisson
+ 1.44 Pareto + 1.44 Pareto = 7.88 Pareto RVs + 5
Poisson RVs. This implies that we need approximately
6.5 times more samples to obtain one sample of W
than in the classical method. One fact that favours the



efficiency of our method is that it always produces
samples of W with W > 0. The classical method
generates interarrival and service times to produce the
value W = 0 with probability 1 − ρ. This is, we
are wasting computer resources to generate one known
value whose probability is known a priori. Our method
only produces samples of W when W > 0, giving a
mean value WW>0. The final mean value of W will be
ρ ·WW>0. The lower is ρ, the better is our method in
terms of efficiency compared with the classical method.
So in the previous example, given that ρ = 0.5, we can
consider our method to use 6.5/2 = 3.25 times more
samples than the classical one.

If we generate some simulations of the two methods,
and represent the pdf of the estimated W = 5.5, we
obtain Figure 3, for which we run 100 simulations
of 1 million samples of W in every method. It is
clear that the proposed method has better accuracy.
If we take into account that our method uses more
samples and represent the pdf of the two methods but
this time the classical method uses four times more
samples to compensate the more samples used by our
method, we obtain Figure 4, which uses 100 runs of 1
million values of the waiting time with the proposed
method and 100 runs of 4 million values in the classical
method. The difference between the accuracies in both
methods is lower than that in Figure 3, but it is still
appreciable that the proposed method works better,
now with similar performance.
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7. CONCLUSION

The computer simulation of M/P/1 queues presents
important difficulties due to the slow decaying tail
of the Pareto distribution. This makes extremely high
values, with great influence on the statistical figures
of the system, appear with so low probabilities that
if we want to simulate the physical underlying pro-
cesses, generating demanded times and time arrivals,
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6 in the classical one.

the cost in time will probably be prohibitive if we want
accurate results. This forces to use all our knowledge
of the statistics of the system inner processes, so the
simulation can noticeably speed up.

REFERENCES

Gross, D., Shortle, J.F., Fischer, M.J. and Masi, D.M.B. 2002. “Dif-
ficulties in simulating queues with pareto service”. In Proceedings
of the 2002 Winter Simulation Conference, 2002.
Kleinrock, L. 1975. “Queueing systems”. Wiley & Sons.
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Abstract 
 
A series of projects have been, and are being, performed, that look at modelling human 
decision-making in simulations.  The focus is on using a simulation to elicit knowledge about 
human decision-making.  Artificial intelligence methods are then used to learn the humans’ 
decision-making strategies.  By linking the trained artificial intelligence system with the 
simulation, it is possible to assess the performance of the decision-maker.  Results are 
presented from the most recent project.  The motivation for modelling human decision-
making is also discussed.  In this work the prime motivation is to understand and improve 
decision-making, rather than to develop more accurate simulation models. 
 
1. Introduction 
 
Since the mid-1990s the author has been investigating the use of artificial intelligence 
methods as a means for representing human decision-making in simulations.  This paper 
describes the history of this work and future work that is being undertaken.  Starting from an 
idea generated when attempting to model rail marshalling yards, an artificial example of 
simulation and expert systems working in collaboration was generated.  The ideas were then 
applied to a real case of maintenance operations at an engine assembly plant.  Future work is 
looking into simulation as a means of knowledge elicitation.  The paper briefly describes 
each of these phases of work and concludes by discussing why it is important to model 
human decision-making. 
 
2. Forming Ideas 
 
In the mid-1990s the author undertook an ESPRIT funded project looking into the simulation 
of industrial rail marshalling yards.  This work, carried out in collaboration with a Belgian 
consultancy, aimed to identify the requirements for a rail yard simulator.  Previous 
experience had shown inadequacies in the commercial software available.  It was particularly 
difficult to represent the movement and shunting of individual wagons, backwards and 
forwards in a yard. 
 
In discussing the nature of rail yard operations another important issue arose.  A supervisor is 
employed to receive incoming trains and direct the splitting up of wagons within the yard.  
The supervisor is also tasked with selecting wagons from different locations in order to form 
outgoing trains.  This involves complex decision-making, especially if wagons are to be 
directed and removed from locations in order to minimise the movement and disturbance to 
the yard.  Since the supervisor's knowledge is largely tacit, it is difficult for him/her to 
express the strategies that are employed.  As a result, there is no direct means for representing 
the decision-making strategy in a simulation model.  Indeed, it became apparent that 
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modelling the human decision-making was more problematic than modelling the physical 
movement of wagons. 
 
3. Proof of Concept 
 
A possible to solution to this issue was the use of expert system, or potentially other artificial 
intelligence methods.  Researchers had previously attempted this with some success (Flitman 
and Hurrion, 1987; O’Keefe, 1989; Williams, 1996; Lyu and Gunasekaran, 1997).  Some of 
this work had been carried out a number of years earlier and none of it seemed to entail the 
use of commercial software, which was the focus of the rail yard study. 
 
A small study was set-up to answer two questions: 
 
• Could commercial expert systems be linked to commercial simulation software as a 

means of modelling human decision-making? 
• Could the simulation model be used as a means of knowledge elicitation, by getting a 

decision-maker to interact with the model? 
 
The aim of the second question was to see if the problem of tacit knowledge could be 
overcome by creating decision scenarios in a simulation and getting an expert to respond to 
those scenarios. 
 
A simple simulation, based on a real case in a steel factory, was developed in Witness (figure 
1).  Lorries arrive at a lorry park requiring loads of between 5 and 20 items.  On arrival the 
lorries are allocated to a loading bay by the bay supervisor, should a suitable one be available.  
In making this decision the supervisor must take account of the restrictions on the bay 
capacities.  Lorries requiring more than 10 items must be allocated to bay 2 or 3, since bays 1 
and 4 only have capacity for up to 10 items.  Should a bay not be available then the lorry 
waits in the park until a suitable bay becomes available.  Once a lorry is allocated, it moves to 
the bay where it is loaded before departing from the system.  
 
Figure 1  Lorry Loading Bay Example 
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XpertRule was used to develop the expert system that represents the supervisor’s allocation 
decisions.  This package was selected for two reasons.  First, it adopts a rule induction 
approach.  Second, XpertRule is one of the few expert systems packages available that has a 
true Windows implementation and is OLE compliant. 
 
Since Witness can only work as an OLE slave, it was necessary to develop a model controller 
(MC) in Visual Basic (figure 2).  The MC initiates the run of the simulation model.  At a 
point where an allocation decision is required, the simulation model automatically stops and 
waits until the MC returns a decision and continues the run.  Once the MC has detected that 
the model is not running, it extracts data from the model which it passes to the expert system 
for a decision.  The decision is returned to the simulation model via the MC.  Some effort was 
required to ensure that this sequence of events was adhered to.  A particular difficulty was 
encountered in detecting whether the Witness model had stopped running before seeking a 
decision from XpertRule.  If Witness could act as an OLE client it could call XpertRule 
directly, removing the need for the MC.  This would have simplified the linking of the 
packages significantly. 
 
Figure 2  Linking Witness to XpertRule 
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In order to develop the expert system decision tree, the simulation was first used as a 
knowledge elicitation engine.  The simulation was run and at a decision point the user (the 
author) was prompted for an allocation decision.  These decisions were logged in a data file 
along with variables describing the state of the system.  These were then used to train the 
expert system.  The decision tree shown in figure 3 was developed using this approach. 
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Figure 3  Decision Tree Induced from Examples 
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Once the decision tree had been defined, the simulation could be run with the expert system 
(rather than the decision-maker), in order to determine the effect of the decision-making 
strategy on the operation of the loading bay.  Full details of this work can be found in  
(Robinson et al, 1998) 
 
4. Modelling Maintenance Decisions in a Manufacturing Plant 
 
The example above showed that commercial software could be linked for the purposes of 
representing human decision-making and that simulation could be used to good effect as a 
knowledge elicitation approach.  As with previous work, however, this was an artificial 
example.  The question, therefore, arose: could this approach be used in a real and complex 
case?  In 1999 a three-year EPSRC funded collaborative project began, looking at this very 
issue.  The project was a collaboration between Warwick Business School, Aston University, 
Ford Motor Company and the Lanner Group.  The case considered was an engine assembly 
plant and the decisions taken by supervisors when a machine fails.  The work is described 
briefly below and more fully in (Robinson et al., 2001) 
 
In the engine assembly plant, blocks are placed on a 'platten' and pass through a series of 
automated and manual processes.  For the purposes of this research, the maintenance 
operations on a self-contained section of the engine assembly line were considered.  Prior to 
the research a simulation model of the complete engine assembly facility had already been 
developed.  The model, developed in the WITNESS simulation software, was used to identify 
bottlenecks and to determine viable operating alternatives.  The maintenance logic in the 
model assumed that when a machine fault occurred, the decision would be to make an 
immediate repair.  Random sampling was used to determine the skill level of the engineer 
required to service the fault.  These assumptions were considered to be adequate for the 
purposes of the study that was performed. 
 
In practice, however, a maintenance supervisor has a number of options beyond repairing the 
machine immediately: 
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• Stand-by: an engineer manually processes parts until the end of the shift, when the 
machine is repaired. 

• Stop the line 
• Do nothing 
 
The question was, could the simulation that already existed be used to elicit knowledge from 
the maintenance supervisors on how they made these decisions, and could this information be 
used to develop an artificial intelligence representation of the decision-maker?  The aim was 
not so much to be able to develop a better simulation model, but to devise a means for 
identifying and then improving decision-making. 
 
To address this issue, the knowledge based improvement (KBI) methodology was devised 
which consisted of five stages: 
 
• Stage 1: Understanding the decision-making process 
• Stage 2: Data collection 
• Stage 3: Determining the experts’ decision-making strategies 
• Stage 4: Determining the consequences of the decision-making strategies 
• Stage 5: Seeking improvements 

 
These stages are described in detail in (Robinson et al., 2001). 
 
Following a process of knowledge elicitation, up to 63 example decisions were collected 
from each of the three maintenance supervisors (one for each shift).  Knowledge elicitation 
sessions lasted about one hour.  This seemed to be a limit on the time the supervisors had 
available and on their ability to concentrate on making decisions in the model. 
 
A number of artificial intelligence methods were trained using the examples obtained with 
varying degrees of success.  Table 1 shows the proportion of example decisions that were 
incorrectly classified by the different methods.  A zero score implies a perfect classification. 
The poor performance of the neural network in unsurprising, since they are known not to 
perform well with small training sets. 
 
Table 1  Misclassification Comparison 
 
 Decision-maker 
 1 2 3 
ID3 (XpertRule) 0/63 0/63 0/53 
CART (SPSS) 5/63 4/63 4/53 
Neural Network (Matlab) 19/63 10/63 24/53 
Logistic Regression (SPSS) 0/63 0/63 0/53 
 
The simulation was then run with the ID3 decision tree.  The results in figure 4 show the day-
to-day throughput resulting from employing the three different decision-making strategies, as 
well as the results obtained from the decision logic in the original model developed by Ford.  
This shows some differences in the plant throughput as a result of the different decision-
making strategies. 
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Figure 4  Throughput under Alternative Decision-Making Strategies 

 
 
5. Knowledge Elicitation through Simulation 
 
The work on the engine assembly case demonstrated the possibility of using the KBI 
methodology in a real situation, as well as some of the difficulties in its use.  One particular 
difficulty was in obtaining realistic decisions from the supervisors and in obtaining sufficient 
example decisions to enable valid artificial intelligence representations to be trained.  A 
further three year project started in October 2002 which will address these specific issue of 
knowledge elicitation.  This work is also funded by the EPSRC with collaboration from Ford, 
Lanner Group and Aston University. 
 
The specific objectives of the project are: 
 
• To determine alternative mechanisms for eliciting knowledge from decision-makers using 

a visual interactive simulation 
• To compare the alternative methods in terms of their efficiency (speed of data collection) 
• To compare the alternative methods in terms of their effectiveness (accuracy of data 

collection) 
• To compare the data collection methods in terms of the ability to train various artificial 

intelligence methods from the data sets collected 
 
This will involve considering the following issues: 
 
• Level of visual display: paper based, none, 2D, 2½D, 3D 
• Interactive interface: number of decision-making attributes (key data upon which 

decisions are taken) that are reported to the decision-maker 
• Scenario generation: use of historic scenarios, adapted historic scenarios to give more 

extreme examples, random sampling of scenarios, adapted random sampling of scenarios 
to give more extreme examples 

• Self learning: learning responses to specific scenarios as the data collection progresses 
and automatically responding to future iterations of the same scenario 
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6. Conclusion: Why Model Human-Decision Making? 
 
In conclusion, it is worth discussing the motivation for modelling human-decision making.  Is 
it to enable the development of better models, or to help better understand and possibly 
improve human decision-making? 
 
Checkland (1981) describes four types of system.  Two are of interest here: 
 

• Designed physical systems: systems designed by humans with no human interaction in 
day-to-day operations e.g. an automated warehouse. 

• Human activity systems: systems of human activity, existing purely as human 
interaction e.g. political and social systems. 

 
These represent systems at two extremes in terms of human interaction.  In simulation 
modelling of the type considered in this paper (operations system modelling), we are rarely 
dealing with systems at either extreme, but somewhere between the two.  Operations systems 
typically consist of a designed physical system in which humans interact e.g. a manufacturing 
line or a bank.  Human decision-making is a key aspect of that human interaction.  Since 
human interaction and decision-making are central to operations systems, there is a clear 
motivation for modelling that interaction. 
 
But are we looking to develop better models by including elements of human decision-
making?  There is a potential problem with this motivation.  Robinson (1994) presents the 
diagram shown in figure 5.  This shows that there are diminishing returns, in terms of 
accuracy, from increasing the level of complexity in a model.  Indeed, it is argued that there 
comes a point at which added complexity reduces the accuracy of a model because there is 
insufficient knowledge to support the detail being modelled.  Modellers would argue that the 
optimum point, or best model, is around point x.  This is the point at which the model is 
sufficiently accurate and beyond which there is little gain from additional complexity.  The 
exact location of point x depends upon the purpose of the model, which in turn determines 
the required level of accuracy. 
 
Figure 5  Simulation Model Complexity and Accuracy (Robinson, 1994) 
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One motivation for modelling human decision-making is to add extra complexity to a model 
in order to improve its accuracy.  The danger of this approach is that it could be trying to 
climb along the flat part of the curve in figure 5 and so gives little gain.  Indeed, it could be 
argued that although a slightly more accurate model is generated by modelling human 
decision-making this does not represent a better model, since a large amount of effort is 
required to obtain only an incremental improvement in accuracy.  This argument depends 
very much on the modelling context and the required level of accuracy.  There are cases 
where incremental gains in accuracy are needed, since a high level of fidelity is required.  
 
Another motivation is to model human decision-making so it is better understood and it can 
be improved.  This should help to improve the performance of the systems in which the 
humans are interacting.  The concentration is no longer on making models more accurate, but 
on using the models to assess the effects of human interaction and to look for ways of 
changing the human interaction in order to improve system performance.  In this case model 
accuracy plays a secondary role to generating insight and understanding.  This is the 
motivation behind the knowledge based improvement methodology. 
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Abstract: We present a discrete-event simulation model for maintenance operations of a fleet of fighter aircraft 
in crisis situations, where the fleet operations are affected by a threat of an enemy's actions. The model describes 
the flight process and basic modes of periodic maintenance and failure repairs. Features that are specific to crisis 
situations include battle damages of the aircraft, decentralization of airbases, specialized maintenance personnel 
and spares supply. Construction and validation of the model are based on expert knowledge and statistical data 
on actual flight and maintenance operations in peacetime conditions. The main use of the model is the evaluation 
of different maintenance strategies in elevated states of readiness and in presence of hostile activities. Built with 
a graphical simulation software the model provides an easily manageable tool for maintenance designers. In 
addition, it offers a valuable educational aid in training maintenance personnel by demonstrating the 
implications of airbase maintenance and logistics activities to fleet performance.  

Keywords: Aircraft, maintenance, discrete-event simulation, logistics 

 

1 INTRODUCTION 

F-18 Hornet fighters and Hawk Mk51 jet trainers form 
the basis of the aircraft fleet of the Finnish Air Force 
(FiAF). The aircraft are used for the different tasks 
involved in maintaining the nation's air defense such as 
pilot training and air surveillance. The flight process of 
the fleet and the related logistic support constitute a 
system with complex dynamics. Different operating 
policies, i.e. the use of personnel resources, materials 
and equipment have to be fitted together to assure that 
the entire system functions as desired with regard to 
different operational goals. In peacetime operations, 
the goals might be the capability to sustain certain 
long-term level of preparedness or the capability to 
restore the level in a certain limited period of time. The 
complexities of the problem are further amplified in 
states of emergency, where the fleet operates under a 
threat of an enemy. It is of great importance for the 
planners of air defense strategies to be able to predict 
the supportability requirements for the aircraft and the 
level of performance that can be expected of the fleet. 

This paper presents a discrete-event simulation model 
for analyzing the flight and maintenance operations of 
a fleet of F-18 Hornet or Hawk Mk51 aircraft in an 
uncertain operational environment. By uncertain 
environment, we refer to operating conditions of crisis 
situations. Compared to normal operations, a greater 

uncertainty is involved in the flight and maintenance 
processes due to the limited knowledge and experience 
of such circumstances.  The actual nature of operations 
is strongly affected by the actions of the enemy, which 
are difficult to predict. 

From modeling perspective, the implications of the 
uncertainty of the environment are twofold. The 
shortage of initial data increases the uncertainty 
involved in determining the values of model 
parameters. Furthermore, the selection of an 
appropriate model form becomes complicated. For 
example, constructing a model that describes the flight 
process and sustaining of battle damages of the aircraft 
in varying operating conditions can be implemented in 
a number of ways. 

The construction and the validation of the simulation 
model presented in this paper are based on expert 
knowledge and statistical data on actual peacetime 
flight and maintenance operations. Experiences on an 
earlier preliminary study of flight and maintenance 
operations are utilized in the implementation of the 
model, see [Raivio et al., 2001]. Thus, the validation of 
certain components of the model is based on formerly 
validated simulation results. Due to the absence of data 
on wartime operations, the use of expert knowledge in 
the construction and the validation is emphasized. In 



 

 

addition, the model is aimed at providing an 
experienced user, such as a maintenance designer, 
enough flexibility to consider a wide range of 
scenarios without further programming. Flexibility is 
accomplished by making alternative model forms 
available through change of parameters.   

The simulation model describes the flight process, 
failures of the aircraft and different types of 
maintenance. The characteristics of airbases and 
maintenance facilities, such as material and personnel 
resources, are included in the model. Parts of the 
model that specifically describe crisis situations 
include the battle damages of the aircraft, the 
decentralization of airbases, specialized maintenance 
personnel, and the supply of certain spare parts.  

The model is implemented using Arena, a graphical 
discrete-time simulation modeling environment 
[Kelton et al., 2001]. A graphical user-friendly 
environment allows the maintenance designers to use 
the model independently in studying the effects of 
different operating policies and conditions on fleet 
performance. Aircraft availability, defined here as the 
fraction of mission capable aircraft to their total 
amount, is used as the primary measure of 
performance. However, a number of other logistic 
indicators can be monitored. The model allows 
dynamically evolving operating conditions which 
makes it possible for the user to consider multi-phased 
scenarios. By demonstrating the implications of airbase 
maintenance and logistics activities to fleet 
performance, the simulation model also serves as an 
educational aid in training maintenance personnel. 

Simulation approaches have formerly been used in 
studying availability or supportability requirements of 
different weapon systems by, e.g., Pohl [1991], who 
presents a simulation model for flight and maintenance 
operations of a squadron of F-15E fighter aircraft. The 
model is used to study the performance of the 
squadron in both peacetime and wartime scenarios. 
Kang et al. [1998] examine strategies for reducing 
repair cycle-times in naval aviation depots. They 
present a simulation model, which primarily 
concentrates on the repair of aircraft components that 
are critical to readiness due to short supply. Balaban et 
al. [2000] consider the effects of proposed reliability 
improvement schemes on availability of C-5 Galaxy 
cargo aircraft through a Monte Carlo simulation 
model. In [Sadananda and Srinivasan, 2000] and 
[Cook and DiNicola, 1984] the availability of fleets of 
aircraft and helicopters, respectively, are modeled. 
Both of these papers consider battlefield operations.   

2 FLIGHT AND MAINTENANCE 
OPERATIONS 

The F-18 Hornet and Hawk Mk51 aircraft of FiAF are 
primarily operated in three squadrons that are located 

in their own air bases. A majority of peacetime flight 
operations consists of pilot training. Along with the 
normal daily flying, the aircraft are used in exercises 
that may, e.g., involve wider scenarios or co-operation 
of forces. Other types of missions are patrol and 
identification missions. The daily flight schedules are 
planned in advance. In the planning process the effects 
of the cumulated usage and the maintenance 
requirements of individual aircraft on future flight and 
maintenance operations are taken into account.  

Between flights the aircraft undergo turnaround 
inspections and replenishments. A pre-flight check is 
conducted before the first flight of the day. 
Maintenance of this type is referred to as everyday 
maintenance. Besides normal tasks, possible 
component failures are preliminarily analyzed during 
turnaround inspections. Aircraft that are defined not 
mission capable are directed to an appropriate repair 
facility. The aircraft are also subject to damages that 
are here defined as being caused by some unexpected 
event and not gradual deterioration of components. 

Periodic maintenance constitutes a major part of all 
maintenance operations. The frequency of periodic 
maintenance is based on cumulated usage hours of the 
aircraft. Aircraft manufacturers initially specify 
maintenance intervals but they are generally later 
adjusted by the users. These intervals have certain 
amount of tolerance that allows variability in the actual 
time between maintenance operations. Thus, the 
workload of repair shops can be taken into account in 
the planning of these operations. In FiAF, six levels of 
periodic maintenance are performed for the Hawks. 

The different types of maintenance are carried out in 
facilities of variable capabilities and resources. 
Turnaround and preflight inspections, some periodic 
maintenance as well as minor failure or damage repairs 
are conducted by each squadron at the airbase. 
Maintenance of this type is generally referred to as 
organizational level (O-level) maintenance. The 
squadrons also have separate aircraft repair shops that 
are located in the airbases. These repair shops handle 
more elaborate periodic maintenance and failure 
repairs. They are referred to as intermediate level (I-
level) facilities. The most elaborate maintenance takes 
place at depot level (D-level) repair shops. In practice, 
the allocation of tasks to different levels is not strict 
because the planning of maintenance schedules and the 
availability of resources affect where the aircraft are 
ultimately maintained.  

2.1 Crisis Situations 

As there exists very limited amount of data on 
maintenance and flight operations in wartime 
conditions, the knowledge of these circumstances is 
based on expert judgement of FiAF personnel. In crisis 
situations, the fleet operates under threat of an enemy, 



 

 

hereafter referred to as the opponent. Some insight of 
the nature of these kinds of operating conditions can be 
gained from war-game-like exercises and contingency 
plans. However, this data is classified to a large degree 
and has not been made entirely accessible to the model 
constructors. The general principle of the modeling 
effort has therefore been to develop a simulation tool 
with enough flexibility to allow the end users to 
independently analyze any scenarios that involve the 
use of confidential data.  

The most evident change in flight operations between 
normal conditions and crisis situations are the 
engagements with opponent's aircraft. Subsequently, 
the fleet may suffer losses in the form of damaged or 
destroyed aircraft. Also, the average flight intensity 
most likely increases during a crisis. The flight pattern 
in wartime operations may be very uneven, with 
periods of high and low intensity operations recurring 
randomly.  

Changes in the flight operations add to the 
requirements of the maintenance system. Besides battle 
damages, increased flight intensity increases the need 
for failure repairs. Demands for aircraft maintenance 
are further amplified by alterations in the nature of 
actual maintenance tasks. Larger amount of 
maintenance consists of failure and damage repairs. 
Furthermore, there is a pressure to restore the aircraft 
to a mission capable condition as quickly as possible. 
In crisis situations, non-critical maintenance can be 
discarded in order to ease the workload of repair 
shops. 

The squadrons may be required to decentralize their 
operations and use alternate airbases that are located as 
to provide better defense against the threat caused by 
the opponent. These alternate airbases are categorized 
into three levels according to existing infrastructure 
and operational capabilities. Class I airbases refer to 
such facilities that can respond to all operational needs 
of a squadron. Basically, they correspond to the main 
airbases of peacetime operations. Class II and III 
airbases lack some of the operational capabilities and 
may, e.g., not be able to conduct certain elaborate 
maintenance tasks. In a decentralized setting, a 
squadron operates from multiple airbases. Benefits of 
decentralization include the added flexibility in 
directing the use of forces. However, relying on a cut 
down infrastructure can affect the conduction of 
maintenance activities or the supply of materials. 

3 THE SIMULATION MODEL 

The simulation model of the flight and maintenance 
processes describes the operations of three squadrons 
and a central depot-level maintenance facility. The 
structure of the model is presented in Figure 1. The 
arrows with solid lines represent the movement of the 

aircraft between different processes. The dashed lines 
describe material and information flows. 
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Figure 1: Structure of the simulation model 

In general, all the essential characteristics of the flight 
and maintenance operations are included as input 
parameters in the model. Moreover, these parameters 
can be arbitrarily changed during simulation runs 
enabling the user to study dynamically evolving 
operating conditions or effects of changes in operating 
policies. This means that also the model structure is 
flexible to a certain extent. The aim has been to reduce 
the uncertainty that relates to the selection of the model 
form. A user that is knowledgeable of the underlying 
system and its operating environment is allowed as 
much freedom as possible in determining the 
characteristics of the model. For instance, the airbases 
of the squadrons can be removed out of use or 
introduced at all times making it possible to describe, 
e.g., the transfer of airbases to varying geographical 
locations. 

In the model, the squadrons operate independently of 
each other. By default, the aircraft are always directed 
to their own airbases unless this airbase cannot conduct 
a required maintenance task. For simplicity, all 
operational aircraft are involved in the flight activities. 
Times between flight missions follow an exponential 
distribution. If a sufficient amount of operational 
aircraft do not exist, the mission is either carried out 
with fewer aircraft or discarded. The main interest in 
the flights is focused on the accumulation of flight 
hours and the occurrence of failures and battle 
damages. The missions do not involve specific 
objectives and discarding a mission does not have 
effect on other activities in the model. All missions that 
were conducted with fewer aircraft than required or 
that were discarded are simply registered in the 
simulation results. 

Aircraft maintenance in the airbases is organized into 
different level facilities as described in the previous 
section. All airbases conduct everyday maintenance as 
well as O-level tasks. Class I airbases include a 



 

 

separate I-level aircraft repair shop which is in class II 
airbases replaced by a certain amount of additional 
maintenance personnel that is specialized in damage 
repairs. Depot-level level maintenance takes place at a 
single central facility that serves all squadrons.  

Aircraft requiring maintenance are directly transferred 
to appropriate maintenance facilities. The need for 
periodic maintenance is determined based on 
accumulated flying hours and pre-specified 
maintenance intervals. Failures of the aircraft also 
occur depending on accumulated flight hours. Times 
between failures are assumed exponentially 
distributed. For each occurrence the type of 
malfunction is defined randomly according to type 
specific probabilities. Six types of failures can be 
defined in the simulation model. Similarly, the model 
contains six types of battle damages. Aircraft that carry 
out a flight mission face hostile aircraft with a certain 
probability. If an encounter occurs, the aircraft are 
damaged or destroyed with assigned probabilities. 

In the simulation model, all maintenance facilities have 
their own personnel. A resource requirement and a 
distribution of the task time is associated with each 
maintenance type. The actual time required to 
complete the maintenance task is calculated by 
dividing the initial duration with allocated number of 
mechanics. The aircraft are maintained in order of 
arrival, i.e., no prioritization of jobs is considered in 
the model.  Variation in maintenance manpower due to 
holidays, sicknesses or other absences is not taken into 
account. Thus, the number of maintenance personnel 
describes the effective available manpower. 

During flight missions the aircraft spend fuel and 
certain munitions and countermeasures. In addition, 
spare part requirements can be associated to all types 
of periodic maintenance as well as failure and damage 
repairs. Material inventories of the airbases are 
replenished according to a specified order point. 
Alternatively, new materials may be separately 
acquired each time a need arises.  

3.1 Estimation of Input Parameters 

Base values for maintenance times, failure and flight 
intensities as well as parameters related to the 
characteristics of the airbases are defined using data on 
normal operations of Hawk Mk51 aircraft and expert 
knowledge of FiAF personnel. In crisis situations, 
operating conditions for the fleet are largely dependent 
on the threat scenario under consideration. Input 
parameters are therefore chosen individually for each 
scenario. As initial data is scarce the parameters are 
necessarily based on expert judgement and existing 
contingency plans for war-time operations. The base 
values provide a starting point for definition of these 
parameters. 

Raw statistical data for estimating I- and D-level 
periodic maintenance times is available from one I-
level facility. Additionally, estimated values for mean 
and variance of maintenance times in one of the depot-
level repair shops are at disposal. Based on graphs of 
the raw data, alternative models for maintenance times 
include several probability distributions. Statistical 
tests show that distributions with right-sided tail are a 
more suitable choice compared to symmetric 
distributions. As the number of observations is 
somewhat limited for certain maintenance types, 
stronger conclusions cannot be made. Ultimately, the 
gamma distribution has been chosen as the model for 
the duration of all periodic maintenance types. It shows 
a reasonably good fit for all data sets and in particular, 
provides a good fit for those types of which most 
observations exist. Gamma distribution is commonly 
used to model different task times [Law and Kelton, 
2000].  

Normal distribution is chosen as the model for the 
turnaround and pre-flight inspections. Justification for 
the choice is that the contents of these maintenance 
types generally remains fairly unchanged. Elaborate 
periodic maintenance may involve considerable 
amount of additional tasks such as delayed repair of 
non-critical failures causing the distribution of the 
maintenance duration to be skewed. Maintenance types 
with fewer tasks have less variability in contents and 
are less likely to be severely delayed even in individual 
cases. Values for the mean and standard deviation of 
the duration are provided as subjective estimates of 
maintenance personnel. 

The mean and standard deviation of failure repair 
times as well as the mean time between failures are 
directly available from reference data provided by 
FiAF. Times between failures are assumed 
exponentially distributed. Failure repair times, on the 
other hand, are assumed to follow the gamma 
distribution. Failure repair times are commonly 
modeled with non-symmetric distributions such as 
gamma or exponential distributions. For simplicity, the 
gamma distribution was chosen in this case, since it 
provides as good a model as other right-tailed 
distributions with regard to the available data. 

Average flight intensity and average flight duration are 
defined on the basis of statistical data on all missions 
of the Hawks during a time period of one year. The 
amounts of accumulated flight hours for each aircraft 
are also available from these statistics. 

3.2 Validation of the Model 

Since reference data does not currently exist on some 
aspects of the system under consideration, the process 
of verification and validation of the model relies, to a 
certain degree, on subjective measures. Close 
collaboration between the model constructors and the  



 

 

representatives of FiAF has been maintained during 
the entire modeling effort. Additionally, the model 
structure, its underlying assumptions, principles of 
implementation, input parameter values and ultimately 
simulation results have been presented to a variety 
logistics and maintenance personnel of different 
organizational levels. These reviews have taken place 
throughout the modeling process and feedback from 
these occasions has been actively utilized to further 
develop the model. Preceding the final accreditation, 
the simulation model will undergo independent tests of 
the end user. 
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Figure 2: Sensitivity of the average availability to 
flight and failure intensities 

As the characteristics of the model are adjustable to a 
large extent, it can describe normal operations with 
suitably chosen values of input parameters. The 
simulation results can therefore be partially validated 
with reference data from actual flight and maintenance 
operations in normal conditions. Available data 
includes values of aircraft availability from a period of 
four years. This data exists in the form of 3- and 12-
month moving averages. The simulation model 
predicts an average availability of approximately 75% 
for normal operations, which differs slightly from the 
actual value. The difference is most likely due to the 
simplifying assumptions such as the exclusion of 
certain types of maintenance and administrative delays 
from the model. 

The validity of the current model may also be assessed 
by comparing its outputs with other simulation results. 
The preliminary study of the flight and maintenance 
operations provides a validated model for this purpose, 
see [Raivio et al., 2001]. Sensitivity analyses were 
conducted to find out how responses of the current 
model are affected by variations in important input 
parameters and to evaluate the extent to which these 
results differ from those of the other model. Figure 2 
shows an example analysis of the current model. In the 
example, the sensitivity of average availability to flight 

and failure intensities in normal operating conditions is 
considered. The responds show similar behavior with 
those of the earlier model and are therefore regarded as 
valid.  

4 EXAMPLE SIMULATION 

As an example of possible applications of the model, a 
scenario with dynamically evolving operating 
conditions is presented. We study how the timing of a 
change in maintenance policy affects fleet performance 
and specifically aircraft availability. 

In the scenario, the operating conditions are assumed 
to change in four phases. In the first phase, the state of 
readiness is elevated and the flight intensity increases 
compared to normal operations. The second phase 
involves further increase in the amount of flight 
missions. Additionally, the operations of the squadrons 
are decentralized into four airbases. The third phase 
represents the transition to the actual combat phase as 
the squadrons respond to activities of the opponent. 
During the missions, the aircraft may be damaged or 
destroyed. In the fourth phase, the intensity of the 
combat decreases as the opponent is assumed to suffer 
losses that limit its operational capabilities. 

The change in the maintenance policy involves 
discarding most of the periodic maintenance in order to 
release more aircraft to flight operations. Thus, the 
example examines one alternative periodic 
maintenance strategy compared to the maintenance 
program of normal operations. The alternative policy is 
applied to all aircraft with no exceptions. It might seem 
desirable to consider each maintenance decision 
separately, i.e., whether individual aircraft could be 
maintained during periods of lower flight intensity. In 
a highly uncertain environment, this would, however,  
entail a certain amount of risk by reserving the 
resources for non-critical operations. The assumption 
of no exceptions can here be regarded as reasonable. 

The new policy is employed at the start of one of the 
first three phases of the scenario. These transition 
times can be thought of representing time instants 
where new strategic information on the opponent is 
received. At each time instant, the commander of 
operations is to decide on the course of action in the 
changed circumstances. Figure 3 presents the 
simulation results for the three cases where the new 
maintenance policy is employed and for the case where 
the policy is not employed. The plotted availability 
figures represent values that are averaged across 20 
independent replications. 
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Figure 3: Effect of the timing of maintenance policy 
change on aircraft availability 

Figure 3 clearly shows that some types of periodic 
maintenance have to be given up to maintain the 
capability of fulfilling the operational requirements of 
a high intensity crisis. Depending on how quickly the 
situation evolves, certain amount of periodic 
maintenance may be conducted at the early stages of 
the crisis. If all maintenance is completed without pre-
emptions, the availability will, however, rise rather 
slowly. 

For further conclusions sensitivity analyses are 
required to assess the effect of the underlying 
assumptions of the example. These assumptions are 
mainly concerned with the usage of resources in the 
airbases and the strategy of the opponent. Furthermore, 
the short-term effect of discarding periodic 
maintenance on failure intensity of the aircraft has to 
be considered. 

5 DISCUSSION 

The primary objective of the modeling effort is to gain 
new insight into the effect of maintenance policies and 
operating conditions on the overall performance of the 
aircraft fleet of the Finnish Air Force. The presented 
simulation model describes the essential features of the 
flight and maintenance operations in both normal 
conditions and crisis situations, where the fleet is faced 
with added operational uncertainty. The model 
provides a way to quantitatively assess the effects of 
proposed improvements to the maintenance system. 
The model is constructed and validated in close co-
operation with representatives of FiAF. In addition, it 
is implemented with graphical simulation software and 
thus allows easily manageable simulation analyses.  

The introduction of the model to FiAF has been started 
by initiating a user-training process for potential end 
users. The training aims at familiarizing these users to 
the general objectives of the modeling effort, 
principles of the simulation methodology and the 

features of the model. Simultaneously, the training 
process serves as a way to collect feedback on the 
functionality of the model to support its further 
development and updating. Training is also necessary 
to assure that the simulation methodology will be 
correctly applied and its limitations are understood by 
the user-organization. Overall, early experiences of the 
use of the model suggest, that the model provides the 
Air Force a valuable aid in the design of aircraft 
maintenance policies and education of maintenance 
personnel.  
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Abstract  Exponential computational complexity  of  digital systems formal verification  algorithms  excludes  any 
possibilities of  full-automatic  verification  of complex digital systems. On the other hand, the informal design 
simulation is also impractical time-consuming.  Probably, the possible outcome is to form a verification strategy 
which, on one hand would combine both approaches, and on the other hand would include a guide to issue 
verifications algorithms-and-tools appropriate  for a given design. It implies a characterization of both verification 
algorithms and design process.   In fact, it means a structurization of various models of design, which are used both 
explicitly and implicitly during design verification activity.    
This paper, relying on the previous experience in testability design planning [1] as well as corrent publications in 
formal verification areas   considers  some possibilities of planning  of digital systems  verification activity to 
achieve high degree of functional verification.  
 
Key words: formal verification,  design verification,  digital circuits simulation. 
 
 
1. INTRODUCTION 
 
Designers of complex digital systems (ASIC, 
application-specific/general-purpose microprocessors 
(MP)), etc.) need validation methods and tools to 
guarantee a perfect design before a process of its 
manufacturing is started. Errors detected after start of 
fabrication lead both to added production costs and 
delay the product. This delay may be very critical 
issue of market control. For example, some data in [2] 
shows that loss due to late marketing for 10-15 weeks 
may be up to half million USD. 
 
This validation is performed mostly as a 
“verification”, checking  if a system design is correct 
with respect to a specification (which is understood 
here as an initial description of aimed design  on a 
given represenation level (e.g., finite –state machine, 
register-transfer (RTL), or gate level).    
 
The traditional and the most common method of the 
verification is verification via simulation. The 
alternative is so-called “formal verification” [3]. 
However, both these approaches have some 
drawbacks of high computational requirements. 
Thereby, the complexity of simulation-based methods 
is due to the large number of test vectors needed to 
manifest all functional issues, and the complexity of 

the formal verification of large designs is due to very 
large state spaces, which cannot be handled even by 
such techniques as implicit state space traversal.  
For example, in sequential circuits verification  a 
central problem is the reachability analysis. In this 
activity, the properties to be checked by an automatic 
verification have to be reachable from the start state. 
Reachability analysis is the task of finding this set. If 
a system is represented as a finite-state machine 
(FSM), reachability analysis corresponds to a 
traversal of the state transition graph of an FSM, that 
as it is well-known may contain billions of nodes [3]. 
 
Strictly speaking, the same situation from the point of 
view of automatic (synthesis-directed) and simulation 
methods interaction takes place in other areas of  
Electronic CAD activities, first of all in test pattern 
generation (TPG). In this area a test designer also has 
to consider a trade-off between the exponential 
complexity of automatic test pattern generation 
(ATPG) (true synthesis) and the necessity to use 
various simulation tools (a “synthesis through 
analysis”) to check if  an input test vector  (“candidate 
to test”) provides detection of a fault considered. In 
fact, this methodology changing  means the change of  
design specification model. While the design 
specification for  ATPG consists merely  of  the 



circuit description, the simulation-based TPG requere 
also explicit input vector  set description.       
In other words, the reasonability of using either 
design methodologies depends on the suitable test 
design cost, which depends on  labor force cost, 
equipment cost, time-to-market etc. A choice of ways 
of the design goal achieving can be considered as a 
design strategy planning. Various design testability 
measures may be used as the cost function  during the 
strategy planning [1].  As it has been shown in this 
work, any relevant design cost function should be in 
monotony dependence on any testability measure, 
thereby, any fault coverage measure is a functional of 
the testability ones (with given TPG methods).  Also 
note, that ATPG  practicability depends greatly on the 
used fault model. Definition of  well-known stuck-at-
fault model in sixties [4]  has led to ATPG 
performance increase dramatically. This is because of 
the considerable decreasing of the considered faults 
set. So, such issue should be studied for  formal 
verification (FV) activity, namely what kind of bugs 
detecting model  could be more reasonable.    
 
In  this paper we consider  some factors of design 
functional verification cost together with various 
aspects of  verification models and  design features.     
 
Let us emphasize that one should distinguish between 
the verification algorithms development activity and 
design functional verification activity  on the whole.   
In the first case the computational complexity of 
verification algorithm will serve as an indicator of 
practicability,  while (besides  the algorithm 
complexity) a complex cost function ( labor cost, 
equipment cost, design tools cost, time-to-market) is a 
reasonable indicator in the second case. Thereby, a 
verification algorithm properties are  only part of  
factors of design verification cost.    
 
So, let us consider  what kind of means may a 
designer use to control mentioned above factors 
planning his design verification activity.  
 
For this aim, in Section 2 all principle components of 
this activity  will be outlined.  Section 3  describes 
some well-known tools from the point of view of 
design specification impact on overall verification 
cost. Sections 4-5 describe some design properties 
and possible design decomposition techniques. 
 

       2.   ABOUT VERIFICATION PROCESS AND 
ITS COMPLEXITY 

 
Design verification (Model checking [3], in 
particular) activity in industry uses the following 
methodology: A verification engineer reads the 

specification, sets up a work environment and then 
proceeds to present the model checker with a 
sequence of properties in order to verify the design 
correctness  A design can be quite large nowadays. 
As a result the set of properties written and verified 
becomes large as well, to the point that the engineer 
loses control over it.   
 
One of  the basic questions is: "Have I described 
enough  properties?" [5]. The current solutions consist 
in manually reviewing of the  property set.   It is 
important that the decision if it is possible to verify 
the correctness (both functional and timing) of  a 
given design  depends on many organizational issues. 
In fact, these issues  are determined by the cost  
(either in money or  in labor time terms) of the result 
obtaining, and, in the end, depend on the verification 
process planning and organization. Obviously, to 
provide the verification scenario planning we have to 
consider and  define all features of  target system  
having an impact on the verification algorithm 
complexity and, correspondingly, on the choice of  
preferable verification algorithm, some characteristic 
of design process to guide a verification process,  
supposing, first of all, that a cost model of design 
verification process is available. 
  
In general, we  can represent  amount  cost  CV  of a 
design verification  as : 
   
             CH

M + CE
M + Cad 

 
  where  index M= {fv, s} reflects one of  verification 
method, namely, either  formal verification (fv)  or 
via simulation (s),  
CH

M
   means   a “human” cost factor, which  is the cost 

of various verification models development and 
manual input data preparing (and, maybe, a software 
supporting and modification),  CE

M  is  an equipment 
cost including, for example, amortization cost,   the 
“machine time” spent up to verification result, a 
software  acquisition cost,  power resources costs etc.,  
Cad is any additional expenses. These partial costs 
depend on the way of verification.   
 
As we try to deal  merely with formal methods, the 
human  (or manual) component of the above expenses 
correspond to  a model development and description 
(ideally, using merely some hardware description 
language, e.g. VHDL, and  design properties ( e.g., in 
terms of  some temporal logic [3]) , and, maybe, to 
some programming  activity.  This work requires very 
high qualification of a verification engineer who has 
to know all modern logical-mathematical techniques 
(computational tree logic (CTL),  model checking, 
etc.). Time of a verification  algorithms execution   



depends both on the algorithm and  size of the circuit  
designed. Obviously, CE  is  a monotone-increasing 
function of the time. Formally, the model checking  
algorithms are linear with respect to number of  
states, but, the number of the states increase  
exponentially  with number of   terms of logical 
formulas  describing the verification conditions.  Thus 
the “machine” cost of formal verification  is CE 

fv  ~ fp 
(N), where fp(N) is a power function (exponential, in 
particular) of number of variables, describing the 
verification problem. Note, that even dealing with 
some components of entire systems  e.g., with some 
buffers of a microprocessors [Biesse01] we encounter 
with thousands of variables, that leads to huge 
numbers of states. Correspondingly,  several days 
may be required to check simple properties of such 
designs even using rather power platforms, e.g. 700 
MHz 64-bit Alpha [6]. 
 
As for design bugs finding via simulation, then CH

M    

= CH
R  +  CH

F, where CH
R  stands  for random testing 

(simulation our design under  random- generated tests  
to observe  the design bugs)),  CH

F   corresponds  to 
cost of so-called “focused” testing, which are some 
hand-generated tests to cover specific areas of design, 
not covered by the random tests.  Obviously, this 
activity supposes some involving of the design 
developers. For example, the  tests may be focused to 
detect some bugs of caching mechanisms, ALU, etc.   
 
However, it should be taken into account that such  
activity may require to involve many technicians in 
the simulation process to run hundreds focused tests 
variants! Although, in general, the computational of 
computational complexity of simulation is a quadratic 
relatively to variables number,  CE

S  should not be 
considered as such function, because the simulation 
of various parts of the design usually is very 
redundant from the point of view of  design bug 
checked. So, although for separate design components 
as a rule CH

s< CE
fv,  it may be not true for the design 

as a  whole.  So, the way out should be based on 
trade-off between using of simulation and formal 
verification approach. The table 1 shows a  typical 
example  (verification of a memory bus adapter 
design ) of this compromise [7]. 
 
Table 1 Design bugs detected with various 
techniques 

Verification techniques Bugs founds   (%) 
separate unit simulation    41 
formal verification 24 
visual design analysis  20 
entire chip simulation 15 

However, from the point of view of  labor cost,  an 
increase of formal verification weight would be very 
attractively.  
Note that besides the computation complexity, 
simulation-based  methods are no longer adequate for 
complex hardware (HW) designs.  Although 
simulation can catch many design error, part of bugs 
are frequently sleeping through. Detecting by 
simulation of every bug resulting from the complex 
interaction of concurrent event may be very time-
consuming task. In particular, in the considered 
instance, about 40% of bugs that had been found with 
formal verification, it turned out  impractically   to 
find with any simulation tools [7].    
 
Let us consider some possibility of  formal 
verification ( FV ) cost reducing.  
For this aim we must  define and fix, on one  hand,  
various properties of FV algorithms/tools, and on the 
other hand,  various design features affecting the FV 
cost.  
 
Since this is a combinatorial problem,  and as it is 
well known,   combinatorial algorithms may mostly 
be realized  only by the  problem description   
decomposition, we need also to have a characteristics 
of decomposition ability.   
 
3. VERIFICATION TOOLS AND DESIGN 
SPECIFICATION ACTIVITY 
 
Since effectiveness of design  verification depends on 
adequacy of  logical functions verified representation,  
it is important that a design tools  selected for FV 
activity would allow the using of various Boolean 
function representation techniques. Thereby, this 
representation may depend on both design and  
requirements specification manner (model). 
For example, in  [8]   the  highest level description of 
a microprocessor is given as an instruction-set 
specification.  At  this level the verification may be 
performed either from  actual pipeline design 
description or  representing the stream of executed 
instructions with a table [8],  which describes the 
effect of individual instructions.  
 
However, there are many properties of the pipelined 
machine and instructions that can be more easily 
expressed and reasoned about with help of  some 
tables [8 ]. For example, a Read After Write 
dependency  between instructions is much easier to 
represent using our instruction table instead of lifting 
the necessary information from design. 
 
The basic structure of the design specification for 
formal verification is Computational Tree Logic 



(CTL) [ 3].For example, well- known VIS package 
[The release 1.4. of VIS: http://vlsi.colorado.edu/~vis 
] uses a Verilog front-end and supports fair model 
CTL checking, language emptiness checking, 
combinational and sequential equivalence checking, 
cycle-based simulation, and hierarchical synthesis.  
 
In  a program called EMC (Extended Model Checker 
[9] ) the model checking is solved using efficient 
graph-traversal techniques. Thereby, if the model is 
represented as a state transition graph, the complexity 
of the algorithm is linear in the size of the graph and 
in the length of the formula. However, an explosion 
in the size of the model may occur when the state 
transition graph is extracted from a finite state 
concurrent system that has many processes or 
components  (e.g. dealing with  simultaneously-
performed six instructions in Alpha  processor [10]. 
 
The CUDD package provides functions to manipulate 
Binary Decision Diagrams (BDDs) 
[http://vlsi.colorado.edu/~fabio/CUDD/cuddIntro.htm
l], and Zero-suppressed Binary Decision Diagrams 
(ZDDs represent switching functions like BDDs, 
however, they are much more efficient than BDDs 
when the functions to be represented are characteristic 
functions of cube sets, or in general, when the ON-set 
of the function to be represented is very sparse. But 
they are inferior to BDDs in other cases.). The CUDD 
package can be used in three ways:  
 
- As a black box . In this case, the application 
program that needs to manipulate decision diagrams 
only uses the exported functions of the package. The 
rich set of functions included in the CUDD package 
allows many applications to be written in this way.  
 
- As a clear box . When writing a sophisticated 
application based on decision diagrams, efficiency 
often dictates that some functions should be 
implemented as direct recursive manipulation of the 
diagrams, instead of being written in terms of existing 
primitive functions. - Through an interface. Object-
oriented languages like C++ and Perl5 can free the 
programmer from the burden of memory 
management.  
 
In the package Almana, (developed at the LaBRI 
(Universitґ e Bordeaux-1))  a Heuristic methods 
based on analysis of the original boolean formula 
abound is used, and can be subdivided into static 
techniques, that inspect the formula off-line. 
Being very popular, these dynamic methods present 
many problems. The first is that they require that we 
have already constructed the BDD or some part of it 
in memory, which is impossible for large systems. A 

more troublesome problem is that existing techniques 
are based on sifting, which exchanges adjacent 
variables. Unfortunately, in real systems variables 
come in blocks of related variables, that need to be 
kept together in the final order or the size explodes.  
Note, that the best known  BDD-based algorithm for 
finding an optimal order is of complexity  O(n3) , 
where n is a number of variables.  
 
In  tools which are based on Bounded Model 
Checking [3] accept a subset of the SMV (Symbolic 
Model Verification )language in which the user can 
specify a finite state machine and a temporal 
specification. 
 
Given a bound k, BMC outputs a propositional 
formula which is satisfiable iff there is a 
counterexample of length k. An efficient 
implementation of the Davis-Putnum technique [11]  
and PROVER [12] are based on Stalmarck’s method 
to decide propositional satisfiability. 
 
Note, that  a lot of  modern tools are based on a  
philosophy     of “Satisfability solvers” (SAT)-base 
model checking, which sometime  is considered as  an 
alternative to BDD approach (although, as remarked 
[13] SAT may be considered as “an interesting 
complement to model checking with BDDs”).  In 
general, SAT algorithms mission is to decide whether 
there exists a satisfying assignment for the 
corresponding formula. Thereby, in spite of  
mentioned above remark on relationship of  BDD and 
SAT techniques, in [6] was  shown that the SAT 
method for bounded model checking can reduce the 
verification runtime from days to minutes on real, 
deep, microprocessor bugs when compared to a state-
of-the-art BDD-based model checker.   
 
So, basic features of algorithms underlining various 
verification tools are  good basis for their comparison 
in the framework of  a verification procedure 
planning. 
  
 4. SOME EXAMPLES OF TARGET DESIGN 
PROPERTIES IMPACT 
 
Intuitively, the complexity of the BDD is a function 
of how much information must be remembered as one 
passes from one level of the BDD to the next (i.e., 
from one variable to the next). For example, in [14]   
a pipeline examples  which were verified had 
approximately 5 *1020 , states, which puts it far 
outside the range of model checkers like the one 
reported in [3]. It required a BDD with 42000 nodes 
to represent the transition relation. These data are 
concerned  very simple pipelines that perform three-



address logical and arithmetic operations on a register 
file. The complete state of the register file and pipe 
registers are modeled. The pipelines in this design 
had three stages. On the first stage, the operands are 
read from the register file, on the second stage an 
ALU operation is performed, and on the third stage 
the result is written back to the register file. ALU has 
a register bypass path, which allows the result of an 
ALU operation to be used immediately as an operand 
on the next clock cycle, as is typical in RISC 
instruction pipelines. The inputs to the circuits are an 
instruction code, containing the register addresses of 
the source and destination operands, and a STALL 
signal, which indicates that the instruction stream is 
stalled.  
 
However, what kind of the circuit’s properties 
enabled such impressive results?   
 
The point is that the information stored from one “bit 
slice" of the data path to the next was rather small; it 
amounts to the state of the control bits plus at most 
the value of the ALU  “carry" bit. In particular, this 
amount of information is not increased as one 
increases the number of bits, so the BDD becomes 
deeper, but no “wider".   
Although these research [14] are concerned the 
timing verification, these conclusions are true also for 
functional verification as in both cases verification  
algorithms use a Boolean encoding of the elements of 
the model domain, and represents relations with 
Boolean decision diagrams.  
 
So, in case the information quantity stored from one 
“bit slice" of the data path to the next  is a system 
designed characteristics affected the BDD using 
effectiveness. 
 
5. ABOUT DECOMPOSITION POSSIBILITIES 
 
Let’s consider what current state-of-the-art in formal 
verification may suggest us to decompose design as a   
way of verification cost reduction.     
 
Mostly a design description decomposition is trying 
to avoid the state explosion problem .The goal is to 
verify properties of individual components, infer that 
these hold in the complete system, and use them to 
deduce additional properties of the system. It  may 
also be necessary to make assumptions about the 
environment (that is both other components of the 
system  and various external signals). This approach 
may be exemplified by Pnueli's assume-guarantee 
paradigm [ 15]. A formula is true if whenever M is a 
part of  system satisfying', the system must also 
satisfy .  

Since we consider this problem from the point of 
view of  design tool using, let us consider what kind 
of requirements  the model checking should meet to.   
 
First of all,  it must be able to check that a property is 
true for all systems which can be built using a given 
component. More generally, it must be able to restrict 
to a given class of environments when doing this 
check. It must also provide facilities for performing 
temporal reasoning. Most existing model checkers 
were not designed to provide these facilities. Instead, 
they typically assume that they are given complete 
systems. A way to obtain a system with the above 
properties is to provide a preorder on the finite state 
models that captures the notion of  “more behaviors" 
and to use a logic whose semantics relate to the 
preorder [16, 17].  
 
Note, that along with design  decomposition it can be 
used  also various types of circuit’s  reduction. For  
example, the merge buffer, an important component 
of the Alpha MBox for a  next-generation Alpha chip 
has been considered in [6].The function of the merge 
buffer is to receive requests to write into memory, and 
to reduce the trajectory on the memory bus by 
merging stores to the same physical address. The 
merge buffer is essentially a large buffer with a very 
complex policy for reading in entries, merging stores, 
and writing out stores to the memory. It has about 14 
400 latches, 400 primary inputs, and 15 pipeline 
stages. The pipeline has complex feedback that 
prevents us from retiming away latches. The original 
RTL description of the circuit is used  as design input.  
 
First of all, the authors tried to reduce the size of the 
model for verification using standard model checking 
technology. The idea is to remove portions of the 
state in the circuit in ways that do not alter the circuit 
behavior with respect to the properties of interest. 
After the reductions, the merge buffer has about 40 
primary inputs. When the merge buffer is in use, 
these inputs will be connected to the four subboxes 
with which the merge buffer communicates. . The 
final model has about 600 state nodes in the cone of 
most properties. However, before sending the model 
to a tool input, it is needed to write down the  
property of interest in a format that the tool we want 
to use accepts. Given the model and the property, the 
verification tool then either produces a failure trace, 
or tells us that the property is true.  
  
6. DISCUSSION AND CONCLUSION  
 
Full-automatic formal verification of complex 
processors design is a dream of all system designers. 
Unfortunately, its exponential complexity   is well 



known, that, it seems, excludes this dream realization, 
at least for   large designs  with  very large state 
spaces, which cannot be handled even by techniques 
such as implicit state space traversal.  Obviously,  the 
result of such activity has to be obtained even if 
system description is so large (either in terms of state 
space or formulas clauses number) that no formal 
verification algorithm which could allow to do it   
Very obvious way to achieve it is a combination of 
formal and informal (simulation) verification models. 
Since complex microprocessors systems design 
verification activity deals, in general, with many 
optional variants, it should be useful to have a 
characterization of both verification algorithms and 
verification process on a whole, which includes the 
decomposition issues, dividing possible (potential) 
design bugs classes between formal verification and 
simulation, final quality analysis etc.   
 
Obviously, we  need a  guide to provide  this 
hybridization. Following well showed itself  
conception  of coverage analysis, use widely in test 
pattern generation practice, it would be very 
attractively to have  also similar one for  the design 
formal  verification.   Some steps towards  this notion 
development are just in progress [ Hoscotte99,  
Chochler01   ]. As for formal verification, the notion 
of coverage in functional verification is to cover the 
entire functionality specification required from the 
implementation. This notion involves two questions: 
 
-whether we can provide (to take into account) 
(explicitly or implicitly) all possible input sequence, 
 
- whether the specification contains a sufficient set of 
properties. 
 
So, the coverage analysis is a search of some 
dissimilarity between the implementation and 
specification, which  points out a possibility to reduce 
target design  description to enhance the verification 
possibilities.     
 
Along with  coverage characteristic,  it is important, 
not resolved problem is to characterize both formal 
verification and simulation tools that could be chosen 
for design verification.  They may be characterized by 
a rate characteristic,  e.g. as as number of states per 
second for formulas. Thereby, on one hand, this rate 
depends on a way, in which  design specification is 
described, and on the other hand, specification 
language may determine qualification requirement of 
personal, affecting the verification cost (e.g., time 
consuming).  
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Abstract: In this paper comparison of the possibility of the creation of  the program simulating dynamic systems 
are presented. There are shown advantages and disadvantages intended for the general package – JavaBeans and 
the package for the simulation  of  dynamic – PASION.  
Also there are presented the suggestions multiplying the visualization of the simulating programs especially in 
the computing net. 
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INTRODUCTION 
 
Before we form the simulation of the dynamic sys-
tems we should choose the language or program’s 
package which will satisfy our criterions , such as: 

• it would be able to solve different prob-
lems, 

• it is the package which  has been  made to 
simulate components, 

• it let programs to create , 
• using language and package is free or cost 

very little. 
In this moment there is very much  languages, 
packages and program’s platforms that satisfy all 
criterions  but not criterion price. They are expen-
sive. So we need the language or the package that 
are free (JAVA) or cost very little (PASION). Both 
programs permit creation the simulating systems 
with using units (JavaBeans) or standard units 
(PASION). If we use standard dynamic control 
units we need not know the mathematics  descrip-
tion. We have to know only block diagram . 
In JavaBeans  the particular beans may be locate in 
Netware computing net. This haven’t got PASION 
shown properties. 
In this paper will be same suggestions create end  
employed  simulate programs on the localhost end 
in Internet too. During simulate dynamic arrange-
ment the visualization is situated in three stage: 

1. Analyze of work of real system, 
2. Create computer program, 
3. Exit of output results. 

 
VISUALIZING THE ACTION REAL AR-
REGMENT  
 
Before we begin the creation of simulating dynam-
ics arrangement the programmer has to recognize: 
detailed activity system, its structure, the functions 
of particular elements, relationship and depend-
ences between units of system, simplification and 
so on.       

 Presentation dynamic’s systems description with 
use block diagram which consist of typical ele-
ments of control system is very convenient. Fig.1 
shows  control system  consisting of  the typical 
dynamics units. 

 

 

 

Fig..1. Block  diagram of  the direct speed control  
           with the dc motor. 
 
VISUAL ANALYZE OF ORGANIZATION 
PROGRAM OF SIMULATED ARRANGE-
MENT 
 
Very important thing, with view point see of pro-
grammer, is graphic presentation concept of pro-
gram. It can preserve us not to make deferent errors. 
Fig. 2 shows organization the calculating with use 
the specialist agents that have been situated in lo-
calhost or computing net [Tolwinski R  2002]. 
 If  we take advantage of client-server model  in the 
computing net we should show how the calculation 
will be organized and  where should be located 
particular objects in the net. On fig.3 the server has 
to parallel serves of many clients. Each new client 
which is approaching to server allocates a new 
thread. In the threads will be implement distinct 
objects. 
 
VISUAL CREATION COMPUTING PRO-
GRAM 
 
 One package and one platform in this paper will be 
discussed. These program give possibility edit 
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simulating program with use the dynamic unit,  that 
is: JavaBeans and PASION. 
 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig.2. The flow signal between agents which simu- 
          late the direct speed control with the mo- 
        tor. 
 
JAVABEANS TECHNOLOGY 
 
JavaBeans is proper for visually program. One bean 
can multiply use in many deferent programs. It can 
be used in integrating program tools, such as: 
JBuilder, BDK (Beans Development Kit) and so 
on.The components JavaBeans can be use in RMI 
(Remote Method Invocation), CORBA (Common 
Object Request Broker Architecture), DCOM (Dis-
tributed Component Object Method). 
JavaBeans creates the skeleton which enables sim-
ple creation the communication between compo-
nents  lets  products  of  communication  between  
components. The components can be modify by 
means of the standard set of closely defined 

method.Fig.4 shows the model prepared for simula-
tion system on the fig.1 with use the BDK’s tool. 
 
PASION PACKAGE 
 
There is closely relationship between signal flow 
diagram (fig.5) and block  diagram control system 
(fig.1). The connection between the nodes in the 
signal flow diagram are equivalent of typical con-
trol units [Raczynski S. 1998]. Result of computa-
tion can be output as digital form or as the plots 
which can be stored in the files. 
The choose of the structure’s arrangement, parame-
ters of controllers or approximating parameters 
particular control elements very facilities multiply 
simulation with choosing parameters [Tolwinski R. 
1999].  
 
VISUALIZATION IN COMPUTING NET. 
 
 No one from existence systems today and net’s 
standards is equipped in Graphic Unit Interface. 
Some systems as Parallel Virtual Machine have 
only program’s cover having graphic console 
(XPVM, CUMUVS, HeNICE). 
JAVA permits to produce the applications client-
server type. This model  lets monitor and steer 
experiments with use the Internet. In client-server 
model  the programmers have to take themselves 
care of visualization produced programs by them. 
It is important especially when the number of used 
computers change in time to make simulation. Fig. 
6 shows the visualization which base on the block 
diagram of  multiserver on fig.3. On the choose 
monitor we can observe current client’s configura-
tion has been connected with multiserver. The mul-
tiserver works with the multithreads. Locks in  the  
visualization  of  program  in computing  net  
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig.3. Block diagram of  multiserver. 
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Fig. 6.  Visualization of simulation based on mul- 
            tiserver’s working system. 
 
with taking of Internet advantages complete prepo-
sitions shown on the fig.7 and fig.8. Fig.7 lets  
create  the programs consisting of agent with simu-
late basic dynamic units. The dynamic units are 
  

 
Fig.7  Active agents prepared for work on servers  
          that simulate of typical control units. 
 
located in separate servers. We became some con-
trol system if we appropriate connected these units. 
Fig.8 shows the complete control system on fig.1 
which is simulated in computing net. These visuali-
zation permits the choose any address and any port 
of computer in net. On the screen we can set up the 
parameters of units fitted up in server. 
 
VISUALIZATION OF RESULTS OF SIMU-
LATED SYSTEM 
 
Tool BDK  give output only in numerical form. 
Result of presented form depends on programmer. 
In these situation output’s forms depend on inven-
tion and ingeniousness of programmer.  



The result can be presented directly on the screen 
which controls net (fig.8) or separate plots (fig.9). 
On fig.9 have been shown results of using servers 
and RMI (Remote Method Invocation) to comput-
ing and simulating the direct  speed  control with 
the DC motor for different control systems. Thanks 
to these solution we can observe plots on the one 
screen for different motors. 
Package PASION has very much possibility of 
presentation results of simulating calculates. It can 
present the results in numerical and graphic forms. 
The plots permits to preset many diagrams of speed   
in the same time both 2D plots (fig.10) and 3D 
plots (fig.11). We can observe 3D plots with differ-
ent point of environment. PASION lets to present 
the state variables on the phase-plane (fig.12). 
 
CONCLUSION  
 
On the base carry out experiments regarding possi-
bility visual creating programs and graphic elabo-
rate  result of simulation have been find out:  
• thanks to visual method created the program 

we can leave out the difficult mathematical de-
scription, 

• advantage of JavaBeans is the possibility of 
work in net, disadvantages are lack ready-made 

 

dynamic units and  a little suggestion visual 
create programs (for example in BDK), 

• advantages of PASION package are ready-
made dynamic units, analogue produce block 
diagram on the screen and very much possibili-
ties graphic illustrate of output results; disad-
vantages is lack possibility net’s programming, 

• the propositions of visualization programs in 
computing net, its creating, handle ready-made 
programs and present output result fill to a cer-
tain degree a gap especially in parallel and dis-
tributed calculate. 
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Fig.8. Control agent’s screen that is the client of servers. 
 



 
 

 
 

 
Fig.9 Diagrams of  speed  for the direct   
         speed  control with the DC motor. 
 
 

 
 
 
Fig.11 Diagrams of  speed in 3D with   
           the gain  varying of controller. 
 
 
 

 

 
 
Fig.10. Diagram of speed for different pa- 
            ramiters of control for different  
            control system. 
 

 

 
Fig.12 Oscillations of the speed and  the  
            armature’s  current on the phase 
            plane. 
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Abstract: Collaborative simulation modelling, as defined by the GROUPSIM Network, involves the 
study of human-to-human interaction, computer-to-computer interaction, and synergies between the two, 
to support simulation modelling practices.  This paper investigates the improvement of human-to-human 
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1. INTRODUCTION 
 
Advances in distributed systems technology 
have created new possibilities for innovation in 
simulation modelling and the creation of new 
tools and facilities that could improve the 
productivity of simulation.  Collaborative 
simulation modelling (CSM) is a term 
introduced by the GROUPSIM Network 
(www.groupsim.com) to refer to the many 
possible forms of human and computer 
collaboration that exist in simulation modelling..  
Research topics focus on the support of human-
to-human (H2H) interaction (computer 
supported cooperative work/groupware and 
simulation) and support of computer-to-
computer (C2C) interaction (distributed 
simulation, parallel and distributed simulation, 
and web-based simulation), and the synegies 
between the two.  Figure 1 shows the current 
overview diagram of CSM.  As can be seen the 
diagram is developed on the basis of H2H 
interaction and C2C interation through the 
simulation model.  C3 is used to denote that the 

interaction is made up of communication, 
coordination and collaboration activities.  The 
distinction between the three activities is useful: 
we define communication as the exchange of 
information, coordination as the balanced and 
effective interaction of actions, and 
collaboration as the joint working with another 
or others on a shared project. 
 
Looking to the future we see, in terms of H2H 
C3 distributed computing technology in the 
form of groupware facilitates interaction 
between simulationists (individuals and teams) 
and stakeholders (see the discussion on roles in 
section 2).  For example, communication can be 
supported in various ways by using audio, 
visual, text, etc. over conventional or novel 
(wireless, PDA) technologies; shared diaries, 
shared activity planning, model version control 
and such like can facilitate coordination; and 
novel approaches to collaboration such as online 
application sharing can improve collaboration.  
Individual models are built and simulated in the 
same organisation, or multiple models are built 



that cross inter- and intra-organisational 
boundaries.  Models can be software engineered 
in general purpose development environments 
or dedicated commercial-off-the-shelf (COTS) 
simulation packages.  Distributed computing (in 
this context more commonly known as 
distributed simulation) middleware allows 
multiple models to interact over the Internet (or 
intranets) and to use processor farms to execute 
replications and experiments at high speed.  The 
HLA-CSPI Forum (www.cspif.com) is 
dedicated to the development of C2C distributed 
simulation solutions that support C3 interaction 
between COTS simulation packages.  Other 
aspects of this work are the focus of workshops 
that will take place this year (and will be 
reported in future publications available from 
the GROUPSIM website).  In this paper we 
consider one facet of CSM, the results of 
introducing one type of groupware to simulation 
modellers.   
 
The paper is structured as follows.  In Section 2 
we review C3 in simulation modelling and the 
roles and interactions that might be taken during 
a simulation study.  Section 3 introduces 
groupware and one example, the net-
conferencing tool NetMeeting.  Section 4 
presents some results of a survey and study of 

the use of NetMeeting to support H2H 
interaction in simulation.  Section 5 concludes 
the paper with some novel areas of research. 
 
2. C3 IN SIMULATION MODELLING 
 
To consider how one might support 
communication, coordination and collaboration 
in simulation modelling, it is useful to consider 
the general roles that people might take in a 
simulation study.  Ormerod (2001) conveniently 
provides a useful characterisation in the 
definition of various groups in operational 
research interventions (amongst which 
simulation modelling is a key technique): 
 
• The doer: in this case the simulation 

modeller 
• The done for: the clients 
• The done with: members of the simulation 

modelling team 
• The done to: those from whom information 

and data are obtained 
• The done without: those not involved, but 

nevertheless with a vested interest in the 
outcome 

 
Table 1 shows this in the context of a simulation 
study.  In other words, a person may take on 

Figure 1: The GROUPSIM View of Collaborative Simulation Modelling. 
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more than one role, or many people may be 
required to share a single role – the real world is 
not a tidy place (a modeller is often the project 
manager and the model user, in that he/she 
performs the experimentation).  There may, 
however, be a number of people tasked with 
being data providers.  A model user can be both 
a done for and a doer (a model user begins as a 
client and then becomes a doer as they use the 
model to provide information to the 
organisation). 
 
The first three categories have direct 
involvement in the project team, while the latter 
two have little or no involvement.  A wide 
group of people may need to be interviewed in 
order to obtain information about the system 
being modelled, but they do not need to have 
direct involvement in the simulation project.  
There may be a great many beneficiaries of the 
project, some of whom are even unaware of its 
existence.  Workers in a factory are probably 
not aware that a simulation model has been 
developed to improve the level of production.  
They are, nevertheless, beneficiaries (or 
possibly a victims!). 
 
2.1 C3 BETWEEN THE ROLES 
 
The simulation modelling process can be 
described as a number of stages, as shown in 
figure 2.  Four key stages are performed in an 
iterative manner: conceptual modelling, model 
coding, experimentation and implementation.  
In parallel with each of these are various 
verification and validation processes.  The level 
of C3 required in a simulation study is now 
discussed by considering the process set out in 

figure 1 in the context of Ormerod’s groups.   
 
The nature and level of C3 between the 
simulation modellers and each of these groups 
will vary, and will depend upon the stage of the 
study that has been reached.  Generally, the 
doer performs the simulation study with the 
done for.  Where additional help is needed from 
subject matter experts and for supporting the 
modelling effort, the done with become 
involved.  Interaction is also required with 
appropriate done to groups to gain relavent 
information and data.  The done without are not 
involved (their role and their effect on the 
simulation study is outside the scope of this 
paper).   
 
During the simulation study the frequency with 
which the groups interact is determined by the 
stage of the study.  Consider a manufacturing 
system where a client wants to investigate the 
cost of manufacturing a new product with 
current production facilities.  The client has 
enlisted a simulation modeller to help him or 
her make a decision (i.e. we assume a single 
modeller and not a team).  To begin the 
simulation study the real world problem must be 
identified and a conceptual model of the system 
being studied must be built.  In this case the 
problem is to evaluate the cost of production.  A 
conceptual model is needed to identify what 
system elements (scope) and detail (depth) must 
be simulated to investigate the problem.  
Conceptual modelling is an intensive activity as 
the modeller must develop an understanding of 
the system being studied.  The modeller and the 
client, as well as any appropriate information 
sources (i.e. personel involved in the production 

 
Doers Project manager Responsible for managing the process; may not have 

specific modelling skills 
 Modeller Develops the model (conceptual and computer) 
 Model user (in later stages) Experiments with the model to obtain understanding 

and look for solutions to the real world problem 
Done for Clients The problem owner and recipient of the results; 

directly or indirectly funds the work 
 Model user (in early stages) Recipient of the model  
Done with Data providers Subject matter experts who are able to provide data 

and information for the project 
 Modelling supporter A third party expert (software vendor, consultant or 

in-house expert) provides software support and/or 
modelling expertise 

Done to Those interviewed for information A wide group of people from whom information is 
obtained 

Done without Management, staff, customers Beneficiaries of the project, but not involved; in 
some cases they are not aware of the project 

 
Table 1: Roles in a Simulation Study 

 



process), must therefore interact frequently so 
that the modeller can accomplish this.  The doer 
must interact frequently with the done for, done 
with and the done to.  Indeed, it is during 
conceptual modelling that the level of C3 needs 
to be at its highest. 
 
In model coding the need for interaction is 
reduced.  The modeller spends much time 
developing the computer model away from the 
eyes of the other parties.  Verification is 
performed largely in isolation, since the 
modeller checks the model against the design 
stated within the conceptual model.  That said, 
white-box validation (a detailed check of the 
computer model against the real world) is 
performed at regular stages during model 
coding, and so the model needs to be presented 
to the other parties for critique.  The same is 
also true for black-box validation, which can 
only be performed once the model is believed to 
be complete.  In terms of our study, the 
modeller would meet less freqently with the 
groups involved in the manufacturing system.  
The doer interacts moderately with the done 
with and the done to.  Interaction with the done 
for is probably greater, since it is necessary to 
keep them appraised of progress. 
 
Once the computer model is completed, the 
model user performs experiments with the 
clients to develop an understanding of how the 
complex relationships in the system being 
studied impact on the problem.  In our case, 
experiments are performed with the computer 

model of the manufacturing system to 
understand the probable cost of the new 
product.  Significant interaction is required 
between the model user and the clients in order 
to share the understanding gained from the 
experimentation and to direct the continuing 
experimentation.  It is expected that there will 
be much C3 between the doer (now the model 
user) and the done for.  The done with and 
certainly the done to will be needed to a much 
lesser degree, although the need for help and 
information is not completely removed during 
experimentation. 
 
The final stage (of a cycle) in the study is to 
implement the solutions and/or understanding 
that have been developed from the 
experimentation.  Apart from fully explaining 
the results from the experimentation, the doer 
often has little involvement in implementation.  
That said, it is sometimes necessary to maintain 
the model or to provide results from further 
runs.  C3 are often at their lowest at during the 
implementation stage. 
 
Figure 3 summarises the discussion above, 
indicating the level of C3 at each stage in the 
simulation modelling process.  It shows that 
there is a changing requirement for C3 as a 
simulation study progresses. 
 
The volume of C3 required for successful 
simulation modelling add to the cost of 
performing a simulation study.  This is further 
exacerbated if the groups involved in the study 
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Figure 2: The Simulation Modelling Process (Robinson, 1999). 



are inconveniently or distantly located.  In the 
next section we present a possible technological 
approach to reducing this cost.  
 
3. GROUPWARE 
 
The previous section highlighted the need for 
communication and collaboration in a 
simulation study.  The field of Computer 
Supported Cooperative Work (CSCW) is a 
multi-disciplined research area that draws on 
expertise from both social and technical 
disciplines including distributed systems and 
internetworking, multimedia, communication, 
computer science and socio-organisational 
theory (Borghoff and Schlicter, 2000).  
Research in CSCW has led to Groupware, the 
practical application of CSCW research, a 
technology that pervades (often without the user 
knowing) many computing applications (for 
example IBM’s Lotus Notes and Microsoft 
Office products have several examples of 
groupware).  There are specific Groupware 
technologies to support specific tasks.  These 
can be characterised as systems that support 
cooperative meetings or work as categorised on 
the basis of a simple two dimensional 
time/location matrix. The matrix divides 
groupware on the basis of time and location.  
During some task, people may meet at the same 
time, at different but predictable times (shift 
working on a project) or at different and 
unpredictable times (drop in team rooms).  
Similarly, people may meet in the same place (a 
room), in different but known locations 

(different offices) or different and unpredictable 
locations (mobile workers).   Note that many 
Groupware technologies support activities that 
fall simultaneously into many of the groups.   
 
Conveniently Microsoft’s NetMeeting is a 
groupware tool that combines various aspects of 
tele- and video-conferencing (only two users) 
with information sharing applications such as 
text chat, whiteboard, file transfer and 
application sharing.  The product is reported 
(principally in Microsoft’s press) as being used 
for applications such as remote training, 
collaborative design, augmenting existing 
software applications, virtual team support, 
accessibility, user support and many other 
situations where the emphasis is on reducing 
travel costs and saving time.  NetMeeting works 
acceptably on a laptop connected to the internet 
via a normal modem (faster communications are 
preferable for ease of use).  NetMeeting is 
accessed either though the Start menu, via a 
menu in a Microsoft Office application, or 
through Run by typing conf in the dialog box.  
The actual choice depends on the version of 
Microsoft Windows being used.  
 
Text chat allows users to interact via a text 
conversation.  The Whiteboard application 
allows users to draw various shapes on a shared 
drawing space (effectively shared Microsoft 
Paintbrush).  Another application is File 
Transfer.  This appears in a similar form to text 
chat; a menu of participants lists allows the user 
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Figure 3: Frequency of interaction in the Simulation Modelling Process  



to choose to transfer a file to another single 
participant or to the entire complement of 
participants.  The final, and possibly most 
powerful feature of this package is the 
application sharing feature.  This allows a 
participant in a NetMeeting session to share any 
application running on his or her computer.  For 
example, a simulation package can be “shared” 
by selecting application sharing and selecting 
the simulation package from a list of running 
applications that NetMeeting can find on that 
participant’s computer.  Once the package has 
been shared, all participants receive an image of 
the package as if it were running locally on their 
computer.  Each participant can see the shared 
package and the results of any manipulation 
performed by the owner of the package.  For 
example, the owner may communicate to the 
other participants (by text chat for example) that 
s/he is going to run the model to demonstrate 
how a part of the model works to the other 
participants.  The owner runs the model as 
normal and the other participants will see the 
model animation as if the package were running 
on their own computer (with the caveat of 
communication speed).  If one of the 
participants wanted to point out a model feature, 
or indeed stop the model and change some 
aspect of the model, the participant could 
request control from the owner.  If control is 
granted, then all participants will see the mouse 
arrow annotated with the ID of the participant.  
The participant is then in direct control of the 
package running on the remote machine of the 
owner and may modify the model as they wish.  
See Taylor (2001) and Taylor et al, (2002a) for 
more details on this technology. 
 
4. EVALUATION 
 
The approach taken for evaluation was in two 
stages.  The first stage invited participants to 
take part in a “standard” demonstration of 
NetMeeting and then follow up with a 
questionnaire that invited participants to 
consider how potentially useful they might find 
this application in their role as a simulationist.  
The second stage was then to visit the 
participants two to three months later to see how 
(if any) adoption of the software was 
progressing.  During the two to three month gap 
staff at Brunel University provided user support 
in the implementation of NetMeeting facilities 
at a participant site.  Staff were restricted to the 
user support role.  Care was taken to ensure that 
staff did not introduce new ideas and experience 
into the process – our objective was to examine 
the individual innovation made by a participant 
and not that given by shared experience.   
 

4.1 Stage 1 
 
In the first stage, the demonstration was given at 
nine different sites to approximately seventy 
subjects (one site involved a GROUPSIM 
workshop led by the Simulation Study Group of 
the UK Operational Research Society).  Eleven 
returns were made from users in industry, 
defence, and academia.  The results are 
presented here therefore as an indication rather 
than exhaustive evidence. 
 
The demonstration took the form of an example 
collaboration between two users (the modeller 
doer and the system owner done for).  A laptop 
with NetMeeting was connected via a standard 
modem to a global NetMeeting server.  Each of 
the groupware features were demonstrated in 
turn with application sharing left for last.  The 
application was loaded at Brunel University 
(UK) and local and remote interaction was 
demonstrated.  The communication mechanism 
used was telephone (mobile) rather than the 
audio feature of NetMeeting.  This was due to 
feedback when audio was placed on external 
speakers (necessary for the demonstration).  The 
evaluation of audio was therefore on the basis of 
telephone (in two cases conference calls).  The 
most unpredictable element of the exercise was 
making the modem connection as various 
methods were used each time to find a working 
phone point.  The video was shown – the image 
was quite jerky and it was pointed out that this 
was smooth if a network connected to the 
Internet was used. 
 
Each participant was asked to rate each of the 
demonstrated features of NetMeeting according 
to how potentially useful they found the feature 
on a scale of 1 to 5.  Figure 4 shows the results 
from the evaluation.  Ranks 1 to 5 indicates the 
perceived value of a feature with 1 indicating a 
low perceived value and 5 a high value.  
Relatively speaking, audio shows favourable 
results.  Video performed moderately.  
Whiteboard performed well.  Text chat 
performed poorly.  File transfer also returned 
well.  However, without doubt, application 
sharing performed the best and was considered 
an outstanding feature.  Although the cross-
section of the simulation modelling community 
was small, there is an indication that some 
aspects of this conferencing groupware are 
useful.  Audio was (possibly obviously) useful 
to communicate with participants.  There might 
be some confusion concerning the use of 
computer-based audio; most demonstrations 
used telephone/conference call rather than the 
application’s audio (which was feedback prone).  
Video was liked by some but was observed 



several times to be a “novelty.”  The 
information sharing applications were the most 
popular.  The ability to conveniently document 
shared conversations via the text chat 
application was well liked.  The whiteboard was 
also liked and, in several cases, it was observed 
to be a convenient “brainstorming” tool.  The 
file transfer utility was found to be useful as it 
was considered helpful by some to transfer files 
to all participants by a click of a button rather 
than having to use email attachments.  
Application sharing, however, was evaluated as 
the outstanding feature of the groupware.  Many 
different uses of this facility were discussed.  
All oriented around the ability for multiple users 
to take control of another’s application to 
demonstrate various points on-line. 

 
4.2 Stage 2 
 
This stage involved discussions on the use of 
NetMeeting with all returnees.  The results were 
very black and white.  Two to three months after 
the return the questionnaire, either the returnee 
did not use NetMeeting or they were now 
supporting some parts of the simulation 
modelling task.  The only major difference 
between the users and non-users was the amount 
of modelling performed by returnee.  In 
subsequent follow-up meetings to study the way 
in which NetMeeting was being used, three 

industrialists were singled out as innovators in 
the use of NetMeeting in their simulation 
modelling activities.  Overall, in terms of 
interaction with the various groups involved in a 
simulation project  experience with the use of 
this tool has seen the augmentation of regular 
communication between the doers and the done 
for.  Our returnees emphasised that this 
technology must not replace face-to-face 
meetings with remotely led net-conferences.  
However, since it appears that meetings can 
significantly contribute to the cost of a project, 
several modellers have commented on the use of 
net-conferencing to replace some meetings.  
Their innovative uses of NetMeeting are outline 
below.   
 

Conceptual Modelling.  As has been 
mentioned, in this activity the ‘doers’ require 
frequent and regular contact with the ‘done for’ 
and ‘done with’ in order to understand the 
nature of the problem situation, to define the 
modelling objectives and to define the 
conceptual model.  In discussions specifically 
related to NetMeeting, the main application that 
has appeared is the use of the Whiteboard to 
collaboratively map out the boundaries and 
details of the conceptual model.  In this 
situation, several computers have been 
networked in the same room, possibly with one 
being linked to a projected display.  A 
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discussion takes place about the model, usually 
run by a facilitator, and participants draw 
appropriate diagrams sharing the whiteboard.  
This is a computerised version of a flip chart 
with the bonus of being able to import figures 
and diagrams and interact between parties in 
real time.  No specific use of NetMeeting has 
been identified for the ‘done to’ (the providors 
of the data necessary for the development of the 
model). 
 
Model Coding (especially white-box 
validation).  In this application face-to-face 
meetings are required to discuss whether or not 
a model is being coded correctly (although less 
than in Conceptual Modelling).  Typically the 
‘doer’ demonstrates the model to the ‘done for’ 
and to the ‘done with’ to determine correctness 
and to promote belief in the model.  Several 
modellers are now using the application sharing 
feature of NetMeeting to replace some of the 
meetings.  This combined with a phone call (or 
conference call) allows the ‘doers’ to interact 
remotely with the ‘done for’ and to the ‘done 
with’ by allowing both parties to interact with 
the modelling software.  In addition to this, the 
text chat feature has been used to “formally” 
document the agreement between parties that a 
change in the model coding has been agreed.  
This has been used to add to the model 
documentation. 
 
Support Tasks.  In addition to Conceptual 
Modelling and Model Coding (and Validation), 
NetMeeting has found use between the “doers” 
and an unexpected group of members of the 
“done with.” These are the support teams found 
in large simulation groups and simulation 
vendors.  There are some project costs that 
come as a result of the need to install new 
simulation software (or software tools), training 
to use the software, and support on tool use 
problems (rather than on Validation).  The 
ability to share a simulation application through 
NetMeeting means that simulation software can 
be installed remotely (in one case across two 
continents), can be used to augment (not 
replace) existing training strategies, and can 
make support on tool use completely remote.  
This point was reinforced by the insistance of 
one returnee requiring that the support on their 
simulation software was performed through 
NetMeeting.  This has resulted in NetMeeting 
being integrated in the vendor’s support package 
and is now being roled out to their customers.   
 
5. CONCLUSIONS 
 
This paper has introduced collaborative 
simulation modelling and has discussed how the 

introduction of groupware can assist H2H C3.  
It has reported on a two stage evaluation of one 
groupware technology.  The results of this work 
have shown that this technology has been used 
in three novel ways amongst the different roles.  
This technology is now being used by three 
companies to good effect. 
 
In a wider context, this paper has shown that 
one part of collaborative simulation modelling 
research carried out by the GROUPSIM 
Network is of major interest to the community.  
Technology assisted C3 can save project costs – 
an important contribution as simulation 
modelling is a costly technique.  What is of 
interest is the following research topics that 
require futher study. 
 
• techiques for effective communication, 

coordination and collaboration between the 
roles in a simulation study 

• usability of groupware specifically within 
the above 

• design of integrated COTS simulation 
package groupware tools 

• the support of H2H C3 with C2C C3 
distibuted simulation modelling techniques. 

 
We hope that this paper will engender further 
research into the support of simulation 
modelling though technology.  For more 
examples on the use of NetMeeting, see 
Ladbrook and Januszczak (2001) for a study of 
how groupware has changed work practices in a 
multinational company and Taylor (2000) for 
more details on the use of NetMeeting.  For an 
introduction to the issues of C2C C3 see 
www.cspif.com and Taylor et al (2002b) and 
Taylor (2002). 
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Abstract. Statistical Theory of Teaching and 
Learning (STTL) [1-9]. includes  statistical 
dynamics of knowledge [2,4,6-9], the methods  of  
computer  testing  and diagnosis of knowledge 
(CTK and CDK) [1,4,5], the algorithms for 
supervised and unsupervised Learning of Teaching, 
Learning and Raiting Systems, metrological  
support of tutorial process. The principles of theory 
of statistical dynamics of knowledge and tutorial 
process control have been developed. They include 
the main ideas and characteristics of dynamics of 
knowledge in different subtopics, topics and 
educational disciplines, the intensity of learning 
and loss of knowledge, intensity of  presentation  of 
the  educational  material and knowledge 
restoration, the load on the person  being  trained  
and other related factors.  The  methods  of the 
macro- and micro-models of learning and  forgeting  
identification  have  been   considered. On their 
basis  the number of optimum strategies of the 
training quality's  (anti- abnormal  training)  
control,  including the error filing when CTK are 
suggested. 
The principles of CTK standardisation theory have 
been developed. They include the principal ideas, 
features and methods of analysis and synthesis of 
CTK plans, with use of quantitative, qualitative, 
alternative and linguistic sign with errors in  
identification  of correct or wrong answers. The 
system of plans has been suggested. The system 
includes: 1) normal, intensifed and short plans; 2) 
the rules of passage from one plan to another.  
 
 
1. KNOWLEDGE DYNAMIC PARAMETERS 
OF THE  DIALOGING SYSTEM  
 

The numerical dynamic characteristics of 
knowledge are determined on the base of training 
diagrams and retentional curves, which is the 

temporal dependence of complex index of training 
quality: 1) the reaction time, 2) the probability how 
is the work done right or wrong by 
trainer/operator….  

Training diagrams and retention curves can de 
analyzed on macro- and micro-level [2,4,5,9]. In 
first case we have got usual exponential 
macromodels, the dialogue system is made for it’s 
identification. 

The definition example of intensity of 
forgettable λ exponential models decision of the 
task on the program language: Turbo-PASCAL – 
from 0,3 to 1,535; C - from 0,8 to 2,07 (per year), 
the mean time of knowledge keeping by Turbo-
PASCAL is more than by C. 

Task to solve: 1) Give an example of definition 
program of minimum element one-dimension 
massive; 2) Make the procedure of parallelepiped 
graphic representation. 

Transformation micro-models of one structure, 
as a rule are nonlinear, nonmonotonous, as a rule 
includes local maximums and minimums and 
plateau, reflecting evolutional places of perfection 
some strategies and transition from them to more 
perfect one. For it’s identification it is necessary to 
use more powerful methods of quantum physics 
than the theory of probability. There is a new 
conception among them - complex mark wave 
function and amplitude of probability. The 
condition of knowledge “a” and transition to 
condition “b” we can compare amplitudes of 
probability A(a) and A(a,b) – complex numbers, 
module square is probability of condition “a” and 
transition from this to b: P(a)=A(a)2, 
P(a,b)=A(a,b)2. The use of quantum-physic 
approach will be shown on the process of 
forgetting. Compare to the process of forgetting 
with exponential macro-model Q(t)=Q0exp(-λt),  

where  
Q0- probability to solve right the task in the 
moment of time t=0,  
λ - intensity of forgetting,  
A1(t) and A2(t) - two amplitudes of probability in 
aspect: 
A1(t) =(0,5 Q0exp(-λt))1/2(sin ω1t +jsin ω2t)   



 

and  
A2(t) =(0,5 Q0exp(-λt))1/2(cos ω1t + jcos ω2t)  
 
The resulting amplitude of probability A(t) in the 
moment of time t is defined by sum   
A(t) = A1(t) + A2(t)   or  
A(t) = (0,5 Q0exp(-λt))1/2(sin ω1t + cos ω1t +j(sin 
ω2t+cos ω2t)).  
So the probability of solving right of task in the 
moment of time t is: Q1(t)=  A(t)2=0,5 Q0exp(-
λt)(2+ sin 2ω1t+ sin 2ω2t). 
 
Example:  
For macro-model of the forgetting process by 
informative-measuring technique Q(t)=0,745exp(-
0,018t) (t per month) [2,4,9] we have got a micro-
model Q1(t)=0,373exp(-0,018t)(2+ sin 220t+ sin 
499,1t).  
With meaning ω1 and ω2 in accordance with the 
frequency  
f1=0,67*10-5 Hz, f2=1,53*10-5 Hz. 
Such a way of micro-models building can be used 
in training modeling, developing, dynamics of 
difficult systems, scientific technical and social 
progress, but wavelike processes and characteristic 
for them too. That is why we use wider 
interpretation of “learning”. 
 
2. MODELING AND PROGNOSTICATION  
 
For the description knowledge dynamic models the 
main ideas are used: studying material flow 
(knowledge flow) L and flow of 
comprehensibility/rehabilitation of knowledge 
(learning flow) A. They are determined in the way 
of putting conforming flows Li and Ai (i∈(1,..., N)) 
for the separate tasks with their life circles (LC) Si:  

 
L=L1 + L2 +...+ LN,  A=A1 + A2 +...+ AN 
(knowledge and learning flows).  

 
Life cycle (LC) Si  represents a time interval, 
during which a situation i (or standard activity units 
SAU)) assimilation is necessary. Subjects flow L1i 

is formed by time moments t0
1i , t1

1i , t2
1i,..., where 

tk+1
1i  > tk

1i (k≥0). A time moment t0
1i corresponds 

to the moment of the first presentation of the 
subject in a current situation (SAU) according to 
the program, and the following time moment t1

1i , 
t2

1i ,..., correspond to the forgetting moments. 
Knowledge assimilation (recovery) flow A2i , 
attached to situation i (SAU) is formed by time 
moments t0

2i , t1
2i ,t2

2i,..., where tk+1
2i > tk

2i (k≥0). 
Time moment t0

2i corresponds to assimilation 
moment of situation i (SAU) after its first 
presentation, and the following time moments of 
knowledge recovery after their forgetting. 

 
The analogical way is for gave and done 

tasks in the other cases of human activity [2,4,9]. 
All these permits to use dynamic knowledge 
models in modeling their human activities.  

The knowledge dynamic is determined:  
1. By the flow of studying material (knowledge 

flow) X; 
2. By the flow of comprehensibility/treatment of 

knowledge (learning flow) Y; 
3. By the number of N task/function in the 

discipline, which must be done by the 
student/operator; 

4. By the way of learning and treatment of 
knowledge r; 

5. By the number of s channels of knowledge 
learning and treatment (for example: visual and 
acoustic channels); 

6. The capacity buffer memory m.  
The open knowledge models of dynamic are 
described by 6 symbols X/Y/N/r/s/m (wider 
symbolism of Kendall). Closed models must be in 
brackets. There can be M,G,GI,D,Ek insert X and 
Y. So, Y=M means that time of learning is free and 
has exponential assessment. 

Let’s see net dynamic models of knowledge 
<M/M/N/2/1/(N-1)> and <G/M/N/2/1/(N-1). They 
are identical of closed one channel stage 
learning/treatment with N source, which conforms 
to N task of the specialties (learning disciplines) 



 
 

 

 
Fig.1. Closed model of Knowledge dynamic 

 
for the trainer, (N-1) place of waiting and to the 
stage of learning without loosing. The discipline of 
learning  - “First Come First Served” (FCFS). The 
dynamic model of knowledge (Fig.1) consists of 
stages of forgetting S1 and learning S2, and learning 
could be done in the time-sharing regime. In this 
case for learning or reanimation of knowledge in 
some field of task distinguished time quantum. If 
this time quantum is enough for learning, than the 
task with probability p21 comes to the stage of 
forgetting S1. On the contrary task with the 
probability p22 comes to the stage of learning S2. 
Let as mark: 
λ – the mean intensity of task forgetting,  
µ - the mean intensity of task learning,  
b1i (i=1,2,...,N) – the mean time of forgetting time 
waiting of i position/task/function, b2=1/µ - the 
mean time of learning/reanimation of knowledge by 
condition/task/function,  
D1 and D2 – disciplines of forgetting and learning,  
w2 – the buffer capacity for forgetting 
condition/task/function before the learning stage S2.  
There are more learning channels (visual…) used in 
the learning process by studying (multimedia) 
courses, the intensity of learning is higher and 
intensity of forgetting is lower.  
 

The main characteristics of this model: 

The probability that the student is able to   

solve all N tasks 
 The average number of tasks waiting time in the 
system (knowledge reanimation) 

  

The average waiting time in the waiting line 

 
The average number of forgetting tasks 
 
L=Lq+(1-p0) 
 
The average waiting time in the system 
(reanimation)  
 
w=wq+1/µ 
 
The probability of forgetting n tasks 

 
For the programming language C we have 

got: N=51, λ=1,05 [1/per year]=1,22 10-4 [1/per 
hour], µ=1, p0≅0,994, p1≅0,006, Lq≅1,56, wq=260 
hour, L≅1,566, w≅261 hour. 

 
Mounted: optimum sequence of setting relative 
priorities in reanimation of forgetting 
tasks/functions are determined by relation ci/b2i, 
where сi – is the fine/waste for the lack of 
knowledge i position/tasks/functions (for disability 
of making i tasks or functions). Close net dynamic 
models of knowledge might be used as 
mathematical model in case of task solving 
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ensuring guaranteed quality of professional 
training for N tasks solved or guaranteed quality 
of student’s training for the final number of training 
disciplines.  
 
3. OPTIMIZATION OF QUALITY 
MANAGEMENT  
 
The forgetting intensity might be use for optimal 
planing of lerninig material planing (LMP) [2,4,9]. 
A number of optimal strategies of preparation 
quality control are developed using: 
-  intensity of assimilation and forgetting; 
- economic factors (education and control costs, 
losses due to the error actions, possible benefits, 
etc.); 
- under-estimate or over-estimate risks on the 

CTK. 
 
 Let us analyse two strategies: 
 
Strictly periodical organization strategy of 
LMP.  
 
Taking into account knowledge under-estimate (α) 
and over-estimate (β) risks and correctness of 
exponential time distribution, a learner (operator) 
professional availability ratio is determined as 
follows [4,9]: 
 
                           (1-β) (1-exp(-λa)) 
K(a)= ------------------------------------------------------
---, 
               λ(a+tk )(1- β exp(-λa))+ta(1-β)[1-(1-α) exp(-
λa)] 
 

where λ - intensity of forgetting, ta - average time 
of knowledge recovery, tk - average time of 
knowledge control, and a - interval between 
knowledge tests and repetitions (recovery). For an 
operator who has λ=0,1 month-1,  
tk =0,5 h, ta = 3 h, α=0,35 and β=0,4,  
an optimal interval between tests and anti-failure 
trains will be: a0 = 110 h. Note that maximum value 
of K(a0 ) is 0,97. 

For trainers we have got: the intensity of 
forgetting λ1=0.05 и λ2=0.40 1/month, average 
time of knowledge reanimation te=3  hour, average 
time of knowledge control tk =0.5  hour, the 
underrate or overrate risk on the computer  testing 
of knowledge (CTK, computer-based test) α=0,35 
and β =0,40. Optimal time intervals between 
repeating (anti damage training), guaranteeing the 
maximum coefficient of professional training, in 
case of periodical management strategy of training 
for 1 and 2 trainers/operators is T1=160 hour, 
T2=50 hour. In case of LMP (anti damage training) 
using through the intervals, the coefficient of 
workers professional training is lower. 
 
Strictly periodical strategy of LMP with two 
checking types.  
 

N=(1,2,...,n) – multitude position of tasks, 
functions which must be learn by students/users. 
They should pass tests for professional training 
guarantee complete and part knowledge checking 
are used with further knowledge maintaining on 
forgetting ideas and tasks. If the test is global - 
whole knowledge is controlled and if the test is 
partial just part of knowledge is controlledA 
(A⊂N).  

 

  
a) b) 

 
Fig 2. The probability dependence of correct tasks by students/users. 

 
 
λ1 and λ2 – are the forgetting intensity of 

tasks A and N\A, c1 and c2 (c2>c1) – the expeditures 
for test organization and reanimation of forgetting 

knowledge A and N, a1 and a2 – intervals betveen 
global and partial tests, in this case a2=ra1 (r>1). 
The optimization problem is definition of meaning 



 

a10 and a20, the average expenditures are minimum, 
and probability of correct tasks Q(a2-0) is not below 
of some Q0. On the Fig.2 are dependences Q(t) for 
Q0=0,4, c1=5, c2=100: a) λ1=0,000139 [1/hour], 
λ2=0,000417 [1/hour]; b) λ1=0,002 [1/hour], 
λ2=0,0005 [1/hour]. The answer is: a) a10=659,20 
hour, a20=1977,61 hour; b) a10=140,97 hour, 
a20=1268,71 hour. 

 
The strategies have realization in dialogue 

system. These models might be used in integration 
of business and knowledge management. 

 
4. STANDARDIZED METHODS OF CTK 
 
Statistic tool CTK is a plan determined by a 
number of tasks/questions that taken from 
(potential) general combination for the learner, by 
volumes of the tasks and by conditions of giving 
different grades.  Such plans are widely used for 
control and preparation quality certification by 
Universities and companies.  
 
Main characteristics of CTK plans 
 
1.      Operating characteristics OC, 
2. Risks of underestimation and overestimation of 

knowledge α and β (error of the first kind, α-
error,  
error of the second kind, β-error), 

3. Realization of psychometric function of   
teacher, 

4.  ASN=average sample number,... 
 
Synthesis of equivalent and ε-equivalent single 
sampling plan inspection of computer-based 
knowledge test while understanding the reality of 
answers with and without errors (for example in 
choosing way of entering the answers=Multiple-
Choice-Input) can be done: 1) by two dots OC (P1, 
1-α) and (P2, β), where P1 - max. part of 
misunderstood questions when “credit” is given, P2 
- min. part of misunderstood questions when “no 
credit” is given, 2) by dot of indifferent OC 
(IQL=indifferent quality level) and curve in it 
(plans of (P0,5,h) kind); 3) by meaning P1 and α  or 
P2 and β; 4) by giving psychometric function of 
teacher/expert; 5) by economic data.  It is better to 
use Larson-nomogram for graphic synthesis. 
 
Example.  
Given: P1=0,2, α=0,3, P2=0,3, β=0,35.  On the 
basis of Larson-nomogram of the cumulative 
binomial distribution we have: n=12, c=3, i.e. 
learner is offered 12 questions (tasks) “credit” is 
given if max. number of errors is not more than 3 
(single sampling plan (12,3)). 
Let it use choosing way of entering with average 
number of answers for choosing S=4, than on the 

basis of Larson nomogram we have:  n=18, c=3 
(plan (18,3)).  Plans (12,3) and (18,3) are 
equivalent from the point of view of risks of 
underestimation and overestimation of knowledge. 
 
Plans of knowledge control composition 
 

Let’s enter the following levels of control: 
1) task, 2) section (for example lab work), 3) theme 
(part of activity), 4) learning discipline (activity), 5) 
preparation quality on specialty in University, 6) 
organization/institute, 7) (higher) education.  
Correlation between elements of different levels of 
correction -”consists of”.  Number of level of 
correction - difficulty degree of control system, 
diagnostics and certification.   Let us see the way 
of determination of OC composition of control 
plans of 2 neighbor levels. 
Let the correction on one level be done according 
to the plan with  
OC L1*(Q).  Such level can be:  a) knowledge 
control of separate student on different sectors of 
learning discipline, b) knowledge control of 
students for the whole learning discipline or 
specialty.  On the next level the decision is being 
made according to the second plan with OC 
L2*(Q), i.e.: 
a) about understanding of the whole learning 
discipline by the student,  
b) about the preparation quality on specialty or 
learning discipline in organization/university. 
The result OC of control plan on the second level 
looks like: 
 
L res*(Q)=L2*[L1*(Q)]. 
 
Example.  
For two-mark CCK of students of some specialty is 
used one step plan (10,2).  The conditions of 
preparation quality certification on specialty on the 
results of correcting separate students according to 
the plan (10,2): P1=0,1, underestimation risk α=0,2; 
P2=0,3, overestimation risk β=0,35.  It is necessary 
to synthesize one-step plan of preparation quality 
certification on specialty in the university. 

 
Solution.  

We have:  
P1*=0,1*0,65+0,9*0,2=0,245, 
P2*=0,3*0,65+0,7*0,2=0,335.   
 
On the basis of Larson-nomogram we get: n=45, 
c=11. This means: one should choose 45 students 
from general combination and correct them 
according to the plan (10,2).  If the number of 
unprepared students/operators is not more than 11, 
than the preparation quality on the specialty in 
organization/university is positive. 



 
 

 

Ways of analysis and synthesis of computer-based 
knowledge-tests for various tests and examination 
layers (especially for individual students, 

employees and courses of studies) are realized in 
dialog system.

 

  
Fig. 3: a - ОC Li*(P) and Li(P), i=2,3,4,5; b – realization E*(y/P) and E(y/P) psychometric function of 
teacher/expert 
 
Let us see the examples of its using.   
On Fig. 3a and 3b are shown: 
- Li*(P), i=2,3,4,5 - OC of one step plan (10,0,2,4)a 
of four mark CCK without mistakes in determining 
the reality of the answer (writing or oral answers), 
- Li(P), i=2,3,4,5 - OC of the same plan (10,0,2,4)a 
in choosing way of entering the answers, when 
approximately 4 possible answers are given for 
each question; these OC are moved right to OC 
Li*(P); 
- E*(y/P) - realization of psychometric function of 
teacher/expert (dependence of average mark y on 
possibility of wrong answer P) with the help of 
intellectual learning or supportive system that 
realizes plan  (10,0,2,4)a according to writing or 
oral answers (low curve), 
- E(y/P) - realization of psychometric function of 
teacher/expert with the help of intellectual learning 
or supportive system of the same plan  (10,0,2,4)a 
with choosing the way of entering the answers 
when approximately 4 possible answers are given 
for each question (high curve). 
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Abstract: Resource scheduling is a critical step in the management of complex logistic networks. The paper 
proposes an integrated scheduling and simulation approach for dynamic resource allocation in complex 
transportation logistics. An example application, specific to the maritime logistics of the chemical supply chain, 
is discussed in the paper, along with preliminary testing of the system by industrial users. 
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INTRODUCTION 
 
Complex logistic networks servicing distributed 
production environments require efficient and 
flexible resource scheduling in order to meet the 
dynamic needs of production. Costs and risks of poor 
resource scheduling rise as the size and the 
geographical distribution of the supply chain are 
increased. The paper describes an integrated 
scheduling and simulation system for dynamic 
resource allocation in the maritime logistics of 
distributed chemical processing. In this context, 
resource scheduling refers to the allocation of 
commercial vessels types and sizes to a multiplicity 
of product transportation requirements subject to the 
stochastic variability of calendar constraints. Such 
constraints are concurrently determined by variable 
product pick-up/delivery dates, vessel availability 
and current location, equipment availability and set-
up times at different docking facilities and port 
infrastructures. Simulation provides the context for 
scenario customization and testing of the logistic 
solution as interfaced to the production network. In 
particular the simulation module tests the feasibility 
of each scheduling solution and provides quantitative 
measures of its performance, intended as combined 
logistic and production performance for the specified 
industrial context. In the assessment of each 
scheduled plan the system accounts for weather 
conditions, influencing ships navigation times, for 
congestion and failures at each facility, affecting port 
operations times, and for variable production rates, 
which impact product stock and available storage 
capacity at each processing site. For these purposes, a 
dedicated database receives hourly updates on the 
status of the dynamic scheduling parameters such as, 
plant production rates, storage levels, and ships 
locations, directly from the operative information 
systems. Some of these parameters are collected on-
line and in real-time (i.e. Estimated Time of Arrival –
ETA– directly provided by all the ships currently 

operating in the network, their position through the 
Geographic Positioning System –GPS–, and Storage 
Level in each Port/Plant’s Reservoir,) others are 
extracted from the transitional informative and 
management systems (i.e. calendar changes in the 
availability of resources and infrastructures). The 
database is structured to ensure that different users 
may create their own scenarios modifying the 
detailed parameter settings (i.e. capacity of pipeline Z 
of plant X), without introducing changes in the 
reference data for operative scheduling. A 
hierarchical user authorization procedure ensures the 
consistency of the baseline scenario which is the 
current/actual reference for operative planning an 
scheduling. The system has the major advantage of 
displaying within a single application the entire set of 
information required to complete the designated 
scheduling tasks. Scheduling solutions can be 
obtained which are fully compatible with the entire 
range of technical, logical, and regulatory constraints 
characterizing the actual transportation network. 
 
 
SCHEDULING MODULE 
 
Operative scheduling of the entire transportation 
network requires large sets of data including the full 
list of product flows ranked by priority and complete 
with all the relevant information such as, ports of 
origin and destination, product, quantity, 
loading/unloading calendar slot, estimated 
unloading/loading slot, and estimated navigation 
time. The second set of information refers to the port 
characteristics, for instance number of docking 
facilities, saturation index and possible 
interference/overlap for each flow included in the 
list. Finally, a list of ships compatible with the 
selected flows is required along with all the relevant 
ship information such as name, size, type of contract, 
saturation, current position, last product delivered 
and ETA). 



The priority index employed for ship mission ranking 
purposes can be calculated as a function of:  
 
♦ Product flows managed by the ship mission 
♦ Cost of the ship allocated to the mission 
♦ Penalties associated to the given ship/contract 
♦ Proximity index for the next loading/unloading 

calendar slot (difference between the beginning 
of the slot and the current date) 

 
The proximity index allocates scheduling priority to 
the nearest ship missions in time, assuming that the 
cumulative effects of the stochastic phenomena 
concurring to determine the ETA of later ships on 
later missions will concurrently contribute to 
facilitating their fitting a feasible schedule. Equation 
1 is used to determine the priority index. 
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In the equation 
 
πi  = Priority of i-th ship mission/order 
Fij = j-th flow of mission i-th 
ηFl = Flow’s weight coefficient on that ship 
Cs = Cost of ship hire 
ηs = weigh of ship hire 
CPn = ship penalties by contract 
ηPn = weight of penalties 
dstart = calendar slot start date 
dnowt = current date 
γgate = slot duration in days 
ηPr = weight of slot proximity 
 
Each one of the physical objects, namely resources, 
involved in the scheduling process has an associated 
calendar where busy/available times are recorded. 
Resources are allocated to ship missions according to 
their priority ranking and accounting for all the 
applicable constraints, these include: 
 
accessibility constraints: requiring for instance 
ship/dock compatibility in terms of geometric 
parameters such as ship’s length, width and 
deadweight. 
product compatibility: requiring specialized 
procedures between product unloading and any new 
product loading if the two types of products are 
classified as non compatible for storage/ 
transportation. 
temporal interference: related to the possible overlap 
of the loading/unloading calendar slots for different 
ships operating in the same port/dock.  
production sustainability: concurrently determined by 
plants storage capacities and production rates: 

sustainability is an indicator of the number of days 
that production can be carried out independent of a 
particular ship’s arrival.   
resource constraints: determined by the simultaneous 
need to employ the same resource for different tasks 
such as, more than one ship per dock, multiple 
loading/unloading tasks per 
pump/pipeline/equipment, multiple connection 
requirements for a pipeline segment enabling the 
connection to different reservoirs. 
When the application is run in the automatic mode, if 
a conflict and/or violation of the constraints occurs, 
the scheduling problem is flagged out to the user and 
possible solutions are suggested based uniquely on 
cost effectiveness considerations. However, more 
experienced users may have reasons to force some of 
the constraints, knowing for instance that the 
deadweight of a particular ship is compatible with the 
accessibility requirements of a given dock if the ship 
is carrying half or less of its maximum capacity: 
therefore when run in semi-automatic mode, the 
system allows for user intervention in forcing some 
of the pre-set constraints. The allocation of a ship to a 
given product flow grouping automatically changes 
the saturation levels of both ship and docking 
facilities. Color coding is used in the interactive 
operation mode to display the saturation level of each 
resource: green (less then 50%), yellow (up to 75%) 
and red (more than 75%). By clicking on any of such 
indicators the program displays a multilevel Gantt 
chart for each object (ship/facility) where all the busy 
time slots, relevant to the scheduling horizon, are 
recorded. The different objects determining the 
occupation state of each resource/facility are 
displayed on the Gantt Chart and may be moved by 
the user causing the recalculation of the entire set of 
parameters for constraint verification/satisfaction 
purposes. Constraint and interference verification 
enables the identification of potential conflicts, 
however the interactive scheduling mode accepts the 
definition of highly incompatible ship missions. The 
stochastic variability associated to each 
component/operation, in fact, can often create 
conflicts even within perfectly timed missions, 
therefore the identification of conflicts does not have 
blocking consequences in the scheduling process nor 
does it force the user to make immediate changes to 
rectify the situation. Temporal overlaps are pointed 
out by the system and recorded in the calendars of 
the relevant objects where each occupied slot is 
specified in terms of start/end dates, designated user 
and purpose. 
Conflict management, as in the case of overlapping 
calendar slots for two or more ships with respect to a 
same docking facility, is entirely handled assessing 
the cost implications of each alternative solution at 
the level of the entire scheduled plan (i.e. accounting 
for secondary and tertiary impacts). The allocation of 
docking priority is the result of a negotiation among 
the owners/operators of the different ships (or trade-



offs, if the ships are operated by the same company) 
taking into account the daily costs of each ship, 
possible penalties, the costs of downstream delays, 
and the sustainability of production. The cost of the 
entire scheduled plan is considered on three temporal 
horizons: short, medium and long term, each one of 
them carrying a different weight in the performance 
evaluation procedure of the current schedule. Short 
term costs have higher impact on the performance of 
the current schedule, therefore they carry a higher 
weight in affecting scheduling choices. Typically the 
short term scheduling horizon is fixed to three 
months, the medium term is approximately six 
months and the long term is one year. As shown in 
figure 1, risk analysis is performed in order to 
estimate possible delays in loading/unloading 
calendar slots and the likelihood of finding the 
designated docking facility busy at the time of ship 
arrival. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 1: Dock Calendar: Example of Risk Analysis 

 
 
Any change introduced in the scheduling parameters, 
such as the ETA of a given ship or the 
loading/unloading calendar slot for a given product, 
triggers the re-scheduling of all the events of 
resource occupation for the corresponding ship 
mission and causes the update of the relevant object 
calendars (i.e. the change in ETA to the loading 
port/dock causes changes in the ETA and saturation 
levels at the corresponding unloading port/dock). 
External events such as maintenance, failure, 
decommissioning of any of the resource, originating 
in the company but not within the logistic 
management function, need to be systematically 
transferred to the system’s database as they introduce 
important changes in the scheduling constraints. 
 
 
SIMULAITON MODULE 
 
The scheduled plan, as generated by the scheduling 
module, is only statically verified because the 
module alone does not account for the stochastic 

variability of either process parameters or external 
factors (and their synergies i.e. late/early arrivals and 
early/late completion of each sequence of 
operations). For instance, the preliminary schedule 
fails to account for the probability that the ship may 
find docking facilities and equipment busy, due to the 
late arrival of other ships. Such a probability, instead, 
is fully accounted for by the simulator which tracks 
the detailed evolution of the scheduled scenario.  
The output of the simulation run is a detailed 
evaluation of the performance measures associated to 
the scheduled scenario; given the stochastic nature of 
the simulation model, multiple replications of the 
same scenario (using different random number 
generation seeds each time) lead to an estimate of the 
experimental error, of its impact on the simulation 
output, and of the associated risks. 
In the simulator each physical component of the 
logistic network (e.g. ships, docks, equipment) and of 
the production interface (e.g. plants, reservoirs) is 
modeled as an object described by a set of both static 
and dynamic parameters. Along with such objects 
there are purely logical objects such as, Routes, 
Tactical Missions, Ship Missions, Product Flows, and 
Calendars, which are user-defined and have specified 
interactions with the physical objects. 
The nature of the objects, their interactions, and their 
mutually imposed constraints suggest that the basic 
simulation logic should be both dynamic and 
discrete-event-based. In other words, the time 
advancement mechanism is set by the occurrence of 
un-conditional events, which in turn create the 
conditions for conditional events to take place, 
leading to variable time steps. Because the sets of 
coordinates describing the position of each ship need 
to be continuously updated along with its Estimated 
Time of Arrival (ETA), while simulating all the 
events involving the different system objects, the 
time advancement mechanism has to be “mixed” in 
nature, enabling for punctual re-calculation of the 
continuous variables at each time step. The 
continuous variables include: 
 
ETA (along with positional and kinematic variables) 
for each ship currently in navigation during the time 
period included between the two most recent events, 
considering the entire set of boundary conditions 
influencing the motion of the ship, and their 
variability, according to the following equation: 
 
ETAj(ti) = ETAj (ti-1) – Velj (ti- ti-1)  (2) 
 
where 
 

♦ ETAj = ETA of ship j at time ti 
 

♦ Velj = speed of ship j in the period ti-1  ti 
 

♦ ti = time of occurrence of event i 
 
Storage levels for each reservoir during the period 
between the two most recent events, considering 
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plant production rates as well as import/export 
activities. 
 
LSj(ti) = LSj + Σ[ Fj

k (ti – ti-1)]  (3) 
 
where 
 

♦ LSj = Storage Level of reservoir j at time ti 
 

♦ Fj
k = product flow  j in the period ti-1   ti 

 

♦ ti = time of occurrence of event i 
 
Statistics update based on the time elapsed between 
the two most recent events, considering the current 
status of the simulated objects. 
 
The stochastic nature of the simulated process is 
accounted for in terms of 
 

♦ Navigation times 
 

♦ Plant production rates 
 

♦ Import/export volumes 
 

♦ Component/Ship/Equipment Failures 
 
Probability distributions are associated to such 
variables, building from historical data, and the 
Montecarlo technique is employed to extract 
punctual values out of such distributions during the 
simulation run. The types of distributions included in 
the simulation, by category of representation are 
 

♦ Component Failures  Negative Exponential 
 

♦ Component Repair  Standard Bell-Shaped 
 

♦ Plant Production Rates  Beta 
 

♦ Navigation Times  Beta 
 
The active objects of the simulation are ships, 
product flows and orders. Evenly distributed statistics 
sampling events are designed in order to ensure a 
uniform description of the simulated processes 
throughout the simulation run. Such events are 
exactly the same in nature as other process events, 
but they are only intended to capture pictures of the 
logistic situation at time intervals of approximately 
one simulated day. 
The physical interactions among ship, dock and 
loading/unloading equipment are represented in 
figure 2. Loading and unloading times are functions 
of the actual product quantity and of the flow rates 
managed by the available pumps.  
As indicated in the figure, the model accounts for 
simultaneous product loading/unloading operations: 
as many as allowed by the product-compatible 
pumps/pipelines available on the dock. If the  ship 
needs to load products from empty reservoirs or 
unload products into full reservoirs, it enters a 
conditional wait state until the reservoir in question 
can be accessed for the designated operations. 

 
 

 
Figure 2: Dock-Ship-Equipment Interactions 

 
 
 
Accessibility and compatibility constraints require 
the simultaneous availability of all the equipment 
connecting the ship’s tank to the plant’s storage 
reservoir and each of the pieces of equipment 
involved to be compatible with the type of product to 
be loaded/unloaded. Different combinations of 
pump/pipeline are possible, as long as they lead to 
the  designated product reservoir and that they are 
compatible with the product to be transferred.  
 
 
CONCLUSION 
 
The paper presented the key features and 
implementation issues of an integrated scheduling 
and simulation tool for dynamic resource allocation 
in complex supply chain logistic applications. 
The system, currently at the final implementation 
stages in a large chemical company has been 
preliminary tested by industrial users. “Turing tests” 
have been performed to validate the system: such 
tests involve the participation of Subject Matter 
Experts (SMEs), namely maritime logistics experts 
from the company, and requires them to discriminate 
between schedules developed by the system and 
schedules developed by human planners. Simulation-
based testing shows that the scheduled plans 
proposed by the system are usually feasible in reality, 
however they are typically more conservative than 
the schedules proposed by human experts, thus 
leading to marginally lower ship capacity utilization 
and slightly higher costs in favor of higher 
production sustainability (i.e. negligible risks of 
stock-out and over-stock events at the production 
sites.). Such results call for fine-tuning of the 
decision heuristics built into the scheduling module 
and of the coefficients weighing the different 
components of the target cost function. 
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A METHOD FOR GENERATING STRUCTURALLY ALIGNED
GRIDS USING A LEVEL SET APPROACH
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Abstract: We describe a technique to generate structurally aligned triangular grids. The main advantage of this method is
the adjustable propagating speed of the front in different parts of the simulation domain in order to achieve different densities
of triangles in each part of the simulation domain. This feature is usually needed in semiconductor device simulation. Other
advantages of this technique are twofold: firstly, the grid can be very well adapted to the structures, and secondly, the grid
elements fulfill desirable requirements like Delaunay triangulation and the minimum angle criterion. The technique is based
on viewing the boundary of the simulation domain as a front which is propagated structurally at different speeds. A smooth
propagation is achieved by the level set method by viewing the front as the zero level set of a higher dimensional function whose
equation of motion is described by a partial differential equation.

KEYWORDS: Grid generation, Delaunay triangulation, level set method, semiconductor device simulation.

INTRODUCTION

We describe a method to generate structurally aligned trian-
gular grids and illustrate it in two examples. We use the level
set method to propagate the boundary of the simulation do-
main as a front by viewing it as the zero level set of a higher
dimensional function with an adjustable speed depending on
how fine the triangular grid should be. The equation of mo-
tion of this higher dimensional function is given by a partial
differential equation, which is approximated by techniques
borrowed from the numerical solution of hyperbolic conser-
vation laws which guarantee that the correct entropy satis-
fying solution will be produced. The evolving front is thus a
hypersurface, e.g., a curve in two space dimensions and a sur-
face in three space dimensions. The resulting algorithm can
be used to generate two and three dimensional grids around
complex bodies containing sharp corners and significant vari-
ations in curvatures. We use this technique to generate dif-
ferent grids around a variety of shapes for different device
structures.

The most important advantage of this method is the ad-
justable propagating speed of the front which provides an
automatic way for generating grids with different densities
of grid cells in particular parts of its domain. The his-

tory of two-dimensional process and device simulation leads
to the observation that a stable triangulation engine is one
of the most important prerequisites for simulation purposes.
In the second part of our algorithm the final grid elements
are produced using the TRIANGLE program [Fang and Piegl
1993, Shewchuk 1996]. Furthermore, thereby grids are very
well adapted to the structures and are of high quality because
we can enforce minimum angle criterion which guarantees
that the triangles have angles which are equal or greater than
a certain minimum angle and therefor we can well control
the shape of the triangles.

Although the level set method has been used for generating
structurally aligned grids [Sethian 1994], the method pre-
sented there cannot generate anisotropic grids and no condi-
tion concerning the quality of the grid, e.g., minimum angles,
can be enforced.

The outline of this paper is as follows. Firstly, the basic ideas
of the level set method are shortly explained. Secondly, the
grid generation algorithm as a combination of the level set
method and triangulation is presented. Thirdly, an algorithm
for equalizing the length of segments is presented. Finally,
examples for two simple initial structures and a real device
structure are given.



Figure 1: The extracted boundaries at 10 time steps.

THE LEVEL SET METHOD

The level set method [Sethian 1999] provides means for de-
scribing boundaries, i.e., curves, surfaces or hypersurfaces
in arbitrary dimension, and their evolution in time, which is
caused by forces or fluxes normal to the surface. The basic
idea is to view the curve or surface in question at a certain
time t as the zero level set (with respect to the space vari-
ables) of a certain function u(t,x), the so called level set
function. Thus the initial surface is the set {x | u(0,x) = 0}.

Each point on the surface is moved with a certain speed nor-
mal to the surface which determines the time evolution of
the surface. The speed function F (t,x) generally depends
on the time and space variables and we assume for now that
it is defined on the whole simulation domain and for the time
interval considered.

The surface at a later time t1 shall also be considered as the
zero level set of the function u(t,x), namely {x | u(t1,x) =
0}. This leads to the level set equation

ut + F (t,x)‖∇xu‖ = 0,

u(0,x) given

in the unknown variable u, where u(0,x) determines the ini-
tial surface.

Having solved this equation the zero level set of the solution
is the seeked curve or surface at all later times.

Although in the numerical application the level set function
is eventually calculated on a grid, the resolution achieved is
in fact much higher than the resolution of the grid, and hence
higher than the resolution achieved using a cellular format on
a grid of same size.

In summary, first the initial level set grid is calculated as the
signed distance function from a given initial surface. Then
the speed function values on the whole grid are used to up-
date the level set grid in a finite difference or finite element
scheme. Usually the values of the speed function are not de-
termined on the whole domain by the physical models and
therefore have to extrapolated suitably from the values pro-
vided on the boundary, i.e., the zero level set. A fast and
efficient level set algorithm combining extending the speed
function and narrow banding was presented in [Heitzinger
et al. 2002, Heitzinger and Selberherr 2002]. There a surface
coarsening algorithm similar to the one used in this work was
described as well.

GENERATING THE LEVEL SET STRUCTURED
TRIANGULATED GRID

Our basic philosophy is to advance the front through the sim-
ulation domain using different speed functions. Throughout
this section we restrict ourselves to two-dimensional grids.
At discrete chosen time intervals, zero level set functions are
constructed using a boundary extraction algorithm. In our
example we have assumed a constant speed for the first 6
time steps and 8/3 times this speed for the next 4 time steps.
This is shown in Fig. 1. We can see that the whole simulation
domain is now divided into three different parts according to
three different grid resolutions depending on the application.
An arbitrary number of segments and speed functions can be
used if desired.

Based on the edges constructed in the first step the grid gener-
ator TRIANGLE is used to obtain a Delaunay triangulation. In
this example we demanded that the produced triangles have
no angles smaller than 20 degrees. Requiring minimum an-
gles is important since it enables a priori error estimates and
estimates of the order of convergence [Knabner and Anger-
mann 2000].

Fig. 2 shows the triangulated simulation domain. Because of
different lengths of the segments which are obtained by each
boundary extraction, we can clearly see that this triangulation
contains triangles which are too small. An enlargement of
this undesirable situation is shown in Fig. 3. We introduce an
algorithm for overcoming this problem in the next section.



Figure 2: The triangulated grid without using the segment length
equalizer.

Figure 3: A part of the above grid on a larger scale.

Figure 4: The last five steps of advancing the front is shown partly
on a larger scale. The varying lengths of the segments are shown
clearly.

Figure 5: The triangulated grid is caused using the segment length
equalizer.

Figure 6: A part of the above grid on a larger scale.

Figure 7: The last five steps of advancing the front is shown partly
on a larger scale after equalizing the lengths of the segments. The
length of the segments are not more different.



THE SEGMENT LENGTH EQUALIZER

To find the origin of this problem we briefly describe the
boundary extraction algorithm which uses an interpolation
method to find the points of the boundary and represents
these as a list of segments with different lengths. Fig. 4 shows
a part of the last five steps of advancing the front on a larger
scale to show more clearly the varying lengths of the seg-
ments. The segments may become arbitrarily small and are
the cause of the areas of dense triangles. To overcome this
problem we need to ensure that all segments of the boundary
have about equal lengths.

We start the algorithm by choosing a certain common length
d for all segments. In our example we chose the minimum
value of the vertical or horizontal distance between the points
of our original rectangular grid which is used in the level set
step. The first point of the extracted boundary stays with-
out any changes but to find the second point we have to dis-
cern two cases. The first one is that the distance between
the second and first point of the originally extracted bound-
ary is equal or greater than our d and in the second one this
distance is smaller than d. In the first case we compute the
second point of the new boundary in this manner that we
get a point which fulfills two restrictions: first, the caused
segment must be along the first segment of the originally ex-
tracted boundary and second, the length of the new segment
must be equal to d. In this case the new segment is a part of
the old segment but the length of the new segment is equal or
smaller than the old one. In the second case we compute the
second point of the new boundary along the next segment of
the origin boundary and like the first case fulfilling the length
requirement. In this case the new segment is parallel to the
second segment of the origin boundary and the length of the
new segment is greater than the old one. These steps are it-
erated until we reach the boundary of the domain. Fig. 7
and Fig. 5 show the resulting segments with the enlargement
and triangulated grid after equalizing the lengths of the seg-
ments. Furthermore in Fig. 6 a part of Fig. 5 is shown on a
larger scale. In Fig. 8, Fig. 9 and Fig. 10 we show a simu-
lation domain with a rectangular advancing front as another
example and the resulting grid also with the enlargement.

GRID GENERATION FOR A REAL DEVICE
STRUCTURE

Fig. 11 shows the device structure of a trench gate UMOS

transistor. This device is useful for power switching at
high voltages [Bulucea and Rossen 1991,Shenai 1992,Dhar-
mawardana and Amaratunga 1998]. Trench gate UMOS tran-
sistors also provide advantages because of their geometric
layout, i.e., because their inversion and accumulation chan-
nel regions are perpendicular to the wafer surface. Hence
they enable to maximize the ratio of cell perimeter to area

and thus increase packing density. An analytical model for a
typical trench gate UMOS transistor is given in [Dharmawar-
dana and Amaratunga 2000].

The model is derived using the charge control analysis of the
channel and drain drift regions and gradual channel approxi-
mation is assumed to be valid in modeling the channel region.
The shape of the different junctions is obtained by the dop-
ing concentration profile which is modeled with a Gaussian
distribution.

For the grid generation we used four boundaries which fol-
low the three junctions. At the n+−p junction we used three
boundaries in each direction of the initial boundary which
follow the junction with a distance of 0.02µm between any
two adjacent boundaries.

At the p−n junction we used one boundary above and below
the initial boundary and a distance of 0.02µm. At the n−n+

junction in the lower part of the device we took into account
two boundaries with a distance of 0.5µm going downwards
from the initial boundary following the junction. For the last
prescribed edges we started at the tight hand side of the p

region and moved to the left using three boundaries at a dis-
tance of 0.005 µm.

Finally, we applied the TRIANGLE program requiring a min-
imum angle of 25o with the prescribed edges as input. The
grid produced is shown in Fig. 12, and it resolves very finely
the junction areas as demanded.

CONCLUSION

A technique for generating structurally aligned triangulated
grids using the level set method was described and imple-
mented in two dimensions. In contrast to previously gener-
ated structurally aligned grids based on the level set method
[Sethian 1994] the anisotropy of the grids and their quality
can be controlled. The simulation domain can be divided into
parts with different resolutions using adjustable speeds for
advancing the front through the simulation domain with level
set method. This adjustable grid resolution is essential in
semiconductor device simulation where high resolutions are
required in certain parts of the simulation domain. Further-
more the grid can very well adapted to different structures.
Finally enforcing the minimum angle criterion is important
for the numerical behavior of the subsequent finite element
calculations and ensures high quality grids. At the same time,
the diameter of the triangles may vary over several orders of
magnitude within one simulation domain (cf. Fig. 5, Fig. 9,
and Fig. 12). Our technique enables to produce triangulated
grids for each form of semiconductor device structure with
demanded resolution at different junctions (cf. Fig. 12).



Figure 8: The advancing rectangular front after 10 time steps. As
same as Fig. 5 the ratio of the speed in the first 6 steps to the last 4
steps is 3/8.
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ABSTRACT: In this paper, we present the concept 
of “performance prototyping” – the automatic 
generation and deployment of small components 
emulating the intended behaviour of real 
components under design into real IT-infrastructure 
and environments.  Allowing far more effective and 
consistent production of prototypes than manual 
prototyping, performance prototyping enables the 
designer of systems and their infrastructure to 
assess the impact of various load scenarios, design 
choices and configuration alternatives very early in 
the project, and thus allows to synchronize 
infrastructure planning and system development 
closely.  Rather than the “build first – tune, change 
& upgrade later” approach, performance prototyping 
enables to design, plan and build hard-, soft and 
middleware in closer coordination and to meet 
performance targets in fewer cycles. 
 
The basic concepts of the UML-based notation of 
performance aspects is presented which was 
designed to be compatible with current UML-tools 
and fit into their normal usage in development 
practises.  We then discuss the interaction and 
differences of performance prototyping (“in-vivo 
performance simulation”), performance prediction in 
dedicated methods and tools (“in vitro” performance 
simulation) and load-testing as well as the 
differences to manual prototyping and 
benchmarking.  A method of integrating performance 
prototyping into commercial UML-tools is presented, 
particularly with view on the challenges of 
generating multi-target and multi-protocol 
prototypes that interact across targets, platforms and 
protocols in the way prescribed by the model.  We 
then describe the model, prototype, experiments and 
findings based on a JSP example before the 
conclusion of the paper. 
 
KEYWORDS: Software Performance Engineering, 
UML Modelling, Performance Annotation, 
Performance Prototype Generation, Deployment, 
Simulation, Load Testing, Benchmark  

INTRODUCTION 

Larger IT-Systems or products, particularly if 
distributed and networked often have complex 
interactions between the various hardware (HW) 
entities (hosts, network nodes and links, 
peripherals), the different layers of operating system, 
execution environments and server processes (like 
web, servlet, application or database-server) which in 
this paper we will summarily call middleware (MW), 
and finally the main behavioural software 
components implementing the business logic of the 
system (SW).  With the trend to standardized off-
the-shelf products with standard interfaces and 
protocols, the division between the teams 
responsible for “SW-development” and “HW 
planning, installing configuration and operation” 
tends to be somewhere within the middleware layers, 
where the “SW-team” focuses on functionality and 
interfaces, the “HW-team” on configuration issues.  
 
For most large systems (e.g. ERP systems, 
intra/internet-portals, online shops, information and 
control systems…), performance is a central criteria 
and critical success factor.  With increasing 
expectations of the users to perceived performance, 
an unsatisfactory performance might - and frequently 
does - endanger the system’s/product’s/project’s 
success irrespective of functionality and design.  
Since these systems are often business critical 
and/or highly image critical, insufficient performance 
can incur heavy costs (e.g compensation, penalties, 
superfluous hardware, loss of market shares and 
value), delay the going-live, and reduce the system’s 
benefit (e.g. through lack of user acceptance and 
retention, sub-optimal decisions based on out-of-
date information).  Performance problems can derive 
from a variety of sources, including sub-optimal 
configuration, insufficient computational power, 
inefficient imp lementations of individual modules 
and design flaws.  The earlier lie within the 
responsibility of the HW-team and can be rectified 
by tuning or – although more expensive – by 
additional HW.  The later are not only more difficult 



to detect, they are also caused much earlier in the 
project and are therefore far more difficult to correct 
in time if detected towards the release date – apart 
from the much higher cost.   
 
A reason behind the numerous performance failures 
of IT-Projects (and the ensuing mutual accusations) 
is the far-too-late assessment of performance, which 
derives partly from lack of performance-awareness, 
partly from the restrictions found in the predictive 
methods that could be used to measure and control 
progress in terms of performance goals .  Ideally, for 
large and performance-critical systems, there should 
be the role of an overall “performance engineer”, 
who gathers performance assumptions and 
requirements, predicts overall final performance 
based on the current implementation progress, 
coordinates and mediates between the conflicting 
interests of HW and SW teams and executes in-
development and pre-release load-test to 
substantiate development and release decisions. 
 
We group the methods predicting the live 
performance coarsely into “benchmarking”, 
“simulation”, “prototyping” and “load-testing” (ref. 
Fig. 1): 
 
“Benchmarking” employs small standardized 
activities (e.g. integer of floating point operations, 
memory or disk access…) and measures how many a 
given system can execute per second.  While these 
“synthetic” benchmarks accurately describe one 
performance aspect of a given HW (and thus help to 
compare between a larger number of HW/MW 
alternatives), they - inherently – do not measure the 
performance in terms of the transaction types of the 
intended system (for the purpose of this paper, we 

include specialized application-specific benchmarks 
under prototypes, below).  Benchmarks thus provide 
a basis for HW-choices, but can only rarely be used 
for good estimates of the new system’s performance. 
 
“Simulation” builds an abstracted model of the 
infrastructure (HW and MW), the behaviour of the 
business logic as well as the expected load from 
internal sources and users.  The resulting 
performance aspects are obtained using various 
methods (e.g. queuing networks, stochastic 
methods, discrete event simulation...) of the software 
performance engineering domain (SPE, [Smith90]).  
Since the models are built and evaluated in an 
environment completely separate from the physical 
system (somehow “in vitro”), Simulation can be 
applied even before the first HW is purchased.  
However, a common problem of simulation lies in the 
need to build complex models (where particularly the 
MW-models depend on product release-cycles in a 
fast paced industry), to ascertain numerous model 
parameters and to – often manually – transfer the 
design of the intended system into a suitable 
representation.  The resulting uncertainties and 
potential inconsistencies as well as the effort and 
time required restrict the use of simulation to (parts 
of) systems with clear boundaries that can be 
abstracted easily and reliably and have focused 
performance inquiries. 
 
Manual “Prototyping” is normally performed in the 
early phases to establish suitability of a platform/ 
middleware/ technology under consideration for the 
intended purpose, i.e. often functionality and 
interoperability orientated.  The prototypes can then 
be load-tested, but since the effort required to 
manually develop prototypes restricts their 
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Fig. 1: One model throughout performance development lifecycle –  

integrating prediction, prototyping and acceptance testing by varying real and simulated components 



comprehensiveness and variability, the results are at 
best a basis for extrapolation.  Manual Prototypes 
differ from benchmarks since they measure small 
application-specific activities, but suffer from the 
same necessary restriction to few aspects.  
Furthermore, manual prototypes also bear the danger 
of errors, inconsistencies and incompatibilities.   
 
“Load-testing” transforms the expected user 
behaviour into small simulated “virtual users” which 
are deployed onto real infrastructure (sometimes 
called “load-generators” or “load-injectors”), which 
exercise a real system or prototype with real and 
realistic load. Load-tests are either used as gruelling 
acceptance tests or during development to test 
performance aspects of individual modules or 
prototypes.  Load-testing a finished system is the 
least predictive method discussed – it is however, 
predictive in terms of the anticipated user behaviour, 
which might vary greatly from the behaviour of real 
users. 
 
We therefore propose automated “Performance 
Prototyping” as a means to overcome the above 
limitation of flexibility, coverage, efficiency and 
application-specificness.  For this, models of the 
system’s intended business logic and planned 
infrastructure are maintained in UML.  Since these 
documents normally need to be produced during 
development in some way, they only need to be 
annotated with some additional information like 
resource consumption, performance requirements 
and deployment and access locations.    
This furthers  
a) understanding and consistency between the 

development teams and the performance 
engineer,  

b) reduces the effort required to build the main 
model (ideally now through the teams 
themselves),  

c) provides a simple and concise notation of 
performance aspects and  

d) permits to automatically generate and deploy 
comprehensive prototypes ready for load-test.  

Unfortunately, the UML is currently not always used 
to document the entire system, particularly the 
infrastructure and HW/MW aspects thereof.  But 
even if the few relevant HW parts need to be 
transformed into UML based on the input of the 
HW-team, above benefits still apply.  From the 
model, a performance prototype is generated 
automatically and can be deployed on real target 
systems, where it can be tested “in-vivo”.  Due to 
the fast cycle times with automatic performance 
prototypes, various alternatives in HW, MW or SW 
can be investigated with affordable effort. 

 
In the remainder of the paper, we shortly present the 
information required for performance prototypes and 
how and where they can be modelled in UML based 
on a JSP example.  We then describe the architecture 
of the prototype generator and how the required 
flexibility can be achieved.  After the presentation of 
some experimental results, we give an outlook on 
synergies and interactions between performance 
prototyping, simulation and load-testing before the 
conclusion of the paper. 

MODELLING 
   PERFORMANCE PROTOTYPES 

A Performance prototype requires the description of 
the characteristics that are (or could be) 
performance-relevant.  Programming language and 
execution environment certainly affects the 
performance (e.g. C++ being faster than VBA, or 
tomcat generally being faster than JServ) as does the 
interaction of components (a calls b calls c).  The 
precise values within the requests (e.g. a lookup-key) 
or the responses (e.g. the retrieved data) do hardly 
affect performance, while the size, encoding and 
protocol of requests and responses are likely to have 
an impact.  Performance-relevant information 
consists of infrastructure, load, behaviour and 
requirements information. 
 
We model infrastructure information in deployment 
diagrams as the obvious representation in UML (see 
also [Williams98], [Dimitrov02], [Mirandola00], 
[Petriu99]).  The diagram describes computational 
resources, their connection and – optional – the 
number of instances of a component, which we call 
its multiplicity according to the corresponding UML 
attribute.   In Fig. 2, we show a sample deployment of 
two webserver hosts, both hosting a JSP-engine; 
webserver1 hosts additionally a database.  A LAN 
component (used to represent a bus-topology in 
UML) connects the servers to two types of clients, 
which differ in the numbers of browsers running on 
it.  The multiplicity of Client1 indicates, that there are 
$numClients instances (e.g. 20 in different network 
locations) in the system.  
In addition to the core SPE notation as proposed in 
[Hennig02], performance prototyping requires 
additional information about the real hosts and 
servers used (e.g. IP numbers and ports of the 
webservers).  Mainly, this is the “access” 
information, which denotes how a component is 
addressed for requests.  In the deployment diagram, 
the access-path can be annotated as the tagged 
value “spe.ppr.access” of the nodes or objects.  For 
webservers, this would simply be the URL of the 
JSPs themselves, which could include parameters, 



port, username and password as well [RFC 1738, 
1808].  For a database, the access-path would for 
example contain the JDBC connection information.  
Since performance prototyping aims to automatically 
deploy the components, further information is 
needed to specify where and how to deploy the 
component.  The tagged value “spe.ppr.upload” 
therefore contains a URL that indicates the 
deployment destination.  In the case of a JSP 
component spe.ppr.upload points to a file:// location 
or the URL to a cgi-script into which the JSP-source 
code can be uploaded. 
 
The behaviour of a prototype system as well as the 
load placed onto it is described as the generation and 
exchange of messages, requests and responses, 
which we model in the sequence diagram.  For the 
discussion concerning the use of UML in general 
and the use of state vs. sequence diagram in 
particular, see [Hennig01] and [Hennig02]. In Fig. 3 a 
simple interaction pattern (“workflow”) is depicted, 
several instances (“jobs”) of the same or different 
workflows can occur concurrently.   
 
The load is generated by the actor, representing 
multiple users that execute the same workflow with 
given arrival and think times.  In the example in Fig. 3, 
the webbrowser is modelled to submit various http-
request per “click” of the actor (e.g. for nested or 
consecutive http like redirecting, frames, included 
image).  Since the “browser” corresponds to different 
client machines in the deployment diagram, we 
indirectly model the network region, where the load 

should originate.  
Parameters passed along the http-requests will 
inform JSPs which step of which workflow they are 
expected to execute.  The generated JSP code 
contains the information how to execute a specified 
step (i.e. how much computation is needed, how 
large the response will be, which other components 
need to be called).  Resource usage can be modelled 
flexibly (in a spe.use.{resourcetype} tagged value) 
and currently includes but is not limited to time 
delay, cpu consumption, memory usage, I/O-volume 
and various types of semaphores.  Since cpu-
consumption depends on the speed of the hosting 
hardware, we specify it in number of iterations of 
classical benchmark operations like dhrystone, 
whetstone or of less formal but expansible 
operations like string-operations or heap-sorting. 
 
Performance requirements like the maximum 
permissible response time for certain requests or the 
time to complete an entire workflow can be denoted 
as numerical expressions based on timestamps 
collected during the execution of the jobs.  The 
timestamps as well as additional job-specific 
variables (e.g. a randomly chosen think-time of the 
simulated user) can also be used to gather workflow-
related statistics.  Infrastructure-related statistics like 
cpu-usage can be gathered and evaluated using 
network and performance management tools (e.g. 
based on SNMP, rstat or the windows performance 
monitor) 

GENERATING  
   PERFORMANCE PROTOTYPES 

After modelling infrastructure, load, behaviour and 
requirements in various UML diagrams, an 
experiment definition diagram is used to specify the 
subset of “investigated diagrams” and overall 
parameters like a scalability factors for number of 
clients (e.g. $numClients in. Fig. 2), the workload or 
an overall think time.  
 
A series of scripts can then be started directly from 
the UML-Tool (currently TogetherJ from 
Togethersoft) which controls the prototyping cycle 
depicted in Fig.4.  The prototyping is integrated 
transparently in order to ensure user acceptance and 
achieve high impact by frequent use of the method 
through seamless integration of the end-to-end 
process.  The selected diagrams and required 
information is extracted from the UML-tool and 
stored in an intermediate XML representation.  From 
this experiment description, a converter produces the 
prototype parts for the various target platforms and 
deploys them into their respective environment.  The 
User behaviour (the load characteristics from the 

 
Fig. 2: UML deployment model of the prototype 

Fig. 3: UML behavioural model of the prototype 



actor and in our example also the html-nesting logic 

of the browser) results in a script for a commercial 
load-testing tool (LoadRunner from Mercury 
Interactive).  From the behavioural description of the 
JSPs, the source code is generated in JSP syntax and 
uploaded into the JSP directories of the respective 
servlet-engines.  Since in our example, the database 
request is a simple SQL statement and not a stored 
procedure, there is no need to generate code for the 
database as we can include the statement into the 
generated JSP code.  The used tables, however, need 
to exist in the database. 
 
The results obtained from internal statistics (e.g. 
response times) and network monitoring could be fed 
back into the UML model.  Since commercial 
monitoring tools often provide specific analysis 
modules (e.g. drill-down or regression), this step 
might be performed in a specialized separate tool.  
After analysing and interpreting the data, the UML-
Model can be updated and modified accordingly and 
the cycle started again. 
 
The challenge of generating the prototypes lies in 
the potentially heterogeneous target platforms 
(programming languages, execution environment) 
and the communication protocol they use. 
Ultimately, each implementation platform should be 
able to issue requests to any other (sensible) type of 
platform using a number of possible protocols. Over 
these protocols, the control information of the 
prototype (e.g. workflow name, instance and current 
step) needs to be transmitted without altering the 
protocols.  While flexible protocols like http, where 
additional parameters can easily added to the URL 

without interferences, easily accommodate for this, 
more rigid protocols like SOAP or RMI will be more 
challenging.  
 

EXAMPLE PROTOTYPE & EXPERIMENT 

For experimental evaluation, we used the above 
simple behaviour and varied the deployment 
configuration by altering the host on which the JSP 
and database components were deployed to (ref 
table 1).  Both hosts run under Linux, dax is a dual-
processor server, ibex a single-processor 
workstation.   

 JSP1 JSP2 DB 
Test A Dax Dax Dax 
Test B Dax Ibex Dax 
Test C Dax Ibex (tuned) Dax 
Test D Dax Dax (tuned) Dax 

Table 1: testing deployment variations  
 
In the sequence diagram, we specified the first call 
from the browser to jsp1 to be resource intensive 
(e.g. for analysing user authorization) as well as the 
processing of the database results in jsp2. We 
defined a think time of 3 seconds on average, which 
represent the time a user would need between clicks 
in the browser.  For tests C and D, we assumed a 
scenario where a proposed tuning measure is 
expected to improve database processing by 60%, 
but since it would entail large modification efforts, an 
impact analysis should be carried out before any 
decision is taken.  Resource consumptions are 
therefore adjusted in the sequence diagram, the 
prototype newly generated, deployed and tested to 
provide the answer in short time.  
 
Each load test ran for 30 minutes and increased the 
load every 2 minutes by one additional simulated 
user.  Fig 5. shows the achieved rate of fully 
completed transactions per second (TPS, number of 
finished workflow instances/s) of Test A. The 
system went into saturation after 18 minutes with an 
approximate capacity of 1.05 TPS caused by 10 
concurrent simulated users (Fig. 5).  Further users 
did not increase the transaction rate but only 
resulted in increased response times due to shared 
use of the CPU resources. 
The response times for the first user (on a basically 
idle system) where in sum 1.8s without the 
prescribed think times, but rose to 5.5s at the 
saturation point of the system.  Fig. 6 shows the 

UML-Tool 
„production“ model

XML
Experiment
description

needed 
diagrams

Converter

prototype system

application server

system
behaviour

generate,
deploy & test

result
feedback

database

firewallwebserver

servlet engine
sys. behaviour

loadtestsystem
user behaviour

UML-Tool 
„production“ model

XML
Experiment
description

needed 
diagrams

Converter

prototype system

application server

system
behaviour

generate,
deploy & test

result
feedback

database

firewallwebserver

servlet engine
sys. behaviour

loadtestsystem
user behaviour  

Fig. 4: End-to-end performance prototyping cycle 
from UML-tool 

 
Fig. 5: Test A: Transactions per second over time 

 
Fig. 6: Test A: Response times over time  



response times of the four constituent requests from 
the browser.  The result for the further tests is shown 
in table 2. 
 

 Capacity Response time 
 TPS Users “idle” saturated 
Test A 1.05 10 1.8s 5.5s 
Test B 0.35 5 2.8s 5.9s 
Test C 0.58 7 1.9s 6.6s 
Test D 1.33 13 1.3s 4.7s 

Table 2:Performance Measurement of the 
prototype  

We can see, that – not surprisingly – deploying 
parts of the application on ibex did not improve the 
overall capacity of the system.  The proposed 
improved database processing step, however, would 
significantly improve the overall performance in 
terms of capacity (by 26%) and response times (28%-
36%) and should therefore be attempted. 
 
Once the initial model was built, each complete 
performance prototyping cycle, i.e. evaluation of a 
further design variation, was completed in less than 
an hour.  The generation and deployment of the 
prototype itself took about two minutes, the 
remainder being spent on running and analysing the 
load-test.  This allows assessing even small design 
choices for their impact on performance.  Tests C and 
D also demonstrated a possible further application of 
performance prototyping – setting performance 
targets for each step of the intended workflows 
based on the expected impact on the entire system.  
This “budgeting” of resources and planning of 
performance could help to coordinate the viewpoints 
of owner, designer, developer and operator of a 
distributed system. 

OUTLOOK AND CONCLUSION 

In this paper we presented the ideas and principles 
behind performance prototyping as well as the 
integration and deployment concepts. In our 
example, we showed a basic web-application and 
demonstrated, how a simple and fast evaluation of a 
performance prototype could be used to assess the 
suitability of different design variants. 
 
We are currently working to expand the method to 
include further platforms (e.g. EJB, ASP, .NET) and 
protocols (e.g. SOAP, RMI) to support prototypes of 
more heterogeneous systems. 
 
In our view, the major obstacles in the way of 
widespread application of software performance 
engineering are  
a) insufficient familiarity of SW-developers with 

SPE methods,  
b) separate, potentially inconsistent and 

contradicting notation and interpretation of SPE 
and SW-models and 

c) the large time and effort needed to obtain results. 
 
We expect that by overcoming these obstacles, the 
concepts and methods of SPE would bring a large 
benefit into SW-engineering.  SPE could then 
contribute more than currently towards SW-products 
and systems that have better performance at lower 
development costs and shorter development time.  
With our UML-based notation we aim to contribute 
towards a more intuitive modelling of performance 
aspects in standard UML in mainstream tools.  Our 
works around simulation [Hennig02] and 
performance prototyping as SPE methods show the 
flexibility and wide range of the notation.  The 
possibility to evaluate different scenarios fast, 
consistently and efficiently allows for close 
interaction of predictive methods like simulation, 
benchmarking, load testing and performance 
prototyping.  Simulation will be invaluable for 
extrapolation in the dimensions of scalability, 
reliability and optimisation.  Benchmarking can 
provide basic measures; performance prototyping 
can assess specific infrastructures for specific load 
scenarios.  Projecting the findings onto larger 
planned server farms or networks could again be the 
contribution of simulation based on the parameters 
and findings obtained through multi-varied 
performance prototyping.   
 
At the ESM 2003 we will give a presentation of the 
integrated end-to-end process of performance 
prototyping. 
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ABSTRACT 

In this paper, we argue the case for thorough performance 
engineering already in the early development phases of 
complex IT-systems, particularly web-based ones on the 
example of the Open Source Application Server JBoss.  We 
show the need for a fast and efficient modelling of web-
architectures, shortly recall a proposed UML notation and 
conversion framework [Hennig02], report progress of our 
end-to-end integration of simulation into a commercial 
UML-Tool and demonstrate its benefit on the example of a 
JBoss-based application.  The abstractions chosen for the 
JBoss EJB Application Server model in the OMNET++ 
Simulator are described and the predicted performance is 
compared to values observed in load tests on the finished 
system. 
 

INTRODUCTION 

Most of today’s complex IT-systems consist at least in 
parts of web-technologies – increasingly even in their core 
functionalities, not merely the user front end.  Apart from 
the reduced number of core standards and mechanism (e.g. 
http, SOAP, WebServices, J2EE) as well as the (hopefully) 
improved interoperability, it is the wide availability of server 
software (commercial and public domain), engineering tools 
and development know-how that advances their use.  Also 
the fast pace of developing the initial (typically highly 
presentable) increments is in favour of the web, but often 
conceals the long way to complex distributed systems with 
good performance.  
For the single and local user that typically develops and 
tests the system, everything works smoothly and 
transparently, but the “going live” almost immediately 
exposes them to a large, wide and highly critical audience: 
the www-users and the competitor’s web-sites “one click 
away”.  Unfortunately, typical failures in distributed 
systems do not arise during the test of individual 
components by individual users but occur during 
integration, system and deployment test with many 

concurrent users and transactions. Unless located and 
corrected in time they may result in cost overruns and 
missed deadlines.  The prediction of performance properties 
of software systems (e.g. capacity, speed, stability, 
reliability, scalability), particularly distributed ones like web-
applications, is therefore vital for substantiated design 
decisions at an early stage.  Since these systems are often 
business critical and/or highly image critical, insufficient 
performance can incur heavy costs e.g. compensation, 
penalties, superfluous hardware, sub-optimal decisions 
based out-dated information, loss of market shares...   
 
Simulation as a method of Software Performance 
Engineering (SPE, [Smith90]) has a long and successful 
track record of early and reliable performance predictions, 
which assess suitability of design choices and thus helps to 
ascertain time, cost and function targets.  However, even if 
known, SPE methods often fail to keep up with the fast pace 
of development, mostly through high modelling efforts, but 
also through their high communication needs between the 
developer (or designer) and the modelling expert.   
Based on the work of our group within Siemens Corporate 
Technology, which offers SPE consulting to the Siemens 
business units we are convinced that simulation makes 
valuable contributions, but needs simplified and more 
intuitive mo delling in a “native language” of the developers 
and powerful and flexible pre-modelled abstractions of 
common infrastructure components and protocols to be 
sufficiently fast, trustworthy and effective. The currently 
most widespread “native” language of SW-developer would 
be the UML.  One such component would be an J2EE 
application server, a central and common infrastructure 
element of current web-architectures. 
 
In the following sections, we will recall the main elements of 
the UML-notation used; the one-click integration approach 
of the simulation into the UML-Tool before describing the 
application of the notation to an EJB application server and 
the JBoss model developed for OMNET++.  We then 
compare the predications of a simple EJB system from the 
simulation to values measured in load-tests on real 
prototype systems before concluding the paper. 



UML PERFORMANCE ANNOTATIONS 

UML has established itself as the "native" modelling 
language of SW-development – despite all its shortcomings 
and ambiguities.  It is  therefore not surprising, that we 
among many others advocates of SPE (e.g. [Mirandola00], 
[Klein96], [Dimitrov00], [Xu03]) favour UML for SPE 
modelling as the most suitable way to integrate SPE 
methods and software engineering.  However, we regard the 
SPE annotations as the “guests” in the “production model” 
and therefore formulated strict requirements to ensure 
acceptance of SPE annotations [Hennig01]: one single 
model, the same UML tool (commercial off-the-shelf, even if 
incomplete in support of UML standard), same 
interpretation of UML elements, same diagram types, no (or 
very few) additional diagrams, no interference with 
forward/reverse engineering, no SPE artefacts in generated 
code, no manual conversion steps…  
This means in particular the use of sequence diagrams 
instead of state diagrams for representation of behaviour 
and resource consumption, since sequence diagrams are by 
experience not only available far earlier at less effort and 
require less detail; they are also more intuitive to 
developers, analysts and project owners.  Using sequence 
diagrams directly without manual transformation ensures 
the consistency of team-model and SPE-model.  The lack in 
precision (of modelling all possible behaviours) is more than 
compensated by the fact that it is modelled for SPE 
evaluation - even if only “typical” behaviours are modelled 
rather than “all possible”.  
Use-case diagrams are used to aggregate behaviour and 
allow for usage variation through parameterisation.  Actors 
in Sequence and Use-Case diagrams represent the load onto 
the system.  Deployment diagrams are used as the obvious 
choice (like in [Williams98], [Dimitrov02], [Mirandola00], 
[Petriu99], unlike e.g. [Arief00]) to model HW and SW 
entities as well as their available resources and connections.  
UML-multiplicities model repeated occurrences of identical 
entities like servers in a server farm or a pool of clients.  
Performance measures and requirements can be modelled in 
sequence diagram, where the observed values can be 
recorded or requirement violations can trigger alerts. 
Of the many possible diagrams in a production model, the 
experiment setup defines which deployment, use-case and 
sequence diagrams should be evaluated, together with 
setting parameteris values to allow for variants.  This way, 
one single production model can contain various 
experiments (“what happens in infrastructure scenario a, b, 
c; which user behaviour x, y, z”) or of abstraction levels 
(“strata”) in a consistent and non-interfering manner.  
Although creating special SPE-models for each experiment 
would separate individual inquiries more clearly, it would 
render consistency over various fast-paced iterations 
virtually impossible. 
 

SIMULATOR INTEGRATION INTO UML-TOOLS 

In order to achieve a transparent end-to-end process for the 
user, we devised and implemented the following integration 
concept (Fig. 1).  In the UML-CASE tool (currently 
TogetherJ 4.2 [togethersoft]), the simulation cycle is 
initiated (“one-click”), for which the required diagrams are 
obtained and compiled into a XML document describing the 
entire experiment.  The experiment description is 
complemented by optional default settings and information 
on available library modules like JBoss.  The “converter” 
generates a simulation definition file from the experiment, 
which is then compiled into the network and behaviour 
parts of the simulator.  The simulator is based on the freely 
available discrete event simulator OMNeT++ [Varga01], 
[Varga97] and contains the relevant core modules and 
specific SPE extensions (scheduler, workflow execution 
engine…) as well as pre-modelled modules like the 
representation of  JBoss (see next sections).  The statistics 
of performance observations collected during the execution 
of the simulator are compiled and fed back textually into 
dedicated tagged values in the UML-model (if requested).  
The entire cycle is controlled by a set of platform-
independent scripts, which could also be used to run an 
entire series of experiments. 
 
Instead of producing merely NED for OMNetT++ as 
simulation definition file, it is also possible for the converter 
to be expanded to produce definition files for different 
evaluation techniques, e.g. Queuing networks, Bottleneck 
Analysis [Eckard01] or Performance Prototyping 
[Hennig03]. 
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Fig. 1: End-to-end simulation cycle from UML-tool 

 
In order to keep the simulation cycle short, we decided 
against using XMI [XMI02] directly instead of the XML 
experiment description, since the export and subsequent 
parsing and traversal of an entire production model with 
many unused diagrams would be too resource-intensive.  In 
the future, we intend to use a programmatic interface (based 
on the Meta Object Facility MOF [MOF02]), which allows to 
query and update specifically identified elements of the 
model according to the MOF metamodel without having to 
go through its XMI representation. 



MODELLING THE SAMPLE JBOSS APPLICATION 

The infrastructure and network of the example application is 
modelled in the UML deployment diagram depicted in Fig. 3.  
It contains (on the right) the machine hosting the JBoss 
server with abstractions of a scheduler as provider of the 
resource “CPU”, a TCP/IP communication protocol stack 
and the JBoss server itself.  The business logic modules, i.e. 
the JSPs and beans, are placed inside the JBoss server.  The 
specific type of beans is specified by UML attributes 
(tagged values) of the beans: beantype (session or entity), 
statefulness (stateful and stateless) and persistence 
(container- or bean-managed).  To avoid cluttering of the 
diagram by the internals of the JBoss (e.g. the servlet engine 
and containers for the different types of beans with their 
numerous interceptors), the UML diagram contains a 
module “JBossInternal” representing the internals.  The 
diagram also shows the physical connections between the 
hosts and network nodes, as well as multiplicities indicating 
e.g. how many web browsers (3) are running per client host 
($numClient).   
 
The intended behaviour of the application is modelled with 
the sequence diagram shown in Fig. 4, where the actor 
“webUser” represents the load of one or more concurrent 
users with prescribed load pattern (e.g. gradual ramp -up or 
continuous, interarrival delay, think-times).  Upon a single 
“click” the browser submits three http requests to JSPs 
query1 and query2, which serve as a front end to the beans.  
On one occasion, bean1 consults the database before 
sending the response back to the browser.  We also 

specified how much CPU-time each step consumes.  CPU-

consumption is specified either as CPU-seconds or in 
iterations of the core operation of standard or application-
specific benchmarks like whetstone or heapsort.  This 
allows simple scalability investigations, by adjusting the 
amount of provided CPU-resources in the scheduler.  
Requirements are specified in the sequence diagram as well, 
e.g. the combined start-to-finish time the three browser 
requests should be below a given threshold. 
After modelling infrastructure, load, behaviour and 
requirements in various UML diagrams, an experiment 
definition diagram is used to specify the subset of 
“investigated diagrams” and overall parameters like a 
scalability factors  for number of clients (e.g. $numClients in. 
Fig. 2), the workload or overall think time.  

JBOSS SIMULATION MODULES IN OMNET++ 

The option to use pre-modelled simulation modules allows 
us to develop complex infrastructure components separate 
from the UML-models of the target application.  This helps 
avoiding unnecessary detail and clutter in the UML-
diagrams, but also provides the means to build model 
libraries in the native programming environment of the 
simulation engine (C++ for OMNET++).  It also enables us 
to use models from the growing OMNET++ user community 
to build larger scenarios more quickly.  Typical examples for 
pre-modelled modules are communication protocols like TCP 
and infrastructure components like JBoss.  Fig. 5 therefore 
shows the sub-modules of JBossInternal in terms of 
OMNET++. The “user” of the JBoss models would only use 
the more familiar UML representations in Fig 3 and 4.   
The module “JBossInternal“ is responsible for modelling the 
thread-handling of the JBoss and for the overall 
management of the bean containers.  When a request to a 
bean arrives at JBossInternal, the target container is located 
based on the type of bean (session or entity, container- or 
bean-managed persistence) or servlet.  The call is then 
redirected towards the appropriate container, in Fig. 5 this is 
a “bmpContainer” for entity beans with bean-managed 
persistence. 
Inside the container, the call traverses a series of 
configurable interceptors (e.g. for logging, security, 

Fig. 3: EJB network model in UML deployment diagram 

 
Fig. 4: EJB behavioural model in UML sequence diagram 
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Fig. 5: JBoss internal modules in OMNET++ 

 



transaction processing) before arriving at the beanManager.  
The beanManager obtains the requested bean instance 
either from a pool or cache of beans, where the call will be 
processed.  At this time, the information of the sequence 
diagrams is consulted to obtain the prescribed behaviour 
like resource consumption, timestamp collection and 
requirement evaluation.  If nested calls are required (like the 
database request from bean1 in Fig 4.) they are executed 
according to condition and iteration specification given in 
UML.  One of the most challenging aspects of the JBoss 
model was the fact that the entire sequence of containers, 
interceptors and managers is executed within the same java 
thread – which could clearly be seen in traces generated 
from a simple manual prototype application.  This meant that 
all simulation modules had to reuse a specific existing thread 
to prevent loss of simulation accuracy due to excessive 
context switches. 
 

EXPERIMENTS AND RESULTS 

For experimental evaluation, we used the above simple 
behaviour and varied the load on the system through the 
number of simulated users.  The load as increased every 2 
minutes by one additional simulated user until 
approximately 10 minutes after a clear saturation of the 
system had been reached.  In the sequence diagram, the call 
to bean2 was specified to be resource intensive (the 
equivalent of performing 3500 heapsorts on arrays of 1000 
floating point values) e.g. for analysing user authorization), 
the calls to bean1 are less demanding (1500 heapsorts). The 
think time was 5 seconds on average, which represents the 
time a user would need before the first click in the browser.   
 
In order to compare the simulation results with real 
installations of JBoss, we built a prototype of above 
specifications and deployed it onto two different hosts.  
Both hosts run under Linux, dax is a dual-processor server, 
ibex a single-processor workstation.  For reasons of 
simplicity, scaling of the simulation model to the reference 
hosts was done through adjustment of the CPU-capacity of 
the server in UML diagram only.   
For the time being, this ignores other influences like network 

bandwidth, i/o speed and latencies, which could distort 
findings significantly.   
 
Unfortunately, we experience a software incompatibility, 
which forces us to upgrade underlying parts of the system.  
Rather than presenting misleading low-quality data, we 
give a overview on the type of data and investigation we 
will present.  For the final paper / camera-ready copy to be 
submitted for the ESM, we will obtain additional 
measurements and run further experiments to calibrate the 
model more precisely and then verify the accuracy of the 
prediction on a larger sequence of interactions and further 
examples.  We apologize the inconvenience. 
 
Taking the prototype measures on dax as an example, the 
system went into saturation (ref. markers in Fig. 6) after 60% 
of the experiment time with an approximate capacity of 1.9 
TPS, which was caused by 23 concurrent simulated users.  
Further users did not increase the transaction rate but only 
resulted in increased response times due to shared use of 
the CPU resources. The response time for the first user (on a 
basically idle system) was 0.2s without the prescribed think 
time, but rose to 1.1s at the saturation point of the system 
(ref Fig. 7).  Table 1 summarily lists the achieved or 
predicted rate of fully completed transactions per second 
(TPS, number of finished workflow instances per second).  
 

  Capacity Response time 
  TPS Users “idle” saturate

d 
simulation ibex     
 dax     
prototype Ibex 0.6 10 1.0s 4.6s 
 dax 1.9 23 0.2s 1.1s 

Table 1: Comparison of simulation and prototype results 
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Fig. 7: Response times of simulation and prototype 



OUTLOOK AND CONCLUSION 

The simulation model presented in this paper provides a 
performance engineer with a simple and intuitive way of 
noting infrastructure, load, behaviour and requirements of a 
distributed system, which uses a JBoss application server.  
By splitting the model into an application (UML) and 
infrastructure level (native OMNET++), we achieve 
sufficient expressive and simulative potential without 
requiring excessive detail. 
We currently work on integrating our method with models 
from the OMNET++ community, most importantly the 
TCP/IP models described in [Kaage2001].  Another aspect is 
the calibration of the model by efficient determination of 
model parameters on various infrastructures by means of 
benchmarking, prototyping (manual and automatic) and load 
testing.  Particularly the possible interaction between 
Simulation and Prototyping is very promising.  
In [Hennig03], we present a way to use the notation, 
conversion methodology and UML-models described here 
to automatically generate and deploy performance 
prototypes.  The efficient combination of corresponding 
prototypes and simulation models opens new opportunities 
to predict system performance faster and more accurately 
with affordable effort and time. 
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Abstract: this paper illustrates how meta-modelling is used to support designing and executing data flows in a 
web-based simulation environment (in our case the home-made so-called NCSE environment [Levytskyy and 
Kerckhoffs, 2000a]). Although simple, the data flow considered has a significant leverage in the real-world 
scenarios typical for web-based environments. Based on the definition of Data Flow Diagrams (DFD), we 
specify a DFD metamodel in the Entity-Relationships formalism with the meta-modelling tool AToM3 [de Lara 
and Vangheluwe, 2002a] and use it to generate a visual modelling tool tailored according to the proposed DFD 
metamodel. Finally, the paper illustrates how a DFD model created with this modelling tool is transformed into a 
textual code, a job description for the NCSE execution controller. 
 
keywords: Data Flow Diagrams, Metamodel, Transformation, Code Generation, Web Environment 
 

1. INTRODUCTION 
 
The emergence of the world-wide web (WWW) 
and its popularity in the simulation community 
gave birth to the concept of web-based simulation 
[Fishwick, 1996], which now includes (among 
others) activities that deal with the use of the 
WWW as infrastructure to support distributed 
simulation execution and encompass research in 
tools, environments and frameworks that support 
the distributed, collaborative design and 
development of simulation models [Page, 1998]. 
 
Within this domain, several years ago we started a 
Collaborative Simulations project in which a 
generic web environment is developed to support 
simulation and modelling components in 
multidisciplinary collaborative projects [Levytskyy 
and Kerckhoffs, 2000a]. The environment’s 
functionality is similar to that of the DLR-IMF 
Virtual Laboratory [DLR-IMF]. The practical 
application of our prototyped environment lies in 
the so-called NanoComp project, which 
investigates computing systems based on quantum 
devices; therefore the environment is named 
NanoComp Simulation Environment (NCSE). 
 
NCSE is based on two major types of remote 
objects called resources [Levytskyy and 
Kerckhoffs, 2001]: conventional tools and models, 
which are maintained by the collaborative groups 
that own them. The environment provides: (i) an 
infrastructure that connects remote resources to 
their respective web-façades (proxy objects 
accessible from the web) via a distributed object 
middleware; (ii) centralised access control (via a 
controller) to remote resources; and (iii) on-line 

services, such as registration, discovery and 
processing of resources (i.e. simulation of a 
registered model with an integrated simulation 
tool). These web-façades are containers for 
metadata that describe properties of the remote 
counterpart tools and models, thus enabling the 
above-mentioned services. Since 2002, NCSE 
includes meta-modelling capabilities with the 
assistance of AToM3 (A Tool for Multi-formalism 
and Meta-Modelling).  
 
AToM3 is a visual tool for meta-modelling and 
model-transforming. Meta-modelling refers to 
modelling formalism concepts at a meta-level, and 
model-transforming refers to automatic converting, 
translating or modifying a model of a given 
formalism into another model of the same or 
different formalism [Vangheluwe et al, 2002]. The 
tool’s meta-layer allows a high-level description of 
models, based on which AToM3 can automatically 
generate a tool tailored to the family of those 
models. 
 
In NCSE, AToM3 is used as Meta-CASE Tool (and 
the topic of this paper is an example of such a use) 
to develop meta-models for various formalisms 
supported by the environment. Given these 
metamodels, AToM3 can be used as a conventional 
modelling tool for the supported formalisms. 
Finally, we employ the model-transforming 
capabilities (a) to generate job descriptions for the 
NCSE controller (which is discussed in this paper) 
and (b) given a formalism’s metamodel, to 
synthesize code for the formalism’s components of 
the NCSE environment. 
 



 

 

In this paper we illustrate how meta-modelling is 
used to support designing and executing data flows 
in the NCSE environment. Although simple, the 
data flow considered has a significant leverage in 
the real-world scenarios typical for web-based 
environments. In section 2 we provide a definition 
of Data Flow Diagrams that will serve as 
specification for the DFD metamodel presented in 
section 3. Based on this metamodel, AToM3 can 
generate a completely new DFD modelling tool. 
Section 4 describes how to construct a 
transformation that, given a DFD model, generates 
a respective textual code for an external solver: the 
NCSE controller. An example of model-
transforming is given in section 5. We conclude the 
paper with final remarks. 
 
2. DFD DEFINITION 
 
Data Flow Diagrams (DFD) present the flow of 
data through a system [Gane and Sarson, 1979]. 
The focus is on how data is processed by a system 
in terms of inputs and outputs. The building 
constructs of Data Flow Diagrams are Data Flow, 
Data Store, Process and External Entity. Figure 1 
shows their respective graphical notations as 
proposed in [Gane and Sarson, 1979]. 
 

 
Figure 1: DFD notation. 

External entities (Figure 1a) are data objects 
outside the context of the modeled system. 
External entities are sources and sinks 
(destinations) of the system’s inputs and outputs. 
Each is given an alphabetic identifier. 

 
Data flow (Figure 1b) is a pipeline through which 

packets of data of known composition flow. The 
arrowhead indicates the direction of the data flow. 
Each data flow must have a label describing the 
data.  

 
Data stores (Figure 1c) are repositories of data 

inside a system. It is a data queue as opposed to 

data flow. Each is identified by “D” and an 
arbitrary number. 

 
Process (Figure 1d) transforms an incoming data 

flow into an outgoing data flow. Each is given a 
numerical identifier, physical reference (in the 
lower part of the process box) and is described 
with an imperative sentence containing an active 
verb e.g. “CONVERT data”.  

 
Additionally, there are general rules that a valid 
DFD diagram should comply with. Some of them 
are: 

- Data flow connects other DFD constructs. 
- No alteration of data can take place within 

a data flow. 
- An external entity cannot be connected to 

another external entity. 
- Data stores receive inputs and outputs only 

from processes. 
 
There is much more to say about DFD (levels and 
types of Data Flow Diagrams, more rules and 
recommendations), but the definition provided here 
is sufficient for our purposes. 
 
3. METAMODEL 
 
A metamodel of a given formalism specifies the 
syntax aspect of the formalism by defining the 
language constructs and how they are built-up in 
terms of other constructs. 
 
To construct a DFD metamodel we used Entity 
Relationships (ER) diagrams extended with 
constraints, a default meta-formalism of AToM3. 
Constraints provide a view on how a construct can 
be connected to another construct to be meaningful, 
and thus specify static semantics of the formalism. 
In this paper constraints are expressed in Object 
Constraint Language [OCL, 1997]. 
 
Important properties of each construct are 
Cardinality, Attributes, Constraints, and 
Appearance. Cardinality determines the possible 
number of incoming and outgoing connections of a 
construct. Additionally, we employ Constrains to 
control what constructs can connect to what 
constructs. We populate each construct’s Attributes 
property (of collection type) with a minimum set of 
regular attributes that supports the semantics of the 
construct alone and in combination with other 
constructs. Finally, we define the Appearance 
property of each construct in accordance with the 
notation presented in Figure 1. 
 



 

 

 
Figure 2: DFD Metamodel. 

The metamodel in Figure 2 was constructed in 
AToM3 according to the DFD definition provided 
above and shows how DFD constructs can be 
combined together. In the following, we describe 
each element of the metamodel in more details: 
 
EXTERNALENTITY: 

Cardinality:  
self-to-dataflow: (1: 0..*)  
dataflow-to-self: (1: 1) 

Attributes:  
id: string = ‘a’ 
description: string 
data: sequence 
isSource: boolean  
isSink: boolean 

 
DATASTORE: 

Cardinality:  
self-to-dataflow: (1:1..*)  
dataflow-to-self: (1:1) 

Attributes:  
id: string = ‘D’ 
description: string  
data: sequence  

 
DATAFLOW: 

Cardinality: 
self-to-destination: (1:1)  
source-to-self: (1:1) 

Attributes:  
description: string 
data: sequence 

Constraints:  
DataFlow :: CONNECT(…) 
post: self.Source.metaclass -> 

forAll(s |  
    self.Destination.metaclass -> 

forAll(d |  
not s = d = 

‘ExternalEntity’)) 
post: self.Source.metaclass -> 

forAll(s |  
    self.Destination.metaclass -> 

forAll(d |  
Set{s,d} = 

Set{“Process”,“DataStore”})) 
 

PROCESS: 
Cardinality: 

self-to-dataflow: (1:1..*)  
dataflow-to-self: (1:1) 

Attributes:  
id: string 
description: string 
processor: string 

Along with the properties defined for each DFD 
construct, we also extend the global properties for 
the metamodel itself with attributes, such as title, 
subject, description, author and version. They can 
be used for basic documentation of models 
specified in this DFD formalism.  
 
All global properties and regular attributes are to be 
filled-in by the end-user of the DFD modeling tool 
to be generated at the lower meta-level. 
 
Finally, the flexibility and elegance of the meta-
modeling concept allows us to easily adapt the 
DFD formalism as defined in section 2 to our 
needs. For example, to match the capabilities of the 
controller, we introduce two new general rules for 
our DFD: 

- Do not allow branching. 
- Do not allow loops on the same Process. 

 
AToM3 allows preventing branching by tuning the 
Cardinality property of elements. The loops are 
avoided by the following constraint: 
 

DataFlow :: CONNECT(…) 
post: self.Source -> forAll(s |  

self.Destination -> forAll(d | 
s <> d implies s.id <> d.id)) 

 

 
Figure 3: Generated DFD modeling tool. 

Given our metamodel, we can now generate in 
AToM3 a meta-specification, which, when loaded 
into the meta-level of AToM3, turns it into a new 
modeling environment for the modeled DFD 
formalism. A part of this meta-specification is a 
specification of the User Interface. This 
specification is a model in its own right and can be 
edited in AToM3 at any time under a so-called 
“Buttons” formalism. By default, this specification 
creates a button for every construct of the 
formalism. In addition, we created one extra button, 
which on click applies the code generation 
transformation to the model on the tool’s canvas. 
An instance of the generated DFD modeling tool is 
shown in Figure 3. 
 
 



 

 

4. CODE GENERATION 
TRANSFORMATION 
 
Model transformation is related to dynamic 
semantics of a formalism, which defines the 
meaning of well-formed constructs. This meaning 
can be described in a number of ways, e.g.: 
formalism transformation, model optimization, 
code generation and simulator specification. 
 
This section describes a code generation 
transformation that, given a DFD model, generates 
a corresponding textual job description for the 
NCSE controller. The controller is a custom built 
Process-Interaction (PI) solver based on the 
operational semantics of πDemos [Birtwistle and 
Tofts, 1994]. 
 
In AToM3 model transformations are specified 
through Graph Grammars, and consist of Initial 
Action, Final Action and Transformation rules. 
Each rule consists of Left Hand Side (LHS) and 
Right Hand Side (RHS) graphs, and Condition, 
Action and Priority properties.  
 
The Initial Action of the transformation iterates 
through all the elements of the current model 
(objects on the tool’s canvas) to augment them with 
temporary attributes to be used in the conditions 
specified below. Attribute isVisited helps to 
distinguish the elements that have been already 
processed from those that have not yet. Attribute 
isCurrent is used to mark a DataFlow that leads to 
the element whose code has to be generated next. It 
also creates the job data structure: 
 

{‘source’: ‘’, ‘sink’: ‘’, ‘body’: [ ]} 
 

Relationship RelationshipEntity
connected
with

connected
with

label label label

 
Figure 4: Subgraph match pattern. 

We designed the rules to match a pattern shown in 
Figure 4, where the relationship element is a 
DataFlow, and the entity can be an instance of any 
other DFD component. Either the left or right 
relationship can be omitted. Present elements are 
labelled with consequent numbers. In the following 
we briefly describe each rule: 
 
RULEPROCESS (priority 1) locates a Process and 
rewrites the model as shown in Figure 5. Its action 
generates code using proper controller commands 
(get, hold, put) to access, use and release the 
physical entity implementing the process, and 
marks element 1 as not current, element 2 as 
visited, and element 3 as current. 

 
Figure 5: LHS and RHS subgraphs for processes. 

 
Action 
pre: LHS.element1.isCurrent = 1  
  and LHS.element2.isVisited = 0 
post: RHS.element1.isCurrent = 0  
  and RHS.element2.isVisited = 1  
   and RHS.element3.isCurrent = 1 

 
RULESOURCEEXTERNAL (priority 2) locates a 
source ExtEntity and rewrites the model as shown 
in Figure 6. Its action updates the ‘source’ field of 
the job description with the URL value of the data 
object of element 1 and marks element 1 as visited 
and element 2 as current. 
 

 
Figure 6: LHS and RHS subgraphs for source 

externals. 
 
Action 
pre: LHS.element1.isSource = 1  
  and LHS.element1.isVisited = 0 
post: RHS.element1.isVisited = 1  
  and RHS.element2.isCurrent = 1 

 
RULEDATASTORE (priority 3) locates a DataStore 
and rewrites the model as shown in Figure 7. As 
semantics of this entity in the controller’s context is 
currently not defined, the action only marks 
element 1 as not current, element 2 as visited, and 
element 3 as current. 
 

 
Figure 7: LHS and RHS subgraphs for data sources. 
 
 
Action 
pre: LHS.element1.isCurrent = 1  
  and LHS.element2.isVisited = 0 
post: RHS.element1.isCurrent = 0  
  and RHS.element2.isVisited = 1  
   and RHS.element3.isCurrent = 1 

 
RULESINKEXTERNAL (priority 4) locates a sink 
ExtEntity and rewrites the model as shown in 
Figure 8. Its action updates the ‘sink’ field of the 
job description with the URL value of the data 
object of element 2 and marks element 1 as not 
current and element 2 as visited. 
 
 
 



 

 

 
Figure 8: LHS and RHS subgraphs for sink 

externals. 
Action 
pre: LHS.element1.isCurrent = 1  
  and LHS.element2.isSink = 1 
   and 

LHS.element2.isVisited = 0 
post: RHS.element1.isCurrent = 0  
  and RHS.element2.isVisited = 1 

 
The Final Action prints the job data structure into 
an output file. As the last step, it iterates through all 
the elements on the tool’s canvas removing 
temporary attributes isVisited and isCurrent. 
 
5. MODEL-TRANSFORMING 
 
Figure 10 shows a DFD model created with the 
generated modeling tool.  
 

 
Figure 9: A model in the DFD formalism. 

Source external entity a0 contains a reference to a 
model registered in the NCSE model base. Process 
0 refers to a simulation tool that can solve the 
model concerned. Process 1 is a script that converts 
the output of process 0 into the input for process 2. 
Process 2 refers to a visualization application that 
produces diagrams from the input data. Finally, 
sink external entity a1 refers to the modeler’s 
workspace at NCSE. 
 
Model-transforming in AToM3 can be launched in a 
variety of ways, e.g. by clicking the button, which 
we created in the graphical user interface for the 
code generation transformation.  
 
During execution of a model transformation, 
AToM3’s Graph Rewriting Processor (GRP) 
iterates through the list of rules sorted by their 
priority in an ascending order and tries to apply the 
current rule to the model. If the rule makes a match 
(LHS pattern is found and conditions are met), it is 

executed and the GRP repeats trying each rule 
again from the beginning of the list. This continues 
until there are no rules anymore that can be applied, 
then GRP considers the model transformation as 
completed [de Lara and Vangheluwe, 2002].  
 
The result of our model-transforming is a valid job 
description for the controller (see Figure 10). 
 
#  
# This code is automatically generated. 
#  
 
__version__ = 'Revision: 0.01 $'[11:-2] 
__author__ = 'A. Levytskyy' 
 
# A job description for NCSE controller 
job = { 
  'body': ["getR ('Spectre')", 
           'hold ()', 
           "putR ('Spectre')", 
           "getR ('script')", 
           'hold ()', 
           "putR ('script')", 
           "getR ('Gnuplot')", 
           'hold ()', 
           "putR ('Gnuplot')", 
           "close()" 
           ], 
  'source':'scheme://host:port/sourcepath', 
  'sink'  :'scheme://host:port/sinkpath' 
} 

Figure 10: Generated textual code for execution. 

At this point the synthesized code can be passed to 
the NCSE controller for execution. The controller 
will create a new job (and add it to the pool of 
already existing jobs) that will provide the data as 
input for process 0, and so on until the output of 
process 2 is placed in the environment’s cash and 
the output’s URL is stored in the user’s workspace. 
More details on the controller and job execution 
can be found in [Levytskyy and Kerckhoffs, 
2000b]. 
 
6. FINAL REMARKS 
 
In this paper we demonstrate how the concept of 
meta-modelling could be used to easily extend an 
existing simulation environment with new 
functionality, namely dataflow modelling and 
execution. The meta-modelling tool AToM3 plays 
an important role in this (even though currently 
AToM3 can only be used locally and not from the 
web) and is primarily used as Meta-CASE Tool to 
develop meta-models for various concepts used in 
the environment, and as code generator. The most 
important is that meta-modelling and AToM3 
indeed enable us to adjust NCSE to different 
situations.  
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Abstract 
System dynamic simulating modelling is one of the most appropriate and successful scientific dynamics 
modelling methods of the complex, non- linear i.e. natural, technical and organisational systems. Investigation of 
behaviour dynamics of the ship’s propulsion system as a typical example of complex, dynamic technical systems 
requires application of the most efficient modelling methods. The aim of this essay is to present the efficiency of 
application of the system-dynamic simulating modelling in investigation of behaviour dynamics of the 
BSVPAM propulsion system. The anchor windlass and its driving asynchronous motor shall be presented by 
mental - verbal, structural and mathematical computing models. The System Dynamics Models are, in essence, 
continuous models because the realities are presented by the set of non-linear differential equations, i.e.” 
equations of state”. They are at the same time discrete models, because they used basic time step for counting  
i.e. discrete sampling DT, which value is determined in total accordance with “SAMPLING THEOREM” 
(Shannon and Koteljnikov). With the choice of basic time step DT it is possible to do computer modelling of 
continuous simulation models on digital computer, which is very suitable for education of the marine students 
and engineers, because they can study complex dynamics behaviour of marine systems and process.    
 
Keywords 
System Dynamics, Modelling, Asynchronous Engine, Windlass, Continuous and Discrete Simulation 
 
 
 
1. INTRODUCTION 
 
The System Dynamics Modelling is in essence 
special, i.e. “holistic” approach to the simulation of 
the dynamics behaviour of natural, technical and 
organisation systems, and it contains quantitative 
and qualitative Simulation Modelling of various 
natured realities. The concept of optimisation in 
System Dynamics is based on belief that the manual 
and iterative procedure, i.e. optimisation by the 
method “retry and error” can be successfully 
executed using heuristic optimisation algorithm, 
with the help of digital computer, and in complete 
coordination with System Dynamics Simulation 
Methodology. This simulation model BSVPAM is 
small part of scientifically macro project called: 
Intelligent Computer Simulation of the Model of 
Marine Processes. 
 
2. SYSTEM- DYNAMIC SIMULATING 
SYSTEM MODELS  “ANCHOR WINDLASS 
DRIVEN BY 
ASYNCHRONOUS MOTOR” 

 
2.1. System dynamic model of the anchor   
        windlass 
 
Anchoring is an operation by which the ship is fixed 
to the ship’s bottom. This is performed by the 
anchor arrangement consisting of: anchor, anchor 
chains, stoppers, chain locker and windlass. Some 
elements of the anchor arrangement are also used for 
the mooring of a ship. All ships are provided with 
the bow anchor arrangement and some of them with 
the stern anchor arrangement. Ships of less size may 
be provided with anchor windlasses driven by the 
internal combustion engines while on tankers where 
such drive may cause explosion windlasses are 
driven by steam. Windlasses on other ships are 
mostly driven by electric motors and recently are 
also hydraulically driven. Electric drive of 
windlasses shall be performed by: - the alternative 
three phase electric motor, in Leonard’s connection, 
alternative three phase electric motor directly 
coupled with overlapping of two or three pairs of 
pole.   
Anchor windlass consists of driving electric motor 
with stopper, reduction gear and main shaft unit laid 



in solid bearings. Reduction gear where safety-
sliding coupling is located includes a few pairs of 
front gears with associated shafts and bearings. 
High-speed rotating shafts are laid in rolling 
bearings while the main shaft is fitted in sliding 
bearings. Chain locker is situated in the main shaft 
having the belt brake and tightening drum. Claw 
clutch is located between chain locker and reduction 
gear enabling the independent operation of the 
tightening drum from the chain locker. 
Reduction gear is lubricated by oil sump while main 
shaft and other sliding surfaces are grease lubricated. 
The basic equations of anchor windlass are:  

 
According to the basic equations the mental verbal 
model of ship anchor windlass may be developed or 
structural and anchor windlass course diagrams, 
respectively.  
 

Table 1: Marks and mode of records in Dynamo 
language 

 
 

Marks 
 

Description 
Dynamo 
language 

MV Winch torque MTVA 
Gs Anchor weight GS 
Gl Chain weight GL 
S Chain length SM 
ϕ Seawater density GU 
G Gravity GR 
A Anchor and chain area POVRSR 

S Chain length S 
VS Anchor lifting speed VS 

FT Loading force FU 
FUZ Buoyancy force FZ 

NV

D

PI

-
-

VS

SMR

FT
GSR

-

+

+
-

+

+

GLR
+

+

FU
+ MTVA

+

RO

-

FZ +

GRR

+

+

GUR

+ POVRS+

OMEGA

+

dOMEGA

+

-

KPD1(-)

KPD2(-)

KPD3(-)

 
Figure 1:  Structural simulation model of    the 

anchor windlass  
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Figure 2: Structural simulation model in DYNAMO 

symbolic-flow diagram 
 

Three feedback loops are present in the concerned 
anchor arrangement system (KPD). 
KPD1 (-): VS=.> (-) SMR =>(+)FT=>(+)VS; which 
has self-regulating dynamic character (-) because the 
sum of negative signs is odd number. 
KPD2(-):VS=>(-)SMR=>(+)GLR=>(+)FT=> 
(+)VS;  which also has self-regulating dynamic 
character . 
KPD3(-)SMR=>(+)GLR=>(+)FT=>(+)FU=> 
(+)MTVA=>(+)dOMEGA=>(+)OMEGA= 
>(+)VS;which has also self-regulating dynamic 
character. 
Within KPD a few cause and effect relations are 
acting (UPV) for which the following dynamic 
relations are valid: 
“ If the anchor and chain VS lifting speed is 
increasing, chain length SMR is reducing what 
results in the negative sign of cause-effect relation”; 
by increasing chain and anchor VS lifting speed, the 
number of revolutions of shaft NV is also increased 
resulting in positive sign of UPV.”  
By increasing the relative anchor mass GSR, chain 
and anchor VS lifting speed is reduced resulting in 



negative sign of UPV”. “By increasing of relative 
chain length SMR loading force is increasing as well 
as the total chain weight GL and also buoyancy 
force FU resulting in positive sign UPV.”  
“By increasing the loading force –FT as well as 
speed of rotation of asynchronous motor, the anchor-
VS and chain lifting speed is increased resulting in 
positive sign of the observed UPV.“ By increasing 
gravity-G the loading force-FT and buoyancy force-
FU are increased and accordingly observed UPV has 
positive sign.” “ By increasing loading force-FT 
total force is increased and consequently by 
increasing total force winch torque-MTVA is 
increased and thus the observed UPV has a positive 
sign.”     
“ By increasing buoyancy force-FU total force is 
decreasing resulting in a negative sign UPV.” “ By 
increasing chain and anchor-A area as well as 
seawater density buoyancy force is increased 
resulting in positive sign of the observed UPV.” 
 
2.2. System dynamic model of asynchronous 
motor 
 
The following cause and effect relation is applicable 
to the first equation: 

qs
ψ

k
ω

dr
ψ

s
T

r
k

ds
ψ

s
T

1
ds

u
dt
ds

dψ
+

′
+

′
−=      (7) 

Variation speed of system - d   condition is 
decreasing what results in negative sign of the 
observed cause and effect relation.” “ By increasing 
rotor linkage factor –Kr, system condition variation 
is also increased resulting in positive sign of the 
observed UPV.” “ By the increase of stator - Ts 
transient time constant, system condition variation is 
reduced resulting in negative sign of the observed 
UPV.” “ If product is increasing and if stator voltage 
variation in axis d - Uds is increasing then system 
condition variation speed is also increasing resulting 
in a positive sign of the observed UPV.” 
On the basis of the specified model given in the 
form of cause and effect relation of system elements, 
the mental verbal model of equation of 
asynchronous motor condition may be determined 
and thus a structural model and continuity diagram 
of the mentioned equation may be elaborated. 
In this short paper, it is impossible to give a 
complete model (27 equations) of the asynchronous 
motor, complete model has been 

 
Figure 3: Structural diagram and continuity diagram 
of the first differential equation of the asynchronous 

motor condition 
 
presented in IASTED 1998., Pittsburg, USA. 
 
2.3. Computer simulating model BSVPAM 
 
PARAMETERS OF SHIP’S ANCHOR WINDLASS: 
C G=7000                            TOTAL NOMINAL WEIGHT     
                                      OF ANCHOR WITH CHAIN (kg)                   
C GS=3000             NOMINAL ANCHOR WEIGHT (kg)                 
K GSR=GS/G             RELATIVE VALUE OF ANCHOR       
                                     WEIGHT          
K GL=4000/SM                 NOMINAL CHAIN  WEIGHT      
                                           PER LENGTH UNIT (kg/m)                                          
K GLR=GL/G                             RELATIVE VALUE OF   
                           CHAIN WEIGHT PER LENGTH UNIT                                       
C SM=100                                     CHAIN LENGTH  (m)      
C GR=9.81                                         GRAVITY  (M/s∗ s) 
K GRR=GR/SM                          RELATIVE GRAVITY 
C GU=1.25          SEAWATER DENSITY  (kg/m∗ m∗ m) 
K GUR=GU/SM                       RELATIVE SEAWATER  
                                                                           DENSITY 
C VOLUM=1000                       CHAIN AND ANCHOR  
                                                        VOLUME  ( m∗ m∗ m) 
K POVRSR=VOLUM/SM          CHAIN AND  ANCHOR   
                                                      AREA       
R VS.KL=CLIP(STEP(OMEGA.K,0) 
,0,FT.K,GSR)                        ANCHOR LIFTING SPEED 
C D=1                                    
A NV.K=VS.KL/(D*3.14)                      SHAFT NUMBE 
                                                                  OF ROTATION                         
L SMR.K=SMR.J+DT*(-VS.JK)  
N SMR=100 
A MTVA.K=FU.K*RO                 WINDLASS TORQUE 
C RO=0.1                         CHAIN LOCKER DIAMETER 
A FT.K=CLIP(STEP((GLR*SMR.K+GSR) 
*GR,0),0,GLR*SMR.K*GR,GSR)  LOADING FORCE 
A FZ.K=CLIP(STEP(GUR*GRR*POVRSR*SMR.K,0) 
,0,SMR.K,15)                                   BUOYANCY FORCE            
A FU.K=FT.K-FZ.K                                 TOTAL FORCE                                   
SAVE SMR,MTVA,FU,FT,FZ,VS 
PARAMETERS OF ASYNCHRONOUS MOTOR: 
C Rs=0.0141                           STATOR TRANSFORMED  
                                              OPERATING RESISTANCE 
C Rr=0.0934                             ROTOR TRANSFORMED  
                                OPERATING RESISTANCE + 5Rr 
C Lcs= 0.286 STATOR TANSFORMED  INDUCTANCE 
C lcr= 0.1      ROTOR TRANSFORMED  INDUCTANCE  
C Lm=3.32                            TRANSFORMED MUTUAL  
                                                                    INDUCTANCE 
C TCS=20.3                                   STATOR TRANSIENT  
                                                              TIME CONSTANT 
C Tcr=3.11                      ROTOR WITH 5R TRANSIENT  
                                                              TIME CONSTANT 
C Ks=0,965                       STATOR LINKAGE  FACTOR 



C Kr=0.95                            ROTOR LINKAGE FACTOR 
C Lsigs=0.12          STATOR LEAKAGE INDUCTANCE 
C Lsigr=0.175           ROTOR LEAKAGE INDUCTANCE 
C SIGMA=0.083LEAKAGEFACTOR(SIGMA=1-Ks*Kr) 
CH=57.6                                         INERTIA CONSTANT 
I DIFFERENTIAL EQUATION OF CONDITION: 
R dPSIds.KL=Uds.K-(PSIds.K/Tcs)+ 
OMEGAk.K*PSIqs.K+(Kr*PSIdr.K)/Tcs 
    DPSIds= VARIATION SPEED OF LINKAGE FLUX   
                    PSIds (Wb/s) 
         Uds= STATOR VOLTAGE IN AXIS d (V) 
          Tcs= STATOR TRANSIENT TIME CONSTANT      
OMEGAk=OMP STATOR ROTATION  
                   SYNCHRONOUS SPEED (rad/s) 
       PSIqs=STATOR LINKAGE MAGNETIC FLUX IN   
                    AXIS q (Wb/s) 
           Kr= ROTOR LINKAGE FACTOR 
      PSIdr= ROTOR LINKAGE MAGNETIC FLUX IN  
                  AXIS d (Wb) 
L PSIds.K=PSIds.J+DT*(dPSIds.JK) 
N PSIds=0 
         PSIds=STATOR LINKAGE FLUX IN AXIS d (Wb)                     
      DPSIds=VARIATION SPEED OF STATOR  
                     LINKAGE FLUX IN AXIS d (Wb/s)  
A Uds.K=STEP(1,0)+ 
                CLIP(1,0,FT.K,GSR+1e-20)+STEP(-1,0)      
A OMEGAk.K=1 
   OMEGAk=OMP STATOR ROTATION  
                       SYNCHRONOUS SPEED (rad/s) 
II DIFFERENTIAL EQUATION OF CONDITION: 
RdPSIqs.KL=Uqs.K-(PSIqs.K/Tcs)-    
                      OMEGAk.K*PSIds.K+(Kr*PSIqr.K/Tcs) 
  DPSIqs=VARIATION SPEED OF STATOR  
            LINKAGE MAGNETIC FLUX IN AXIS q (Wb/s)                    
       Uqs= STATOR VOLTAGE IN AXIS q (V) 
    PSIqs=STATOR LINKAGE MAGNETIC FLUX IN  
               AXIS q (Wb/s) 
       Tcs= STATOR TRANSIENT TIME CONSTANT 
OMEGAk=OMP STATOR ROTATION  
                  SYNCHRONOUS SPEED (rad/s) 
       PSIds= STATOR LINKAGE FLUX IN AXIS d (Wb) 
            Kr= ROTOR LINKAGE FACTOR 
       PSIqr=ROTOR LINKAGE MAGNETC  
                  FLUX IN AXIS q (Wb) 
L PSIqs=o 
        PSIqs=STATOR LINKAGE MAGNETIC FLUX IN   
                   AXIS q (Wb/s) 
      DPSIqs= VARIABLE VARIATION SPEED PSIqs  
                      (Wbs) 
A Uqs.K=0 
Usq=STATOR VOLTAGE IN AXIS q (V) 
A Uas.K=SQRT(Uds.K*Uds.K+Uqs.K*Usq.K)  
             Uas=VECTOR SUM OF VOLTAGE    
                      COMPONENTS IN AXES q AND d 
III DIFFERENTIAL EQUATION OF CONDITION: 
R DpsiDR.kl=Udr.K-(PSIdr.K/Tcr)+ 
(OMEGAk.K-OMEGA.K)*PSIqr.K+Ks*PSIds.K/Tcr 
A Udr.K=0 
     DPSIdr=ROTOR VARIATION SPEED OF   
            LINKAGE MAGNETIC FLUX IN AXIS d (Wb/s) 
           Tcr=ROTOR SA 5R TRANSIENT TIME  
                  CONSTANT 
          Ks=STATOR LINKAGE FACTOR 
  OMAGAk=OMP STATOR SYNCHRONOUS  
                      ROTATION SPEED (rad/s) 
L PSIdr.K=PSIdr.J+DT*(dPSIdr.JK)  
      PSIdr= ROTOR LINKAGE MAGNETIC FLUX IN  
                   AXIS d (wB) 
N PSIdr=0 
IV DIFFERENTIAL EQUATION OF CONDITION: 
R dPSIqr.KL=Uqr.K-(PSIqr.K/Tcr)- 
(OMEGAk.K-OMEGA.K)*PSIdr.K+Ks*PSIas.K/Tcr 
A Uqr.K=0 
      DPSIqr=ROTOR VARIATION SPEED OF  
           LINKAGE MAGNETIC FLUX IN AXIS q (Wb/s)                  
    Tcr= ROTOR SA 5R TRANSIENT TIME CONSTANT                   

     Ks= STATOR LINKAGE FACTOR 
 OMEGAk= OMP STATOR SYNCHRONOUS  
                     ROTATION SPEED (rad/s) 
LPSIqr.K=PSIqr.J+DT*(dPSIqr.JK) 
     PSIqr= ROTOR LINKAGE MAGNETIC FLUX IN  
                  AXIS q (Wb) 
NPSIqr=0 
V DIFFERENTIAL EQUATION OF CONDITION: 
RdOMEGA.KL=(1/(2*h))*(Ks/Lcr)*(PSIqs.K*PSIdr.K-
PSIds.K*PSIqr.K)-(1/(2*H))*MT.K 
DOMEGA=VARIATION SPEED OF ANGLE SPEED  
                      (rad/s(s) 
                H= INERTIA CONSTANT 
               Ks= STATOR LINKAGE FACTOR 
              Lcr= ROTOR TRANSFORMED INDUCTANCE 
L OMEGA.K=OMEGA.J+DT*(dOMEGA.JK) 
           OMEGA= ANGLE SPEED (rad/s) 
N OMEGA=0 
VI EQUATION OF ELECTROMAGNETIC TORQUE: 
A Mel.K=PSIds.K*Iqs.K-PSIqs.K*Ids.K 
VII EQUATION OF LOADING TORQUE: 
A MT.K=STEP(MTVA.K*KOPT,0) 
    C KOPT=1  
 VIII  ADDITIONAL CURRENTS EQUATIONS: 
A IDS.K=(1/Lcs)*(PSIds.K-Kr*PSIdr.K) 
AIqs.K=(1/Lcs)*(PSIqs.K-Kr*PSIqr.K)  
Aiqs.K=(1/Lcs)*(PSIqs.K-Kr*PSIqr.K) 
Alas.K=SQRT(Ids.K*Ids.K+Iqs.K*Lqs.K) 
A ldr.K=(1/Lcr)*(PSIdr.K-Ks*PSIds.K) 
A lqr.K=(1/Lcr)*(PSIqr.K-Ks*PSIqs.K) 
A lar.K=SQRT(ldr.K*ldr.K++lqr.K*lqr.K) 
IX  ADDITIONAL SLIP AND NUMBER OF 
ASYNCHRONOUS MOTOR REVOLUTION EQUATIONS: 
S S:K=(OMEGAk.K-OMEGA.K)/OMEGAk.K 
N S=1 
SAVE dPSIds,PSIds 
SAVE dPSIqs,PSIqs 
SAVE dPSIdr,PSIdr 
SAVE dPSIqr,PSIqr 
SAVE dOMEGA,OMEGA,OMEGAk 
SAVE Uds,Uqs,Uas,Ids,Iqs,Ias 
SAVE ldr,lqr,lar 
SAVE Mel,MT,S 
SPEC DT=.01,LENGTH=180,SAVPER=1 
 
2.4. The Results of Simulation 
              
Graphical figure of the simulation results of the 
BSVMP: 
 

 
Figure 4:  Diagram of loading torque,  

electric torque and slipping 
 



 
Figure 5: Diagram of loading force, buoyancy, chain 

length and speed 
 

 
Figure 6: Stator magnetic fluxes                                                          

 

 

 
Figure 7:  Stator and rotor currents 

 
3. CONCLUSION  
                    
System Dynamics is such scientific methodology 
that provides the simulation of the most complex 
systems. In the shown example the methodology 
evidently indicates to the high quality of the 
simulations of the complex dynamical systems and it 
gives the opportunity to every student or engineer 
interested to by the same methodology modulates, 
optimises and simulates any scenario of the existing 
realities. Furthermore, the users which use this 
simulation methodology of the continuous models 
on a digital computer, create a possibility to 
themselves of  the newest knowledge's in the 
behaviour of the dynamical systems. The 
Methodology is also significant because it doesn’t 

contain only a computer type of modelling, but it 
clearly determinates the metal, structural and 
mathematical modelling of the same system realities. 
Based on our long-term experience in the application 
of the dynamical methodology of simulating and in 
this short presentation we provide every expert in 
need with the possibility to acquire additional 
knowledge about the same system in a quick 
scientifically based way of exploring the complex 
systems.  
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Abstract: This paper describes a modelling language –Rainbow- based on Coloured Petri Nets, which was designed for modelling and 
simulation of complex systems. The formalism uses Java as the net annotating language. The timing model permits different policies to be 
associated with places which affect the token binding process. A graphical tool was achieved in Java which supports editing, debugging 
and simulation of CPN models. Large models can be simulated on top of a Time Warp based distributed executor. The practical use of 
Rainbow is demonstrated through a scalable simulation model. 
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1. INTRODUCTION 
Coloured Petri (CP) nets (Jensen 1992-98) are a well-known class 
of high-level nets that extend ordinary Petri nets (Murata, 1988) 
by allowing tokens to carry arbitrarily complex data, and arcs to 
be annotated with input predicates (influencing the enabling of a 
transition) or output functions (stating the production rule of 
tokens when a transition fires). Declarations and net inscriptions 
can be expressed by means of mathematical notations or by using 
an ordinary high-level programming language. 

The work described in this paper focuses on the development 
of a CP-net dialect -Rainbow– which was especially designed for 
supporting modelling and simulation of large systems, in a 
centralized or distributed setting. Key features of Rainbow are: 
• the use of Java as the net annotating language. Colour sets of 

places, arc inscriptions and guards (of arcs and transitions) 
can directly be programmed in Java 

• a timing model which accommodates both unordered and 
ordered places. Unordered places support classical non 
deterministic token selection. Ordered places can work with 
different token selection policies, e.g., FIFO-strict and FIFO-
random, which restrict the choice of tokens during the 
binding process, on the basis of colours and time. 

A totally portable Java-based graphical tool was achieved 
which enables editing, debugging and simulation of Rainbow 
models on a single workstation. A distributed executor based on a 
Time Warp mechanism (Beraldi and Nigro, 2001)(Beraldi et al. 
2002) was implemented which supports distributed simulation 
over a networked system. Details of the distributed executor are 
described in a recent paper (Furfaro et al., 2002b).  

This paper summarises the Rainbow modelling language and 
associated general timing model. The implementation status of the 
project is then clarified. After that, a scalable simulation model, 
together with some experimental results, are presented to 
demonstrate the practical use of Rainbow. Finally, directions of 
on-going work are outlined in the conclusions. 
 

2. THE RAINBOW MODELLING LANGUAGE 
The following provides a brief and informal description of 
Rainbow. The formalism relies on Java as the net programming 
language. With respect to similar modelling languages and tools 
(e.g. Renew (Kummer et al., 2002)), types (classes), functions ad 
so forth are expressed in Java and not using a syntax which 

requires mapping and translation in Java. Rainbow hosts only 
basic net constructs and focuses on time management. 
 
2.1 Places 
To each place is associated a class (colour set) whose instances 
are the admitted tokens (or colours). Place classes are extensions 
of the ColourSet base class. A few colour set classes, 
corresponding to primitive data types, are predefined so as for 
them to be immediately reused: ColourInt, ColourFloat, etc. 
Tokens in a place form a multi-set. A parameterless initialization 
function can be assigned to a place to provide its initial marking. 
 
2.2 Arcs 
Can be input or output. Input arcs connect places to transitions. 
The input places of a transition constitute the transition preset. 
Output arcs connect transitions to output places (transition 
postset). Both input and output arcs can be annotated by arc 
inscriptions, e.g. a variable or a function. More in particular, 
input arcs are normally decorated by a variable, which will be 
bound to a colour from the emanating place. In alternative, a 
function can be attached to an input arc, checking for the 
existence of suitable tokens in the relevant place of the preset. 
Input arc functions can be replaced by arc guards. A guard is a 
function which returns true if the token bound to the arc variable 
satisfies a certain selection criterion. By default, guards evaluate 
to true if missing. Output arc inscriptions regulate the generation 
of tokens at transition firing. An output arc inscription can be the 
same variable of an input arc, or a function which generates 
specific output tokens. 
 
2.3 Transitions 
A binding element is a pair (t,b) consisting of a transition t and a 
binding b. A binding is an assignment of values to all the 
variables involved with the transition, i.e., the variables used in 
the arc inscriptions relevant to the transition. Transition t is 
enabled in a marking M if there exists at least a binding for t. A 
guard can be associated with a transition for controlling the 
binding/enabling process. For the transition to be enabled, all the 
input arc and transition guards must evaluate to true. An enabled 
transition can fire. Firing a binding element (t,b) withdraws 
tokens from the preset of t according to the binding b, and 
generates tokens in the postset according to the t output arc 
inscriptions. 



 

2.4 Timing aspects 
A Rainbow model has a time notion (Jensen 1992-98) expressed 
by the value of a global clock (model time). In addition, tokens 
(i.e., colours) are time stamped. The time stamp of a colour 
reflects its generation time. Time stamped colours are components 
of timed multi-sets. The following is an example of a timed multi-
set: 
 

{ } { }1@50   49@1][2'  1@52   2@50    49@1]['4 ba +  

 
The multi-set has four tokens of colour a, one with time stamp 

49, two with time stamp 50 and the last one with time stamp 52, 
and two tokens of colour b respectively with time stamps 49 and 
50. 

To be acceptable, a binding element must be time enabled. A 
binding element is time enabled if it is composed of ready tokens. 
A token is ready if the global clock is greater than or equal to the 
token time stamp. Normally, the choice among ready tokens in a 
place is non deterministic (unordered place). Would there been 
multiple ready tokens for a given binding element, any one such a 
tokens can be selected to participate in the binding element. A 
time enabled binding element is characterized by its enabling 
time, i.e., the maximum value of the time stamps of the tokens 
involved in the binding element. 

The global clock is automatically advanced when no binding 
element is time enabled at current time. In these cases, a binding 
element with minimum enabling time is chosen and the global 
clock adjusted to this value to ensure progress in model 
behaviour. 

As in Generalized Stochastic Petri Nets (Marsan et al. 1984), 
Rainbow permits both timed and untimed (or immediate) 
transitions to be used in a model. Binding elements involving 
immediate transitions are always selected before binding elements 
of timed transitions. Immediate transitions can be assigned 
priority and probability values useful for conflict resolution 
(Marsan et al. 1987)(Ferscha 1994). The set of binding elements 
of immediate transitions having the highest priority is determined 
in the first place. Then, the actual binding element is selected in 
the set by a random choice according to transition probabilities. 
Timed transitions are associated with a delay which affects the 
generation of tokens at transition firing. Firing a transition t at 
time τ is an instantaneous event whose effect is the creation of 
tokens in the postset of t, all time stamped with the value 
τ+delay. The delay of a timed transition can be deterministic or 
stochastic. A delay function can be attached to a timed transition 
in order to constrain the delay value on the basis of the selected 
binding. 
 
2.5 Token selection policies 
The set P of places of a Rainbow model is partitioned in two 
subsets: P=rP∪ oP, where rP denotes a set of classical unordered 
(or random) places, oP is a set of ordered (or queue) places 
(Bause 1993)(Poses). In an ordered place colours are ranked by 
ascending time stamps. 

One of different token selection policies can be associated to 
an ordered place: FIFO-strict, FIFO-random, LIFO-strict, LIFO-
random. According to FIFO-strict, a binding element with a queue 
place can only occur with tokens at the queue’s head (oldest 
tokens). FIFO-random flexibly allows a binding to occur with the 
first matching colour starting from the head of the ordered token 
list. In a similar way are defined the LIFO-strict and LIFO-random 
policies which visit the token ordered list starting from the 
youngest tokens.  

FIFO policies are the most natural in many simulation models. 
Figure 1 shows a typical scenario. Place W contains tokens 

representing units of work, which are assigned for processing to a 
given machine. Each machine can process one unit of work at 
time. For simplicity, the colour of a unit of work coincides with 
the corresponding machine number. Place M holds the machines 
available at current time. Transition tprocess models the task of a 
machine which processes a unit of work. Near to each place is 
indicated its current marking. The global clock is assumed to be 
10. Finding a binding for tprocess means binding a machine colour 
to variable m so that the function f(m) returns a colour which is 
contained in W. For the purposes of the example f(m) can be the 
identity function: it just returns a colour from W equal to its 
argument. Function f(m) could be replaced by annotating the arc 
W-tprocess with a variable, e.g. n, and introducing a transition guard 
which checks that n and m are corresponding colours. Table 1 
depicts the available binding elements at current time under FIFO 
and/or Random policies.  
 
 
 
 
 
 
 
 
 
 
 

 
Figure 1. A typical scenario for token selection policies 

 
 
W-Rand, M-Rand 

b1: {m1@3}W {m1@10}M, enabling time: 10 

b2: {m1@5}W {m1@10}M, enabling time: 10 
b3: {m1@6}W {m1@10}M, enabling time: 10 
b4: {m2@10}W {m2@7}M, enabling time: 10 

W-FIFO-Strict,  
M-Rand (or FIFO-Rand) 

b1 

W-FIFO-Rand,  
M-Rand (or FIFO-Rand) 

b1, b4 

Table 1. Binding effects when applying different token 
selection policies 

 

If the Random policy is adopted for both W and M places, four 
binding elements as possible for tprocess. In particular, two bindings 
can be fired, one at a time and in any order: one chosen among b1, 
b2 or b3, and the other being b4. Generated tokens are controlled 
by the arc function g(m). All such tokens are time stamped by 
10+δ(tprocess), where δ(tprocess) is the (estimated) delay of tprocess. 
The two firings occur at the same time horizon (global clock=10) 
to express the parallelism (infinite server semantics (Ferscha, 
1994) of tprocess) with which physical machines (e.g., m1 and m2) 
process distinct units of work.  

The random policy does not force tokens in W or M to be 
processed according to their arrival time. Constraining work units 
to be processed in the arrival order is the responsibility of FIFO 
policies. However, FIFO-Strict for W would forbid, at current 
time, to fire other bindings except but b1. In addition, if the m1 
colour in M is ready at a time greater than the global clock, no 
binding would then be available at current time for tprocess, 
although machine m2 is ready from time 7 and b4 is potentially 
ready for firing. FIFO-Random for W and Random or FIFO-
Random for M, would constrain machines m1 and m2 to process 
the available units of work having minimum time stamp (see b1 
and b4 bindings). 

The design of the timing model of Rainbow purposely 
separates time management from functional aspects of a net model 
captured by arc inscriptions. From this point of view, an input arc 

1’[m1]{1@10}+ 
1’[m2]{1@7}+ 
1’[m3]{1@15} 

W M 

m f(m) 

g(m) 
tprocess 

4’[m1]{1@3 1@5 1@6 1@16} 
+1’[m2]{1@10}+1’[m3]{1@8} 

global clock=10 



 

inscription can only express requirements for colour selection. 
The use of token time stamps and the system time advancement 
rule are under implicit control of the underlying executor which 
has responsibility in applying place selection policies. 
 
3. IMPLEMENTATION STATUS 
An implementation of Rainbow was achieved in Java through a 
graphical tool. The following are some points of the developed 
tool: 
 
• it allows editing, debugging, simulation and analysis of CPN 

models. Both step-by-step execution and checkpoints (e.g., 
desired markings in selected places) are supported 

• it hosts both coloured and non coloured nets. Non coloured 
nets rest on tokens which consist of the time stamp only 

• it allows graphically to distinguish between unordered 
(default) and ordered places (split circles). A property of an 
ordered place concerns its selection policy 

• it hosts an executor which is devoted to sequential simulation 
of a model. The executor uses Java reflection for accessing 
and invoking user-defined model functions. 

 
Distributed simulation of a Rainbow model can be required by 

the computationally very expensive (in time and space) task 
involved with binding element processing. The critical factor is 
binding calculation. Building the bindings corresponding to a 
transition t requires in general exhaustively enumerating all the 
possible assignments of values (according to colours and time 
stamps available in the preset of t) to variables involved with t. A 
variable can be used alone on an arc or as a function parameter of 
an input or output arc of t. The same value of the variable must 
consistently be used in all its occurrences in a binding. Binding 
calculation is responsible for identifying all the candidate 
bindings existing at current time for any transition. Among 
alternative bindings, a random choice eventually selects the 
binding to fire. Ordered places and associated token selection 
policies obviously can speedup the relevant binding calculation 
process, since they restrict the possible proposed bindings. 
Distributed simulation is currently dealt with externally to the 
Rainbow graphical tool and depends on a specialized version of 
the executor built on top of an agent-based Time Warp mechanism 
(Furfaro et al., 2002b). Key points of the distributed executor are 
the following: 
 
• it allows a large model to be partitioned into a collection of 

subnets/LPs allocated for execution one per physical 
processor of a networked system. The Rainbow tool makes it 
possible to visually decompose a net model into cuts and to 
save them on disk as part of the model data representation. 
Actually, model data representation can be archived 
according either to standard Java serialization or XML and 
associated DTD. The model data representation is parsed by 
a director agent which configures and controls the distributed 
simulator 

• it benefits from the features of Temporal Uncertainty Time 
Warp –TUTW- (Beraldi and Nigro, 2001)(Beraldi et al., 
2002) which permits temporal uncertainty to be exploited in 
general distributed simulations. TUTW adopts an event 
delivery strategy where the occurrence time of an event is 
specified by a time interval and not a punctual timestamp. 
All of this augments the model event parallelism (events 
having overlapping time intervals are concurrent) and has the 
potential of improving the simulation performance since the 
control engine is given some flexibility in the event 
resolution, i.e., choosing the actual time stamp of events at 
dispatch time. Temporal uncertainty allows to relax in part 

the synchronization constraints. TUTW, though, is able to 
keep causality among concurrent events using Lamport 
“happens-before” relationship. For many simulation 
applications, experiments have shown that TUTW is capable 
of improving performance of the distributed simulator with 
respect to the case temporal uncertainty isn’t used, without 
necessarily compromising the accuracy of the results. 

 

4. A SIMULATION MODEL 
The following describes a complex and scalable simulation model 
with the goal of illustrating the practical use of Rainbow and its 
graphical tool. The model is based on a non coloured TPN model 
proposed by Zuberek (Zuberek, 1999)(Zuberek, 2002) for 
studying the influence of long-latency memory accesses in 
distributed-memory multithreaded multiprocessors (DM-MM). 
The simulation model was actually experimented for exploring the 
effects on the cpu utilization of component heterogeneity vs 
locality of memory references. All of this can be accomplished 
without changes in the model topology. 
 

4.1 A multiprocessor multithreaded model 
A DM-MM system with nxn processors (or nodes) interconnected 
by a bi-dimensional torus-like switching network is assumed (see 
Figure 2). Each processor can communicate directly with its four 
neighbours. An outline of the node architecture is portrayed in 
Figure 3). 

Each node has a local memory and two network interfaces 
allowing concurrent send/receive operations. Any processor can 
issue a memory request which can be directed to local memory or 
to the memory module of some remote node, which can be 
reached through the interconnecting network according to a 
suitable path, e.g., one with shortest distance. Through the 
outbound interface is routed all the outgoing traffic concerning 
remote memory requests originated in this node, or the results of 
memory operations asked by remote processors to the memory 
module in this node. Through the inbound interface occurs all the 
incoming traffic consisting of remote originated requests to the 
memory of this node, as well as the results of remote request 
operations which come back to the originating nodes.  

Each processor has a queue of ready threads. Whenever a 
long-latency memory operation is started at this processor, a 
context switch is accomplished as follows: first the current thread 
is suspended, then the memory operation is forwarded to the 
relevant memory module (local or remote); finally, processor 
execution is resumed by selecting another thread, if there are any, 
from the ready queue, and transferring the control to its next 
instruction. When the result of this memory request is received, 
the corresponding thread changes its status from “suspended” to 
“ready” and it is added to the ready queue waiting for dispatch. 
 

4.1.1 Model parameters 
The runlength of a thread, lt, represents the number of 
instructions executed, on the average, between context switches. 
This parameter is directly related to the probability that an 
instruction raises a long-latency memory access. Two other 
important parameters are p

l
 and pr=1-p

l
, that is respectively the 

probability that a memory access is to local memory or is directed 
to a remote memory node.  

The values of p
l
 and pr control the amount of switching 

network traffic and congestion vs local node memory accesses. 
Finally, the (average) number of available threads, nt, influences 
the utilization of system components and the overall system 
performance. In the Rainbow model of Figure 4, the value of this 
parameter is assumed to not change with time. 



 

  
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Figure 2. Switching network 

 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 3. Node architecture 
 

 
Figure 4. A DM-MM Rainbow model 

 
4.1.2 A DM-MM Rainbow model 
The model shown in Figure 4 is logically organized into four 
sections: a processing subnet (places p0 to p4 and p16, transitions 
t0 to t4), a memory subnet (places p6 to p9 and p15, transitions 
t5, t6 and t13), a switch subnet (places p9 to p14, p7 to 19, 
transitions t7 to t12, t14), a statistics subnet (place p15 and 
transition t15). Component replications in the physical system 
(Figure 2) are achieved by colour replications in the fixed model 
topology. For instance, all the available processors are initially 
represented by colours fed to place p0 (also named Proc). 
Similarly, all the threads in the ready queues of the various 
processors are mapped on to colours in the FIFO-Random place p4 
(or Ready), all the switch board colours are kept in p13 and p14 

places and all the memory modules are represented by colours in 
the p8 (Memory) place. Scalability of the model is automatically 
ensured by adjusting the initial number of colours in places p0, 
p4, p8, p13 and p14. 

When a processor is available in p0 for processing a thread 
from p1, a thread token is generated in p2. Transition t3 (Trun) 
simulates the execution of one instruction. Its delay is 1. All other 
delays in the model are expressed in terms of number of 
instructions. Thread execution is simulated by the loop p2-p16-p4 
and transitions Trun, t15 and Tnxt. Transition t15 serves only for 
statistical purposes. At each firing of t15 (or equivalently of Trun) 
the counter in p5 gets incremented. Place p4 is a free-choice. 
Immediate transitions Tnxt and Tend represent respectively the 
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execution of a non memory accessing instruction or a memory 
request which implies a context switch. In the latter case, a 
processor token is deposited in Pcsw (or p3) with the timed 
transition Tcsw modelling the actual thread context switch. At the 
end of the context switch the processor becomes again available 
for processing the next thread from its ready queue. Probability of 
Tnxt (and then of Tend) mirrors the (average) runlength of a 
thread. 

Place Mem (p6) is a free-choice. Immediate transitions Tloc 
and Trem represent respectively an access to local memory or an 
access to the memory module of a remote processor. The 
probability of Tloc (and then of Trem) captures the locality of 
memory accesses vs remote memory accesses. Local requests are 
held in the FIFO-Random place Lmem waiting for the memory 
(place Memory or p8) to be available. An actual memory operation 
is modelled by Tlmem timed transition. Remote thread requests 
are maintained in the Rmem place and served by Trmem timed 
transition. Firing frequencies of Tlmem and Trmem are function of 
token multiplicity respectively in places Lmem and Rmem. After 
being served, a remote thread request is routed into Rem for it to 
engage the coming back to home path through the interconnection 
network. 
 The outbound/inbound interfaces of processor nodes are 
respectively modelled by Tsout and Sout and Tsinp and Sinp. The 
switching network is represented by places Out and In and 
transition Switch. A remote memory request which has been 
transmitted through the switch is received in the Dec place from 
which it can proceed (next hop) in the network (transition Tgo), or 
it just arrived at the destination node (Tmem transition) or at its 
home node (transition Tret). In the physical system such decision 
depends on the current position within the transmission path 
toward the target node which is the remote node during forward 
movement or the home node during backward movement. 
The design of the DM-MM model was driven by the desire to 
reproduce “as close as possible” the behaviour of the actual 
system. This in turn motivated the adoption of FIFO-Random 
policy for ordered places Ready, Rem, In, Lmem and Rmem, and 
the introduction of suitable colour sets and arc inscription 
functions. For brevity, the following only provides an informal 
description of colour sets and arc functions. The colour set is 
indicated at the left of a place in Figure 3.  

A processor is encoded by its id (an int colour). A thread 
keeps the processor number to which it is assigned (ThreadP 
colour set) and the time at which it enters the ready queue. A 
Memory colour is identified by its processor number too. A long-
latency memory request is modelled by a RemoteThread colour. A 
remote thread moves along the network and carries such 
information as: the originating processor, the destination 
processor, shortest_path to destination, and current processor 
position in the switching network. The path to destination is 
concretely expressed by the number of hops to be taken 
respectively at North, East, South and Ovest from current 
position. The localToRemote function of arc Trem-Rem transforms 
a local thread into a remote thread by choosing a destination node 
and a path to follow for reaching it. The remoteToLocal function 
on the arc Tret-Ready converts a remote thread to its local 
representation. The selPort function selects the in/out switch port 
of the current processor a remote thread is passing through. It is 
ensured that Tsout and Tsinp have a single server semantics. 

The choice among Tmem, Tgo and Tret transitions from Dec, 
is made by checking current position of the remote thread. In the 
case of an intermediate position, the hop function on the arc p19-
Tgo enables Tgo and the thread proceeds for a next hop in the 
interconnection network. Similarly, destination function on p18-
Tmem and home function on p17-Tret respectively enable Tmem or 
Tret in the case the current position of the remote thread coincides 

with the target node (destination or home node). Only one 
transition among Tret, Tgo and Tmem can be enabled at a same 
time. Places p17, p18 and p19 hold a boolean colour which always 
is true. Only in the case the corresponding checking function 
(home, hop or destination) returns the true colour is the transition 
enabled. After a firing of Tret, Tgo or Tmem, the true colour is 
reconstructed in its corresponding place. 

The switch function on the arc Switch-In is responsible of 
updating the current position of a remote thread after a hop. 
The localToLocal function on the arc Tlmem-Ready, saves in the 
thread token the time when it was generated (its time stamp) by 
Tlmem. Such information allow estimating thread waiting time in 
the ready queue. 

Functions selMem on arc Memory-Tlmem and selMemRemote 
on arc Trmem-Memory select the memory colour of the processor 
respectively specified by local or remote thread. It is ensured that 
a memory module is always handled according to the single server 
semantics. 

The NetworkDelay function attached to Tsout and Tsinp 
transitions is an example of a function which can set the delay of a 
timed transition according to model parameters. The function 
receives as an argument the number of switching boards which are 
assumed to be of low speed. NetworkDelay provides the context 
for a customization of the built-in getDelay function which in the 
case of Tsout and Tsinp was redefined in order to receive the 
remote thread selected from Rem. getDelay can thus regulate the 
actual delay of Tsout or Tsinp according to the managed remote 
thread, and its current position. 
 
4.1.3 Simulation experiments 
The DM-MM model was experimented in a case for evaluating 
the influence of component heterogeneity on the cpu utilization vs 
the probability of local/remote memory accesses. Heterogeneity 
can occur in the computing power, switching board and memory 
module of processors. In the following, for demonstration 
purposes, some executions carried out by considering only switch 
heterogeneity are reported. Different runs refer to varying the 
amount of node switches which introduce additional 
communication delays. A low speed switching board is assumed 
to double the transmission delay. 

Figures 5 to 7 depict the estimated model cpu utilization for a 
DM-MM with 16 processors, and a probability p

l
 that a memory 

access is local (see transition Tloc in Figure 3) respectively of 0.4, 
0.6 and 0.8. In the experiments, the simulation time was 104, the 
thread number nt was varied from 2 to 10, and the number of low 
speed switching boards was varied from 0 (homogeneous case of 
high speed boards) to 16 (homogeneous case of low speed 
boards). Moreover, the runlength of threads was set to 10 
(probability of Tnxt 0.9 and of Tend 0.1).  

Figures 5 to 7 confirm that the critical factor on the cpu 
utilization is the p

l
 value. When p

l
 is 0.8 a good cpu utilization is 

achieved even when processors are loaded with a small number of 
threads. 

 
5. CONCLUSIONS 

Rainbow is a formalism based on Coloured Petri Nets (Jensen, 
1992-98). It was designed for supporting modelling and 
simulation of complex systems. Prototyping tools were achieved 
which allow to experiment with simulation models both in a 
centralised and a distributed framework on top of a Time Warp 
mechanism (Beraldi and Nigro, 2001)(Beraldi et al., 2002). A key 
factor of the Rainbow project is the adoption of Java both as the 
net annotating language and as the tools implementation language. 
All of this simplifies the use of the modelling language and makes 
the achieved tools totally portable almost on every platform. 



 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 5. Cpu utilization, 16 processors, p
l
 =0.4 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 6. Cpu utilization, 16 processors, p
l
 =0.6 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 7. Cpu utilization, 16 processors, p
l
 =0.8 

 
On going and future work is geared at 
• optimising the Rainbow executor by improving the binding 

calculation process which critically affects the simulation 

performance. From this point of view the aim is to replace 
the actual linked-list representation of colour multi-sets in 
places by more efficient data-structures and algorithms 
(Mortensen, 2001) 

• extending the graphical tool with aspect-oriented features 
(CACM, 2001)(Furfaro et al., 2002a), i.e., the possibility of 
adding to a model a crosscutting specification (monitor) 
useful for monitoring and analysing the simulation (Wells, 
2002). A monitor would catch selected event occurrences in 
the model and make necessary book-keepings for statistics 
computation. Aspect-oriented monitors would be 
transparently attached to a model by avoiding explicit 
subnets for statistical computations to be introduced 
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Abstract: The neuro mechanical network consists of a large number of one-dimensional elements connected into
a topological graph of intelligent actuators in 2 or 3 dimensions. This forms a self actuating mechanical network
that can be trained to perform certain tasks. In the analysis and training of such networks the time domain
simulation of the network performance becomes important. Even though the basic components hardly exist in
hardware at present, the study of such networks gives us interesting models to design and analysis the mechanisms
of the near future using current technologies and engineering tools. The neuro mechanical network has a meaning
also at a micro or even macro level in order to realize highly robust flexible actuator systems. Another potential
use is for design of more conventional system, requiring a minimum of components. Furthermore it can be used
as an explanatory model for some of the mechanics found in very complex biological systems, e.g. heart muscles.
The key to success in design such networks will be the training of the neurons handling the information propa-
gation through the structure. To be able to evaluate its dynamic behaviour, time domain simulation techniques
are used. Some preliminary results of such simulations and their general implementation are presented in this
paper.
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1. Introduction

By studying the body tissues of humans and an-
imals one get a clear view of its cellular structure.
Also muscle fibres reveals a ordered pattern of fi-
bres, beneficial for its primary function or load di-
rection. The structures in nature are built up by
small basic elements that form a larger functional
component. This might become the concept of fu-
ture manufacturing technologies as well. Layered
manufacturing and 3D-printing machinery is exam-
ples of that.

Several different types of basic elements might
be used to form a working structure and by the
mixture of different kinds of elements one get multi
functional components that reflect the basic char-
acteristics of the foundation elements. This is in-
deed an interesting approach to future mechani-
cal design. However, it is still difficult to analy-
sis the properties of a system or network of such
elements, even if the overall structure has a gen-
eral behaviour that is easy to model. The inter-
nal interaction among all elements may be hard to
solve in detail. Computer tools for such analysis are
needed. In fact the computer selection, simulation
and optimization tools are essential to the develop-
ment of selforganizing structures. In the same way
that nature has evolved the designs of all spices,
future computer tools will be able to select and
evolve the interior of self actuating structures of

advanced complex robots and machinery. This sce-
nario is sometimes analogues to VLSI design within
the field of electronics, where most of the present
highly integrated designs would not exist without
computational tools for both analysis and synthe-
sis.

1.1. Project Presentation. This project, called
Neuro Mechanical Networks (NMN), tries to evalu-
ate the properties of such networks for use in engi-
neering systems design, [3][8]. In figure 1 is a simple
layout of a neuro mechanical network presented. In
general, the used approach introduce an actuating
element containing several energy conversion pro-
cesses and sensing capabilities, see section 2.3. By
establishing software for simulation, selection and
training of the neuro mechanical network one get
an engineering tool that support the future study
of the application of the network, its topology, and
the characteristics of the building elements.

It is worth to emphasize that this work relates
to the computational synthesis of systems of large
numbers of small elements. Similar structures have
been studied in statistical mechanical since the late
eighties [4][6]. However, in this work entropy stud-
ies of the general behaviour of the network of ele-
ments is not studied, even though that is most likely
interesting for the understanding of neuro mechan-
ical networks.



Figure 1: This is a typical layout of a neuro mechanical network.
The spheres represent the nodes and the rods represent actuators.
The topology is never changed during simulation.

Figure 2: An idiomatic figure of a general actuator. It contain sig-
nal processing, sensing capabilities and energy conversation processes.
Even though this is an element of the future it is most interesting to
study for the understanding of more conventional designs.

The computational tools for this development
process may use formal algebraic methods or op-
timizing functionality to fulfil the goal of the de-
sign. This is similar to electronics design tools
making use of both analytical tools for circuit lay-
out and different kinds of optimizing strategies for
handling non-linearity phenomena and dynamics.
The creation of mechanical actuation systems may
in the future be dependent on small engineering
elements in large numbers and computational syn-
thesis tools. Such tools need to be able to config-
ure the neuro mechanical network both in terms of
topology and dynamical behaviour.

2. The Geometry of Neuro Mechanical

Networks

The neuro mechanical network consists of a sim-
ple actuating element that performs either posi-
tional actuation, like a position servo, or a force
actuation similar to a spring. In [3] a position servo
approach has been adopted. This paper describes
the force actuating approach.

Each actuator can be looked upon as a spring
with and actuating element. Also a damping el-
ement is included. By tuning the basic proper-
ties of each actuators such as stiffness, actuation
and damping one get a tool for creating more ac-
tuated bone-like structures with internal damping
domains that dissipative energy from the system.
The general layout of such actuator is shown in fig-
ure 2. The tuning process becomes very complex
and computer power demanding. A tuning process
that is similar to the selections of the fittest in na-
ture is currently under study. There are several
possible ways of tuning the individual actuator be-
haviours. In this work we use neural networks in ev-
ery node controlling the actuation of every attached
actuator. The actuator itself also has a neural net-
work to balance the signals from each of its ends.
The inputs to the neural network in the nodes are
the actual actuation displacement of each actuator.
The signal propagation velocity then becomes the
same as the actuation velocity. The signal propa-
gates with the same speed through the network as
a mechanical wave of displacements in the actua-
tors. This approach gives us one important benefit:
It improves the numerical stability in the time do-
main simulation of the system. Another interest-
ing approach uses the forces in the actuators as in-
puts to the nodes. This provides us with the ability
to tune the actual rim or border of the neuro me-
chanical network. An actuator that has been tuned
to no longer provide any force, having a low stiff-
ness coefficient, does not transfer signals anymore.
Therefore, the signal routes become consistent with
the active mechanical structure and cavities in the
structure may emerge in a natural way. The flow of
signals is schematically shown in figure 3. By com-
bining both displacement and force of the actuators
into the neural networks of the nodes further gener-
alization may be achieved. It is important that the
time-domain simulation technique used supports all
the proposed synapses of the neural network. That
includes actuation length, sensors, position of el-
ements and general signal fields. The trapezoidal
integration rule for numerical integration seems to
provide a good foundation for such requirement.
In its most general form it may be formulated as in
equation 1.

(1)

F [(n + 1)T ] = F [nT ] +
T

2
(f [(n + 1)T ] + f [nT ])

Notice that the actuating and damping element
most likely produces energy conversion products
like heat or gases. These rest products need to be



Figure 3: The general signal flow for controlling the neuro mechanical
network. A signal is provided at the 0 node. The number in the node
represents the time delay of the signal. Some of the actuators have
just collapsed into a small line, unable to support any forces. Notice
that no signals are routed through them.

transported away from the area. At the same time
energy is required to be supplied into the system.
These requirements for transport may either be in-
side the structure or parallel to it. This finding
indicates a clear geometric dependency of the de-
sign problem. The actuator may not be modelled
as a scalar symbolic element. Instead it needs to
have length, thickness and position in space. The
most general approach to an element finite in space
will be the one-dimensional actuator connected at
its ends towards other actuators. The connection
may be free of friction and not supporting torque.
The connecting joints will also host some of the
controlling electronics for the neural signal propa-
gation. By forming these simple actuators into a
network we get a mechanical structure with large
number degrees of freedom. The tuning of the actu-
ators then becomes an engineering task making use
of many traditional engineering disciplines in a new
integrated way: the task is to make all these actua-
tors respond to the environment and input signals
in order to achieve some predefined objective. The
time domain simulation technique becomes a natu-
ral choice for predicting the behaviours of a certain
neuro mechanical network. One may compare this
to our arms, which contain thousands of muscle fi-
bres and still only have a few degrees of freedom.

2.1. Time domain simulations and optimiza-

tions. The application of time domain simulations
for training the neurons is studied in this work.
We also assume that the network perform some dy-
namic task like actuation or movement. Any static
or quasi-static performance of the network will not
be analyzed here. However, such analysis may very
well be efficient and beneficial to the engineering
process of tuning the neuro mechanical network.

Figure 4: Example of a goal function and its direct relation to the
structure. The network is trained to move along the x-axis. The
wimple objective then becomes to maximise the x-coordinate of the
centre of gravity for the structure.

Such tuning will most likely rely upon algebraic
methods and not relying on numerical algorithms.

A goal function is needed for designating a figure
of merit on the actual configuration of a network.
Since there are so many degrees of freedom, the goal
function is formulated closely to the desired task of
the network and not as an objective for each ac-
tuator. An example of that is shown in 4 where a
desired movement along a certain direction is repre-
sented by the x-coordinate for the centre of gravity
for the whole structure. The goal function then be-
comes very easy to formulate, it is simply to max-
imise the x-coordinate of the system. However, for
large numbers of degrees of freedom this results in
a huge set of possible solutions. There are several
possible ways of dealing with this problem. One
previously studied is the dimensional reduction of
geometric models, especially triangular meshes [7].
Hierarchical geometric models created by applying
simple rule sets may also be used. This is similar
to cellular automata. In this work genetic algo-
rithms have been selected in the first test designs
of neuro mechanical networks. Its general charac-
teristics seem to be beneficial to the design process
at the current stage of the project. However this
leads to a need for very large computational power.
Other techniques may very well be used for network
training. Still, in all possible approaches for train-
ing the network, a short simulation time becomes
essential since each selection step may require thou-
sands of simulations.

2.2. Neurons. The neurons of the network, both
in the actuator and in the connecting nodes, are
defined by the well known sigmoid function [2][1],
see equations 2 and 3. s0 in eq. 3 represent the
input offset.

(2) f(SN ) =
2

1 + e−λ(SN−Θ)
− 1



(3) SN =
N

∑

n=0

snwn

Since the mapping of the neural network is di-
rectly related to the topology of the mechanical ac-
tuator network we often get a neural network that
is recurrent, signal may very well propagate in a
cyclic way through the network. This could lead to
standing waves in the structure, a kind of muscular
limit cycle. The limitation of signal propagation
speed then becomes important for the stability of
the network.

2.3. Actuator. Here, the actuator is described by
a rod having a certain stiffness K, parallel to an
activation element FA that can introduce a force in
either direction. The relative motion between the
ends of the rod is damped by a damping element
B. The stiffness is separated into two springs, one
attached at each nodes of the actuator. However, in
this work the stiffness and damping properties are
moved into the nodes for numerical reasons. This
simplifies the simulation algorithm used.

The actual displacement of the actuators is used
as neuron inputs to the neural networks in the nodes.
There is no limitation in actuation length of the
actuators. However, to support the neural network
with a well defined input signal from the actua-
tors, displacements, are normalized against a pre-
defined individual nominal actuation length. Typi-
cally, values of 80% to 100% of the initial length of
the actuator have been used. This means that an
actuator is supposed, but not limited, to work only
in the range of 50% to 150% of the initial length.

2.4. Nodes. The nodes contain the major part of
the simulation task and it represents the mass of the
system. All forces from the actuators are summed
up to form a total force vector for each node. This
vector is then integrated twice to get the new up-
dated position of the node. The trapezoidal rule
is used for integration, see equation 1. The trape-
zoidal rule for integration has a special interpre-
tation in transmission line modelling [5] in that it
represent the time delay for a wave travelling from
one end to the other of a inertial element. In this
case it can be simplified even more if all summa-
tion is done using the same T of equation 1. We
assume that all signal propagations between nodes
takes the same time, independent of distance. The
assumption is motivated by the fact that the sim-
ulations are not primarily used for obtaining the
most accurate physical behaviour, but used merely

for selection and comparison between different sim-
ulations in an optimization scheme.

As in [5] the boundary conditions for the wave
propagation elements is represented by character-
istics of the form shown in equation 4 and 5. Nor-
mally the c and Z parameters are provided into the
simulation component and the effort e and flow f

are then solved for. In this work, however, the ac-
tuators are just calculating their length. The force
acting upon the node is calculated by the node it-
self by using its current velocity and position. This
approach gives us a numerical integration scheme
that is computer memory linear. All calculations
are done from two sequential lists of primitives, the
actuators and nodes. This will improve the com-
putational speed of the application. The memory
storage requirement is also reduced since there is
no need to save the c and Z variables, which sim-
plifies even further the proposed numerical scheme.
However, one should remember that the proposed
simulation scheme does not represent an accurate
physical model since the dynamics of the system
becomes dependent upon the number of nodes and
simulation time step.

(4) e1(t) = Z [f1(t) + f2(t − T )] + p2(t − T )

(5) e2(t) = Z [f2(t) + f1(t − T )] + p1(t − T )

Therefore the simple integration of the velocity
and positional states of the nodes becomes as in
equation 6 and 7.

(6) ẋn = ẋn−1
T

2
[ẍn + ẍn−1]

(7) xn = xn−1
T

2
[ẋn + ẋn−1]

The acceleration ẍ is defined by the mass m of
each node and the summed force Fn.

2.5. Numerical stability. As said before, it is ben-
eficial for the computational efficiency if the simu-
lation algorithm has a linear memory layout. This
can be achieved almost completely by introducing
some approximations to the time domain simula-
tion model. Let assume that the node are described
by the following equation of momentum.

(8) FA − Kx − Bẋ = mẍ

This may be transformed into the frequency s-
plane.



Figure 5: The general layout of actuators and nodes in the proposed
simulation algorithm. Notice that the actuators do not include any
dynamics.

(9) FA − KX − BsX = ms2X

In solving equation 9 it becomes necessary to
handle the numerical stability in a sensible way and
at the same time keep the computational efficiency
up. The proposed way of doing that tries to esti-
mate an upper limit of the stiffness and damping
factors for each node in the neuro mechanical net-
work. The actuator stiffness may be defined in a
traditional way.

(10)
∆FA

∆X
K = 1 +

B

K
s +

m

K
s2 = 1 +

2δ

ω
s +

s2

ω2

Assuming optimal damping, that means real-
valued roots to the polynomial in 10 we get an ex-
pression for Bopt.

(11) Bopt = 2
√

Km

Even though the system might refers to a phys-
ical layout we apply a damping factor of Bopt to
improve the numerical stability .The damping fac-
tor is applied in all dimensions of the nodes coor-
dinates.

The actuators is attached to nodes by springs,
see figure 5, that represent the stiffness of the ac-
tuator or rod connecting between two nodes. The
worst case in terms of stiffness for all possible con-
figurations of actuators and nodes is when all actu-
ators lines up in one direction. A damper is intro-
duced in every nodes origin in each coordinate di-
rection. Normally we get one, two or three dampers
in an orthogonal arrangement. The least damped
system will be found when all actuators of a node
are aligned to a coordinate axis. Notice that the
damping is not applied in the actuators themselves
but directly at the nodes. The K in eq. 11 refers
to the total stiffness of all attached actuators of a
node.
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Figure 6: The number of actuators, AN , scales almost linear with the
number of nodes, N .
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Figure 7: The number of design variables follows the number of con-
nectors quite well, see figure 6. Still it is a function of topology, nodes
and connectors.

Another important factor for stability is the time
step T for the numerical integration. As the trape-
zoidal rule has a complete stability region the ex-
pression for the maximum T to marching the state
integration becomes as follows.

(12) Topt ≤ min
N

[

π

√

m

K

]

The two limiting values of Bopt and Topt may
preferable be updated before the first time step of
each simulation. This requires the stiffness K of
each spring in the nodes to remain unchanged dur-
ing all of the simulation. This might seems a se-
vere limitation, but it only applies to the maximum
stiffness achievable in the interior of the actuators.
In most cases that is a well known factor. It is
also possible to have different Bopt and Topt for all
nodes. This has not been studied further in this
work but may be an interesting approach for further
improve the computational speed. In the same way
the time step may be varying across the structure.
Some parts of the structure are then only updated
every second or third time step. Equations 11 and
11 then becomes important for the sectioning of the
different numerical domains of the structure.

3. Results

The characteristics of the simulation software is
presented as diagrams in figure 6 to 9. The used ge-
netic algorithm typically require a population size
that is normally 10 to 50 times the number of de-
sign variables, Nd. This means that the computer
memory storage requirement has a characteristic
quadratic scaling to the number of design variables,
∝ Nd

2. This is clearly seen in figure 8.
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Figure 8: The amount of computer memory needed for the optimiza-
tions is growing exponential in a most unpleaseant way. From the
diagram one can make the conclusion that on 32-bit machine only
systems with less than about 200 nodes can be trained. This under-
lines the need for a better implementation of the framework.
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Figure 9: This is the simulation time for one 1024 simulation steps
evaluation of the system. It is noticed that the simulation time does
not drop even if the amount of used memory is higher than the avail-
able in the machine (768 Mb). This gives a hint that the memory
problem of figure 8 is solvable.

4. Discussion

There are several aspects of the current imple-
mentation of the simulation software for neuro me-
chanical networks. One is the memory requirement.
This will need to be addressed in the future. Since
most of computational time is required for the sim-
ulation process one can think of several improve-
ments to the current approach. The comparisons
between different solutions during the optimization
may very well be performed at each time step of the
simulation and then it becomes possible to abort
a simulation that has already shown a worse goal
function value than the currently best one. The
use of multi functional optimization is also interest-
ing. The optimization scheme very often requires a
population size proportional to the number of de-
sign variables times some constant. Typically the
memory requirement in these applications follows
a 50N2

a scaling.
Another interesting area to improve the simula-

tion time further is to make use of different time
step in different parts of the structure. The equa-
tions 11 and 12 gives a clear hint of that. At the
same time this will most likely be quite difficult to
handle if the stiffness of the actuators are one of
the objectives of the training or adoption phase.

5. Conclusions

A first attempt to simulate networks of self or-
ganizing mechanical structures has been presented.
The important feature of linear scaling with the
number of actuators reveals a promising future ap-
plication for this scheme as a synthesis design tool.

The exponential requirement for computer mem-
ory needs to be further studied. The use of bidi-
rectional elements as the foundation element of the
network has proved to give fast and accurate sim-
ulation results that can be used for optimization
techniques and selection schemes. This forms an
evolutionary design process to self-organizing struc-
tures. The memory requirement shows that it is
possible to train a neuro mechanical network of
about 1000 nodes on a regular 32-bit PC.
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Abstract: This paper reports the use of simulation to perform rapid prototyping of advanced control and display 
technologies (direct voice input, 3-dimensional sound and helmet mounted display) for fast-jet aircraft. By integrating 
the new prototypic systems into a research simulator and making rapid changes to the direct voice input, experienced 
pilots were able to use the systems in simulated flight, gaining insights into, and providing expert comments on their 
future application. The rapid-prototyping approach was shown to be useful in establishing how the technologies might 
be employed in future cockpit systems. 
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Introduction 
A research simulator was used to perform rapid 
prototyping of advanced control and display 
technologies for future fast-jet aircraft cockpits. 
Rapid prototyping is a process by which the 
prototypes are developed by making successive 
changes to models in a simulation environment. 
The technique is widely used in the design, 
construction and even testing of engineered 
systems, including automobiles and aircraft 
[Boeing, Caltech 1997], [Hardtke, 2001] and [Lind 
et al, 2000].  
 
The general purpose of the study was to investigate 
principles for the interoperability of advanced 
aircraft control and display systems. The three 
systems involved in this study were: a voice-
recognition system referred to here as direct voice 
input (DVI); a spatially-encoded auditory signal 
generator, incorporating 3-dimensional sound 
(3DS); and a visual helmet-mounted display 
(HMD). The DVI prototypic voice-recognition 
system enabled the pilot to use voice commands to 
select and control aircraft systems. The 3DS was a 
spatially-encoded sound profiling system that 
enabled localisation of sound played in the 
simulator. The visual symbology was projected on 
the HMD. The monocular display projected 
symbology in the line of sight of the pilot’s right 
eye.  
 
The objective of the study was aimed primarily at 
assessing the interoperability of the systems in 
simulated flight using rapid prototyping. This 
required integration of the systems into a flight 
simulator. The prototypic equipment provided for 
the simulation consisted of individual closed-
system technologies. The core of the ensemble was 
non-modifiable, while the modifiable sections 
governed the display of the systems including 
aspects of HMD symbology, 3DS and DVI; new 
commands could be created or the functionality of 

existing commands could be changed. The DVI was 
tightly coupled with both the HMD and 3DS; 
however, this paper focuses on the DVI system. 
Voice commands enabled 3DS and HMD displays 
to be executed on demand, hence the description of 
the rapid prototyping of DVI will also reveal 
aspects of its interoperability with the other 
prototypic systems. 
 
The general objective of an input system operated 
by the pilot’s voice is to enable the pilot to control 
the aircraft more intuitively. There are putative 
conceptual advantages to this form of control such 
as time efficiency, i.e. it can be faster to call up a 
command than it is to scroll through pages of 
menus using switchology. The second is the ability 
to control the aircraft or its subsystems while the 
pilot’s hands (or eyes) are otherwise occupied.  
 
Direct Voice Input 
The systems were integrated in the simulator as is 
shown in Figure 1.  Since the purpose of the 
exercise was to explore the possibilities of the 
technologies and make modifications in response to 
expert comments, the systems had to be integrated 
so that making changes "on the fly" was acceptable. 
The new systems were a stand-alone avionics set, 
having a single point of contact with the simulator 
via a TCP/IP connection over ethernet [Robbie, 
2001]. The communications protocol was fixed 
before the system was flown in the simulator; 
however this was flexible enough to permit 
incorporation of new DVI commands as required. 
On the simulator side, the "HMI Suite Interface" 
module received commands from the DVI, and fed 
back information to drive the HMD and 3DS 
displays. The "HMI Suite Controller" was at the 
other end of this connection, where all of the 
processing for the new systems took place. The 
HMI suite could be taken off line, modified, and re-
connected while the simulator was still being flown. 
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DVI was tested in the simulator both as a stand-
alone system and as part of the integrated suite in 
order to verify its functionality and test its 
compliance with performance specification. 
 
Testing the system in the simulator revealed 
reduced reliability of the DVI compared with its 
performance in voice training. Among the problems 
identified were consistency in switchology, the 
voice-training environment, and software. A 
computer joystick was used in training the DVI, 
whereas a cockpit throttle communications switch 
was used in the simulation environment. The voice 
training was conducted at a computer console in a 
quiet location in the simulator facility, and the 
oxygen mask incorporating the microphone was 
held at the pilot’s mouth. There was more 
background noise in the simulation environment, 
and the oxygen mask was mounted on the helmet, 
positioning it at a slightly different distance from 
the mouth. This may have resulted in a marginal 
change in the acoustical environment. The software 
was also tested to determine whether it performed 
better with or without noise-reduction. These 
potential causes of reduced recognition were tested 
systematically both in and out of the simulator.  
 
It was noted that the voice-recognition software 
using noise reduction performed better overall than 
without noise reduction in both the simulation and 
training acoustic environments. It also seemed that 
the use of the cockpit button yielded more 
consistency in recognition rates than the use of the 
joystick, but this may have been due to the pilots’ 
familiarity with the cockpit controls. In spite of 
these changes it was found that the recognition rate 
still did not reach the reliability level required. This 

suggested that the execution of the algorithm in the 
software may have been involved. Recognising the 
link between the algorithm’s pattern recognition 
phase and the need for a phonetically diverse 
syntax, the syntax structure was identified as a 
possible cause of errors. In order to understand the 
types of errors that were being made, it was 
necessary to examine the algorithm used in the 
system.       
 
Three main algorithms used in voice recognition 
systems are: Dynamic Time Warping (DTW), 
Hidden Markov Models, and Neural Networks. The 
algorithm that was used in the DVI system was a 
speaker-dependent version of DTW. This type of 
voice recognition algorithm uses pattern-matching 
techniques to achieve voice recognition, and hence 
requires a syntax. The system needs to be trained in 
the syntax with the user’s voice to create templates 
for recognition [Rabiner and Juang, 1993]. It was 
therefore necessary to assess the syntax, make 
changes and then examine the effect of the changes 
on the performance of the DVI system. This 
approach to “training” DVI fitted in very well with 
the intended rapid-prototyping approach of the 
study whereby rapid changes would be made to the 
systems involved, allowing pilots to assess their 
interoperability and potential during simulated 
flight. By enabling pilots to modify the 
functionality of some DVI commands, they were 
able to interact with the systems during flight, 
develop ideas and suggest new functions to 
implement and test “on the fly”.  
 
Pronunciation and Articulation 
Other factors that influence a DVI syntax are 
articulation and pronunciation. Three different 

 

 

 

 
 

 

 

 

 

Figure 1: System architecture
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accents were encountered during the study: French, 
New Zealand and Australian. There are differences 
in Australian and New Zealand pronunciation, 
particularly in the articulation of vowels, and there 
are other differences between English spoken by 
native and non-native speakers. This added to the 
complexity in establishing a syntax whose 
commands differed enough linguistically and 
phonetically that the commands would not be 
confused.  
 
Example of syntactic development 
In navigating an aircraft, the pilot flies in straight 
lines between predetermined points called 
waypoints. A waypoint has map co-ordinates that 
correspond with longitude and latitude. The aim is 
to turn the aircraft on a waypoint and fly on a new 
bearing to the next. In existing layouts the pilot is 
often required to select and update waypoints 
manually, but doing this by voice command to the 
flight computer would allow the pilot’s hands to 
remain on the throttle and stick controls. As 
navigation is not normally a time-critical function, 
voice commands are potentially well adapted to this 
function.  
 
A typical command to navigate the aircraft could be 
“waypoint five”. In the DVI system, this call would 
display appropriate symbology on the HMD, such 
as an arrow pointing to the location of the 
waypoint. In the course of a mission, there would 
be many waypoints and the pilot would have to 
navigate from one to the next. The syntax for the 
DVI included navigational commands of the type 
“waypoint XX” (where XX represented numerals). 
This command would bring up the symbology for 
the nominated waypoint. The numerals were 
entered into the DVI syntax as English text and 
pronounced by the pilot accordingly (“one”, “two”, 
“three”, etc.). However, some commands 
(“waypoint nine” and “waypoint five”) were 
confused by the voice recognition system. These 
numerals were therefore changed to NATO-
compliant phonetic translations, (“wun”, “too”, 
“tree”, etc.). This change was made to ensure 
uniformity in pronunciation during training, and 
again during flight. Hence, the numeral “five” 
changed to “fife”, and “nine” changed to “niner”. 
This transformation increased the number of 
syllables in “nine” and shortened the syllable length 
in “five”. It was observed that this change enabled 
the pattern-matching algorithm to use the length of 
the command during its pattern-matching stage as 
well as the spectral content of the commands. This 
increased the rate of recognition for waypoint calls. 
Pilots were then more confident to experiment with 
the calls and explore the potential of the systems 
more fully.  
 

In addition to changes in the syntax, changes were 
made in display of functions resulting from DVI 
commands. An example was a command to display 
a heading tape, pitch, roll and altitude-above-
ground in the HMD. Initially the heading tape 
displayed the heading of the aircraft regardless of 
the direction of the pilot’s head. Pilots suggested 
that the heading tape could be changed to take 
account of the direction the pilot was looking. The 
associated voice command, “call attitude” 
remained, but the functionality of the HMD 
symbology was altered accordingly. 
 
DTW is a spectral-content-over-time pattern-
recognition algorithm. An inherent problem in such 
algorithms is the incorrect recognition of words due 
to differing pronunciation, for example, when under 
stress, high g, or with a dry mouth. Depending on 
where emphasis is placed on a word, the spectral 
content can differ from one utterance to the next. 
Therefore, if a command were emphasised 
differently during training than when the command 
was used in flight, the next closest match may be 
returned instead of the correct one. The voice-
recognition algorithm (speaker-dependent DTW) 
required the syntax to be trained to the individual’s 
voice prior to recognition. Pilots sometimes found it 
difficult to remember the exact intonation used in 
training. In some cases this led to mispronunciation 
and hence misinterpretation. To improve this, each 
pilot was asked to use a more “robot-like” manner 
of speaking when training, and during runs. An 
associated change made to the syntax involved the 
addition of the primer “call” to every DVI 
command. The primer served two purposes: the 
first was to give the pilot a constant word to use to 
initiate the command; the second was to lengthen 
the command so that the pilot could more easily 
adopt the same rhythm used in recording the 
training commands. Hence, commands such as 
“stores” became “call stores”, and “wingman” 
became “call wingman”.  
 
Numerous such changes were made to the syntax to 
improve the performance of the DVI system during 
rapid prototyping. Figure 2 shows examples of the 
structure of the syntax before and after the changes. 
 

Initial syntax Final syntax 
wingman call wingman 
waypoint one waypoint wun 
next waypoint call next 

waypoint 
82X call 82X-ray 

  
Figure 2: Examples of the syntax before and after 
changes 
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Pilot Nationality 
The changes to the syntax may have impacted 
differently on pilots with varying nationalities. 
Although the study was not designed to investigate 
this aspect of DVI, some data were gathered that 
are interesting to compare. French pilots were 
required to use English throughout, and although 
fluency varied, all were proficient in English and 
experienced in the use of English in operational 
flight. Figure 3 shows recognition rates for the 
French pilots using the original syntax. The lower 

than expected recognition rates prompted 
restructure of the syntax and investigation of the 
differences between the training and simulation 
conditions.  
 
Interestingly, there was also a difference in DVI 
recognition rates between Australian and New 
Zealand “native” English speakers. Figure 4 shows 
the recognition rates for the New Zealand pilots 
after the syntax had been changed. Figure 4 also 
shows recognition rates for the Australian pilots 
that were consistently better than those for the 

Pilots' Origin: France

1 2 3 4Pilots

R
ec
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ni
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n 

R
at

es

Recog. Rates Trial Min. Trial Max.

Pilots' Origin: Australia & New Zealand

6 7 9 10 11 5 8
Pilots

R
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og
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R
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es
 

Aust. Pilots NZ Pilots Trial Max. Trial Min.

Figure 4: Recognition rates for New Zealand and Australian pilots, 
revised syntax

Figure 3: Recognition rates for French pilots, original syntax
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French and New Zealand pilots. Although the 
causes of these variable patterns in DVI 
performance are likely to be multi-factorial, it is 
worth noting that Australian and New Zealand 
pronunciation of vowels is the most noticeable 
difference in spoken English in the region. Hence, it 
is possible that both structure and content of a 
syntax in speaker-dependent voice recognition 
algorithms of this type can influence recognition 
rates.  
 
Conclusion  
This paper has described just one element of an 
extensive and complex prototyping activity. The 
DVI example presented shows that this was not a 
straightforward case of engineering, but that it drew 
on a number of different disciplines to perform a 
virtual test of physical prototypes, and a test of their 
potential use in future aircraft control and 
information display systems.  
 
A critical element in such an endeavour is how the 
prototypic system is integrated in the test 
environment. The interplay between the test system 
characteristics, the test environment and the method 
of evaluation together impose limitations on what 
can be done. Hence, an optimum evaluation using 
simulation should be based on thorough 
understanding of the limitations of the engineered 
components and the scientific objectives of the 
evaluation itself. Failing to take full account of both 
will limit the ability to fully exploit the potential of 
this approach. 
 
Simulation is being used much more extensively 
today in the design, prototyping, and testing of 
technologically advanced systems, such as those 
encountered in aeronautics. Simulation is less 
expensive than testing in the field. It is also safer 
and can even permit systems to be tested to 
destruction – which is neither possible nor desirable 
in the real world. 
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Abstract:   Digital audio watermarking is a technique for embedding additional data along with audio signal. 
Embedded data is used for copyright owner identification. A number of audio watermarking techniques are 
proposed. These techniques exploit different ways in order to embed a robust watermark and to maintain the 
original audio signal fidelity. This paper makes a tutorial in general digital watermarking principles and focus on 
describing digital audio watermarking techniques. These techniques are classified according to the domain where 
the watermark is embedded.  

Keywords: Digital watermarking, audio, copyright protection. 
 
 
1. INTRODUCTION  
As digital multimedia works (video, audio and 
images) become available for retransmission, 
reproduction, and publishing over the Internet, a 
real need for protection against unauthorized copy 
and distribution is increased. These concerns 
motivate researchers to find ways to forbid 
copyright violation.  The most promising solution 
for this challenging problem seems to lie in 
information hiding techniques. Information hiding 
is the process of embedding a message into digital 
media. The embedded message should be 
imperceptible; in addition to that the fidelity of 
digital media must be maintained. 

Information hiding is unlike cryptography. In 
cryptographic techniques significant information is 
encrypted so that only the key holder has access to 
that information, once the information is decrypted 
the security is lost. In information hiding, message 
is embedded into digital media, which can be 
distributed and used normally. Information hiding 
doesn’t limit the use of digital data. 

 Information hiding can be classified into two 
types of techniques: Steganography and 
Watermarking.  The main purpose of 
steganography is to hide the fact of communication. 
The sender embeds a secret message into digital 
media (e.g. image) where only the receiver can 
extract this message. The warden of communication 

channel will notice the transmitted media, but 
he/she will never perceive the buried secret 
message inside this media. Figure 1.1 illustrates a 
simple steganographic system. In this system the 
message m is embedded into the Cover-object C 
(could be image, audio or video) to produce the 
Stego-object S that should has the same fidelity of 
C. The Cover-Object is only used for the Stego-
object generation and is then discarded. The 
embedding operation is parameterized by the key k 
that is known for both ends of communication: 
sender and receiver. On receiver side the buried 
message is extracted from Stego-object in detection 
process. Embedding message should be 
perceptually and statistically undetectable for the 
warden. An ideal steganographic system would 
embed a large amount of information perfectly 
securely with no visible degradation to the cover-
object. 

Watermarking is very similar to steganography 
in that both seek to hide information in the Cover-
object. However steganography is related to secret 

point-to-point communication between two parties. 
Thus, steganography techniques are usually having 
a limited robustness and protect for the embedded 
information against modifications that may occur 
during transmission, like format conversion, 
compression or A/D conversion. On the other hand, 
watermarking rather than steganography principles 

Embedding Detection

Message m Cover-Object C

Key k Key k 

Embedded 
Message

Stego-Object S 

Warden

Figure 1.1 Steganographic System 



is used whenever the media is available to parties 
who know the existence of the embedded 
information and may have interest removing it. 
Thus, watermarking adds additional requirements 
of robustness. An ideal watermarking system would 
embed information that could not be removed or 
altered without making significant perceptual 
distortion to the media. A popular application of 
watermarking is to give a proof of ownership of 
digital data by embedding copyright statements.  

This paper is organized as follow. Section 2 
describes the modules of watermarking systems and 
the function of each module. Sections 3 and 4 are to 
explain the applications and requirements of digital 
watermarking. Section 5 covers digital audio 
watermarking techniques through subsections. 
Finally, conclusions and general work frame for 
audio signal are presented. 
 
2.  WATERMARKING SYSTEM MODULES  

A watermarking system consists of three 
modules that are watermark signal generation 
module, watermark embedding module and 
watermark detection module. Watermark signal is 
generated by using a non-invertible function that 
takes, as an input, a watermark key. In some 
systems the host signal (cover-object) is taken into 
account when watermark is generated. This will 
help watermark generator in producing an 
imperceptible signal-dependent watermark. 

Watermark embedding is performed in time 
domain or in transform domain (DFT, DCT, DWT, 
…etc) using a suitable embedding rule (e.g. 
addition or multiplication). Finally, watermark is 
detection is performed by some sort of correlation 
detector or statistical hypothesis testing, with or 
without resorting to the original signal. 

3. DIGITAL WATERMARKING 
APPLICATIONS 

 The requirements that watermarking system has 
to comply with are always based on the application. 
Thus, before we review the requirements and 
design considerations, we will present the 
applications of watermarking [Cox et al, 2002; 
Katzenbeisser and Petitcolas, 2000]: 

3.1 Copyright protection 
Copyright protection is the most important 

application of watermarking. The objective is to 
embed information identifies the copyright owner 
of the digital media, in order to prevent other 
parties from claiming the copyright. This 
application requires a high level of robustness to 
ensure that embedded watermark cannot be 
removed without causing a significant distortion in 
digital media. Additional requirements beside the 
robustness have to be considered. For example, the 

watermark must be unambiguous and still resolve 
rightful ownership if other parties embed additional 
watermarks. 

3.2 Fingerprinting   
The objective of this application is to convey 

information about the legal recipient rather than the 
source of digital media, in order to identify single 
distributed copies of digital work. It is very similar 
to the serial number of software product. In this 
application a different watermark embedded into 
each distributed copy. In contrast the first 
application where only a single watermark is 
embedded into all copies of digital media. As well 
as copyright protection application of 
watermarking, fingerprinting requires high 
robustness. 

3.3 Content Authentication  
The objective of this application is to detect 

modification of data. This can be achieved with so-
called fragile watermark that have a low robustness 
to certain modification (e.g. Compression).  

3.4 Copy Protection 
This application tries to find a mechanism to 

disallow unauthorized copy of digital media. Copy 
protection is very difficult in open systems; in 
closed system, however, it is feasible. In such 
systems it is possible to use watermarks to indicate 
the copy status of the digital media (e.g. copy once 
or never copy). On the other side, copy software or 
device must be able to detect the watermark and 
allow or disallow the requested operation according 
to the copy status of the digital media being copied. 

3.5 Broadcast Monitoring  
Producers of advertisements or audio and video 

works want to make sure that their works are 
broadcasted on the time they purchase from 
broadcasters. The low-tech method of broadcast 
monitoring is to have human observers watch the 
broadcasting channels and record what they see or 
hear. This method is costly and error prone. The 
solution is to replace the human monitoring with 
automated monitoring. One method of automated 
broadcast monitoring is to use the watermarking 
techniques. With watermarking we can embed an 
identification code in the work being broadcasted. 
A computer-base monitoring system can detect the 
embedded watermark, to ensure that they receive all 
of the airtime they purchase from the broadcasters. 

4. PROPERTIES OF DIGITAL 
WATERMARKING 

Watermarking systems can be characterized by 
a number of properties [Cox et al, 2002; 
Katzenbeisser and Petitcolas, 2000]. The relative 
importance of each property depends on the 
requirements of the system application.The 
properties being discussed in this section are 



associated with watermark embedder, watermark 
detector, or both. 

4.1 Embedding Effectiveness 
The effectiveness of a watermarking system is 

the probability that the output of the embedder will 
be watermarked. The cover work is said to be 
watermarked when input to a detector result in 
positive detection. The effectiveness of a 
watermarking system may be determined 
analytically or empirically by embedding a 
watermark in a large number of cover works and 
detect the watermark. The percentage of cover 
works that result in positive detection will be the 
probability of effectiveness. 

4.2 Fidelity 
In general, the fidelity of a watermark system 

refers to the perceptual similarity between the 
original and the watermarked version of the cover 
work. However, watermarked work may be 
degraded in the transmission process prior to its 
being perceived by a person, a different definition 
of fidelity may be more appropriate. We may define 
watermarking system fidelity as a perceptual 
similarity between the unwatermarked and 
watermarked works at the point at which they are 
presented to a viewer. 

4.3 Data Payload 
Data payload refers to the number of bits a 

watermark embeds in a unit of time or works. For 
audio, data payload refers to the number of 
embedded bits per second that are transmitted. 
Different applications require different data 
payload. For example, Copy control applications 
may require a few bits embedded in cover works. 

4.4 Blind or Informed Detector 
We refer to the detector that requires the 

original, unwatermarked work as an informed 
detector. Informed detectors may require 
information derived from the original work rather 
than original work itself. Conversely, detectors that 
do not require the original work are referred to as 
blind detectors. Informed detector has a good 
performance in watermark extraction. However, 
this will result in a huge number of original works 
have to be stored. 

4.5 False Positive Rate 
A false positive is the detection of a watermark 

in a cover work that does not actually contain one. 
When we talk of a false positive rate, we refer to 
the number of false positives we expect to occur in 
a given number of runs of the detector. 

4.6 Robustness, Security and Cost 
Robustness refers to the ability to detect the 

watermark after common signal processing 
operations. Audio watermarking needs to be robust 
to temporal filtering, A/D conversion, time scaling, 
etc. not all applications of watermarking require all 

the forms of robustness. This depends on the nature 
of application of watermarking system. 

 
The security of a watermark refers to its ability 

to resist hostile attacks. Hostile attack is the process 
specifically intended to thwart the watermark’s 
purpose. The types of attacks can fall in three 
categories: unauthorized removal, unauthorized 
embedding, and unauthorized detection. 

 
The Cost of watermarking system refers to the 

speed with which embedding and detection must be 
performed and the number of embedders and 
detectors that must be deployed. Other issues 
include the whether the detector and embedder are 
to be implemented as hardware device or as 
software application or plug-ins. 
 
5. DIGITAL AUDIO WATERMARKING 

Watermarking digital media has received a great 
interest in the literature and research community. 
Most watermarking schemes focus on image and 
video watermarking. A few audio watermarking 
techniques have been reported. Digital audio 
watermarking is the process of embedding a 
watermark signal into audio signal. Audio 
watermarking is a difficult process because of the 
sensitivity of Human Auditory System (HAS).  

The requirements mentioned earlier are 
common to both image and audio watermarking 
techniques. Despite their similarities, audio and still 
image watermarking systems exhibit significant 
differences. First of all, the fact that images are 
two-dimensional signals provides attackers with 
more ways of introducing distortions that might 
affects watermark integrity e.g. scaling, rotation or 
removal of rows/columns. Audio watermarking 
methods need not to deal with such attacks, as 
audio is a one-dimensional signal. Due to the 
difference between HAS and Human Visual System 
(HVS), different masking principles should taken 
into account in each case. 

Digital audio watermarking techniques can be 
classified according to the domain where the 
watermarking takes place. The following sections 
will discuss audio watermarking techniques and 
classify them to four categories. 

5.1 Frequency Domain Audio Watermarking 
Audio watermarking techniques, that work in 

frequency domain, take the advantage of audio 
masking characteristics of HAS to embed an 
inaudible watermark signal in digital audio.  
Transforming audio signal from time domain to 
frequency domain enables watermarking system to 
embed the watermark into perceptually significant 
components. This will provide the system with a 
high level of robustness [Cox et al, 1997], because 
of that any attempt to remove the watermark will 



result in introducing a serious distortion in original 
audio signal fidelity. 

The input signal is first transformed to 
frequency domain where the watermark is 
embedded, the resulting signal then goes through 
inverse frequency transform to get the watermarked 
signal as output as shown in Figure 5.1. 

Watermark can be embedded into frequency 
domain components by mean of different methods, 
Cox and et al [Cox et al, 1997] proposed the use of 
spread spectrum technique in frequency domain. In 
spread spectrum communication, one transmits a 
narrowband signal over a much larger bandwidth 
such that the signal energy present in any single 
frequency is imperceptible. Similarly the watermark 
is spread over very many frequency components so 
that the energy of any component is very small and 
certainly undetectable. In this method the frequency 
domain of cover signal is viewed as a 
communication channel and the watermark is 
viewed as a signal that is transmitted through it. 
Attacks and unintentional signal distortions are thus 
treated as noise that the transmitted signal must be 
immune to. They claim that in order for the 
watermark to be robust, watermark must be placed 
in perceptually significant regions of the cover 
signal despite the risk of potential fidelity 
distortion. Conversely if the watermark is placed in 
perceptually insignificant regions, it is easily 
removed, either intentionally or unintentionally by, 
for example, signals compression techniques that 
implicitly recognize that perceptually weak 
components of a signal need not be represented. 

Suppose that the watermark W consists of a 
sequence of real numbers, W = w1, w2, …, wn. In 
order for W to be embedded into a cover signal, S, a 
sequence of values, V = v1, v2, …, vn, is extracted 
from frequency spectrum of S, the watermark W 
will be embedded into V to obtain V′ = v′1, v′2,…, 
v′n.  V′ is then inserted back to S in place of V to 
obtain a watermarked signal S′.  Only copyright 
owner knows the locations of V sequence values in 
frequency spectrum of S. This will ensure the 
security of the watermark. S′ maybe altered, by 
intentional or unintentional attacks, to produce S*.  
Given S and S*, a possibly corrupted watermark W* 
is extracted and compared to W. W* is extracted by 
first extracting V* from S* and then generating W*. 
Figure 5.2 depicts watermark embedding and 
extraction. 

There are three natural formulae for computing V′: 
v ′i = vi + αwi 
v′ i = vi (1+ αwi ) 
v′i = vi (e α wi) 

   α is scaling parameter (controls robustness and 
fidelity). 

There are a number of ways that one can use to 
evaluate the similarity between two watermarks. A 
traditional correlation measure can be used, for 
example. Similarity of W and W* can be measured 
by: 
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Another audio watermarking technique uses 
statistical algorithm works in Fourier domain 
[Arnold, 2000; Arnold, 2001]. This method is based 
on the patchwork algorithm [Bender et al, 1996] 
and doesn’t need the original audio in detection 
process.  

Audio signal is broken into frames; each frame 
is used to embed one bit. Each frame is transformed 
to frequency domain using DFT. Assume that the 
transformed frame contains 2N values, and then the 
embedding process works as follows: 

1. Map a secret key and the watermark to the seed 
of random-number generator. Start the generator 
to pseudorandomly select two intermixed 
subsets A ={ai} i=1,…,M and B={bi},i=1,…,M 
of equal size M ≤ N from the original set of 
audio signal frequency spectrum. 

2. Alter the selected elements ai ∈ A and bi ∈ B, 
i=1,…,M according to the following embedding 
function: 

ai′ = ai + ∆ai  &             bi′ = bi  - ∆bi  

∆ai and ∆bi are two patterns generated by the 
secret key. There are two patterns for 0 and another 
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two for 1. We have to select the correct patterns 
according to the value of the bit being embedding.   
The alterations of frequency domain coefficients 
have to be performed in a way that achieves 
inaudibility. Therefore, ∆ai and ∆bi are driven from 
psychoacoustics model. Thus, ∆ai and ∆bi are 
reshaped for each individual frame. For more 
information about psychoacoustics model see 
[Painter and Spanias, 2000]. 

In watermark detection process, hypothesis 
testing is used. We formulate test hypothesis, H0, 
and alternative hypothesis, H1, the appropriate test 
statistic z will be a function of the sets A and B 
with probability distribution function PDF ∅(z) in 
the unwatermarked case and ∅m(z) in watermarked 
case. 

H0: the watermark is not embedded; z follows 
PDF ∅(z). 

H1: the watermark is embedded; z follows PDF 
∅m(z). 

Two kind of error are incorporated in hypothesis 
testing: 

error) I (Type    :I IT
P(z)dz∫

+∞
=φ  

error) II (Type    :II II

T

m P(z)dz∫ ∞−
=φ  

Hypothesis testing is used in the detection to 
decide whether the watermark bit is embedded or 
not. The threshold T is used in the detection step. 
Detection procedure is as follows: 

1. Map the secret key ad the watermark to the 
seed of random-number generator to 
generate the sunset C and D. C =A and D = 
B if a correct key is used. 

2.  Decide the probability of correct rejection 1 
– PI according to the application and 
calculation the threshold T from error type I 
equation. 

3. Calculate the sample mean E(z) = E(f(C,D)) 
and choose between two mutually exclusive 
propositions: 

H0: E(z) ≤T the watermark bit is 
embedded. 

H1: E(z)>T  the watermark is not 
embedded. 

Hypothesis testing depends on appropriate test 
statistic. Two test statistics can be used in 
watermark detection: 

1. The first test statistic uses the function to 
measure the difference between population 
means of A and B: 

ba

baBAfz
′−′

′−′
==

σ
),(

  
Therefore the two mutually exclusive 
propositions become: 

H0: ∅(z)  = N(0,1) 

H1: ∅m (z) = N (zm, 1),  
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Where N (µ, σ2) is the normal distribution 
with the mean µ and standard deviation σ, and 
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2. The second test statistic uses another 
function: 
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The threshold T must be computed and 
compared with the mean value calculated by one of 
the above statistics functions. 

It is clear that the detection process doesn’t 
require the original audio signal while it works to 
detect the statistics changes in the media to 
determine whether it is watermarked or not. 

Further research has been achieved to improve 
the performance of above watermarking system, for 
more information see [Hong et al, 2002; Yeo and 
Kim, 2001] 

5.2 Time Domain Audio Watermarking 

In time domain watermarking techniques, 
watermark is directly embedded into audio signal. 
No domain transform is required in this process. 
Watermark signal is shaped before embedding 
operation to ensure its inaudibility (Figure 5.3). The 
available time domain watermarking techniques 
insert the watermark into audio signal by simply 
adding the watermark to the signal. 

Embedding a watermark into time domain 
involves challenges related to fidelity and 
robustness. Shaping the watermark before 
embedding enables the system to maintain the 
original audio signal fidelity and renders the 
watermark inaudible. As for robustness, time 
domain watermarking systems use different 
techniques to improve the robustness of the 
watermark. 



Working in frequency domain enables 
watermarking system to embed a robust watermark, 
while it is possible to identify the most significant 
components of the cover signal. Also, masking 
characteristics of audio signal can be exploited, in 
order to reduce the distortion of embedded 
watermark. 

In this section, two methods for audio 
watermarking in time domain are shown. The first 
one presented in [Bassia and Pitas, 1998; Bassia et 
al, 2001] and in which the watermark signal is 
modulated using the original audio signal and 
filtered by lowpass filter to reduce the distortion 
that might be result from embedding the watermark. 
The original audio signal is divided into segments 
and then each segment is watermarked separately 
by embedding the same watermark. Watermark 
signal, wi ∈ {1, -1}, i=0,1,…,n-1 is generated by 
threshold a chaotic map in a way similar to the one 
described in [Bassia et al, 2001]. The seed (start 
point) of the chaotic sequence generator is the 
watermark key. Using the chaotic sequence 
generator is to ensure the security of the 
watermarking system i.e. the sequence generation 
mechanism cannot be reversed engineered. 

Suppose that we have a segment of audio signal 
S = s1, s2,…,sn then the watermarking process begin 
by modulating the watermark signal wi by using 
audio signal S, 

   wi′   = α | si | ⊕ wi i = 0,1,…, n-1 

Where ⊕ denotes a superposition law which can 
be multiplication, power law, etc, and α is a 
constant controls the amplitude of the watermark 
signal. The maximum allowable watermark 

amplitude is the limited by the maximum perceived 
signal distortion.  

In next stage, wi′ is shaped using a lowpass 
Hamming filter of length (order) L: 

∑
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where bl is the filter coefficients. This process 
results in inaudible watermark signal. Figure 5.4 
[Bassia et al, 2001] shows the power spectral 
density (PSD) of two watermark signals, one is 
shaped and the other is not. It is clear that the 
unshaped watermark signal is audible while it has a 
PSD exceeds the power of the original signal in 
certain frequencies. The PSD of the shaped 
watermark signal lies underneath the original audio 
signal in the entire frequency range. 

Finally the shaped watermark signal is embedded 
into audio signal: 

     1-n0,1,...,  i     =′′+= iii wsy  

It is obvious that the calculation of watermarked 
sample yi is based on the neighbors of the sample si 
and the chaotic signal (watermark) wi. 

In detection stage, the received signal, Y, 
broken in the same way that original signal is 
broken. Consider the following sum: 
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Ck is the correlation of W with Y, evaluated for all 
possible circular shift of Y. By substitution and 
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rearranging the above equation we get: 
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The expected value of the first sum is zero if either 
the watermark mean value mw or the signal mean 
value mS is equal to zero. In case mw is not zero 
(the number of 1 and –1 is not the same), the 

quantity ∆w = ∑ −

=

1

0

n

i iw , must be taken into 

account. Let us denote by B a set of NB = |∆w| 
index values for which the corresponding wi values 
are equal the –1 or 1 with the most occurrences. It 
is easy to show that: 

                       ∑
∈

∆=
Bi

i ww  

Let us denote by A the set of all index values that 
do not belong to B. obviously, the cardinality of A 
is NA = n - |∆w| and the following equation holds 
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So, Ck can be expressed as follows: 
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Let us define the following terms: 
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It can be easily shown that E(T1,k) = 0, where E() 
denotes the expected value operator. For the term 
T2, it is easy to show that: 
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If no watermark has been embedded in the signal, 
T3 = 0and thus: 
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On the other hand, if the signal is watermarked  
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For watermark detection we construct the ratio rk: 
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The original signal S is required for evaluation 
of T2,k and T3,k, but it can be replaced by Y without 
significant error. 

The value of rk is computed for every k = 
0,1,…,n-1, for all segments. We compute the 
detection value of the audio segment j as 

∑ −
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i ij rR , the final detection value is 
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j jRR , where Ns is the number of 

segments in signal. 

The decision about the existence of the 
watermark is made depending on a threshold value 
compared with R. 

It is clear that this watermarking system is 
immune against time-shifting and cropping. The 
fact that Ck is computed for all possible circular 
shift of Y, ensures synchronization between Y and 
W will occur for certain value of k=0,1,…,n-1. 

Another watermarking system uses the HAS 
masking effects to shape the watermark signal 
[Boney et al, 1996; Swanson et al, 1998]. Shaping 
operation is performed in frequency domain, but the 
shaped watermark is embedded into audio signal in 
time domain. Watermark is a noise-like sequence 
generated by using two keys x1 and x2. The first key 
x1 is author dependent. The second key x2 is 
computed from audio signal that the author wants to 
watermark. It is computed from the signal using a 
one-way hash function. The two keys are mapped 
to pseudorandom number generator to generate a 
noise-like sequence, watermark. Original audio 
signal is required in detection process to compute 
the second key x2, and to extract the embedded 
watermark. 



The watermarking process begins with dividing 
the audio signal into segments, and then each 
segment is watermarked separately. Suppose that 
you have a generated watermark yi, and then the 
algorithm of watermarking an individual segment, 
si, works as follows: 

1. Compute the power spectrum Si of audio signal 
segment si as follows: 
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Where h(n) is a Hann window:   
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  N is the number of samples in one segment and  

   j is 1−  

2. Compute the frequency masking threshold Mi of 
the power spectrum Si. 

3. Use the mask Mi to weight the noise-like 
watermark, Pi = Mi * Yi, where Pi is the 
weighted watermark and Yi is the power 
spectrum of the watermark signal yi. 

4. Compute the inverse of FFT of the shaped 
watermark pi = IFFT(Pi). 

5. Compute the temporal masking ti of si. 
6. Use the temporal masking ti to further shape the 

frequency shaped watermark to create the final 
watermark wi = ti*pi of the audio segment. 

7. Create the watermarked segment si′ = si + wi. 
 Figure 5.5 shows a diagram of watermark 

shaping and embedding. 

In detection process, the original audio signal is 
known. Thus, second key can be computed and then 

the watermark signal can be reconstructed. Also the 
embedded possible distorted watermark can be 
extracted. Assume that ri i = 0,1,…,N is a recovered 
piece of audio signal, then we can compute xi = ri  - 
si. If ri has a watermark then xi = wi′  + ni, where ni 
is noise (intentionally or unintentionally added to 
the watermarked signal). Otherwise, xi = ni. 
Similarity between extracted watermark, xi, and the 
reconstructed one can be measured by correlation 
as follows: 
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Then the value can be compared with a 
threshold T.  

The recovered signal ri is possible shifted. This 
leads to lose the synchronization between the 
extracted watermark and the reconstructed one. In 
such case we can assume that ri =  si+τ + xi, where xi 
as mentioned before. τ is a n unknown delay, thus, 
a generalized likelihood ratio test must be 
performed to determine whether the audio signal is 
watermarked or not. 
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Then, this ratio is compared to a threshold. 
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5.3 Compressed Domain Audio Watermarking 

A number of techniques are proposed to embed 
a watermark signal into MPEG audio bit stream, 
rather than going through decoding/encoding 
process in order to apply watermarking scheme in 
uncompressed domain [Qiao and Nahrstedt, 1999; 
Neubauer and Herre, 2000a; Neubauer and Herre, 
2000b; Neubauer and Herre, 1998]. Such systems 
are suitable for “pay audio” scenario, where the 
provider stores audio contents in compressed 
format. During download of music, the customer 
identifies himself/herself with his/her unique 
customer ID, which therefore is known to the 
provider during delivery. In order to embed the 
customer ID into the audio data using a 
watermarking technique, a scheme is needed that is 
capable of watermarking compressed audio on the 
fly during download.  

MPEG audio compression is a lossy algorithm 
and uses the special nature of the HAS. It removes 
the perceptually irrelevant parts of the audio and 
makes the audio signal distortion inaudible to t 
human ear.  For more information about MPEG 
audio Compression sees [Pan, 1995]. 

MPEG encoding process has the following steps: 
1. Input audio samples pass through a mapping 

filter bank to divide the audio data into 
subbands (subsamples) of frequency. 

2. At the same time, the input audio samples 
pass through MPEG psychoacoustics model, 
which creates a masking threshold of audio 
signal. Masking threshold is used by 
quantization and coding step to determine 
how to allocate bits to minimize the 
quantization noise audibility. 

3. Finally, the quantized subband samples are 
packed into frames (coded stream). 

Figure 5.6 shows the basic structure of an 
MPEG audio encoder. 

Filter bank divides the input audio signal into 32 
equal-width subbands, then the number of bits used 

in quantization is determine upon masking 
threshold to minimize the audibility of possible 
distortion maybe introduced by quantization. 

The MPEG audio stream consists of frames. 
Frame is the smallest unit which can be decoded 
individually. Each frame contains audio data, 
header, CRC (Cyclic Redundancy Code), and 
ancillary data. In frame, each subband has three 
groups of samples with 12 samples per group. The 
encoder can use a different scale factor for each 
group. Scale factor is determine upon masking 
threshold and used in reconstruction of audio 
signal. The decoder multiplies the quantizer output 
to reconstruct the quantized subband sample. Figure 
5.7 depicts the general format of MPEG frame. 

MPEG audio decoding process is simple a 
reverse of the encoding process. The decoding takes 
the encoded bit stream as an input, unpacks the 
frames, reconstructs the frequency samples 
(subbands samples) using scale factors, and then 
inverses the mapping to re-create the audio signal 
samples. This process is depicted in Figure 5.8. 

One audio watermarking technique [Qiao and 
Nahrstedt, 1999] embeds the watermark into scale 
factors of MPEG audio frames. In this technique, 
DES encryption algorithm is used in generating 
non-invertible watermark. Original data is applied 
into encryption algorithm to get the watermark as 
follows: 

First, a key KEY is selected and for each MPEG 
audio frame aj j=1,…,N ( number of audio frames), 
we apply DES with KEY to it to get a random byte 
sequence RBS: 

RBS = DESKEY (one audio frame aj) 

Second, let RBSi be i-th byte of random byte 
sequence and wi be the i-th bit of the watermark bit 
stream, then the watermark can be created by: 
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Each scale factor takes 6 bits; therefore, we 
have as many as 63 levels of scale factors (indexed 
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from 0 to 62, 63 is not used by the standard). The 
level change of scale factor has an auditory effect 
that the sound becomes stronger when the scale 
factor level increases, and becomes weaker when 
the scale factor decreases. Increasing or decreasing 
scale factor by one level normally cannot be 
detected by listeners. 

Let ScaleFactori (index) be the i-th scale factor 
with the level indicated by index and SWi be the i-th 
watermarked one. The watermarking procedure 
works as follows: 
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This scheme has drawbacks. The first one is that the 
scheme doesn’t has much data to watermark due to 
the few number of scale factors in audio frame. 
Also, the watermark scheme is not robust enough 
against attacker who is trying lower scale factors by 
2 or 3 levels. On the other side, multiple 
watermarks cannot be applied. The reason is that 
when multiple watermarks are applied, certain scale 
factors would be increased by multiple levels and 
perceptible noise would be introduced. 

Another watermarking scheme embeds the 
watermark into the encoded data. However, 
changing the all encoded samples shows a 
perceptible distortion. Spacing Parameter sp is 
introduced to solve this problem. sp is used in way 
like that every sp samples, we randomly select 1 or 
2 samples to be watermarked. The watermark 
generation procedure will be modified to 
incorporate spacing parameter: 
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Let Samplei be the i-th sample in audio frame 
and SWi be the i-th watermarked sample. The 
watermarking will be: 
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Both watermarking schemes described above 
use the concept of spread spectrum watermarking, 
but through compressed domain.  

The original MPEG audio is required in 
detection process and the watermark can simply 
extracted and verified. 

Another technique [Neubauer and Herre, 2000a; 
Neubauer and Herre, 2000b; Neubauer and Herre, 
1998] in MPEG audio stream watermarking is to 
partly decode the input bit stream, embed a 
perceptually hidden watermark in the frequency 
domain and finally quantize and code the signal 
again. Figure 5.9 illustrates a general structure of 
bit stream watermarking system. 

This watermarking system consists of four parts. 
Each part has a specific function. We can see that 
this watermarking system has assembled parts of 
MPEG encoder and decoder, in addition to parts of 
frequency domain audio watermarking systems 
(watermark generation and watermark embedding). 
These parts have been modified in order to enable 
the system to embed the watermark in subbands 
samples.  

The first part, decoder part, takes MPEG audio 
bit stream as an input and gives frequency subbands 
samples as output. This part supplies the other parts 
with scale factors that are necessary in masking 
threshold estimation and encoder process. 

The second part, watermark generator, is used to 
convert the watermark to subband representation in 
order to be ready for embedding. The watermark 
can be any data provided by copyright owner. The 
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generated watermark is fed into watermark shaping 
and embedding part, which in turn, takes the 
decoded subbands samples and scale factors to 
estimate the masking threshold of the audio signal 
and use it in shaping the watermark. The last two 
parts have much similarity to the technique 
proposed in [Swanson et al, 1998]. 

The last part, encoder part, takes the 
watermarked subbands samples and scale factors. It 
decodes the samples using the original scale factors 
and then packs the resulting decoded samples. In 
order to avoid the possible distortion of 
requantization, the original scale factor is used and 
no need to recomputed new scale factors. 

The embedded watermark can be detected in 
uncompressed domain as well as compressed 
domain. Original audio data is required to extract 
the watermark and then measure the similarity 
between the extracted watermark and the original 
one. The watermark detection in uncompressed 
domain can be achieved, exactly like the way 
presented in [Swanson et al, 1998], by using 
correlation measurement. 

5.4 Wavelet Domain Audio Watermarking  
Wavelet transform can be used to decompose a 

signal into two parts, high frequencies and low 
frequencies. The low frequencies part is 
decomposed again into two parts of high and low 
frequencies. The number of decompositions in this 
process is usually determined by application and 
length of original signal. The data obtained from 
the above decomposition are called the DWT 
coefficients. Moreover, the original signal can be 
reconstructed form these coefficients. This 
reconstruction is called the inverse DWT. The 
process of decomposition is depicted in Figure 
5.10.  For more information on Wavelet transform, 
see [Daubechies, 1992; Daubechies, 1988].  

 

A method of audio signal watermarking in 
wavelet domain uses patchwork algorithm [Kim et 
al, 2002]. In this method, a binary watermark wi is 
embedded one bit in one data block. Watermark 

bits are locally repeated for the purpose of 
robustness. Also a number of bits are added in front 
of watermarks bits to locate the point where the 
watermark bit is embedded in watermarked signal. 
These bits are called synchronization bits. For 
example, with local redundancy rate 3 and 
synchronization bits 10101011, we change the 
original watermark as: 

w0w1w2…→ 10101011w0w0w0w1w1w1w2w2w2…. 

Suppose that B is a block of audio signal being 
watermarked, we use DWT to have D0 ,D1, D2, 
…,Dk , Ck, for some integer k. then after patchwork 
algorithm is used to embed the watermark by 

artificially modifying a patch value PN as 

Where I and J are two subset of indexes 
randomly generated. Proposed algorithm modifies 
PN in a way that the modified PN is deviation away 

from expected. To be specific, we modify some 
wavelet coefficients in Dk as 

For i ∈ I and j ∈ J, wn is a watermark bit being 
embedded and δ is a real number. 

 Different two subsets of indexes I and J are 

used to embed the synchronization bits for security 
purpose. 

In detection process, ∆t
N
 = PN

t+1 – PN
t, are 

computed, where PN
t+1 and PN

t are two patch values 
of block Bt+1 and Bt, respectively. Figure 5.10 [Kim 
et al, 2002] shows ∆t

N for watermarked audio signal 
[Kim et al, 2002]. 

The peaks shown in this figure refers to the 
watermark bits locations in audio signal. Then 
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detection is made according the following criteria, 
for β > 0: 

• If ∆t
N > βNδ and ∆N

t+1 <0 then 1 is detected in 
block Bt. 

• If ∆t
N < -βNδ and ∆N

t+1 > 0 then 0 is detected in 
block Bt. 

• If previous two conditions are not satisfied, then 
no watermark bit is detected in this block. 

Synchronization bits must be found first to 
determine the location of watermark bits. 

This watermarking system shows a high 
performance in synchronization and resisting time 
shifting attack [Kim et al, 2002]. 

7. CONCLUSIONS  

All watermarking systems are designed to 
achieve one goal that is embedding a hidden robust 
watermark into digital media. These systems have 
to satisfy two conflicting requirements. First, 
watermark must be immune against intentional and 
unintentional removal. Second, watermarked 
signal should maintain a good fidelity, i.e. 
watermark must be perceptually undetectable. To 
accomplish this task, variety of techniques has 
been exploited, and different domains are involved 
to enhance a certain application of watermarking 
and/or improve fidelity and robustness of 
watermarked signal. 

However, watermarking systems have a number 
of differences. These differences can be considered 
in evaluating performance of watermarking 
systems and suitability of these systems for a 
specific application. These differences can be 
explained as follows: 

1. Some audio watermarking systems require the 
original audio signal, or any information derived 
from it, to be presented in detection process. 
This will leads to a large number of original 
works have to be stored and searched during 
detection.  

Systems that require the original audio signal 
are not suitable for some type of applications, in 
case that detection process has no access to the 
original work or it is not acceptable to disclose 
it. On the other hand, presenting the original 
signal yields in efficient watermark extraction 
consequently efficient detection. 

Audio watermarking systems that are based on 
patchwork algorithm use a statistical detection 
process (hypothesis testing) and don’t need the 
original audio for detection purpose. The most 
techniques that are base on correlation 
measurement of similarity require that signal 
except method presented in [Bassia and Pitas, 
1998;  Bassia et al, 2001]. 

In spite of that a number of audio 
watermarking techniques require only the 
watermarked signal in detection watermark key 
is needed in both embedding and detection. 

2. In order to maintain the watermark security, 
watermark would be embedded into selected 
regions of some domain transform of audio 
signal. These regions are selected randomly by 
generating a sequence of indexes. Sequence 
generation is paramerized by a key called 
watermarking key. This key is required in both 
embedding and detection. 

In some watermarking systems, watermarking 
key is used to generate the watermark itself. In 
this case, the watermark would be a random 
sequence of bits or digits generated by some 
sort of algorithms ensure non-invertiblitiy of 
watermark in order to maintain the security of 
watermarking key. 

Watermarking key could be provided by the 
copyright owner or a combination of 
information provided by him/her and 
information derived from original signal. In 
such case, original signal will be required in 
detection process for key generation purpose. In 
all scenarios, the key is used as a seed for 
random number generator. 

Sometimes, disclosing the watermarking key 
or having an access to it becomes impossible. 
Thus, using the same key in detection and 
embedding will not be acceptable. A solution to 
such problem could be found in using two keys, 
one for embedding and another for detection 
[Hong et al, 2002] (i.e. public-key or 
asymmetric watermarking system). 

3. During embedding process, original audio 
signal is divided into frames. Then after, each 
frame is watermarked separately. Some 
watermarking systems embed the same 
watermark into a number of frames to enhance 
watermark robustness. But, in other systems 
each frame is watermarked with different 
watermark. 

4. Because of sensitivity of HAS, watermark 
signal must be shaped to rent it inaudible. 
Masking characteristics of audio signal can be 
used for this purpose. Psychoacoustics MPEG 
model is commonly used to calculate masking 
threshold that is used in weighting the 
watermark. In some other audio watermarking 
systems, different techniques are used. These 
techniques use the original audio signal in 
modulating the watermark. Therefore; the 
amplitude of watermark signal is controlled by 
amplitude of audio signal. Watermark shaping 
process may effect the existence of the 



watermark in cover work, consequently, false 
negative rate will be increased. 

A general work frame for digital audio 
watermarking systems can be concluded as follows: 

1. Watermarking system should be able to embed 
any set of data in to audio signal, and the 
detector should be able to retrieve the embedded 
data (i.e. not just report that watermark is 
presented or not)  

2. Watermark embedded (detection) module 
should be independent of mode of operating. 
(e.g. the same watermark is embedded into 
multiple  frames of audio signal or different 
watermark is embedded into each frame). 

3. Watermarking key generation should be 
independent of watermark embedding and 
detection (e.g. embedding and detection will not 
be effected whether original signal is involved 
in key generation or not). 

The above points enables audio watermarking 
system to be suitable for variety of application and 
make it possible to put standards (e.g. [SDMI, 
2000] ) and evaluation benchmarks. 
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ABSTRACT 
 
This contribution deals with the problems 
based on data mining, especially signal mining. 
The main representative of signal mining is 
Blind Signal Separation. This group of 
problems can be solved by traditional 
(mathematical) methods or also untraditional 
techniques that utilize artificial intelligence 
such as neural networks. They are not possible 
to use alone, therefore this contribution focuses 
on pre-processing of input signals too. In 
conclusion we show our developed system 
based on self-organizing neural network and 
several experiments with it. 
 

1. INTRODUCTION 
At this time the amount of data in 

electronic format in many academic and other 
disciplines is increased. Otherwise one from 
many problems of huge data is in their 
incomprehensiveness and blind information 
about them. The group of data problems comes 
under a discipline, which is called data mining. 
One part of data mining, that is concentrated 
only on the signal problems, is well known as 
data stream mining or also signal mining. We 

may solve these problems by traditional 
methods such as mathematical algorithms, 
especially statistical algorithms or also other 
untraditional techniques based on artificial 
intelligence like neural networks. 
 

2. PROBLEM DEFINITION: BLIND 
SIGNAL SEPARATION 

Imagine a group of people who are 
sitting in a room and speaking simultaneously 
(see Figure 1). We are member of speaking 
group and we want to obtain speech from only 
a person who is speaking important 
information for us. We must quite concentrate 
on this person. Human ability of speech 
recognition can exactly focus on speech from 
one person and other noise is eliminated. We 
want to implement the same recognition 
abilities in a computer science. 

This problem based on separation of a 
signal is well known as “cocktail party 
problem”. It is one problem of Blind Signal 
Separation (BSS). The separation is called 
blind because we do hardly know quite 
anything about an environment in which 
mixing of signals takes place. It is special 
section of signal mining, which focuses on 
signal separation with minimal information 
about input signals. They are just hard 
problems from data mining. 

The BSS problem covers in as well other 
signal process. This is economic data stream 
mining, which wants to obtain knowledge 
about data stream. Other process is based on 
separation of damaged medical signals such as 
EEG or MEG. All these problems are almost 
solved by traditional techniques. The main 
representative of these techniques is 
Independent Component Analysis (ICA) [1]. It 



could be used other techniques based on 
adaptive filters, decision rules and others.  

 

 
Figure 1: A typical situation in a cocktail party 
problem 
 

3. STANDARD TECHNIQUES BASED 
ON MATHEMATICAL ALGORITHMS 

The traditional methods for solving of 
problems, which come out the BSS problem, 
are almost based on complex mathematical 
algorithms. The main representative of these 
techniques is the ICA method. The basic idea 
of it comes out non-linear transformation of 
signals in co-ordinates system. The new one 
represents turning of co-ordinates to direction 
for better view of signals. Firstly, co-ordinates 
are turned to direction of maximal variance 
(this is second statistical moment, in fact it is 
only linear transformation). Then it is used 
non-linear transformation of signals. Co-
ordinates are turned in direction of maximal 
kurtosis (it is third statistical moment). More 
details about it are in [3]. 

The ICA method is very useful but its 
computation by mathematical algorithms is 
quite complex. It can be implemented by easier 
techniques - using artificial intelligent 
especially neural networks. Neural networks 
can be usable for many applications and 
solutions of hard and non-algorithm problems. 
The basic idea of the neural ICA method 
comes out mathematical solution, but 
implementation is completely different. 

 

4. IMPLEMENTATION OF THE ICA 
METHOD BASED ON NEURAL 
NETWORKS 

First idea about neural solution of the 
ICA method has been inspired by article Non-

linear Blind Source Separation by Self-
Organizing Maps [4]. This meaning was not 
quite perfect because author has entirely used 
SOM without using other methods for 
modification of input signals. Therefore we 
have prepared first version of a system, which 
is improvement of the idea came out promising 
article. 

This system (ExNeurICA_PS) is based 
on neural networks with pre-processing of 
input signals. A structure of this system is 
shown in Figure 2.  The basic idea of the 
system consists of pre-processing of input 
signals and a core of system using neural 
networks. Pre-processing of input signals is 
done by the PCA method. It is in fact the same 
pre-processing such as for mathematical 
solution of the ICA method. Co-ordinates are 
turned to direction of maximal variance.  

 

 
Figure 2: The structure of our systems 

 
The second part of this system utilizes neural 
network, especially Kohonen’s self-organizing 
map SOM. This neural network seems to be 
also used for non-linear transformation 
because of its architecture.  

We have prepared several experiments 
with this system [3]. These results seemed to 
be not perfect therefore we have prepared new 
system. More details about previous system are 
in [2]. 

 

5. METHOD  IMPROVEMENT: 
FREQUENCY DOMAIN APPROACH 

The structure of new system is the same 
as previous system, but meaning is completely 
different. Audio signal in time domain is not 
quite applicable because it is dependent of 
quality and level of signal. Therefore almost all 
audio signals are processed in frequency 
domain because of easier elaboration. 
Generally, the signals in frequency domain 
keep better features.  

The same idea about signals in frequency 
domain is usable for implementation of the 
ICA method. A developed system is just based 
on frequency pre-processing and clustering 



according to self-organizing neural networks. 
Transformation from time to frequency domain 
has been performed by fast Fourier 
transformation (FFT). 

Now we can define variables for 
computing of this system. The input signals are 
x(t). They are in fact the damaged (or also 
mixed) signals, which are separated. The 
separated signals are marked as s’(t). The 
original signals s(t) mean etalon for test of 
quality results. In fact we have not these 
signals in real application. In addition to they 
are the basic variable and the inside (only in 
system) variable is Fourier’s image X(k).  

 
5.1.  Fast Fourier Transformation - FFT 

This transformation has been known a 
long time but in era without computers it was 
disapproved and not much used. At this time 
this transformation is quite used, mainly in 
discipline, which deals with an audio process. 
The signal is transformed by the equation 
 

   
where x(i) represents the mixed signal (in the 
time domain) and X(k) is Fourier’s image of 
the mixed signal (in the frequency domain). It 
is FFT, but we need also inversion of FFT 
(iFFT). It is defined by the equation 

    

 
where S’(k) represents Fourier’s image of the 
estimated signal (in the frequency domain) and 
s’(i) is the estimated signal (in the time 
domain). 
 
5.2.  Neural Networks SOM and LVQ 

We use the same neural networks such 
as was used in first system. First used neural 
network SOM has been used as classifier [5], 
because of its non-linear ability of 
transformation. The basic idea of it is based on 
“change a position of neurons” (in fact it is 
only change the weight of neurons). These 
neurons are attracted to clustering. The basic 
idea of using SOM in develop system is shown 
in Figure 3. The spectral lines, which are very 
close among them, are clustered. Each cluster 
means an audio signal in frequency domain. 
After iFFT, these signals are separated to time 

domain.  SOM is unsupervised neural 
networks therefore we do not exactly set a 
number of clusters. This is very important, 
because a number of clusters must be the same 
as a number of signals. This condition cannot 
be followed. 

Figure 3: The basic idea based on SOM (This 
is not possible to set a number of clusters 
therefore there are different a number of 
clusters than signals.) 
 

Figure 4: The basic idea based on LVQ (There 
is exactly to set a number of clusters. The 
number has to be the same as a number of 
signals.) 

 
Accordingly we have used LVQ because 

of its similarity with SOM. This neural 
network is simply put “SOM with supervised 
learning” [5]. The idea of this system is the 
same as with SOM, but we can set exact 
number of clusters. The basic idea using LVQ 
is shown in Figure 4. 

After both clustering (by SOM or LVQ) 
we transform signals in time domain from 
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frequency clusters. For example in Figure 4, 
the Cluster 1 is first separated signal and 
Cluster 2 is second separated signal. We 
describe only situation with two signals, but 
this idea is used for more signals. For easier 
explanation we show only this approach. 

This system was programmed in Java 
programming language. It follows that it is 
independent of operation system. This system 
will be located on web page 
http://cs.felk.cvut.cz/~bratm. 

 

6. EXPERIMENTS 
We would like to describe several 

experiments with a developed system. Some 
experiments utilize simple audio signals (e.g. 
mixture of audio signals with exactly fixed 
frequency) and also songs or human speech. 
The experiments have been performed on a PC 
with the Intel 600 MHz processor, with 256 
MB operation memory. The operation system 
has been Windows 2000. We have prepared 
more experiments, but now we show only 
experiments with audio signals.  

The input (mixed) signals are shown in 
Figure 5 a) and b). There are two mixed 
signals, in fact damaged signals, which have to 
be repaired. This is simulation of cocktail 
party. 

 

 
a) First damaged audio signal 

 
b) Second damaged audio signal 

 
Figure 5: The input mixed signals (speech 
/one, two, …/ & song simultaneously) 

 

The mixed signals have been pre-processing by 
FFT. After that we have only used SOM, 
because the results are quite good. The results 
can be shown in Figure 6 a) and b).  
 

 
a) First separated audio signal 

 
b) Second separated audio signal 

 
Figure 6: The separated signals 

 
We would like to compare quality of separated 
signals. Quality can be obtained from joint 
density. This graph of joint density must be 
square, but it can be also turned. Figure 7 
shows joint density of mixed signals. It is non-
orthogonal (non-squared). Figure 8 shows joint 
density after separation. It is much better then 
mixed signals. If we look at audio signals or 
we are listening songs, it is quite good. In 
conclusion we resume our results.  
 

 
Figure 7: Joint density of mixed signals 
 



 

 
Figure 8: Joint density of separated signals 
 

7. CONCLUSION 
This system based on FFT and SOM seems to 
be very usable for audio separation problems. 
We can resume that this idea can be used for 
solving of the BSS problem especially cocktail 
party problem. We also know that this system 
is not completely perfect. Firstly we thought 
that the system based on clustering using SOM 
is inapplicable. But during developed 
experiments we ascertain that this system is 
quite good, maybe better than a system utilizes 
an idea of clustering by LVQ. We are 
increasing this system based on LVQ neural 
network and after that we compare the results. 
We would like to present our results on next 
conference. 
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Abstract Quantitative analysis of software systems is being recognized as an important issue in the software development
process. Performance analysis can help to address quantitative system analysis from the early stages of the software development
life cycle, e.g., to compare design alternatives or to identify system bottlenecks. Modeling software systems by simulation allows
the analyst to represent detailed characteristics of the system. We consider simulation for performance evaluation of software
architectures specified by UML. We derive a simulation model for annotated UML software architectures. First we propose the
annotation for some UML diagrams to describe performance parameters. Then we derive the simulation model by automatically
extracting information about Use Case and Activity Diagrams from the XMI descriptions of UML diagrams. This information is
used to build a discrete-event simulation model, which is finally executed. Simulation results are inserted back into the original
UML diagrams as tagged values to provide feedback at the software architectural design level.

Keywords:Process-Oriented Simulation, Software Systems, Unified Modeling Language, Performance Evaluation.

1 INTRODUCTION

In recent years it has been recognized that the software
development processes should be supported by a suit-
able mechanism for early assessment of software per-
formance. Early identification of unsatisfactory perfor-
mance of Software Architecture (SA) can greatly re-
duce the cost of design change [Smith, 1990; Smith and
Williams, 2002]. The reason is that correcting a de-
sign flaw is more expensive the later the change is ap-
plied during the software development process. This is
particularly true if the waterfall software development
model is employed, as any change during the develop-
ment process requires to start back from the beginning.
However, this is still a relevant issue whenever a differ-
ent development process is used.

Both quantitative and qualitative analysis can be per-
formed at the software architectural design level. Qual-
itative analysis deals with functional properties of the
software system such as for example deadlock-freedom
or security. Qualitative analysis is carried out by mea-
surement or by modeling the software system to derive
quantitative figures of merit, such as, for example, the
execution profile of the software, memory or network
utilization. We focus on performance models of soft-
ware systems at the SA level.

In this paper we consider quantitative evaluation of
the performance of SA at the design level by means of
simulation models. We consider SA expressed in terms
of Unified Modeling Language (UML) [Object Man-

∗This work has been partially supported by MURST Research
Project “Sahara” and by MIUR Research Project “Performance Eval-
uation of Complex Systems: Techniques, Methodologies and Tools”.

agement Group, 2001] diagrams. We propose to anno-
tate the UML diagrams using a subset of annotations
defined in the UML Profile for Schedulability, Per-
formance and Time Specification [Object Management
Group, 2002a] (referred asUML performance profile).

Simulation is a powerful modeling technique that
allows general system models; simulation models
can represent arbitrarily complex real-world situations,
which can be too complex or even impossible to rep-
resent by analytical models. We define a simulation
model of an UML software specification introducing
an almost one-to-one correspondence between behav-
iors expressed in the UML model and entities or pro-
cesses in the simulation model. This correspondence
between system and the model helps the feedback pro-
cess to report simulation results back into the original
SA.

There are a few previous works dealing with simu-
lation of UML specifications. Arief and Speirs [Arief
and Speirs, 1999a,b, 2000] developed an automatic tool
for deriving simulation models from UML Class and
Sequence diagrams. Their approach consists in trans-
forming the UML diagrams into a simulation model de-
scribed as an XML document. This model can then be
translated into different kinds of simulation programs,
even written in different languages. In this way the per-
formance model is decoupled from its actual implemen-
tation. De Miguel et al. [De Miguel et al., 2000] intro-
duced UML extensions for the representation and auto-
matic evaluation of temporal requirements and resource
usage, particularly targeted at real-time systems. The
extensions are expressed in term of stereotypes, tagged
values and stereotyped constraints. These were intro-
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duced in a commercial UML CASE tool, which has
been made able to generate OPNET simulation models
starting from annotated UML diagrams.

Previous simulation-based performance modeling
approaches for evaluation of UML SA were developed
before the UML performance profile was defined. Thus,
they introduced their special extensions of UML or in-
troduced non standard annotations to express quantita-
tive information useful for deriving the model. In this
paper we describe UML Performance Simulator (UML-
PSI), a performance evaluation tool which translates
UML Use Case and Activity diagrams into a discrete-
event process oriented simulation model. The UML
diagrams are annotated according to a subset of the
UML Performance Profile. This additional informa-
tion is used to define the simulation model, which is fi-
nally executed. Simulation results are inserted back into
the original UML diagrams as tagged values to provide
feedback at the software architectural design level.

This paper is organized as follows. In Section2 we
illustrate the proposed methodology for generating sim-
ulation models from UML SA. In Section3 we describe
UML-PSI, a tool we built to implement that method-
ology. In Section4 we illustrate a simple case study,
and conclusions and future works are discussed in Sec-
tion 5.

2 METHODOLOGY

In order to assist the software developer during the de-
sign process, we illustrate in Fig.1 a general framework
for quantitative analysis of UML SA [Balsamo et al.,
2002]. The starting point is a description of the SA.
We consider a description as a set of UML diagrams
annotated with quantitative information in order to de-
rive a simulation-based performance model. The model
is obtained using a suitable Modeling Algorithm. The
model is then implemented in a simulation program,
which is eventually executed. Simulation results are a
set of performance measures that can be used to pro-
vide a feedback at the original SA design level. The
feedback should pinpoint performance problems on the
SA, and possibly provide suggestions to the software
designer about how the problem can be solved. The
modeling cycle can be iterated until a SA with satisfac-
tory performances is developed.

Note that the modeling and performance evaluation
framework of Fig.1 is independent from the particu-
lar performance model that we apply. In this paper
we consider simulation-based performance models of
UML SA. We describe UML-PSI, a prototype perfor-
mance evaluation tool which processes an XMI [Object
Management Group, 2002b] description of UML Use
Case and Activity diagrams. The UML SA has to be
annotated using a simplified subset of the UML Pro-
file for Schedulability, Performance and Time Specifi-
cation [Object Management Group, 2002a]. The sim-
ulation model is process oriented and its objects are
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Figure 1: Framework for quantitative evaluation of
UML diagrams

derived by the analysis of the UML diagrams anno-
tated with performance specification of the software
system components. The simulation model is imple-
mented as a discrete-event simulation program written
in C++, whose execution provides results for a set of
performance indices. We evaluate through simulation
the mean response time associated with the execution of
each scenario (Use Case) and each scenario step (Activ-
ity). Simulation results, i.e., the performance measures
of the software components are inserted back into the
original UML SA as tagged values to provide feedback
to the system designer.

Figure2 illustrates the structure of the performance
simulation model derived from the UML diagrams. The
basic object of the simulation model is aPerfor-
manceContext . This object contains the other el-
ements of the model, namely Workloads and Scenar-
ios. Workloads can be open or closed, depending on
whether the number of users accessing the system is
unbounded or fixed. Open workloads are characterized
by the following attribute (the exact notation used to
describe the attributes is given in the next section):

occurrencePattern (of type RTarrivalPattern, defined
in Section3) the pattern of interarrival times of
consecutive requests

Closed workloads are characterized by two attributes:

population the total number of users in the workload

externalDelay (of type PAPerfValue, defined in Sec-
tion 3) the delay between the end of a scenario ex-
ecution and the beginning of the next request

Each workload actually drives one or more scenarios.
Each time a new workload user requests service to the
system, one of the scenarios associated with that work-
load is selected. Selection is done randomly, according
to the probability associated to each scenario.

A scenario is a set of abstract scenario steps, repre-
sented by theAbsStep class. All kinds of scenario
steps are characterized by the following attributes:

probability the probability to execute this step, in the
case the predecessor step has multiple successors
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Figure 2: Structure of the simulation performance model

repetition the number of times this step has to be re-
peated

delay (of type PAPerfValue) an additional delay in the
execution of this step, for example to model a user
interaction

interval (of type PAPerfValue) the time between repe-
titions of this step, if it has to be repeated multiple
times

PAdemand (of type PAPerfValue) the processing de-
mand of this step

responseTime the computed delay between the start-
ing and finishing time of this step. The estima-
tion of this quantity is the result of the simulation
model execution. This value has type confInter-
val, which we define as the pair of the confidence
interval bounds.

Abstract scenario steps can either be composite steps
(described by thePScenario class), or atomic steps
of different kinds. Scenarios are collections of steps;
exactly one of these steps is marked as the root step
(starting step) of the scenario. Atomic steps can be of
typePStep fork for nodes representing the creation
of multiple execution threads,PStep join for nodes
representing synchronization points between different
threads, andPStep for normal atomic steps.

There are two main differences between the perfor-
mance model depicted in Figure2and the one described
in the UML Performance Profile. First, we assume a
very simple model for resources: each Use Case has
an associated computational resource; the resource is
acquired when the Use Case starts, and is released at
its completion. Thus, two instances of the same Use
Case cannot be executed in parallel. This simplification

is motivated by the fact that we evaluate SA at the ar-
chitectural level, without assuming any implementation
on a specific platform. Indeed we assume that the soft-
ware architect ignores the specific hardware platform on
which the software will be executed. Detailed resource
modeling is usually done in later stages of the software
development process.

Second, the structure we propose for the class hierar-
chy describing the processing steps is slightly different
from that in [Object Management Group, 2002a]. The
UML Profile defines aPScenario class from which
a PStep class is derived, thus every step is a scenario.
This is because each step, at a deeper level of detail,
could be modeled as a whole scenario, that is, a se-
quence of multiple sub-steps. We choose a different
structure to model thePStep andPScenario hierar-
chy to keep atomic steps and scenarios as separate en-
tities. We apply the Composite Pattern [Gamma et al.,
1995] to reflect the hierarchical nature of the processing
steps. This choice makes the construction of the simu-
lation model easier, because there are different kinds
of step (e.g.,PStep , PStep fork , PStep join )
which are modeled as different simulation object types.
The behavior of a fork step consists of activating all the
successor steps concurrently. A join step waits for the
completion of all predecessor steps before activating the
successor. A normal step simulates execution according
to the specified delays, and activates one of the succes-
sor steps. Finally, the behavior of a scenario is to acti-
vate its root step.

To summarize, the proposed approach to derive the
simulation model to evaluate SA performance from
UML Use Case and Activity diagrams is defined as fol-
lows:

1. Consider an UML representation of a software



system in terms of Use Case and Activity dia-
grams. Both diagrams are respectively annotated
as follows:

• UML Use Case diagrams describe the inter-
action between the software system and one
or more Actors requiring service. As pro-
posed in [Cortellessa and Mirandola, 2002;
Pooley and King, 1999] we identify Actors
to represent workloads applied to the system
and Use Cases to represent scenarios. Ac-
tors can be stereotyped as�PAopenLoad�
or � PAclosedLoad � to represent respec-
tively open and closed population of users
accessing the system. Use Cases are tagged
with PAprob tags, whose value indicates the
probability of executing that scenario.

• Each Activity of an Activity diagram can
be tagged with the following informations:
the number of times the step has to be re-
peated (PArep ); the delay between repeti-
tions (PAinterval ) of the same step; an
additional delay for each step representing
user “think time” (PAdelay ); the service
demand of the step (PAdemand).

2. The simulation model is automatically derived
from the XMI description of the UML diagrams.
Currently UML-PSI uses the XMI dialect of the
open-source ArgoUML CASE tool [ArgoUML,
2003], The simulation model is an instance of the
general class structure depicted in Figure2, and
includes aPerformanceContext object and a
set of workloads and scenarios.

3. The simulation model is executed, optionally ask-
ing the user to specify some parameters for the
simulation, such as the desired confidence level for
the estimation of the performance indices, the con-
fidence interval width and the simulation length.

4. Simulation results are inserted back into the UML
model as tagged values associated with Activities
and Use Cases. We consider as simulation results
the average delays (PArespTime ) of Activities
and Use Cases execution.

3 UML-PSI TOOL DESCRIP-
TION

The steps of the proposed methodology are imple-
mented into a simulation tool called UML-PSI. As con-
cerns the first step of the annotation of UML diagrams,
the UML Performance Profile suggests the use of TVL
(Tag Value Language) to describe values of tags applied
to model elements, which is a subset of the Perl lan-
guage [Wall et al., 2000]. We use a freely available Perl
interpreter library [CPAN, 2003] to evaluate tag values,
so taking advantage of the full Perl language. Note that

both the UML Performance Profile and UML-PSI do
not strictly depend on the specific language used to ex-
press annotations.

The PAperfValue and RTarrivalPattern
data types are expressed according to the following
BNF notation, which is a simplified version of the an-
notations defined in the UML Performance Profile:

< PAperfValue> := ′[′assm|pred|msrd,

dist, < PDFstring>′]′

< PDFstring> := ′[′< constantPDF> |
< uniformPDF> |
< exponentialPDF> |
< normalPDF> ]

< constantPDF> := < real>

< uniformPDF> := uniform, < real>, < real>

< exponentialPDF> := exponential, < real>, < real>

< normalPDF> := normal, < real>, < real>

< RTarrivalPattern> := ′[′< bounded> |
< unbounded> |
< bursty>′]′

< bounded> := bounded, < int >, < int >

< bursty> := bursty, < PDFstring>, < int >

< unbounded> := unbounded, < PDFstring>

UML-PSI parses an XMI description of UML dia-
grams, annotated as described above. The UML model
is translated into a C++ discrete-event simulation pro-
gram according to step 2 of the proposed methodol-
ogy. UML-PSI includes a general purpose discrete-
event simulation library providing roughly the same
functionality of theSimulation class of the SIMULA

language [Dahl and Nygaard, 1966], namely pseudo-
parallel process execution using coroutines and Se-
quencing Set scheduling facilities. We developed the
simulation library for several reasons, mainly code
portability, availability of compilers and the necessity
to use a freely available C library for parsing XML doc-
uments [libxml, 2003].

The simulation library includes random number gen-
erators and some statistical functions. Random vari-
ates of various distributions are generated using the uni-
form random number generator described in [L’Ecuyer,
1999].

The library provides basic estimation functions, e.g.
mean, variance and confidence interval. Since we con-
sider steady-state simulation, we discard an appropriate
initial portion of the observations to remove the initial-
ization bias. The mean is computed using the method
of independent replications [Banks, 1998]. The simula-
tion stops when the relative width of the computed con-
fidence intervals is smaller than a given threshold. Both
the confidence level and the threshold can be defined
by the user. If they are not provided, we assume default
values of 90% confidence level and 5% threshold.



Each UML Actor is mapped into an appropriate
Workload object, that can be an open or closed work-
load, depending on the stereotype which is applied to
the UML element. Workloads are active objects in the
simulation, which simply perform an endless loop in
which they select and activate a Use Case, whose be-
havior is activating the root step of its associated Ac-
tivity diagram. Each Activity in the Activity diagram
is translated into the corresponding kind ofAbsStep
object. These objects simulate execution of the corre-
sponding step or scenario according to the structure of
the diagram and the value of the associated tags. At the
end of the simulation, the computed average response
time of eachAbsStep object (that is, a step or sce-
nario) is inserted into the original UML diagram the
PArespTime tag.

We propose to apply the UML-PSI tool as described
in the modeling cycle illustrated in Figure1. Namely,
the software designer defines an UML SA with Ar-
goUML and specifies model parameters as tagged val-
ues associated with UML elements. Then, the user op-
tionally selects parameters such as simulation length
or confidence interval width, and runs the simulation.
When the simulation finishes, the results are automati-
cally inserted into the UML diagrams. At this point the
software designer accesses the simulation performance
results by opening the ArgoUML project file to access
the results, and then possibly iterates the performance
evaluation analysis by providing a new set of parame-
ters in the UML model tags.

4 CASE STUDY

In this section we illustrate with a simple example how
UML-PSI works. The example involves an e-commerce
application in which users can browse a web catalog of
products or submit purchase orders. We assume an un-
limited stream of users requiring service. Users inter-
arrival time is exponentially distributed with meanA.
Users can browse the online catalog with probabilityp,
and make an order with probability1−p. Browsing the
catalog involves two sequential activities, which are: is-
suing a request to the product database and composing
the web page. Making an order involves the following
activities: selecting a product, filling the order form,
processing the order and verifying the payment infor-
mations. Orders must be paid by credit card, whose
number must be validated. Order validation and credit
card checking are performed in parallel.

The UML Use Case and Activity diagrams are de-
picted in Figure3. Model elements are tagged accord-
ing to the notation described in Section2.

Note that an analytical model of the system of Fig-
ure 3 can not be easily evaluated due to the fork/join
component of the Make Order Activity. The simulation
model which is derived from the SA is made of sev-
eral active components (processes) arranged according
to the structure of Figure2. The actor is represented by

RTarrivalPattern=["unbounded",
"exponential", 1.0/50.0]] PAprob=0.1

PAprob=0.9

(a) Use Case (b) Browse Catalog Activ-
ities

(c) Make Order Activities

Figure 3: UML representation of an E-commerce appli-
cation.

an object of typeOpenWorkload , which generates a
stream of users. Use Cases are objects of typePSce-
nario and have a queue which collects users accord-
ing to their arrival order. Users select the Use Case to
join according to the associated probability. Use Cases
simulate one user request at a time activating the root
step of the correspondingPScenario . When the sce-
nario execution completes, a new user requests in the
Use Case queue is started. Finally, there is one simu-
lation process for each node in the Activity diagram.
Nodes can be Activity nodes, which are modeled by
processes of typePStep , or fork and join nodes which
are modeled by processes of typePStep fork and
PStep join , respectively.

Scenario Average delay (seconds)
Make Order [2.98394, 3.00172]
Browse Catalog [54.7787, 55.7254]

Table 1: Simulation results for the e-commerce appli-
cation of Figure3.

A numerical example of the performance results,
computed as steady-state average delays are reported in
Table1. The results are obtained by settingA = 50sec
andp = 0.9; other model parameters are set as shown in
Figure3. The computed intervals are at 90% confidence
level. The results are inserted into the original UML
diagrams as values of thePArespTime tag. These



tagged values are attached to each relevant model ele-
ment. The software designer can now explore different
situations by repeating the modeling and performance
evaluation process with different tag values.

5 CONCLUSIONS

We have proposed a simulation-based performance
modeling approach for UML software architectures.
The notation we have used to describe performance pa-
rameters is a subset of the one defined in the UML Per-
formance Profile. We have derived a simulation model
from Use Case and Activity diagrams. The simula-
tion model is executed and the results are inserted into
the original UML diagrams as tagged values. We have
presented UML-PSI, a prototype tool to implement the
methodology.

The proposed approach has been defined to evaluate
software performances at the SA design level. We plan
to extend this approach to further steps of the software
development process, by considering Deployment dia-
grams and resource allocation. Further research will be
devoted to a more complete set of performance mea-
sures. UML-PSI will be extended accordingly.
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Metamodels for real-time control - an automotive
design study.

Paul Stewart (corresponding author), Peter J. Fleming

Abstract— This paper examines the use of metamodels in
the context of rapid prototyping for real-time control sys-
tems. It is desired that a drive by wire throttle controller be
designed to minimise the acceleration oscillations which are
a result of the first torsional mode of automotive drivelines.
A response surface metamodel is fitted to the output of a
complex experimentally verified model of the vehicle and
driveline. Subsequently, the metamodel is used as a rapid
prototyping tool, and as a basis for a final closed-loop design
by evolutionary methods.

Keywords— Response surface methodology, metamod-
elling, evolutionary optimisation, rapid prototyping.

I. Introduction

Implementation of drive by wire strategies for the re-
placement of the conventional cable link between the throt-
tle pedal and the throttle body has been the focus of de-
velopment for many major automotive manufacturers. By
fitting a stepper or permanent magnet servo motor [12] to
the throttle body, and a throttle pedal with proportional
voltage to position output, a “drive-by-wire” system can
be implemented with a simple linear amplifier. If a micro-
processor is added to the system, then control algorithms
can be added to the operation of the throttle [13]. Con-
trollers have been designed [11], which allow fast and ac-
curate tracking of pedal demand, and have been shown to
possess robust operating characteristics. An engine torque
controller is designed and implemented in this paper to
shape the vehicle response to the first torsional mode of
the driveline. The initial requirement is to damp the ac-
celeration oscillations generated by throttle step-demands.
This dynamic mapping is constrained by the requirement to
maintain where possible the vehicle acceleration response
available to the throttle. Control analysis and design for
this automotive system is complicated by a number of fac-
tors. There are a number of nonlinearities present, such as
backlash in the gearbox, a tyre force which varies nonlin-
early with road speed, and nonlinear clutch elements. Also,
there is a process lag between throttle actuation and torque
production and a nonlinear engine torque speed mapping
[5]. Experimental data is available from a test car which
was fitted with a data acquisition system including three
axis accelerometers. A vehicle was loaned for the purpose
of analysis, design and testing. This facilitated the devel-
opment and verification of an accurate Matlab/Simulink
dynamic model of the vehicle, driveline and engine. Al-

Paul Stewart is with the Electrical Machines and Drives Group in
the Department of Electrical Engineering, Mappin Building, Mappin
Street, Sheffield S1 3JD, United Kingdom. Tel: +44 (0)114 2225841,
e-mail: p.stewart@sheffield.ac.uk. Peter J. Fleming is with the De-
partment of Automatic Control and System Engineering, University
of Sheffield, Sheffield U.K.

though accelerometers were available for experimental ver-
ification, in the first instance it was desired that only sig-
nals and measurements available on a standard unmodified
car be used in the control system. A systematic excitation
of the driveline was made experimentally on the vehicle
model by performing step demands in all gears at discrete
points throughout the effective engine speed range of the
vehicle. The generated data (road speed, acceleration, en-
gine speed etc.) was then modelled using the “Response
Surface Methodology” (RSM) [7]. The method allows the
exploration and optimisation of response surfaces, where
the response variable of interest (vehicle acceleration) is
related to a set of predictor variables (road speed, selected
gear). In the development of a model and control sys-
tem constrained by computational considerations, and the
requirement of rapid prototyping, the RSM allows a low
order approximation to be derived [14] by the method of
least squares. The reduced order representation can then
be employed in the controller design. Application of the
RSM analysis to the vehicle response data allows a system
model to be developed which lends itself to the design of
a scheduled controller structure which is shown to control
the first torsional mode of the driveline.

II. Metamodelling of the Simulink model

In the analysis of the acceleration response of the vehicle,
there are three variables of interest, namely vehicle load-
ing, road speed and selected gear ratio. Vehicle loading
was assumed to be a fixed standard two person loading of
160kg. In order to reduce the overall number of data sets
required to construct the response surface of the system,
a factorial approach to designed experiments was adopted
[4]. The combinations of factorial experiments at 5ms−1

increments in each gear requires 25 experiments to be per-
formed. Each proposed factorial combination was assigned
a serial number and performed in random order via output
from a random number generator. Each experiment con-
sists of coasting the vehicle model in the appropriate gear
at the appropriate roadspeed, and performing a 100% tip-
in with the accelerator pedal. The simulated asphalt test
road was assumed to be dry, with overcast sky and ambi-
ent temperature of 60oF . The effect of the energy storage
components in the driveline can be clearly seen at 10ms−1

in second gear in Figure 1. Examination of the vehicle
response to tip-in reveals a system which can be approxi-
mated as a delay and second order dynamic response with
an overshoot and settling time which varies with road speed
and selected gear. This approximation to describe the en-
tire vehicle response can be formulated by application of
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Fig. 1. Vehicle filtered experimental acceleration step response in
second gear at 10ms−1.

RSM to the experimental data. The data which has been
gathered can be synthesised into a response map for the ve-
hicle in order to design an oscillation control system. For
the definition of driveability under consideration here, the
vehicle response can be characterised as the damping ratio
of the second order approximation map with variables road
speed and selected gear. The individual responses may be
expressed in terms of overshoot and settling time. The
transfer function describing the open loop system may be
described as

C(s)
R(s)

= k
1

as2 + bs + c
(1)

from which the damping ratio of the system can be cal-
culated as the ratio of the actual damping b to the crit-
ical damping bc = 2

√
ac [8]. Thus the damping ratio ζ

can be calculated from ζ = b
bc

. The roots of the char-
acteristic equation 1 are s1, s2 = −bc ± jc

√
1− b2

c . This
forms a complex conjugate pair from which the damping
ratio and natural frequency can be computed. The natural
units ξ1 and ξ2 of the experimental data (road speed and
selected gear) are first transformed into the corresponding
normalised coded variables x1 and x2, such that

xi1 =
ξi1 − [max (ξi1) + min (ξi1)] /2

[max (ξi1)−min (ξi1)] /2
(2)

and

xi2 =
ξi2 − [max (ξi2) + min (ξi2)] /2

[max (ξi2)−min (ξi2)] /2
(3)

The model can be expressed in matrix form as [7]

y = Xβ + ε (4)

where

y =




y1

y2

.

.

.
yn




, X =




1 x11 x12 . . . x1k

1 x21 x22 . . . x2k

...
...

...
...

...
1 xn1 xn2 . . . xnk


 ,

β =




β1

β2

.

.

.
βn




, ε =




ε1
ε2
.
.
.

εn




. (5)

It is now necessary to find a vector of least squares estima-
tors b which minimises the expression

L =
n∑

i=1

ε2i = ε
′
ε = (y −Xβ)

′
(y −Xβ) (6)

and yields the least squares estimator of β which is

b =
(
X
′
X

)−1

X
′
y (7)

and finally, the fitted regression model is

ŷ = Xb, e = y − ŷ (8)

where e is the vector of residual errors of the model.
The second order model to be fitted to the data is

y = β0 + β1x1 + β2x2 + β11x
2
1 + β22x

2
2 + β12x1x2 + ε (9)

Utilising equations (5-8), we obtain the coefficient matrix

b =




0.4079
−0.804
0.3809
0.0519
−0.0429
−0.0121




(10)

therefore the response surface in terms of the coded vari-
ables is obtained.

ŷ = 0.4079− 0.804x1 + 0.3809x2 + 0.0519x2
1

− 0.0429x2
2 − 0.0121x1x2 (11)

Comparing the computed response surface against a second
experimental testdata set gave an average residual error of
1.65%. The design of the prototype driveability compen-
sator will be considered in the next section.

III. Rapid Prototype Design

A response surface has been obtained which describes
accurately the vehicle’s damping ratio map. As an ini-
tial design target, a damping ratio of 0.7 across the entire
operating map would be a desirable response. The RSM
analysis allows a simple open loop feedforward controller
to be immediately designed and implemented to allow a
fast appraisal of the actuator potential. The system re-
sponse surface extracted from the experimental data is a
representation of the complex conjugate pole pairs of the
approximation (Figure 2) in terms of the system’s vary-
ing damping ratio. The approach will be to effect a pole-
zero cancellation of these complex conjugate poles to give
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Fig. 2. Vehicle complex conjugate pole map.

a satisfactory response. This method does rely on accu-
rate knowledge of the position of the uncompensated poles
which has been ascertained experimentally for the purpose
of this development. The parameters of the feedforward
controller are derived from the response surfaces and are a
function of selected gear and roadspeed. The feedforward
compensator takes the form as2+bs+c

as2+ds+c where the coefficient
b is calculated from the damping ratio response surface, and
performs pole-zero cancellation. Coefficient d produces the
desired pole placement and forms the required damping
ratio.

The control scheme was implemented on the microcon-
troller in assembly language, to ensure the fastest execution
time. The demand from the throttle pedal and roadspeed
were read in via A/D ports, and the selected gear read in
via the digital I/O. Output from the controller was sent to
a power amplifier via the PWM port. With the controller
in place, the experimental set was on the vehicle to confirm
the designed performance

IV. Experimental results - rapid prototyping

The goal of rapid prototyping was achieved in a matter
of days between initial model approximation and final im-
plementation testing. The original set of experiments were
repeated on the vehicle with the electronic throttle both
compensated and uncompensated. A comparison at the
10ms−1 in second gear step response is shown in Figure 3.
The time axis in both traces was zeroed at the initiation
of the step demand for the purpose of clarity. The marked
improvement in vehicle oscillation obvious in figure ?? was
repeated throughout the operating map of the vehicle. The
smooth acceleration increase is in marked contrast to the
results achieved with (for example) polynomial pole place-
ment techniques [10] in which oscillation is present in the
rising acceleration trajectory. The compensated vehicle re-
sponses over the operating region of the vehicle were found
to have a mean damping ratio of 0.68, with a maximum
residual of 0.07. The tip-in driveability of the vehicle was
found to be subjectively very improved, in addition to the
experimental evidence of the vehicle compensated step re-
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Fig. 3. Vehicle compensated and uncompensated filtered experimen-
tal step response.

sponse. Although a small amount of acceleration rate is
sacrificed to achieve the supression of oscillations subjec-
tively the vehicles performance was not felt to be affected.
The controller did endow the vehicle with a “turbine like”
(a smooth positive rise in acceleration without any associ-
ated oscillations) feel.

V. Metamodelling for closed loop
pole-placement design

In order to design a closed loop controller to achieve
robustness against system parameter variations, a pole-
placement approach was adopted. The objective of the
pole-placement design method is to design a closed loop
system with specified poles and thus the required dynamic
response. The measured variable for feedback considered
here is provided by a longitudinal accelerometer, should the
derivation of acceleration from the velocity signal prove in-
accurate or too noisy. The resulting characteristic equation
will determine the features of the system, such as rise time,
overshoot and settling time. The system model and its lin-
ear controller can be expressed respectively as

A(s)y(s) = B(s)u(s) (12)

S(s)u(s) = T (s)uc(s)−R(s)y(s) (13)

where A(s) and B(s) are polynomials in the Laplace do-
main and u(s) is the control variable. S(s), R(s) and T (s)
are the error, feedback and feedforward controller polyno-
mials in the complex domain. The controller has input
uc(s), which is the command signal and y(s), is the mea-
sured output of the plant. Three constraints are associated
with the model: the degree of B(s) is less than the degree
of A(s), there are no common factors between polynomials
A(s) and B(s), and A(s)is a monic polynomial. From equa-
tions 12 and 13, the characteristic equation of the closed
loop system will be

F (s) = A(s)S(s) + B(s)R(s) (14)

seidel
17TH EUROPEAN SIMULATION MULTICONFERENCE 3



17TH EUROPEAN SIMULATION MULTICONFERENCE 4

The objective of the pole placement design is to find poly-
nomials S(s) and R(s) that satisfy equation 14 for spec-
ified A(s), B(s) and F (s). Equation 14 is known as the
Diophantine equation and can be solved if the polynomials
do not have common factors and the system is proper. The
Diophantine equation can be solved using a linear matrix.
Two major questions arise with the use of the pole place-
ment design, firstly what is the optimum location of the
poles for the characteristic equation of the controller, and
secondly how many poles must be placed? Resolving the
issue may be a matter of trial and error if the system is
complex and there is noise in the feedback signals or (as it
is the case of the driveline) there are nonlinearities, such
as delays and saturation curves. In this case, a multiobjec-
tive genetic algorithm was adopted to find the optimal pole
placements. The design problem in this case is described
by a five component objective function:
• minimise rise time
• minimise overshoot
• minimise settling time
• minimise steady-state error
• minimise delay
The experimentally elicited metamodel for the vehicle, in
terms of damping factor for a second order fit to accelera-
tion response is shown in figure 4. The polynomials B(s)
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Fig. 4. Experimental vehicle damping ratio response surface.

and A(s) can be obtained. For example, at 15mph in 2nd
gear;

v(s)
u(s)

=
B(s)
A(s)

=
1615.7

s3 + 4.3s2 + 521.8s
(15)

As part of the model, a second order approximation will
be added to equation 15 to model the delay relating to the
manifold fill delay. The resulting polynomials were

B1(s)
A1(s)

=
B(s)Pnum(s)
A(s)Pden(s)

(16)

where A1(s) and B1(s) are the new polynomials represent-
ing the system and Pnum(s) and Pden(s) are the numera-
tor and denominator respectively of the Pade approxima-
tion. The order difference in the process polynomials is
α = na − nb = 5− 2 = 3, and defining β = 0, the order of

the controllers S(s) and R(s) and the closed loop character-
istic equation F (s) can be found as in equation 14. Then,
ns = 4 , nr = 4 and nc = 9. This leads to the matter of
determining the value of nine roots for the characteristic
equation. The lower order approximations have been used
to determine a tractable number of poles to place in the
controller design. The original Matlab/Simulink model is
computationally too slow for the iterative procedure inher-
ent in evolutionary optimisation. Consequently the meta-
model is adopted for its speed of execution. The pole lo-
cations will be the decision variables in the multi objective
genetic algorithm (MOGA), since those are the unknowns
in equation 14 and was used to calculate directly the val-
ues of the coefficients for the polynomials R(s), T (s) and
S(s). The gain of T (s) was also be included as a decision
variable. The coding of the variables was real, since that
allows more natural data handling and is more efficient.
The objectives set the goals to reach and ensure that every
selected individual satisfies the specifications. The perfor-
mance objectives have already been described, and relate
to overshoot, settling time etc. The initial conditions (se-
lected gear, road speed) in addition to reasonable real-life
variations in the mechanical parameters (lash etc.) for the
driveline nonlinear model were changed randomly for each
individual in each generation, in such a way that the best
controllers are the ones that could perform adequately un-
der wide system parameter and condition variations. The
variation in lash in particular replicates one of the fun-
damental characteristics of the ageing of the system. A
further addition to this approach was the variation in road
conditions and vehicle loading from one to four occupants.
This approach was intended to achieve as far as possible,
a robust controller. Finally, the minimisation of the con-
trol energy was included amongst the objectives in order
to achieve a feasible, efficient controller. The bounds of the
random variations were as follows:
• lash 0o to 30o at wheels
• road conditions from µ 0.4 to 1
• vehicle loading 1 to 4 occupants (standard occupant =
80kg
• road gradient −10 to +10%
This bounding set was later utilised to assess the robustness
of the robust controller. The GA Toolbox for Matlab with
the MOGA extension tools developed at the University of
Sheffield [3] was utilised to perform the search procedure.
The decision variables are in this case assigned to the con-
troller pole placement positions.

VI. Metamodelling for evolutionary
optimisation - results

A candidate controller of the form;

R(s) = s(s− 20.1 + 12.1i)(s− 20.1− 12.1i)
(s− 17.3)

S(s) = (s− 167.8)(s− 41.3 + 103.2i)
(s− 41.3− 103.2i)(s− 18.6)

T (s) = (s− 40.6 + 3.3i)(s− 40.6− 3.3i)
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(s− 37 + 1.71i)(s− 37− 1.71i)
(17)

was selected from the family of potential solutions on the
basis of its minimisation of all the objectives stated in the
objective function, and its overall driving “feel”. The con-
troller was simulated under varying initial conditions and
mechanical parameters to verify its performance, and also
assess its robustness. The predicted effects of ageing (for
example on lash) were found in simulation of the closed
loop system to produce acceleration responses which were
within the bounds of desired “driveability”.Although ex-
perimental assessment of the controller in terms of varying
lash was not possible, a number of step responses were
taken under varying vehicle loading. A factorial study
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Fig. 5. Open loop unfiltered experimental step response, 1 passenger,
15mph, 2nd gear.
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Fig. 6. Closed loop unfiltered experimental step response, 1 passen-
ger, 15mph, 2nd gear.

was undertaken at a range of road speeds and selected gear
ratios, with vehicle loading being chosen randomly. A typ-
ical open loop response is shown in figure 5 with the cor-
responding closed loop response being shown in figure 6 .
The response is satisfactory in terms of driveability both in
the step response and the delay time of the vehicle accel-
eration. The controller was found to be robust to changes

in vehicle loading, and showed an excellent response across
the vehicles entire operating range. Although it was not
possible to vary the vehicle lash, simulation results predict
that the controller is again robust for levels of lash up to
30o at the wheels.

VII. Conclusions

This project had two initial objectives, firstly to exam-
ine the application of the Response Surface Methodology
to rapid control design prototyping, and having success-
fully achieved this goal, the second objective was to use
the RSM to examine the potential of electronic throttle
control to shape the acceleration response of an experimen-
tal vehicle. The timescale from experimental data capture
through RSM analysis to experimental verification and as-
sessment of the electronic throttle’s potential for vehicle
acceleration shaping was under four days. At this point, a
judgement upon the viability and potential of the project
could easily be made with confidence. In this context, the
use of metamodelling becomes extremely attractive. The
technique has allowed an examination of the system control
potential to be made at the start of the project, benefitting
both the confidence of the industrial partners, and giving
a realistic benchmark of potential performance. The con-
troller derived by the RSM is immediately useable on the
experimental vehicle, providing a demonstration facility at
project inception. Some other benefits of this development
tool are also significant. A controller is quickly available
for verifying the mechanical and electrical components of
the control system, giving a stable platform for subsequent
controllers as and when they become available. The con-
troller as designed via the RSM is simple and low order
by nature, and thus can be installed on a very simple mi-
crocontroller. Finally, a quick and cheap assessment of a
system’s potential can be rapidly made in order to sup-
port project development proposals. The design of a use-
able implementation has been achieved on a time varying
process with significant time delays and nonlinearities. A
closed-loop controller was subsequently derived using the
pole placement method. Multi objective evolutionary al-
gorithms were applied to find the optimal location of the
poles for the characteristic equation. Random initial con-
ditions were applied to each generation to achieve robust
solutions. The response of the selected controller shows a
dramatic improvement over the open loop response, and
does not require tuning depending on variations in the sys-
tem parameters. The controller response also proves to
have a better performance than the results obtained in the
literature. The combination of the pole placement method
with MOGA as a technique for driveline controller optimi-
sation results in an efficient design procedure, where the
lack of knowledge of the possible solutions does not nec-
essarily affect the result of design process. Although an
accelerometer was fitted to the vehicle for verification pur-
poses, the implemented controller worked with the vehicle
speed feedback signal which was readily available.

The effect of the closed loop controller upon the driver
and passengers was perceived to be extremely benefi-
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cial. It was possible to repeat driven routes with the
controller both engaged and disengaged. Although this
method is extremely subjective when compared to rise-
time/overshoot/settling time analysis, for the end user (a
variety of drivers), the effect of the controller was found to
give a distinct improvement to the driving experience.
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Abstract  
Complex industr ia l  processes  l ike  Marine Diesel  Propuls ion Plant  (MDPP) have complex 
in terrela t ions  and in terdependencies  between var iables  and parameters .  This  character is t ic  
could be used in  est imating unknown or  unmeasured var iables  from the information 
gathered by other  measurements  and sources using information fusion by means of  a  sof t  
computing methods.  In  the paper ,  a  s tructural  analysis  approach to ident ifying most  
re levant  var iable  in terre la t ions,  components  or  subsystems of  MDPP with  inherent  
redundant  information has been proposed.  Sensor  information fusion method was chosen 
to be using ar t if ic ial  neural  networks (ANN).  The paper  presents  proposed ANN with 
s t ructure  and learning algori thms.  Simulat ion have been carr ied  out  in  Matlab-Simulink 
environment with  engine speed es t imation example.  
 
Keywords  
Diesel  engine propuls ion plant ,  s t ructural  descr ip t ion,  redundant  information,  sensor  
fusion,  neural  network 
 
 
1.  INTRODUCTION 
 
Diagnost ic  and control  systems of  mar ine 
diesel  propuls ion plant  require  a  large 
number  of  d ifferent  sensors  with  d ifferent 
measur ing types  and locat ions  a t  var ious  
cr i t ical  points  on the propuls ion engine 
and i ts  subsystems ( temperatures,  
pressures,  f low rates ,  levels ,  metal  content  
of  the  lubr icat ing oi l ,  water  content  in  the 
fuel  o i l  and more) .  The data  from sensors  
are  col lected and t ransmit ted  to  the 
processing uni ts .   
The main purpose of  most  s ignal 
processing is  to  yield  knowledge of  a  
s i tuat ion so that  proper  decis ions can be 
done.  Many of  these s ignals  should be 
combined in  some way to  enable  decis ions 
of  such condit ions as  emergency s tates ,  
when to  change oi l ,  t ime to  repair  or  
replace par ts ,  engine eff ic iency etc.  
In  some specif ic  s i tuat ions human 
in tui t ion,  heur is t ic  knowledge and 
exper ience have to  be fused together  with 
sensor  data  for  good plant  est imation 
(overal l  engine eff ic iency,  degradat ion of  
o i l  condi t ion,  faul t  condi t ions, . . ) .  One 

effect ive approach in such case is  
information fusion that  wil l  be  d iscussed 
in  the paper .  
In  the cases  when a  sensor  fai ls  to  
operate  or  operates  with  faults ,  sensor  
information fusion methods are  needed to 
reconstruct  the los t  s ignals  -  information.  
Aiming to  use sensor  information fusion 
with  exis t ing sensors  the need for  
explor ing possible  redundancies  inherent  
to  the  system structure  is  evident .  One 
sui table  method is  s tructural  descr ip t ion 
or  analysis  of  the system decomposing i t  
in to  funct ional  dependent  end rela ted 
components  or  subsystems.  This  approach 
for  MDPP wil l  be  presented in  the paper .  
Sensor  information fusion method was 
chosen to be using ar t if ic ia l  neural  
networks which are  very sui table  in  the 
case  of  on- l ine gathered data.  
Simulat ion example wil l  be  g iven for  
marine  diesel  engine speed es t imation 
using redundant re la t ions and data .  
 
 
 



 

2.   STRUCTURAL DESCRIPTION OF A  
SYSTEM: GENERAL APPROACH 

 
One can consider  a  system S l ike  union of  
i ts  funct ional  components  

i

n

i
C

1=
∪ , each of them  

establishing some relations or constraints fi between a 
set of variables and parameters (known or unknown) 
zj of the system, i.e. :  
 ),,....,,( 21 pi zzzf     1 < p ≤ m  
where fi can represent dynamic, static, linear or non 
linear relation, crisp or fuzzy rules, empirical or any 
other relation-constraint.  
Structural model of the system can then be 
represented with a set of 
constraints: { }nfffF ,.....,, 21=  and a set of variables 
and parameters { } XK

m ZZzzzZ ∪== ,.....,, 21  to 
which constraints are valid. CYUZ K ∪∪=  is a set 
of known variables and parameters, where U  
represents a set of control variables, Y is a set of 
measured outputs and C  is a set of known constant 
parameters. XZ  is a set of unknown variables and 
parameters of the system. 
Now, the structural model of the system can be 
represented by directed graph with nodes and 
connecting arcs ( )AZFG ,, . The elements of a set of 
arcs in such graph ( )FxZA ⊂  are defined with the 
following mapping scheme - binary relations: 

{ }
{ }
{ }10

10

10

,FxZ:A

,ZxF:A

,ZxF:A

XX

KK           (1) 

For more details see (Izadi-Zamanabadi 1999). 
 
3.    STRUCTURAL ANALYSIS OF MARINE 

DIESEL PROPULSION PLANT – 
REDUNDANT DATA AND RELATIONS 

 
A s tructural  analysis  model  to  ident ify 
most  relevant var iable  in terrelat ions,  
components  or  subsystems of  MDPP with 
inherent  redundant  information which 
could be used in  fusion process  wil l  be 
explored.  
 
3.1 Structural descript ion of  MDPP 
  
The main purpose of the structural description of 
MDPP here is to explore some inherent redundant 
relations which can be used in calculating unknown 
or unmeasured variables using sensor information 
fusion method. 
Figure 1 shows the structure of MDPP with its main 
structural components: C1 - diesel engine dynamics, 
C3 - engine shaft dynamics, C5 and C6 - propeller 
shaft dynamics, C8 - ship speed dynamics, C10 - hull 
dynamics, and  corresponding sensors: fuel index 

sensor C2,  engine speed sensor C4, pitch propeller 
sensor C7 an ship speed sensor C9. 
Relations and constraints between variables and 
parameters can be obtained in various ways: by 
mathematical modelling, by simulation, using 
experimental data, eliciting expert's and operator's 
knowledge, etc. For details see (Antonić and Radica 
1991; Antonić et al. 2000; Antonić and Vukić 2002; 
Vukić et al. 1998; Izadi-Zamanabadi 1999). 
 

 
 

Figure 1: The structural diagram of diesel 
propulsion plant 

 
where:   nref - engine reference speed (set value); n - 

engine speed; gϕ  - fuel link position; hPref - propeller 

pitch set value;  hP - propeller pitch; v - ship speed; KM 
, TM - engine gain and time constant; MP, TP - propeller 
torque and thrust; 
va - advance propeller speed; Ru - total hull resistance 

The structure of MDPP in Figure 1 can be 
represented as union of its components : 

ii C∪ 10
1=

. 
A set of constraints / structural relations is: 
 { }1021 ,.....,, fffF =           (2) 

A set of known measurable variables and 
parameters is: { }MmPmmgm

K KvhnZ ,,,,ϕ=        (3) 
A set of unknown variables and parameters is:
 { }uPPMPg

X RTMMvhnZ ,,,,,,,ϕ=        (4) 
The measuring noise is here neglected so:  
 vvhhnn mPPmggmm ==== ;;; ϕϕ .      (5) 
Adequate structure graph of the MDPP with 
variable and parameter relations is shown in figure 
2. 

 

 
 

Figure 2: Structure graph of MDPP system with 
variable and parameter relations 

 
 



 

3.2  Redundant relations and information fusion 
 
From the structural graph of MDPP system one can 
get analytical redundant relations between variables 
and parameters: direct relations and indirect or 
derived ones (with sensor information fusion and 
some reasoning method). For direct relations 
structural constraints are applied only to known - 
measured variables i.e. to subset KZ , while derived 
relations are those to which structural constraints of 
unknown - unmeasured variables are applied, i.e. to 
subset XZ . 
Indeed, derived redundant relations are more 
interesting, because they result with analytical 
redundancy what is a key point for information 
fusion. These are frequently based on the human 
expert knowledge and operator experience. 
It is evident from the structure graph model of 
MDPP, that there are redundant relations and 
information which can be used in case of faulty 
sensors. 
For instance, in the case of engine speed sensor fault 
(component C2 in structural diagram) the value of the 
engine speed could be estimated i.e. calculated using 
information fusion from other sources (C5 and C6). 
Unknown variable can be estimated by integrating 
several other measurements into a single robust 
estimator (software sensor). The fusion of data from 
different sensors will add new valuable information 
that would be otherwise unavailable. The need of data 
fusion arises also from the fact the information 
gathered is often incomplete, uncertain, imprecise or 
may be from a faulty sensor. There are several 
possible methods for data fusion and the very 
effective one is artificial neural network approach. 
 
4.    INFORMATION FUSION IN MDPP USING 

ANN APPROACH – SIMULATION 
EXAMPLE 

 
The ability of ANN to learn from experience i.e. from 
history of data during on-line operation is making 
them the preferred choice for process modelling with 
intrinsic variable and parameter interrelations. In the 
above structural description of MDPP the redundant 
relations between variables and parameters were 
illustrated . Some of them will be used in the 
information fusion example. 
 
4.1 Engine speed estimation using information 
fusion: Speed sensor faulty - simulation example 
 
Engine diagnosis and control system needs speed 
information during normal operation and gets it 
continually from speed sensor. 
In the case of speed sensor failure it would be 
desirable to have a system that could estimate engine 
speed (most critical variable in closed loop speed 
control) from various sets of inputs i.e. information 
sources giving redundancy in speed information and 
thus leading to more robust control system. That is 

especially important if a l l  speed sensors (usually 
two) are in faulty conditions.  
The required engine speed value could be estimated 
on-line from other variables which are related to it 
(see Figure 2) : propeller torque MP or propeller 
thrust TP, ship speed v,  propeller pitch hp if the 
propeller is controllable (CPP).  
Figure 3 a and b illustrate engine speed estimation 
from other known variables - signals measured on-
line (MP, TP, v).  

 
 a)    b) 

Figure 3: Engine speed estimation using 
information fusion 

 
4.2  Neural network structure and learning 
algorithms 
 
In the engine speed estimation example three 
independent input signals to the ANN and one 
output signal which should be the best estimate of 
engine speed in case of faulty sensor were used.  
The data from different sources are usually pre-
processed (data normalization, filtering, principal 
component analysis, etc.) before applied to the 
ANN for fusion purpose. 
The ANN, in this experiment,  was organized in 
two processing stages i.e. two ANN were designed 
and used (Figure 4). 
The first stage consists of estimation ANN and is 
for feature extraction from input signals. The 
second stage consists of ANN for information 
fusing i.e. decision making and selecting the best 
estimate from the first ANN.  
 

 
 

Figure 4: Concept of ANN for engine speed  fusion 
 
The first stage consists of three identical feed 
forward NN (in Figure 5a shown only one for input 



 

variable Mp) each with one hidden layer with log-
sigmoid transfer function and one output layer with 
linear transfer function. The second stage consists of 
self-organising NN with one competitive layer with 
three inputs (these are outputs from the first stage) 
and one output ADALINE stage (in figure 5 b). There 
are three neurones in competitive layer and only one 
is a winner in a time. Euclidean distance measure (see 
Antonić and Vukić 2002) in decision making i.e. 
choosing the best estimate in each time step was used. 
In the estimation stage of  NN, 3 inputs are fed 
(propeller torque Mp, propeller thrust Tp and ship 
speed v) to estimate engine speed n.  
 

 
a) 

 
b) 

Figure 5: Structure of ANN for engine speed 
estimation 

 
The mse (the mean squared error between the target 
i.e expected values and the network outputs – 
estimated values) performance function is chosen as a 
criterion. 
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Performance goal was set to mse = 0.01 rads-1. 
In minimising performance function the gradient 
descent back-propagation learning algorithm for 
updating network weights and biases with adaptive 
learning rate was used.  

)k(g)k()k(x)k(x α -=1+             (7) 
where x(k) is a vector of current weights and biases, g(k) is 
the current gradient and α(k) is the learning rate. 
For comparison purpose we used two learning 
algorithms: 

 Quasi-Newton (BFGS) learning algorithm, 
)()(-)()1( 1- kgkHkxkx =+          (8) 

H(k) is the Hessian matrix (second derivatives) of 
performance function at the current values of the 
weights and biases. 

 Levenberg-Marquardt learning algorithm 
[ ] eJIJJkxkx TT 1-)()1( µ+−=+          (9) 

where J is the Jacobian matrix which contains first 
derivatives of the network errors with respect to the 

weights and biases, e is a vector of network errors, 
µ is a scalar. 
 
4.3  Simulation results in engine speed 

estimation 
 
The training set used for the proposed ANN is 
obtained from the real diesel engine propulsion 
plant simulator PPS2000 (Norcontrol) with 
propulsion diesel engine MAN B&W type 5L90MC 
with maximum power of 18.000 kW installed on 
the very large crude carrier, (fully loaded). We’ve 
got training set values with diesel engine working 
in four basic operating regimes – modes (table 1): 
Full ahead (with engine power of 100 %) , Half 
(engine power of 75 %), Slow (engine power of 50 
%) and Dead slow (engine power of 25 %).  
   

Table 1: Simulated engine data for training ANN 
Engine 
regime 
 

Engine 
power 
(%) 

Engine 
speed - 

n 
(rad/s) 

Mp 
(Nm) 
x106 

Tp 
(N) 
x106 

Ship 
speed 

v 
(m/s) 

Full 
Ahead 

100 7.74 2.20 1.46 7.71 

Half 75 7.02 1.90 1.21 7.06 
Slow 50 5.14 1.05 0.66 5.11 
Dead 
slow 

25 3.10 0.41 0.26 3.10 

 
The second part of the simulation was carried out 
by using Matlab/Simulink environment. 
After training the ANN given in Figure 5 using 
training data set from table 1, we've got very good 
results for engine speed estimates in four operating 
points (Full Ahead, Half, Slow, Dead slow) . These 
are presented in table 2 and Figure 6. The 
differences between speed estimates are very small 
(with mse: 3.3*10-3 with Mp data, 9.98*10-4 with 
Tp and 6.16*10-4 with v data set. 
 

 
 

Figure 6: Engine speed estimation with training 
data set from Mp, Tp, v 

 
 
 



 

Table 2: Estimated engine speed n from Mp, Tp, v 
Estimated speed from other signals 

(with training data) 
Engine 
speed 

(target) 
n (rad/s) 

Mp Tp v 

7.740 7.682 7.712 7.692 
7.020 7.114 7.065 7.073 
5.140 5.097 5.114 5.124 
3.100 3.114 3.113 3.118 

 
Comparing results obtained during training session of 
NN with two different learning algorithms: 
Levenberg-Marquardt (LM) and Quasi-Newton we've 
noticed very little difference (table 3). 
Nevertheless, we prefer LM learning algorithm 
because the estimation error (mse) and training period 
(epochs) were a bit lesser. 
 

Table 3: Comparison results of two learning 
algorithms in training NN 

              Levenberg-Marquardt           Quasi-Newton             
 Mp Tp v Mp Tp v 
mse 3.30 

*10-3 
9.98 
*10-4 

6.16 
*10-4 

3.30 
*10-3 

9.79 
*10-4 

9.61 
*10-4 

epoch >500 115 26 >500 118 35 
 
Performance goal (mse = 0.01) for the best engine 
speed estimate (with Tp data set) was reached in very 
shot time (4.17 s) i.e.  after only 115 epochs of 
training. 
Applying test ing data  set  to  ANN 
concurrent ly for  three inputs :  Mp,  Tp and 
v,  less  accurate   resul ts  were obtained 
(Figure  7)  but  never theless  useful  for  
pract ical  use ,  except  those es t imated from 
ship  speed data  where the mean squared 
error  was 11.55 %. The best  results  were 
obtained from propeller  thrust  
measurement  Tp (mse = 1.73 %).  
The largest  d iscrepancy between t ra ining 
and tes t ing resul ts  were obtained for  ship 
speed s ignal ,  maybe because of  small  
t ra in ing set .  
 

 
 

Figure 7: Engine speed estimation with testing data 
set from Mp, Tp, v. 

 
In each time step, the designed ANN chooses the 
best estimate on its output so the final results were 
acceptable. Testing example with engine power of 
100 % and expected real value of n = 7.74 rad/s: the 
best speed estimate, was with Tp data: ne = 7.712 
rad/s (see Figure 8a). We also tested ANN output in 
the case of lost one or even two of three input 
signals and have got good engine speed estimate. 
Figure 8b illustrates situation with two input signals 
missed (sensor faults). The ANN output was ne = 
7.785 rad/s (Figure 8b). 
 

 
a)  

 
   b)   
  
Figure 8: Engine speed estimate (best ANN output) 
 
Applying testing data within all operating regions is 
illustrated in Figure 9. Test results for engine speed 
estimate are fairly good for Mp and Tp. 

 
 

 
 

Figure 9: Estimating engine speed with testing data 
Mp, Tp, v within the operating region 

 
Data fusion of three signals with expert 
modification of contribution coefficients on engine 
speed with KMp = 0.34, KTp=0.36, Kv=0.30  had 
given quite good estimate (see Figure 10). 



 

 
 

 
 

Figure 10: Estimating engine speed with data fusion 
of Mp,  Tp, v 

 
Finally, three testing cases with MP as input signal to 
the ANN has been studied in parallel and the output 
(speed estimate) was recorded in the diagram (see 
Figure 11):  
The first case was with MP as only input signal. Input 
signal in the second case was MP with the added noise 
(zero mean Gaussian with variance of 0.02). In the 
third case, the disturbance signal (sine wave of 
amplitude of 0.1 and frequency of 1 rad/s)  was added 
to MP . We could conclude that proposed fusion 
scheme  is rather robust to noise and disturbance in 
input signals. 
 

 
 

 
 

Figure 11: Estimating engine speed with Mp: 1 – 
normal ; 2-with Gauss noise; 3-with sine 

disturbance 
 
 
CONCLUSION 
 
Sensor information fusion concept is becoming 
more and more attractive especially in the area of 
diagnostics and control systems. Some important 
advantages of using information fusion in 
combination with soft computing technologies like 
artificial neural networks, fuzzy logic, genetic 
programming could give more robustness, 
reliability, fault tolerance and intelligence to control 
systems. 
The structural approach is presented and applied to 
the marine diesel engine propulsion plant as an 
effective method to identify the subsystems with 
inherent redundant information. Based on that 
analysis we proposed ANN for information fusion 
process which consists of two stages: The first stage 
is an estimation ANN for feature extraction from 
input signals and the second stage is for information 
fusing i.e. decision making and selecting the best 
estimate from the first stage ANN. We tested it with 
the simulation example. Diesel engine speed was 
estimated on the basis of three other signals: 
propeller torque MP, propeller thrust TP and ship 
speed v. It was shown that good speed estimation 
could be obtained using other available information 
in the case of faulty speed sensor. Only a part of the 
obtained results was presented in the paper. 
The proposed fusion scheme was also tested with 
noise and disturbance signals added to the MP input 
signal and concluded fairly good scheme 
robustness. 
Better results would probably be obtained if larger 
sets of training and testing data were used. The 
generalisation scheme in the sensor information 
fusion within MDPP will be of our interest in the 
near future. 
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DERIVING A HYBRID ALGORITHM TO SOLVE HEAT 
FLOW PROBLEMS 
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Abstract: The Heat and Fluid Flow problems commonly occurring within the design of heat 
exchangers are difficult and time consuming to solve using traditional techniques. This paper describes 
an investigation into the suitability of the use of heuristic optimisation techniques, Genetic Algorithms, 
Tabu Search and Simulated Annealing, in the solution of complex heat flow problems. The derived 
Hybrib Algorithm was constructed by combining elements from all three approaches and the final 
algorithm acted to reinforce their strengths and minimise their weaknesses to produce an efficient and 
effective algorithm. 
Keywords: Heuristic Methods, Hybrid Techniques, Heat Flow. 
 
1 PROBLEM DEFINITION 
 
The heat flow across a slab, ABCD see figure 
1 

      Fixed temperature  
A       D 

 
 
 
Insulated   Heat loss 
 
 
 
 
B   C  
  Heat loss flow out    

figure 1 
 
is modelled by the partial differential 
equation:- 
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which together with the respective boundary 
conditions:- 
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enables the determination of the heat profile, 
steady state temperatures, across the slab. 
 
2 SOLUTION METHODOLOGY 
The solution to this problem was derived using 
elements from:- 
 

Genetic Algorithms 
Simulated Annealing 
Tabu Search 

 
The final form of the algorithm was 
constructed to take advantage of the strengths 
of each of these methods and to minimise the 
effect of their weaknesses.  
 
2.1 The initial GA approach 
The initial stage was concerned with an 
investigation into the use of Genetic 
Algorithmic techniques, thus the key stages in 
a Genetic Algorithm approach to solving this 
problem had to be defined, these were: - 
 

The form of the GA strings 
Here each string consisted of 24 real 
numbers, each representing the 
temperature at one of the grid points 
on the slab.  
 
Selection for crossover 
The strings were selected on a 
proportional basis, to their fitness, to 
be included in the population used to 
generate the next set of strings, using 
crossover.  



 
The crossover technique 
In this problem a block cross over 
was employed, that is the information 
from a randomly chosen block was 
exchanged by the chosen pair of 
strings. This method was employed 
because it better represented the 
geometry within the problem. 
 
Elitist approach 
Following crossover one of the new 
strings was chosen randomly to be 
replaced by the existing best string. 

 
2.1.1 Implementation 
These procedures were combined to give the 
basic approach this was transformed into an 
iterative approach through the addition of the 
routine:- 
 
when the (GA) process has converged, a new 
set of strings close to the existing best solution 
are generated and the process repeated, thus 
leading to an Iterative Genetic Algorithmic 
(IGA) approach to this problem, note that the 
search space is reduced at each successive 
iteration. 
 
2.1.2  Results 
These procedures were applied with varying 
sizes of initial population and to problems of 
varying difficulty, where difficulty is assumed 
to be related to the range of temperatures in the 
initial population. 
Regardless of the initial population the Genetic 
Algorithm adopted an asymptotic behaviour, 
but tending towards a residual of10, the target 
was to obtain a residual of about 0.1. See 
graph 1. 
 
 
 
 
 
 
 
 
 
 
 

Graph 1:Residual values 
 
The Genetic Algorithm acted to produce 
solutions which were aligned with (parallel to) 
the temperatures at the optimal solution, but it 
was not able to move very close to the optimal 
solution, see Graph 2 where the “top set of 

points” is at the solution, the lower set of 
points is the converged solution, and the third 
set of points has a residual of less than 1. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Graph 2: Temperatures across the slab  
 
Thus it can be seen that although the Iterative 
Genetic Algorithm did not in itself lead to a 
satisfactory solution methodology it did act to 
“line up” the temperatures across the slab. 
Therefore this approach was adapted by 
incorporating elements from Simulated 
Annealing to attempt to overcome this 
convergence problem. 
 
2.2 Refined Iterative Genetic Algorithm 
(RIGA) 
Aspects of Simulated Annealing are 
introduced into the methodology at the stage 
when a new solution set is generated. In the 
IGA approach the search space is narrowed at 
each iteration, in the refined methodology, the 
search space is randomly widened. This has 
the effect of overcoming the asymptotic 
“early” convergence of the IGA approach, 
replacing Graph 1 with Graph 3. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Graph 3: Residual values using restart 
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This procedure has acted to overcome the 
original asymptotic “early convergence” 
enabling the process to produce a solution with 
a residual less than 0.1. See graph 4 where the 
optimal solution is indicated by the “triangular 
point markers”. 
 
 
 
 
 
 
 
 
 
 
 
 

 
Graph 4: Temperatures across plate 

 
2.3 The Hybrib Algorithm 
The RIGA obtained a solution to the problem 
to the required accuracy however the implicit 
asymptotic behaviour of the GA acted to slow 
down the process. Therefore the next stage in 
the development of the hybrib algorithm 
investigated the incorporation of a Tabu 
Search. 
 
The RIGA algorithm was employed until the 
residual was reduced to a value between 0.5 
and 1.5, (where the asymptotic behaviour has 
not yet started to dominate the process). At this 
point a varying step size Tabu Search is 
implemented. 
Graph 5 shows the search space investigated 
by the Tabu Search procedure where the 
current point is shown together with the 
current best point. 
 
 
 
 
 
 
 
 
 
 
 
 

Graph 5: Tabu search  
 

The Tabu search acted to improve the search 
for the optimal solution, see graph 6. This 
shows how the Tabu Search prevents the 
asymptotic behaviour of the RIGA algorithm, 
leading to the Hybrid Algorithm (MA). 
 
 
 
 
 
 
 
 
 
 
 
 
 
Graph 6: Tabu search effect on Residual 
 
3 COMPARISONS BETWEEN THE 
APPROACHES: 
To enable comparisons between the two 
approaches RIGA, and the Hybrid Algorithm 
(RIGA incorporating Tabu Search), the run 
times have been normalised so that the Tabu 
search requires 1 time unit.  
Six problems were solved using both 
approaches. The final residual obtained and the 
time to solve the problems were averaged and 
these results are summarised in Table 1. 
 

Results RIGA MA 

Average final 
residual 

0.06 0.06 

 
Time MA = 0.57 * Time RIGA 

Table 1: Comparing Methods 
  

Thus this algorithm works efficiently to obtain 
the solution to the heat flow problem. The 
algorithm acts to combine the strengths of each 
of the constituent techniques and minimises 
their weaknesses. 
 
4 CONCLUSIONS 
This work has demonstrated the fact that heat 
flow problems can be solved using modern 
optimisation techniques. However it has also 
shown that the solution algorithm has to be 
derived around the needs of the problem under 
consideration. Here a Genetic Algorithm, 
alone, could not produce a satisfactory solution 
(not enough accuracy) but it could indicate the 
answer, see graphs 2 and 4 where the GA 

250

260

270

280

290

300

310

320

330

1 3 5 7 9

1
1

1
3

1
5

1
7

1
9

2
1

2
3

0

1

2

3

4

5

6

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18

0

10

20

30

40

50

60

70

80

1

2
8

5
5

8
2

1
0
9

1
3
6

1
6
3

1
9
0

2
1
7

2
4
4

2
7
1

2
9
8

3
2
5

3
5
2

3
7
9

4
0
6

4
3
3

4
6
0

4
8
7

Without Tabu 
search 

With Tabu 
search 



found solutions which were parallel with the 
optimal solution. Therefore once this state has 
occurred, which relates to the asymptotic 
behaviour of the GA, an alternative 
methodology, a search methodology can be 
employed to get to the solution, here a Tabu 
search was used. Thus the efficient solution 
methodology, a Hybrid Algorithm, was 
derived by combining elements from a set of 
methods. This methodology is now being 
extended into the study of more complex heat 
flow problems.  
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Abstract: A “Constant Work in Progress” production control system acts by restricting the number of 
jobs present in a “workshop” at any one time (maximum number n jobs) with the manager determining 
the “best” value for n. This shows how simulation methods and measures of complexity can be used to 
design an optimal constant work in progress system for a firm. Section 1 validating the measures of 
complexity by simulating their performance in small manufacturing firms. Section 2 shows the results 
from the simulations showing how simulation can be used to derive optimal production control 
systems.  
Keywords: Production Control, Simulation, Measures of Complexity. 
 
1 QUEUEING/DECISION MAKING 
ENTROPY 
 
The derivation an entropy formula and 
justification for the use of Entropy to measure 
complexity is given in Frizelle [Frizelle and 
Woodcock, 1995] here a simpler version is 
considered. A simpler version is appropriate 
because a “Flow Shop” describes the 
predominant production system in small 
manufacturing firms.  
Consider a manufacturing system consisting of 
m stages where queues could arise at any of 
these stages. The firm will make a decision, 
which job to process next, if at the time when a 
job is finished at a stage the queue of waiting 
jobs at the stage is greater than 1.  
Therefore the simulation aims to determines and 
the entropy measure indicate the number of 
times that a decision is made at each stage, 
where ni is the number of decisions at stage i, 
and N = Σ ni gives the total number of decisions 
made during the simulation. 
Then pi = ni/N gives the probability that a 
decision needed to be made at stage i given that 
the firm has to make a decision, where N 
decisions are made during the simulation and ni 
at the ith stage.  
 
The “Decision Making Entropy” for the system 
is now given by 
 
 E = Σ -pi ln( pi ) 
 
The obvious extreme values calculated by this 
measure occur when:- 
 
(a) decisions are made at only one stage, 
for example stage 1 when  p1 = 1, and pi = 0 all 
other I in this case  E = 0, and the decision 

maker considers only this first stage, the simplest 
situation. 
(b) decisions are made at all stages with 
the same frequency when 
 
ni = k, for all i  and  N = mk in which case 
 

 pi = 1/m, 
and  
 E = Σ -1/m ln(1/m)  =  Σ 1/m ln(m)  
 
giving   E = ln(m)  the practical worst case 
where decisions have to be made equally often at 
all stages. 
Therefore Decision Making Entropy can be 
represented on a [0,1] scale using the measure 
 
 DME =  E / ln(m) . 
 
where DME = 0 implies that all decisions are 
made at one particular stage, in practice the first 
stage, and DME = 1 implies that decisions have 
to be made at all stages in the process with equal 
probabilities.  
But because a DME of 1 can be obtained when k 
is small and hence N is small, no real problem 
few decisions to make and when k is large when 
many decisions have to be made this measure 
cannot be satisfactory when considered in 
isolation. 
 
1.1 Simulation Results 
To validate and evaluate the measures for 
planning and control complexity in small and 
larger firms the following manufacturing 
configurations were simulated. The results 
assumed that the dominant machine was the first 
machine, assuming strict dominance T1>Tj all 
i>1 where Tj is the average processing time on 
the jth machine.  
From each simulation the following results were 
collected 



(a) Mean   µ  
mean process time per job 
(b) s.d.  σ  
standard deviation of process time 
(c) s.d./mean σ/µ 
(d) Entropy  E 
(e) Entropy/stage E/m 
(f) Mean/average {mean process 

time}/{sum of average machine times} 
The aim being to determine whether or not 
measures c and e provide alternative approaches 
to the estimation of system complexity.  
 

1.1.1  n machines in series 
Here it is assumed that there is one machine at 
each stage. The system was simulated with 1, 3, 
5, and 10 production stages. The results from 
these simulations are summarised in the table 1. 
From these results it can be seen that there is a 
relationship between parameters c and e, both 
parameters decreasing as the number of stages 
increases. 
 
1.1.2 n machines in parallel 
Similar results were obtained when 
configurations with only one stage in the 
production process, but many processors at the 
stage, were simulated. The system was simulated 
with 1, 3, 5, and 10 processors at each stage. The 
results from these simulations are given in table 
2. From these results it can be seen that there is a 
relationship between parameters c and e. 
 

 

 

 

 

 

 
Table 1: n machines in series 

 

 

 

 

 

 

 
Table 2: n machines in Parallel 

These results showing that the value given by 
σ/µ can be used to indicate the complexity of a 
manufacturing system, in place of the more 
complex Entropy value.. 
 
2 USING SIMULATION TO DESIGN 
CONSTANT WORK IN PROGRESS 
SYSTEMS 
 
Consider the typical three stage small 
manufacturing firm (see figure 1)where jobs 
arrive at random and the job times at each 
processor are described by a rectangular 
distribution. 
 
 

 

 

 

Control Region B:  Server 

Control Region A:  Queue 

figure 1 

 
To be able to control the workload in region A, 
the manager needs to be able to determine the 
number of jobs, n, allowed into the system at 
any one time.  
The number n being chosen to optimise the 
“cost” of the production system where cost can 
be expressed as a function of T and C, 
   

cost = G(T, C) 
where  

• T is the total time for a job in the 
system, region B, and  

• C measures the complexity in region 
A, which can be measured by the time 
a job spends in region A or from the 
entropy of region A, or more simply 
from the ratio σ/µ. 

 
Three configurations were simulated, in each 
the final stage was the dominant stage, longest 
average job time at this stage,  
 

a) Three stages one processor at each 
stage,  

b) Three stages three processors at each 
stage,  

c) Three stages with five processors at 
the final stage. 

 
Each of these can be considered to represent a 
small manufacturing firm. assuming that there 
is a single worker at each stage then in all 
cases the number of (production) workers is 
less than 10.  

Stages           1          3   5 10 

mean          20.2    48.0    58.5 102.

s.d.          15.2    20.2  20.3 21.0

s.d./mean         0.75    0.42  0.34 0.20

Entropy           0.35    0.69  0.55 0.74

Entropy/stage   0.35    0.23  0.11 0.07

Mean/average  2.52    2.02  1.50 1.36

Processors      1       3      5  10 

Mean       20.18     11.16     9.62  8.51 

s.d.       15.28     5.10     3.18  1.77 

s.d./mean      0.757    0.456     0.330   0.208

Entropy        0.353    0.367     0.362   0.341

E/m        0.353    0.122     0.072   0.034

Mean/ave     2.522      1.395     1.202   1.063



2.1 Three stages with one processor at each 
stage F(1,1,1) 
 
This system was simulated with work in 
progress constraints of 1,2,3,4,5,and 6 jobs. The 
average time and variance of the average times 
in region A and B were calculated for each 
simulation, the results are given in table 3. 
 
 

Region B Region A 

wip µB σB
2 σB/

µB 
µA σA

2  σA/
µA 

1 6489 M 0.59 29 4.36 0.07 

2 889 M 0.57 29 4.63 0.07 

3 52 459 0.41 33 10.79 0.10 

4 51.9 449 0.41 39 38.52 0.16 

5 51.9 449 0.41 44 102.8 0.22 

6 51.9 449 0.41 47 189.1 0.29 

Table 3: Comparing entropies  

 
from these results it can be seen that there is no 
advantage to the firm from setting a limiting 
WIPA value greater than 3. 
 
Notice that for WIPA>3 

• µB is constant, at 52 
• σB is constant, at 449 
• both the mean and the variance of the 

time in region A start to increase, the 
system start to become more complex 

 
In this small firm the WIP limit is the same as 
the number of processors in the system (3) 
additional jobs remaining in the first queue.  
 
 
2.2 Three stages F(3,3,3) 
 
This system, representing a larger firm 
producing the same product type, was simulated 
with work in progress constraints of 6, 7, 8, 9, 
10, 11, and 12 jobs. The average time and 
variance of the average times in region A and B 
were calculated for each simulation, the results 
are given in table 4. 
For this firm the WIP it can be seen that the 
limiting value is “close to” the number of 
processors in the system, but not necessarily the 
same.  
 
 
 
 

Region B Region A 

wip µB σB
2 σB/

µB 
µA σA

2  σA/
µA 

6 249 17967 0.54 28.4 4.22 0.07 

7 51.39 309.2 0.34 28.7 4.49 0.07 

8 34.46 53.41 0.21 29.2 5.91 0.08 

9 32.5 31.5 0.17 29.9 8.04 0.09 

10 32.29 29.02 0.17 30.8 12.4 0.11 

12 32.26 28.5 0.17 31.9 21 0.14 

Table 4: Comparing Entropies 

 
2.3 Three stages F(1,1,5) 
 
This system was simulated with work in 
progress constraints of  3, 4, 5, 6, 7, 8, 9, and 10 
jobs. The average time and variance of the 
average times in region A and B were calculated 
for each simulation, the results are given in table 
5. 
In this firm the WIP limit is (again) not obvious 
and a means of combining the results from 
regions A and B, which might involve fuzzy 
logic for example, would be required to be able 
to select the optimal WIP value. However it can 
be stated that the maximum number of jobs 
allowed into region A at one time will be in 
excess of 6. 
 

Region B Region A 

wip µB σB
2 σB/

µB 
µA σA

2  σA/
µA 

3 M M 0.57 69.3 47.25 0.10 

4 M M 0.56 70.0 51.70 0.10 

5 728 M 0.52 71.0 55.70 0.11 

6 113 M 0.30 72.0 55.30 0.11 

7 87.0 400 0.23 74.0 72. 0.11 

8 83.0 282 0.20 77.0 93. 0.13 

9 82.6 271 0.20 79.0 130. 0.14 

10 82.6 271 0.20 80.9 170. 0.16 

Table 5: Comparing Entropies 

3 CONCLUSIONS 
 
This investigation has shown that complexity 
measures can be employed to enable the design 
an optimal control system for a manufacturing 
firm and that simulation methods can be used to 
design this control system. 
The results also show that as the firm grows 
and the production system becomes more 
complex, more processors at each stage the 



parameters for the optimal control system 
become less obvious. This result emphasises 
the fact that as firms grow they will need to re 
evaluate their production control procedures if 
they wish to continue to operate optimally. 
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Abstract: Fuzzy set theory allows the complexity of real-life issues to be included within the confines 
and rigours of the mathematical model. The authors have applied fuzzy methodology to the scheduling 
of jobs, the objective being the determination of an optimal sequence for dynamic job arrivals such that 
potentially conflicting priorities are satisfied. This paper concentrates on the theory on which the 
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1. INTRODUCTION 
1.1 Scheduling 
A scheduling problem can be considered to be 
an exercise in finding an appropriate timetable 
for the processing of jobs, by machines, such 
that some performance measure achieves its 
optimal value. Within this definition, it can be 
seen that there are two aspects to be considered 
concurrently, the satisfaction of constraints 
(e.g. availability of resources) and the 
optimisation of objectives (e.g. flow-times). 
 
In general, such problems are known to be NP 
hard and probably as a consequence of this, 
scheduling has been an active area of research 
for many years. However, Pinedo [1995] 
notes, real-world scheduling problems are 
usually very different from the mathematical 
models studied by researchers in academia. 
Panwalker & Iskander [1977] also reported on 
the discrepancy between performance 
measures used by researchers and those 
preferred in industry. Actual firms place a 
higher priority on meeting due-dates than on 
typical research objectives such as minimising 
flow-time. (Gee & Smith [1993]) 
Woolsey [1982] also warns of the dangers 
inherent in failing to take a holistic view of 
production scheduling. 
Pinedo lists a number of important 
requirements of real-manufacturing that are not 
normally met by OR models. An example of 
this is the existence of multiple objectives, i.e. 
there is not a single objective but multiple 
objectives to be optimised. 
For example, given a jobshop with random job 
arrivals, which processes all jobs on a single 
machine, (the scheduler may need to consider 
the following goal: 
Satisfy all due-dates, however certain jobs are 
for particularly important customers and it is a 
major priority to ensure that these jobs are 
completed on time. 

1.2 The System 
The authors have applied fuzzy methodology 
to the scheduling of jobs, the objective being 
the determination of an optimal sequence for 
dynamic job arrivals such that potentially 
conflicting priorities are satisfied. This paper 
concentrates on the theory on which the 
models are based, demonstrating an 
application by referring to a static problem. 
The main focus is on the study of a jobshop 
processing all jobs on a single machine. The 
difficulty in scheduling these jobs arises as a 
consequence of the existence of a multi-criteria 
objective, i.e. to meet all due-dates, whilst 
ensuring the satisfaction of the most significant 
customers.  
 
The relevance of a fuzzy logic approach can be 
justified in the desire to optimise multiple 
objectives and so achieve a closer resemblance 
to the real-world. (Zadeh [1973], in his paper 
Outline of a New Approach to the Analysis of 
Complex Systems & Decision Processes, 
proposed that conventional quantitative 
techniques of system analysis are unsuited to 
dealing with humanistic systems.)  
 
2. FUZZY SCHEDULING 
 
2.1 Fuzzy modelling 
Fuzzification 
The first stage in producing a model, is to 
identify those linguistic variables to be 
included. It was decided that due-date and 
customer priority were the most significant 
factors, with processing time being of lesser 
importance. 
Due-date 
The actual allocation of due-dates was deemed 
to be outside the control of the scheduler. This 
is frequently the case in reality, due-dates 
frequently being given to customers by sales 
personnel without reference to the production 



staff. Consequently in line with this practice, 
every job was allocated a due-date of 28 days 
from its arrival time. 
The relevance of due-date to the scheduler was 
assumed to be in terms of  ‘close’ and 
‘distant’. 
Hence given the universe U = [-∞, 28] ∈ Z ,  
and the fuzzy sets C = CLOSE and D = 
DISTANT, the membership functions can be 
defined as below. 
   
1.0 µC = 1-x/10 
     
  

        µD=x/14 –0.5  
 
 
     CLOSE  DISTANT 
 
         x 
0          7      10    21         28  
Fig. 1 Membership of CLOSE and DISTANT 
 
Membership of CLOSE 
 µC (x) = 1.0  x ≤ 0 
 µC (x) = 1.0 – x/10 0 < x < 10 
 µC (x) = 0  x ≥ 10 
Membership of DISTANT 
 µD (x) = 0  x ≤ 7 
 µD (x) = x/14 – 0.5 7 < x < 21 
 µD (x) = 1.0              21 ≤ x ≤ 28 
 
The selection of a ‘trapezoidal’ form of 
membership function for ‘close’ is based on 
the assumption that the criticality of the 
closeness of an impending due date increases 
linearly with time up to the point at which the 
job becomes ‘late’. The ‘distant’ function 
represents a wish to avoid too early completion 
causing stock holding problems. The linear 
representation of increasing (and decreasing) 
closeness (and distance) has been selected, not 
only as a practical modelling assumption, but 
also as an appropriate one, in the absence of 
any established evidence of a need for a more 
complex (e.g. quadratic) form. 
 
Customer Priority 
The universe of discourse was deemed to be 
the set of ‘customer ratings’, {Bad, Low, 
Medium, High, Very Important}, with 
membership of the fuzzy set CP =  
CUSTOMER PRIORITY taking the form: 
 
µCP 0.0 0.2 0.5 0.75 1.0 

Cp bad low Med High Very 
Important 

 µCP (Bad) = 0.0 
 µCP (Low) = 0.20 
 µCP (Medium) = 0.50 
 µCP (High) = 0.75 
 µCP (Very Important) = 1.0 
 
Processing Time 
It is assumed that at the time of scheduling the 
exact processing times are unknown, 
(Hestermann & Wolber[1997]). However the 
scheduler can estimate a processing time as 
‘short’, ‘medium’ or ‘long’. Thus the 
following membership functions are defined 
for the fuzzy sets SHORT, MEDIUM and 
LONG. 

U =  [0, 14] ∈ Z 
 

1.0  
 
 
    SHORT         MEDIUM  LONG 
 
 
 
0  3    5          8    10            14 

Fig. 2 Membership of SHORT, 
MEDIUM and LONG 
 
Rule Evaluation 
The fuzzy inputs of  CLOSE, DISTANT and 
CUSTOMER PRIORITY are combined to 
produce an output which is a sequence priority. 
(Table 1) 
 
Rule Matrix 

              Due-Date  

Customer 
 Priority 

Close Distant 

Bad 
(B) 

Reject Reject 

Low 
(L) 

Sequence 
 quite high 

Sequence 
very low 

Medium 
(M) 

Sequence 
 high 

Sequence 
low 

High 
(H) 

Sequence  
very high 

Sequence 
quite low 

Very important 
(VI) 

Sequence 
extremely 
high 

Sequence 
medium 

Table 1 Summary of Sequencing Priorities 
For example: 
IF  customer priority is Bad AND due-date is 
Close THEN  Reject. 
IF  customer priority is Low AND due-date is 
Close THEN  Sequence quite high. 
IF  customer priority is High AND due-date is 
Distant THEN Sequence quite low. 



Sequencing Priority 

Sequence - 
Extremely high  EH 
Very high           VH 
High                 H 
Quite high           QH 
Medium           M    
Quite low           QL 
Low                 L 
Very low            VL 
Reject              R 
Table2 Ordering of sequence priorities  
 
If more than one job has the same priority at 
the head of the sequence, then a job with 
‘shortest' processing time will be selected for 
processing. 
 
The general model 
Composition or relational product: 
Suppose T = S ° R ,   
where  R ∈  F(X × Z), S ∈  F(Z × Y) . 
∀ (x, y) ∈  X × Y : 
µT(x, y)  = sup

z∈µ2

 min {µR(x, z), µS(z, y) } [1] 

Union 
X = A ∪ B  ⇔ ∀ x ∈ U  
[ µX(x) =  µA(x) ∨ µB(x) ]   
=∀ x∈ U  [ µX(x) =  max{µA(x), µB(x)]   [2] 
 
The fuzzy relation SP representing the 
sequencing priorities, is derived from an 
application of equation [1] 
 
µSP(c, d) = supmin {µR(c, cp) ,µs(cp, d)}[3] 

 cp∈ CUSTPRI 
  where R ∈  F ( CLOSE × CUST-PRI) 
           S ∈  F (CUST-PRI × DISTANT) 
  and     SP = S ° R. 
 
2.2 Application  
A hand-worked example will illustrate how the 
rule base enables a job to improve its 
sequencing priority as the due-date gets closer. 
Note, however that a job for a Bad customer 
will be rejected and not included in the 
sequencing schedule. The following example 
will illustrate the mechanics of the fuzzy 
algorithm. There are six jobs waiting to be 
processed, one of which is for a customer 
considered to be of ‘medium’ importance and 
two for ‘very important’ customers.  
The example has been deliberately chosen to 
create problems for the scheduler in the light 
of conflicting priorities, i.e. of fulfilling all 
promised due-dates whilst ensuring the 
satisfaction of the most significant customers. 

 
The due-dates range from 0 days for Job 1 
(medium) to 28 days for Job 4 (very 
important). 
 
The fuzzy values for ‘customer priority’, 
‘close’ and ‘distant’ have been derived 
according to the definitions given in §2.1 . 
 
The sequencing priority is then determined by 
applying equation [3] in the form: 
µSP(c, d) =  min {µc, µcp} ∨ min {µcp, µd},  
according to the rule matrix in Table 1. 

Table 3: Test example – Six jobs waiting to be 
processed. 
  
Step 1 
Consider Job 1: 

Comparing the fuzzy value of 
‘customer priority’ with ‘close’ and  
‘distant’ – 
min {µc, µcp) ∨  min {µcp, µd}  
 

µcp  = 0.5 (customer priority is Medium) 
µc   = 1.0 (membership of ‘close’)  
µd   = 0.0 (membership of ‘distant’)  
 
(min{1.0, 0.5} = 0.5) ∨  (min{0.5, 0.0} = 0.0) 
 
max {0.5, 0.0} = 0.5     ‘close’ 
 (Application of equation [2] ) 
 
Thus:  Medium and close   =>  
Sequence high; µSP (according to Table 1) 
 
Job 2: min {0.0, 0.2} = 0.0  

min {0.2, 0.21} = 0.2 
 max {0.0, 0.2} = 0.2 ‘distant’   
Thus:  Low and Distant   => 
Sequence very low 
 
Job 3: min {0.4, 1.0} =  0.4  

min {1.0, 0.0} = 0.0 

Job 1 2 3 4 5 6 
Due-date 0 10 6 28 26 14 
Process 
time 

5 1 8 6 2 4 

Cust. 
Priority 

M L V. I V. I H L 

       
Fuzzy 
cust-pri 

0.5 0.2 1.0 1.0 0.75 0.2 

Fuzzy 
dd-close 

1.0 0.0 0.4 0.0 0.0 0.0 

Fuzzy 
dd-dist 

0.0 0.21 0.0 1.0 1.0 0.5 

Max-
min 

clse dist clse dist dist dist 

Seqnce: H VL E H M Q L VL 



 max {0.4, 0.0} = 0.4 ‘close’ 
Thus:Very Important and Close=>  
Sequence extremely high 

 
Job 4: min {0.0, 1.0} = 0.0  

min {1.0, 1.0} = 1.0 
 max {0.0, 1.0} = 1.0 ‘distant’ 
Thus: Very Important and Distant =>  
 Sequence medium 
 
Job 5: min {0.0, 0.75} = 0.0  

min {0.75, 1.0} = 0.75 
 max {0.0, 0.75} = 0.75   ‘distant’ 
Thus: High and Distant   =>  

Sequence quite low 
 
Job 6: min {0.0, 0.2} = 0.0  

min {0.2, 0.5} = 0.2 
 max {0.0, 0.2} = 0.2 ‘distant’ 
Thus: Low and Distant   =>  

Sequence very low 
 
The sequencing priority is given by:  
< 3, 1, 4, 5, 2, 6 > Job 3 (the head of the 
sequence) is processed – duration 8 days.. 
 
Step 2 
Step 2 will repeat all the tasks in Step 1, for the 
remaining five jobs. 
All the due-dates are adjusted: 
due-date(new) = due-date(old) – process 
time(job 3) 
 
Job 1 2 4 5 6 
Due-date -8 2 20 18 6 
Process 
time 

5 1 6 2 4 

Cust. 
Priority 

M L V. I H L 

      
Fuzzy cust-
pri 

0.5 0.2 1.0 0.75 0.2 

Fuzzy dd-
close 

1.0 0.8 0.0 0.0 0.4 

Fuzzy dd-
dist 

0.0 0.0 0.93 0.79 0.0 

Max-min close close dist dist close 
Sequence: H QH M QL QL 

Table 4:  Test example – Five jobs in queue. 
Job 1: min {1.0, 0.5} = 0.5  

min {0.5, 0.0} = 0.0 
 max {0.5, 0.0} = 0.3 ‘close’ 
Thus: Medium and Close   =>  

Sequence high 
 
Job 2: min {0.8, 0.2} = 0.2  

min {0.2, 0.0} = 0.0 
 max {0.2, 0.0} = 0.2 ‘close’ 
 
Thus: Low and Close   =>  

Sequence quite high 

 
Job 4: min {0.0, 1.0} = 0.0  

min {1.0, 0.93} = 0.93 
 max {0.0, 0.93} = 0.93   ‘distant’ 
Thus: Very Important and Distant   =>   

Sequence medium 
 
Job 5: min {0.0, 0.75} = 0.0  

min {0.75, 0.79} = 0.75 
 max {0.0, 0.75} = 0.75   ‘distant’ 
Thus: High and Distant    =>  

Sequence quite low 
 
Job 6: min {0.4, 0.2} = 0.2  

min {0.2, 0.0} = 0.0 
 max {0.2, 0.0} = 0.2 ‘close’ 
Thus: Low and Close    =>  

Sequence quite high 
The current sequencing priority is given by: 
 < 1, 2, 6, 4, 5 > thus Job 1 is 
processed – duration 5 days. 
Step 3: 
Job 2 4 5 6 
Due-date -3 15 13 1 
Process 
time 

1 6 2 4 

Cust. 
Priority 

Low V. Imp High Low 

     
Fuzzy cust-
pri 

0.2 1.0 0.75 0.2 

Fuzzy dd-
close 

1.0 0.0 0.0 0.9 

Fuzzy dd-
dist 

0.0 0.57 0.43 0.0 

Max-min close Distant distant Close 
Sequence: Quite 

high 
Medium quite 

low 
quite 
high 

Table 5: Test example – Four jobs in queue. 
Job 2: min {1.0, 0.2} = 0.2 

min {0.2, 0.0} = 0.0 
 max {0.2, 0.0} = 0.2 ‘close’ 
Thus: Low and Close   =>  

Sequence quite high 
 
Job 4: min {0.0, 1.0} = 0.0  

min {1.0, 0.57} = 0.57 
 max {0.0, 0.57} = 0.57   ‘distant’ 
Thus: Very Important and Distant   => 

Sequence medium 
 
Job 5: min {0.0, 0.75} = 0.0  

min {0.75, 0.43} = 0.43 
 max {0.0, 0.43} = 0.43   ‘distant’ 
Thus: High and Distant    => 

 Sequence quite low 
 
Job 6: min {0.9, 0.2} = 0.2  

min {0.2, 0.0} = 0.0 
 max {0.2, 0.0} = 0.2 ‘close’ 
Thus: Low and Close   =>  

Sequence quite high  



The sequencing priority for the current jobs is 
now:   < 2, 6, 4, 5 > 
Jobs 2 and 6 have the same sequencing 
priority, so the algorithm considers the 
estimated process time. 
Job 2 would be classified as ‘short’ 
 (µSHORT (j2) = 1.0),   
Job 4 has a probability of 0.5 of being 
estimated as ‘short’,  
(µ SHORT(j4) = 0.5,   µMED(j4) = 0.5 ). 
Job 2 would be chosen for processing – 
duration 1 day. 
  
Step 4:  
Job 4 5 6 
Due-date 14 12 0 
Process 
time 

6 2 4 

Cust. 
Priority 

V. Imp High Low 

    
Fuzzy 
cust-pri 

1.0 0.75 0.2 

Fuzzy 
dd-close 

0.0 0.0 1.0 

Fuzzy 
dd-dist 

0.5 0.36 0.0 

max-min Distant distant close 
Sequenc
e: 

Medium quite 
low 

quite 
high 

Table 6: Test example – Three jobs in queue. 
 
Job 4: min {0.0, 1.0} = 0.0  

min {1.0, 0.5} = 0.5 
 max {0.0, 0.5} = 0.5 ‘distant’ 
Thus: Very Important and Distant   => 
Sequence medium  
 
Job 5: min {0.0, 0.75} = 0.0   

min {0.75, 0.36} = 0.36 
 max {0.0, 0.36} = 0.36   ‘distant’ 
Thus: High and Distant    =>  

Sequence quite low  
 
Job 6: min {1.0, 0.2} = 0.2  

min {0.2, 0.0} = 0.0 
 max {0.2, 0.0} = 0.2 ‘close’ 
Thus: Low and Close    =>  
Sequence quite high 
 
The sequencing priority is given by:  
< 6, 4, 5 >  
so Job 6 is processed, - duration 4 days. 
 
Step 5: (see table 7) 
Job 4: min {0.0, 1.0} = 0.0 
 min {1.0, 0.21} = 0.21 
 max {0.0, 0.21} = 0.21  ‘distant’ 
Thus: Very Important and Distant   => 

Sequence medium  
 

Job 5: min {0.2, 0.75} = 0.2  
min {0.75, 0.07} = 0.07 

 max {0.2, 0.07} = 0.2 ‘close’ 
Thus: High and Close =>  

Sequence very high 
 
Job 4 5 
Due-date 10 8 
Process 
time 

6 2 

Cust. 
Priority 

V. Imp High 

   
Fuzzy 
 cust-pri 

1.0 0.75 

Fuzzy 
dd-close 

0.0 0.2 

Fuzzy 
 dd-dist 

0.21 0.07 

max-min Distant close 
Sequence: Medium very 

high 

Table 7: Test example – Two jobs in queue. 
 
Job 4: min {0.0, 1.0} = 0.0 
 min {1.0, 0.21} = 0.21 
 max {0.0, 0.21} = 0.21  ‘distant’ 
Thus: Very Important and Distant   => 

Sequence medium  
 
Job 5: min {0.2, 0.75} = 0.2  

min {0.75, 0.07} = 0.07 
 max {0.2, 0.07} = 0.2 ‘close’ 
Thus: High and Close =>  

Sequence very high 
 
This gives the final sequencing priority:  
< 5, 4 >   
Job 5 is processed, - duration 2 days. 
 
Thus the complete schedule is defined as: 
  < 3, 1, 2, 6, 5, 4 > 
and is summarised in the following table: 

Table 8: Test example – Final schedule. 
 
The job completion times for the most 
important customers (V. Imp and High) are 
satisfactory. 
The main cause for concern, at first glance, is 
the 13 day lateness attributed to the ‘medium’ 

Job 3 1 2 6 5 4 
Cust. 
Priority 

V. I M L L H V. I 

Due-date 6 0 10 14 26 28 
Process 
time 

8 5 1 4 6 2 

       
Start time 0 8 13 14 18 20 
Completion 
time 

8 13 14 18 20 26 

Lateness 2 13 4 4 -6 -2 



rated customer. However closer scrutiny 
reveals that this was unavoidable, the 
algorithm correctly gave priority to the ‘very 
important’ job.  
The dynamic process can be summarised by 
considering the sequence priority each time the 
machine becomes available: 
 <3,1,4,5,2,6> Job 3 processed 
 <1,2,6,4,5> Job 1 processed 
 <2,6,4,5> Job 2 processed 
 <6,4,5> Job 6 processed 
 <5,4>   Job 5 processed 
 
2.3 Further Development 
A model for fuzzy decision making which 
considers conflicting scheduling priorities, has 
been described. Further 
enhancement/refinement could be 
incorporated. For example, additional fuzzy 
variables associated with ‘earliness’ and 
‘lateness’ could be considered for inclusion in 
the algorithm, in order to allow consideration 
of stock-holding costs to be included in the 
model. 
 
An increase in demand naturally leads on to 
consideration of the use of two or more  
machines. A second model for a multi-
machine problem considered the availability of 
two machines with the following properties: 
 
Machine A:  
Cheap to run, but incurs longer process times. 
 
Machine B:  
Expensive to run but incurs shorter process 
times. 
 
At times of light or normal demand, jobs 
would be processed on Machine A, the 
alternative action, 
process job on Machine B, could be triggered 
as heavier demand causes queue build-up. 
 
A typical inference rule would be: 
  IF  Number of jobs in queue is  heavy   
  OR  Number of jobs with sequence        
  priority ≥ medium is  normal  
  THEN Action 
 
The antecedent of the rule is represented by an 
application of union, equation [2].  
 
The consequent of the rule would be: 
Action   
Process head of sequence on Machine B 
 
The universe of discourse is N.  
Membership of the fuzzy subsets light, normal 
and heavy is defined according to Figure 3: 

1.0 
 
 
 
 light     normal heavy 
 
 
 
   0     1      2     3     4      5      6     7     8      9           
 
Fig 3 Fuzzy sets associated with queue state  
 
 Examples 
1. Suppose there are 3 jobs currently in 

the queue, all have customer priority 
rating of ‘medium’ or above, then no 
action.  

 
2. Suppose there are 5 jobs in the queue, 

4 of which have customer importance 
rated as ‘medium’ or higher, then 
action. 

 
3. Suppose there are 7 jobs in the queue, 

only 3 jobs with customer importance 
rating of ‘medium’ or higher, then 
action. 

 
3. CONCLUSIONS 
Fuzzy set theory allows the complexity of real-
life issues to be included within the confines 
and rigours of the mathematical model. In this 
paper, a theoretical model has been presented 
which demonstrates how fuzzy decision 
making can support the dynamic scheduling 
process, enabling the conflicting priorities of 
multi-objectives to be managed effectively in 
polynomial time. 
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Abstract: Building a successful distributed shared memory system depends enormously on the degree of 
consideration of certain design issues in the designing stage. This degree varies according to the nature of the 
distributed application itself. DIME-II, an extension of DIME-I system, is designed with features specific for 
traffic control distributed systems taken into account. The paper presents implementation of this system 
considering number of common design issues and inheriting some features from the implementation of DIME-I.  
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1. INTRODUCTION 
 
Over the last years, distributed shared memory 
(DSM) paradigm has attracted researchers who 
have investigated different approaches that hide 
remote communication mechanism from the 
programmers on a cluster of workstations, where 
each workstation has computing power comparable 
to the mini-mainframe in the past. 
 
Many of Distributed shared memory (DSM) 
algorithms have been successfully implemented in 
a wide range of experimental and commercial 
applications. Building an efficient, successful 
software distributed shared memory system 
depends mostly on the application that implements 
the DSM algorithm. However, there are number of 
requirements or designing issues which influence 
the performance and the efficiency of the system, as 
presented in [Nitzberg B. et al, 1991]. The level of 
satisfying these issues varies from one application 
to another. Therefore, considering the nature of an 
application in the designing stage can effectively 
increase the performance of that application. These 
design issues are: structure and granularity; 
scalability; heterogeneity; and memory consistency. 
 
The DIstributed Memory Environment (DIME) 
[Argile A. et al, 1999] is a software DSM system 
that provides an interface between distributed 
software modules that execute on networked 
workstations. DIME has been designed specifically 
to support vast range of transport telematics 
applications and it offers a convenient interface to 
the applications programmer. The first 
implementation of DIME system is called DIME-I. 
As it was built as a user-level software DSM 
system, DIME-I provides an easy to use 
communication interface that simply and reliably 
delivers data and messages to all nodes in the 
system. In [Khalil M. et al, 2003] a revised 

framework of DIME-I was introduced in order to 
improve the performance of DIME system mainly 
by avoiding its limitations and minimizing the time 
of data retrieval from the viewpoint of user 
application. This new framework is called DIME-
II. This paper presents an implementation for 
DIME-II. 
 
The presented implementation chooses to continue 
using user-level implementation for DIME-II 
software DSM system, as it does not require 
changes in the lower levels of the system (compiler 
and operating system). Besides, such 
implementation provides good portability in 
distributed systems. There are some pre-existing 
requirements that have been taken into account in 
the designing stage of DIME-II. For example, the 
implementation of DIME-II, as in DIME-I, 
supports two types of data structures that naturally 
exist in urban traffic information and control 
system. Other inherited properties from the DIME-I 
system are the granularity and the non-locking 
approach. 
 
2. TYPES OF DATA IN TRAFFIC CONTROL 
SYSTEM 
 
Building a successful DSM system requires a 
detailed knowledge of the data transactions in the 
system; therefore a special consideration of data 
flows in a traffic control system was taken in the 
design stage of DIME-I [Peytchev E., 1999]. In a 
traffic control system there are two kinds of data 
can be recognized: 

 
- Dynamic data: It is collected by the real-time 
traffic control system. It contains all information 
about traffic counts and local controls as they 
occur in the traffic network. It is characterized by 
its high volume - in excess of 120 Mbytes per day 
per one specific type of message. Besides, this 
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kind of data is updated in a high frequency rate 
(per second basis). 

 
-  Static data: This kind of data is updated in a 
much longer period of time and its purpose (in 
general) is to make the results from traffic 
modules available for reading by the other 
functional modules in the system.  

 
3. DESIGNING ISSUES 
 
In the designing stage of building DIME-II 
numbers of design issues have been considered. In 
the traffic system there are two types of data 
structures: dynamic and static data. The data 
representing the dynamic data type is in fact a 
constant flow of uniform messages issued from the 
traffic system. To accommodate this type of data, 
the system needs a formation capable of accepting a 
number of uniform structures at a time, and at the 
same time keeping the most recent data only. The 
implementation of DIME-I utilizes circular buffer 
for this type of data, where each element of the 
buffer is a user defined message structure and its 
size depends on the size of the urban traffic 
network. On the other hand, the relatively static 
data in the traffic system usually reflects the value 
of some internal variables in the traffic modules. 
The volume and format of this data is usually 
module dependent since each module has its own 
internal representation of the traffic. Therefore, 
DIME-I utilizes an array of bytes of user’s defined 
size for static data, as it’s the most suitable choice 
[Peytchev E., 1999]. The implementation presented 
in this paper continues using this granularity, since 
it is suitable and convenient for representing the 
two types of data of traffic control systems. 
 
Moreover, DIME-II is designed to run on different 
platforms, and therefore, it can run in a 
heterogeneous environment. However, DIME-II 
employs communication algorithm that internally 
exchanges data and messages as bytes; therefore, 
software modules have to make their own internal 
simple conversions. DIME-II is designed with 
capability of extension to contain further addition 
of software modules. As described in [Nitzberg B. 
et al, 1991] there are two factors that can greatly 
limit the scalability of distributed shared memory 
systems. Theses factors are: general common 
knowledge and central bottleneck. In DIME-II 
these factors have been overcome. The framework 
of DIME-II supports the presence of data replicas at 
intermediate memories each in a location near to 
certain application. Since each application in 
DIME-II performs its operation on an intermediate 
memory with no competition with other 
applications [Khalil M. et al, 2003], therefore; this 
housekeeping algorithm can reduce the contention 
on the central shared memory. Consequently, it can 

decrease the likelihood of central bottleneck.  
 

4. DIME-II STRUCTURAL DESIGN 
 
As introduced in [Khalil M. et al, 2003], the 
architecture of DIME-II system employs non-
locking approach and consists of three layers as 
depicted in Figure 1. In the first layer DIME-server 
takes control over the original shared memory 
system, and has the role of monitoring any 
modification in the central memory in order to keep 
all intermediate memories throughout the system 
informed with the updates. In the second layer 
DIME-client controls accesses to certain 
intermediate memory that is associated with only 
one user application. An intermediate memory 
holds copy of part of the original shared memory 
which is required by the associated traffic module. 
 

 
DIME-client’s task is to communicate with DIME-
server on behalf of its user application to perform 
write operations, and at the same time it looks up in 
the intermediate memory to retrieve certain data for 
the user application. In the third layer there are user 
applications, which are traffic control system 
modules. A user application performs its operations 
on the local memory, leaving the time delay burden 
of contacting the server to DIME-client for making 
the intermediate memory up to date, and reflecting 
the update in the original memory. This saves 
valuable time for user applications - usually wasted 
in network communications- to perform its native 
tasks. 
 
Since this model supports the presence of data 
replicas, special care has been taken to avoid data 
inconsistency in this architecture. The consistency 
model presented in [Khalil M. et al, 2003] intends 
to maintain systemwide consistent view of the 
memory in terms of data area and buffer structures. 
This model is designed specifically to support the 
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two types of data structures that comprise the 
shared memory, and it has a flavour of sequential 
consistency model [Lamport L., 1979] as it is the 
most intuitive definition for programmers. In other 
words, it’s a relaxed definition of sequential 
consistency model. Unlike sequential consistency, 
the consistency definition is advantageous in such a 
way that it supports multi-reading/multi-writing. 
 
5. AN IMPLEMENTATION FOR DIME-II 
 
The first decision has to be taken in this stage is 
where to locate the process of DIME-client in the 
framework. This implementation chooses to place 
DIME-client process at the same machine as its 
associated user application in order to achieve the 
sought goals. Therefore, slight modification to the 
framework in figure 1 has to be made and is 
illustrated in figure 2.  

 
For implementing this framework, two separate 
executables have been coded for DIME-server and 
DIME-client. Both make use of the Java 
programming language. 

 
Java’s multithreaded support is essential for the 
successful programming of the DIME-II software. 
The presented implementation exploits the potential 
of multithreading as it has shown improved 
performance in DSM systems by hiding the long 
communication latencies typically associated with 
software DSM systems [Speight E. et. al, 1997] 
[Mueller F., 1997]. 
 
The produced software is described 
comprehensively in the following subsections in 
terms of DIME-server and DIME-client. 
 
 
5.1. DIME-server 
 
DIME-server executes command packets 

(cmmnd_pckt) in the order they are received (not 
the order they were sent). In accordance with the 
atomicity of DIME-II system, each command is 
performed as an indivisible operation. In other 
words, there is no interleaving when DIME-server 
is performing a command. 
 
DIME-server keeps a list of every created shared 
item and a list for each item in the list, which 
contains names of user applications that currently 
have replica of it. When it receives a request for 
creating shared item, DIME-server allocates space 
for the item in the DSM only if it has not been 
created before. Otherwise, the name of the 
requesting application is just added to the list of the 
applications that have the replica of that shared 
item. In the case of write operations; it sends 
updates only to the applications that have replica of 
the updated value using the relative list of 
applications. In other words, unlike BDSM [Auld 
P. et al, 2000], DIME-II system employs a 
multicast-based algorithm to disseminate updates to 
the application that are involved in the write 
operation. On the other hand, when it receives a 
request for the deletion of a shared item, DIME-
server deletes the name of the application from the 
list of that item. The item is removed permanently 
only if the requesting application is the last one in 
the list. 
 
In order to improve the performance of DIME-
server, numbers of threads are used. Each 
application is serviced by separate thread that 
listens to its requests and inserts them in a queue of 
command packets. This thread is called client-
service and is created when DIME-server receives 
request from a user application to use the shared 
memory. The thread of client-service consists of 
two other threads: 1.ListenToPacket that 
continuously listens to command packets sent from 
its user application and inserts them in a queue to 
be processed later, 2.SendPacket thread that keeps 
checking another queue of command packets ready 
to be sent to the user application. All client-service 
threads -particularly ListenToPacket threads- insert 
every received command packet in one single 
queue. This queue is processed by another thread 
called sequencer. The sequencer is the only thread 
that can perform operations on the shared memory 
in DIME-server. After processing an operation, the 
sequencer passes an appropriate command packet 
to certain client-services, which in turn send the 
command to certain applications – particularly done 
by SendPacket thread.  
 
Employing several threads allows dividing the task 
of the DIME-server into a number of sub-tasks to 
be executed at the same time, enhancing the 
functionality of the DIME-server. 
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Figure 3: DIME-server – General View.
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The speed of the sequencer performing commands 
in the shared memory (read & write) is much higher 
than the speed of the underlying network and 
therefore this is not a cause for bottleneck 
problems. Figure 3 illustrates a general view of 
DIME-server. 
 
In addition to the main task of controlling the 
shared memory, DIME-server holds number of 
permission tables. These tables prescribe levels of 

access that each user application has on the shared 
memory. The level of access is either no access, 
read only or read/write. DIME-server disseminates 
certain permission table to a DIME-client upon 
initiating a process of traffic module. This 
permission table is used by DIME-client upon 
performing any operation on the shared memory. 
 
5.2. DIME-client 
 
DIME-client keeps a copy of the permission table 
of its user application. It checks the privilege of its 
user application upon performing any operation in 
the intermediate memory. An operation is 
processed only if the application is permitted to do 

so, otherwise an error message is sent to it. For 
write operation, DIME-client can apply the update 
locally in the case of area writing, and then the 
update is sent to the DIME-server.  

 
At DIME-client side, there is a thread that 
continually listens to messages from DIME-server 
and acknowledges them. The main task of this 
thread is to receive new updates from the DIME-
server and then update the intermediate memory 

accordingly. Thereby, DIME-client can guarantee 
the consistency of the local replicas of the shared 
memory. On the other hand, any read operation can 
be performed directly on the available local 
memory without need to contact the main shared 
memory controlled by the DIME-server over the 
network. This locality of reference is advantageous 
in saving network bandwidth, and reducing time of 
data retrieval for user application.  
 
 
 
5.3. User’s Interface of DIME-II Software 
 
So far, the produced system provides number of 



functions for performing different operations on the 
distributed computers shared memory. These 
functions are:  

- Initializing intermediate shared memory. 
User application calls this function to get 
permission for initializing the shared memory and 
start using the DSM. If the application has 
permission to use the system, a permit will be 
sent along with permission table. This permission 
table contains names of shared items the 
application is permitted to use, and the access 
privileges for each item. 

- Creating data area/buffer. This function is 
called to create new shared memory item. A 
shared memory item is created only if the 
creating user application is permitted to use it. 

- Writing in area/buffer. A user application 
invokes this function to update an existed shared 
item. This operation is performed only if the user 
application has enough permission to write in that 
item. 

- Reading from area/buffer. The required 
data are sent to the requesting application along 
with the number of the values. Zero is sent if the 
requested item is empty. This operation is 
performed locally.  

- Destroying area/buffer. Performing such 
operation results in removing certain shared item 
from the intermediate memory of the requesting 
application. 

 
6. RELATED WORKS 
 
TreadMarks [Amza C. et al, 1996] is a software 
DSM system where messages and data traffic is 
reduced by relaxing consistency semantics of the 
shared memory. TreadMarks is a user-level 
implementation of DSM relies on UNIX standard 
libraries in order to accomplish remote process 
communication, and memory management, 
therefore no need to make modifications on the 
operating system kernel. In [Lu H. et al, 1995] 
experimental results have shown that the separation 
of synchronization and data transfer and the 
request-response nature of data communication are 
responsible for lower performance comparing with 
PVM message-passing model. In DIME-II, there is 
no need for synchronization mechanism for a user 
application to have an exclusive access to the 
shared memory, since each user application is 
associated with an intermediate memory where all 
its operations are performed. 

 
BDSM [Auld P. et al, 2000] is a broadcast-based, 
fully replicated software distributed shared memory 
system. Similar to our framework, each user 
process has an associated DSM subsystem that 
manages the shared memory, however, each user 
process has a complete copy of the shared memory 
where it processes all reads and writes locally. 

Also, unlike our system, all writes to memory 
modify the local copy and arrange to broadcast the 
updated values to all the other processes. Another 
major difference with the presented framework is 
that BDSM allows one user process to be executed 
on a workstation.  

 
Brazos system [Speight E. et al, 1997] utilizes 
multithreading at both the user level and system 
level. Multiple user-level threads allow applications 
to take advantage of symmetric multiprocessor 
servers by using all available processors for 
computation. In the runtime system there are two 
main threads. One thread is responsible for quickly 
responding to asynchronous requests data from 
other processes and runs at the highest possible 
priority. The other thread handles replies to 
requests previously sent by the process. This 
multithreaded aspect of Brazos allows greater 
amount of computation to communication overlap. 
The use of separate thread to handle incoming 
replies allows the system to maintain multiple 
simultaneous outstanding network requests, which 
can significantly improve performance. 
Additionally important, the exploitation of 
multithreaded DSM algorithms proved significant 
in hiding the communication latencies [Muller F., 
1997]. 
 
7. CONCLUSION 
 
This paper presents description of an 
implementation of the framework of DIME-II. This 
implementation is believed to improve the 
performance of the whole system in many aspects: 
saving network resources, reducing data retrieval 
from user application viewpoint, performing 
number of tasks per-node simultaneously, and at 
the same time maintaining consistency by a simple 
straightforward model. Currently number of 
experiments are set-up and under way in order to 
evaluate the performance of the DIME-II system in 
comparison with the current DIME-I system 
 
8. REFERENCES 
 
[1]  Argile A., Peytchev E., Bargiela A., Kossonen 
I., “Dime: A Shared Memory Environment for 
Distributed Simulation, Monitoring and Control Of 
Urban Traffic”, 8th European Simulation 
Symposium, Genoa, Italy, ISBN 1-565555-099-4, 
Vol.1, pp. 152-156. 
[2] Peytchev E., “Integrative Framework for 
Discrete Systems Simulation and Monitoring”, 
Ph.D. thesis, Department of Computing, The 
Nottingham Trent University, Nottingham, 
England. Feb. 1999. 
[3] Nitzberg B., Lo V., “Distributed shared 
memory: A survey of issues and algorithms”, IEEE 
Computer, vol. 24, pp. 52--60, Aug. 1991. 



[4] Khalil M., Peytchev E., “Traffic Telematic 
Computing Framework based on Non-Locking and 
Housekeeping Distributed Shared Memory 
Algorithm”, Sixth United Kingdom Simulation 
Society Conference (UKSim 2003), Apr. 2003, 
Emmanuel college, Cambridge, UK. 
[5] Lamport L., “How to make a Multiprocessor 
Computer that correctly executes Multiprocessor 
Programs”. IEEE Trans. Comp., vol. C-29, no. 9, 
pp. 690-691, Sept. 1979. 
[6] Auld P., Kearns P., “Broadcast Distributed 
Shared Memory”, Proceedings of the ICSA 13th 
International Conference on Parallel and 
Distributed Computing Systems, ICSA, pp., 2000. 
[7] Speight E., Bennett J., “Brazos: A Third 
Generation DSM System”, In Proceedings of the 
1st USENIX Windows NT Symposium, pp. 95-106, 
August 1997. 
[8] Mueller F., “Distributed Shared-Memory 
Threads: DSM-Threads”, Workshop on Run-Time 
systems for Parallel Programming, Apr 1997. 
[9] Amza C., Cox A., Dwarkadas S., Keleher P., 
Honghui L., Rajamony R., Weimin Y., Zwaenepoel 
W., “TreadMarks: Shared Memory Computing on 
Networks of Workstations”.  Computer, vol.29, 
no.2, Feb. 1996, pp.18-28. Publisher: IEEE 
Comput. Soc, USA. 
[10] Lu H., Dwarkadas S, Cox AL, Zwaenepoel W. 
“Message Passing versus Distributed Shared 
Memory on Networks of Workstations”. 
Proceedings of the 1995 ACM/IEEE 
Supercomputing Conference (IEEE Cat. 
No.95CB35990). ACM. Part vol.1, 1995, pp.865-
906 vol.1. New York, NY, USA.  
 

Mr. Mohamed Khalil is a Research 
Student at the School of 
Computing and Mathematics, the 
Nottingham Trent University. He 
was graduated from Faculty of 
Mathematical Sciences, 
University of Khartoum, Sudan 

with a bachelor degree (honour) in computer 
sciences. He worked in the Department of 
Computer Sciences, Faculty of Mathematical 
Sciences, University of Khartoum as a teaching 
assistant for nearly three years. He won two 
university prizes for the best academic performance 
while he was student in the academic years 93/1994 
and 96/1997. Mr. Khalil started his PhD in August 
2001 and the title of his thesis is “Integrative 
Monitoring and Control Framework Based on 
Software Distributed Shared Memory Non-Locking 
Model” under the supervision of Dr. Evtim 
Peytchev and Prof. Andrzej Bargiela. His research 
interests are: Distributed shared memory algorithms 
and prototyping, Distributed Shared memory 
Applications, and Traffic Telematics Systems. 
 
 

Dr. Evtim Peytchev is a Senior 
Lecturer at the School of 
Computing and Mathematics, the 
Nottingham Trent University and 
has been a member of Intelligent 
Simulation and Modelling group 
for 10 years. Most of the recent 

research work in the group, dealing with the traffic 
control telematics, has been carried out by Dr. 
Peytchev under the supervision and leadership of 
the head of the RTTS group Prof. Andrzej Bargiela. 
As a result of the research work Dr. E. Peytchev 
has successfully presented his Ph.D. work entitled 
“Integrative Framework for Discrete Systems 
Simulation and Monitoring”. He worked as a 
researcher for the successful conclusion of an 
EPSRC project “Integrative framework for the 
predictive evaluation of traffic control strategies” 
(GR/K16593) and most of his publications reflect 
the work under this project. Dr. Peytchev’s interests 
span: traffics simulation modelling, traffic 
Telematics, mathematical modelling of the 
uncertainties in traffic, distributed computing 
environments, shared memory design, Telematics 
technology application in the urban traffic control. 
He is involved in International collaboration with 
the Transportation Systems Laboratory at the 
Helsinki University of Technology (Dr. I. Kosonen) 
and in the DTI funded ‘Traffimatics’ project. 



 
 
 
 
 

LATE PAPERS 
 

 



 



INTELLIGENT SYSTEM DESIGN FOR KNOWLEDGE 

STRUCTURE MODELS FROM OBSERVED DATA 
 

VLADIMIR STEPASHKO1, TATIANA ZVORYGINA2 
 
 
International Research and Training UNESCO Center of Information Technologies and Systems, Ukraine, Kiev, 

Academic Glushkov Prospect, 40, 03680. 
1 Professor, Head of Department, E-mail: step@g.com.ua 

2Master of Computer Science, Post-graduate Student, E-mail: zvortf@ua.fm 
 

Abstract: The task of modeling from data observed is considered as a sequence of stages, or subtasks, of 
solutions choosing. It is shown that at each stage there is some finite subset of possible solutions depending from 
those accepted on the previous stages. Each of accepted solutions, therefore, restricts subsets of possible 
solutions at all consequent stages. It allows to organize an "intellectual interlayer" between a user who needs to 
model something and a modeling software. The intellectuality level of a system of such kind is determined by 
implementation of knowledge (both theoretical and practical) about a process being modeled as well as methods 
of modeling and by minimization of requirements to skills of a user. 
 

Keywords: knowledge structuring, modeling, data observed, decision making, dialog shell, intellectual system. 

 

1. INTRODUCTION 
 
There are known modeling tasks to which one or 
another method of analysis is being applied in 
practice, based on which the experts consider to 
have as the most adequate method for the given 
purposes. However, for the majority of real 
problems it is not possible to specify in advance the 
exact line-up of operations, as there is no a priori 
information on a plant or process beeing modeled. 
Most importantly, people who need, for example, to 
predict some economic or ecological indexes are 
not experts in the modeling field. 
 
The modeling software existing in the market, for 
example "Statistics", have one but very essential, in 
our opinion, shortcoming, they are mainly oriented 
on users possessing high qualification in the 
modeling field. An expert in the field can only tell 
which a method of parameter estimation, or a 
generator of model structures, or a criterion of 
model selection should be preferred. An economist 
or ecologist is forced to choose methods "at 
random" and then manually check the obtained 
models with respect to their correspondence to the 
purposes of research. 
 
Therefore there is a necessity for creation of some 
"intellectual interlayer" between a user who needs 
to model something and modern computational 
software. This "intellectual interlayer” should be 
capable of advising the user in a dialog mode which 
method may be better. 

It is our aim to create such an intellectual interlayer.  
The first problem we are faced with is one of 
classification of the available knowledge in the 
modeling field. The main part of such expertise 
exists in the form of practical experience on 
applying one or another method to specific 
problems as well as the limitations on their 
application.  
 
By a method of modeling we mean a set of 
operations with a given data sample allowing one to 
build a mathematical relationship between the 
output variable and the input variables. 
 
 
2. KNOWLEDGE CLASSIFICAITON 
 
Let's assume that the data sample do not contain 
missing values of variables and are prepared for 
handling. There are quite well defined 
mathematical methods for data pre-processing 
[Duke, Samoilenko, 2001], so we shall not discuss 
them here. 
 
We claim that each method of modeling contains, 
in explicit or implicit form, such key elements as a 
model class, an external criterion of model 
selection, a generator of model structures and a 
method of model parameters estimation.  For 
example, it is easy to see that in the classical 
regression analysis, polynomial functions form the 
class of used models, inclusion or/and exclusion 
method is to be a generator of model structures, the 



least squares method (LSM) is used as the method 
of the model parameter estimation, and the Fisher 
criterion is one for model selection. If we try to 
identify similar components in the Akaike method, 
we shall get, accordingly:  ARIMA is the class of 
used models, embedded structures are to be a 
generator of model structures, the Yool-Walker 
method (YWM) is used as the method of the model 
parameter estimation, and the Akaike criterion is 
one for model selection. 
 
It was also appointed that a choice of a modeling 
method is affected by such circumstances as the 
purpose of investigations and the type of plant 
being modeled. 
 
 
3. SUB-PROBLEMS 
 
Therefore, in solving the problem of a relevant 
modeling method choice we define the following 
sub-problems to be solved sequentially: 
 
1.  Choice of the modeling purpose 
(approximation, interpolation, extrapolation, trend 
definition, prediction, construction of input-output 
model etc.) 
 
2.  Definition of  the plant type (linear static, 
nonlinear static, linear time series, nonlinear time 
series, linear dynamic, and nonlinear dynamic) 
 
3.  Definition of process stationarity 
(stationary, with an increasing trend, with a 
decreasing trend, with an oscillatory trend, with the 
mixed trend) 
 
4.  Choice of a model class   (linear 
regression, autoregression, autoregression with 
trend, harmonic, logarithmic, polynomial or 
exponential functions of time, difference equations 
etc.) 
 
5.  Choice of external criterion of model 
selection (Akaike criterion, “jack-knife”, Cp-
statistics of Mallows, unbiasedness and/or 
regularity criterion, Fisher criterion etc.)6.  Choice 
of a parameter estimation method (LSM, LMM, 
ridge regression etc.) 
 
7.  Choice of  structure generation method  (a 
given structure, embedded structures, inclusion, 
exclusion, inclusion-exclusion, exhaustive search, 
branches and bounds, combinatorial, combinatorial-
selective, multilayer (GMDH)). 
 
8.  The obtained model validation (Fisher 
statistics, precision on control sample, etc.) 
 

We claim that for the solution of problem of 
choosing a modeling method addressing to this set 
of subproblems is necessary and sufficient.  
 
This order for solving the problem is well 
motivated. It was observed that the solution of the 
first subtask leads to the essential diminishing of 
the set of subsequent solutions.  This happens 
because the decision making on each of stages 
introduces implicit limitations on application of 
these or other techniques the need in which to be 
decided at the consequent stages.  
 
 
4. SOLUTION TECHNIQUES 
 
After having determined the order of solving the 
subtasks, we have encountered the problem of 
finding such mathematical and dialogue procedures 
that would facilitate solving the formulated 
subtasks by an inexperienced (in the modeling 
field) user. To solve this problem we have used 
such modern techniques as Data mining [Duke, 
Samoilenko, 2001; Stepashko, 1991] and 
knowledge elicitation [Gavrilova, Khoroshevsky, 
2000]. By combining these techniques with the 
dialogue interview of the user about the modeled 
plant, we have found a solution tree for the problem 
of observed data modeling. Even to a user at the 
first time facing the problem of modeling, this 
procedure allows to construct a more or less 
acceptable mathematical model. 
 
It is better to give an example to illustrate our 
findings (see figure 1)  
 
The four stages of decision making chosen for 
illustration are: definition of a process type, 
linearity, stationarity, and choice of the model class.  
 
The first stage is choice of process type from the 
three indicated alternatives. If the user is not able to 
make a choice on his own, the dialogue and control 
tools help him. The principle of organization of the 
dialogue at the stage of deciding the process 
stationarity is described in detail in [Stepashko, 
Zvorygina, 2001].  
 
It is easy to see from figure 1 that an investigator 
has very large set of model classes for choosing at 
the fourth stage (in the figure, we show only an 
incomplete class of models). If one attempts to 
solve the problem by the "brute force", each of 
possible models needs to be tested, what, in 
practice, is a sufficiently labour-consuming process. 
However, if one takes the advantage of 
decomposing the problem into the proposed 
subtasks, then, depending on the decision accepted 
at the first three stages, the set of allowed solutions 
will be significantly narrowed.  For instance, if at 



the early stages the decision is taken that the plant 
is linear and static, a unique solution is to use the 
linear regression model. If, however, the plant is 
linear and dynamic, the difference equation models 
can only be applied. In the case of linear time series 
without a trend, the model of autoregression is 
applied. If the trend is increasing or decreasing, it is 
possible to use a model of a linear trend. And in the 
case of an oscillatory trend, the choice is limited to 
a harmonic series or autoregression.  
 
If at the first stage the decision is taken that the 
process is a "time series", at the second stage that it 
is non-linear, and at the third stage that it has an 
increasing trend (non-linear time series), then, at 
the stage of choosing the basis functions, the 
intellectual system will recommend the investigator 
to model the process in auto regression with trend 
model class. The user will also be given a choice of 
exponential and logarithmic functions of time. On 
the other hand, a whole class of models will be 
eliminated, such as linear regression model, or a 
model with a linear trend, etc. The considered 
variant is shown in figure 1 by shadow. 
 
Note that the proposed organization of the 
intellectual envelope considerably simplifies the 
checking of correctness and consistency of the 
accepted decisions. 
 
 
5. DISCUSSIONS AND CONCLUSIONS 
 
The proposed principle of the intellectual envelope 
for a computer-aided data modeling system will 
have the following major advantages: interactive 
component at all stages of modeling; minimization 
of requirements to the user qualification; active 
utilizing the user knowledge base; constant 
monitoring and testing the accepted decisions; 
visualisation of the process of problem solving and 
contextness in perceiving the information; training 
the user during interaction with the system.  
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Figure 1.  Subtask of model class choice consequence   
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Abstract

Overly optimistic processing in Time Warp can threaten the
stability of the simulation due to large memory consump-
tion and explosive rollback growth. To address the sta-
bility concerns of optimistic simulation, Choe and Trop-
per proposed a learning-based flow control algorithm which
throttles over-optimistic execution by regulating the flow of
events between pairs of processors throughout the course of
the simulation. This flow control algorithm has been shown
to effectively improve simulation stability for certain appli-
cations in a shared-memory environment.

In this paper we present an analysis and experimental ver-
ification of the performance of this flow control algorithm
in a distributed-memory environment. Results show that
the flow control algorithm reduces the memory usage, the
number of rollbacks and the number of antievents at the ex-
pense of the simulation time. Thus it becomes apparent that
the behaviour of the flow control algorithm is not a conse-
quence of learning, but it is highly dependent on the type
of simulation platform, event granularity and communica-
tion latency. Taking these results into account, we discuss
a number of approaches to learning and flow control using
the outlines of the flow control algorithm, and we consider
the extent of the performance improvement to be expected
from memory-based schemes for limiting Time Warp opti-
mism in a distributed-memory environment.

1 Introduction

The Time Warp optimistic simulation technique is designed
to exploit the maximum achievable parallelism in a discrete
event simulation system; thus, it has the potential to ob-
tain excellent performance and scalability results. Unfor-
tunately, the optimistic behaviour of Time Warp brings with
it its own hazard: instability and excessive use of memory.
For a system to be stable, it should be able to adapt quickly
to any perturbations in the environment and maintain an ac-
ceptable level of performance. In Time Warp, however, per-

turbations such as sudden bursts of incoming events, strag-
glers and anti-events may cause a host to exceed its memory
capacity, degrade its performance, propagate its adverse ef-
fects to the neighbors, and finally result in the congestion of
the simulation system with work that would soon be rolled
back. In the most extreme cases, the number of rollbacks
increases without bound, making it impossible for the sim-
ulation to finish in a finite amount of time [10].

Hence, for the best performance of a Time Warp simula-
tion system, the instability must be kept to a minimum. Nu-
merous methods for reducing the cost and the number of
rollbacks have been proposed to control instability. The ap-
proaches to reducing the number of rollbacks can be classi-
fied in two categories: the direct control approach, which
aims to slow down the processes further ahead in simu-
lated time, and the indirect control approach, which aims
to limit memory consumption, in turn limiting the advance
of a processor in simulated time. The earlier direct con-
trol algorithms used windowing techniques to bound the
progress of all processors [10, 19, 15]. Currently the fo-
cus is on adaptive protocols, which dynamically change spe-
cific control parameters to influence the degree of throttling
[7, 14, 18, 16].

The algorithms aiming for direct control do not actively deal
with the possibility of a processor poorly managing its al-
loted memory space; such concerns, however, are the pri-
mary consideration of the indirect control algorithms.

An adaptive protocol for a shared-memory machine based
on the Cancelback mechanism is presented in [5]. This pro-
tocol manages the pool of shared memory for the entire sim-
ulation and adjusts the amount of memory provided to the
parallel simulator to maximize performance. An adaptive
flow control mechanism is proposed in [12], also intended
for a shared-memory environment. This mechanism limits
the number of uncommited events generated by a processor,
thus preventing overly-optimistic execution. A window of
events is used to set an upper bound on the number of un-
commited events to be scheduled in a time period; the fossil
collection commits events and thus serves as acknowledg-
ments.



In the indirect control category, Choe and Tropper [4] pre-
sented an algorithm targeted towards a distributed-memory
environment which uses flow control to improve the sta-
bility and performance of Time Warp. This flow con-
trol algorithm attempts to maintain the standard deviation
of the load of the processors participating in the simula-
tion below a small bound by continuously regulating the
flow of events between processors. The authors have pre-
sented results from an implementation of this algorithm on
a shared-memory multiprocessor; message passing routines
were used for inter-processor communication and direct use
of shared memory was avoided. This paper discusses the re-
sults of the implementation of the flow control algorithm on
a Beowulf cluster. To our knowledge, this is the first time an
indirect optimism control algorithm has been implemented
in a distributed memory environment.

The remainder of this paper is structured as follows: section
2 describes the flow control algorithm, section 3 analyses
the results of its implementation on a Beowulf cluster and
section 4 presents a modification to the flow control algo-
rithm and its results. In section 5 we discuss a set of alter-
native approaches to learning for the flow control algorithm,
and in section 6 we consider the effects of memory-based
optimism limiting schemes in distributed-memory environ-
ments.

2 The Flow Control Algorithm

2.1 Motivation

It is well known that optimistic simulations can consume a
large amount of memory. The large demands on memory
stem from the information maintained to allow rollbacks:
checkpointing the state, storing an antievent for each out-
put event, and sending input events that are later canceled.
Choe [3] provides experimental results that indicate the cor-
relation between the rate of memory usage and the rate of
increase in local virtual time for each processor during the
simulation of a shuffle-ring network. The results in [3] im-
ply that rapid progress of a processor ahead of the GVT re-
sults in larger consumption of memory and a larger num-
ber of rollbacks and antievents compared to the processors
whose time advance is closer to GVT. In this case larger than
average memory consumption is more than just a threat to
the completion of the simulation: it is also a sign of instabil-
ity. The goal of the flow control algorithm is to increase the
stability and improve the performance of the simulation by
ensuring that memory utilization, and by extension simula-
tion progress, is approximately the same for all processors
and that no processor runs out of memory.

Respecting these conditions requires that local load infor-

mation is frequently disseminated and shared among pro-
cesses.

2.2 Description of the Algorithm

The flow control algorithm proceeds as follows: each pro-
cessor is first assigned a number of permits (called tokens)
by means of a stochastic learning automaton (SLA). The to-
kens are allocated in individual pools for each outgoing link
(see also [8]). Every event sent to a neighbouring proces-
sor consumes a token from the pool allocated to that neigh-
bour. The token pool size varies dynamically throughout the
course of the simulation as a function of the differences in
load (memory utilization and/or virtual time progress) be-
tween processors. A uni-directional link between a lightly
loaded sending processor and a heavily loaded receiving
processor is assigned less tokens in an attempt to reduce
the load on the receiver; in contrast, a link between a heav-
ily loaded sender and a lightly loaded receiver is assigned
more tokens to increase the load of the receiver and reduce
the load of the sender. When a processor runs out of tokens
for a particular neighbour, that neighbour is considered to
be fully loaded, i.e. far in memory consumption and simu-
lation time. In this case the processor slows down the out-
going event flow to the loaded neighbour while learning the
appropriate number of tokens to assign to that link in the
future.

2.2.1 Control Mechanism

The control model of the flow control algorithm consists of
a collection of automata such that each automaton resides
within a processor and cooperates with the remaining au-
tomata to control the flow of events. The stochastic learning
automaton residing at each processor regulates the outgo-
ing flow towards the rest of the processors with the express
purpose of keeping the processors close in memory usage
and local virtual time. To achieve this goal, the principle of
conservation of memory is used to relate the memory uti-
lization at a processor to the memory space occupied as a
result of the incoming event flow. The principle of conser-
vation of memory states that the number of memory buffers
occupied during a time interval is equal to the number of
memory buffers occupied at the start of the interval together
with the amount of memory buffers occupied by the events
received during this interval, minus the number of buffers
released by the events sent during this interval.

The stochastic learning automaton at each processor takes
as inputs the load of all processors in the simulation and
outputs an outgoing flow regulation factor�. This flow reg-
ulation factor, multiplied by the number of events sent dur-
ing the previous update interval, determines the number of



1: variables for processor �
2: �����: integer init 0�current processor load�
3: ��������: integer init 0�previous processor load�
4: ���	��: integer init 500�number of available tokens�
5: ����
�����   � � ��: integer init 0�list of space-time

products of all N processors�

6: if sending event� ��� � then
7: compute ��������
8: ����������� ����������������������������

� exponential smoothing with� 0.15�
9: ����������� �� � �������� ��

10: piggyback ������� � �� onto a basic event:�
���� ����� �

11: if ���	���� � � then
12: send � ���� ����� � to the receiving processor�
13: ���	���� � ���	���� � �
14: else
15: update action probabilities
16: compute token number
17: send � ���� ����� � to the receiving processor�
18: ���	���� � ���	���� � �
19: end if
20: else if receiving event� ���� ����� � then
21: ����
������� �����
22: if updating intervalthen
23: update action probabilities
24: compute token number
25: end if
26: process � ��� �

27: end if

Algorithm 1: Flow Control at Processor�
events to be sent during the next interval. Note that the au-
tomaton computes a number of tokens individually for every
outgoing link of a processor.

2.2.2 Load Metrics

A key element of the flow control algorithm is its defini-
tion of load. Occupied memory is the most obvious way
of defining load, as the outgoing flow regulation at a pro-
cessor depends on the principle of conservation of memory.
In Time Warp, memory is consumed by state saving and
the event queues, so the space metric measures the memory
space occupied by events and states.

The metric employed in [3] is the space-time product, de-
fined as the product between the occupied memory and the
minimum logical virtual time of the processor at the time
of calculation. The intuition behind the use of this metric
is keeping the processors close in both memory consump-
tion and simulated time. The space-time product is the load
metric used in our description of the learning scheme of the

automaton.

In our experiments we also tested the effects of using time
as a metric, as increases in memory consumption are pos-
tulated to mirror increases in simulated time. Time is mea-
sured as the minimum logical virtual time of the processor
at the time of calculation.

Processors piggyback the local load information onto the
events sent to neighbouring processors. Since every proces-
sor does not necessarily send an event to every other proces-
sor, load information is also collected from the processors in
the course of the GVT calculation and broadcast to all pro-
cessors together with the new GVT value.

2.2.3 Update Interval

The action probabilities of the stochastic learning automa-
ton are periodically updated to reflect the current load of the
processors involved in the simulation. Updating the proba-
bilities frequently provides the finest control since the learn-
ing automaton keeps track of the smallest variations in the
memory utilization and local virtual time, but each update
takes time thus slowing down the simulation. The action
probabilities are updated and the tokens are recalculated
when a fixed number of events is received by a processor
or whenever the processor runs out of tokens for one of its
outgoing links. Currently an estimate of the best updating
interval is experimentally obtained.

3 Performance Analysis

3.1 Experimental Setup

The flow control algorithm was tested on two types of ap-
plications: a queuing network application and a Personal
Communication Services (PCS) network application. This
section describes the behaviour of these applications.

The queuing network application simulates the behaviour
of a set of computer servers connected by a network. The
network is configured as a torus which has many cycles and
hence induces a large amount of instability into the system.

A fixed number of messages randomly circulates through
the network. Each network node spends some simulation
time processing messages and generating for each input
message an output message which is sent to one of the
neighbouring network nodes. The outgoing link is selected
using a uniformly distributed random variable. The service
time for each node is constant; in our tests the service time
is 3 simulation time units.

Our second application is a Personal Communication Ser-
vices (PCS) network, a wireless communication network



that provides services to mobile phone users. We are us-
ing a call-initiated model as described in [2], where the ob-
jects traveling through the system are calls, each represent-
ing an active phone conversation. The channel allocation
strategy is fixed: the number of channels per cell is constant.
The cells are in the shape of a hexagon and are grouped in
a hexagonal mesh. We use Lin and Mak’s strategy [9] to
eliminate the disappearance of calls at the mesh boundary:
if a call crosses outside the simulated area, it appears at the
boundary edge in the opposite direction. The PCS simula-
tion is self-initiating: each cell generates its own incoming
calls. One new call is generated every time a call is started.

In our simulation, the cell diameter is 1 km and has 500
channels. A call can have 6 directions: east, south-east,
south-west, west, north-west and north-east corresponding
to the neighbors of each cell. The velocity and direction
are determined by a uniform distribution, the call comple-
tion time is determined by an exponential distribution with
a mean time of 300 seconds and the call move time is de-
termined by an exponential distribution with a mean time of
120 seconds. Calls are generated at each cell following an
exponential distribution with a mean time of 10 seconds.

The simulations were run on a 16-node Beowulf cluster.
Each computer has a dual processor Intel PIII 700MHz CPU
on Asus PII-BD motherboards with 384MB RAM. The net-
work hub for the cluster is a Cisco 100Mb/s switch. The
computers are running the Linux RedHat operating system.
The PVM library is used for interprocessor message pass-
ing. The flow control algorithm was implemented on top of
Time Warp using the TWSIM Time Warp simulator devel-
oped by our laboratory.

3.2 Experimental Results

To compare the behaviour of Time Warp with the behaviour
of Time Warp with flow control, we used the following
performance measures: (1) simulation time, (2) memory
used, (3) number of rollbacks and (4) number of antievents.
Graphs present the effect on each performance measure us-
ing three different load metrics: space, time and space-time
product. Each graph also has data points labeled “Data
Pass” to indicate the overhead incurred by calculating and
transmitting the necessary metrics for the flow control al-
gorithm on top of the regular Time Warp computation but
without employing the flow control mechanism. The results
presented are an average over ten consecutive runs of the
program. The starting number of tokens is 500 and the up-
dating interval is set to 100 received events.

Figure 1 presents the performance results for a queuing net-
work simulation on a 12-node torus with 75 starting events
per queuing network node. The total of good events pro-
cessed in 500,000 units of simulated time is 28,085,587.

The simulation shows a better performance on some num-
bers of processors than on others. This phenomenon is
caused by cycles of the torus network and exacerbated by
the logical process partitioning and the communication de-
lays. Figure 2 shows the performance results for the PCS
simulation on a hexagonal wrap-around mesh of side 80.
Each cell initiates two calls at the start of the simulation,
resulting in a total of 31,325,453 good events processed in
2,000 units of simulated time. In some of the figures, no-
tably the ones showing time progress, the Space, Time, and
Space-Time data points are very close to each other and of-
ten coincide.

The graphs show that the flow control algorithm does re-
duce the number of rollbacks and antievents if it is large; the
memory usage is also reduced, the reductions being more
significant as the number of processors increases. However,
this decrease in memory usage occurs at the expense of the
simulation time, showing yet again the space-time trade-off
in distributed simulation. None of the metrics tried appears
to perform better than the others.

3.3 Analysis of Results

A close look at the particulars of the flow control algorithm
shows that the observed results are not a consequence of
learning. The learning mechanism is not engaged because
recalculating the tokens for all outgoing links as soon as one
link runs out of tokens causes the number of assigned tokens
to decrease to 1 (our lower bound) after only a few token re-
computation steps. According to the control mechanism,
the maximum number of tokens allowed to depart from pro-
cessor�� to processor�� in the time interval��� � � �� is
����������������, where��������� is the number a events
sent during the previous time interval�� � �� �� and� ������
is the regulation factor as computed by the learning automa-
ton. If the tokens for all links are recalculated when the
tokens for one link are consumed, then the time interval
��� �� �� does not have the same length as the time interval
��� �� ��, and the number of tokens used in the time interval
��� �� �� is not representative for the next time interval.

To illustrate, assume that processor�� has two outgoing
links to processors�� and��, with the link to�� receiving
10 tokens and the link to�� receiving 5 tokens for the next
time interval. Furthermore, assume that at the beginning of
the interval more events are sent to�� and fewer events are
sent to�� than expected; at the time when the tokens for the
link to �� are exhausted, only one of the tokens for the link
to�� has been used. If the regulation factor for�� as deter-
mined by the learning automaton using the load information
is less than 1, then the link to�� will be assigned only one
token during the next interval (since 1 is the lowest bound
on the the number of tokens). This single token will be used
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Figure 1: Performance of the flow control algorithm for a queuing network model on a torus-shaped network.

very fast, prompting�� to also decrease the tokens for its
link to ��. In just a few iterations the tokens on all outgoing
links of all processors decrease to 1.

The result of assigning only one token per outgoing link
is that the token recalculation occurs very frequently, ap-
proximately once for every two events sent. As such, its
only effect is to increase the granularity of the event com-
putation. Since the simulations applications used have very
small event granularity, the token recomputation time is sig-
nificant in comparison. In the PCS simulation, the aver-
age event processing time on our system is 0.38 millisec-
onds, while the average token computation time is 0.16
milliseconds. The average rollback time is 0.39 millisec-
onds. Therefore, increasing the granularity by such a small
amount results in these circumstances in a partial ordering
of the events during the simulation and a reduced number of
rollbacks and antievents.

3.4 Consistency Check

The performance results of the flow control algorithm on
a shared-memory machine presented by Choe and Trop-
per [4] are consistent with these findings. The authors did
obtain a small reduction in the simulation time (3 to 10
percent) as compared with the Time Warp simulation with
no flow control. This reduction is expected to be caused
by the more significant contribution of rollbacks to the to-
tal simulation time in a shared-memory environment; in a
distributed-memory environment, the communication costs
dilute the effect a considerable reduction in the number of
rollbacks and antievents can have on the execution time of
the simulation. The biggest reduction in the simulation time
was obtained in the case of a stress test which directed a
large percentage of the messages sent by each processor to
one designated processor during a fixed time interval (15%
to 28%). Since the number of uncontrolled rollbacks is very
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Figure 2: Performance of the flow control algorithm for a PCS model on a hexagonal mesh network.

high in this case, any technique that will reduce the number
of rollbacks by a significant percentage is likely to obtain
very good results in terms of execution time. Our graphs
show that for the queuing network simulation a very large
reduction in the number of rollbacks for 14 processors re-
sulted in a much smaller increase in the simulation time.

In addition, it is probable that the performance in Choe and
Tropper’s case was further improved by his implementation
of the GVT algorithm. He uses an election mechanism to se-
lect the GVT initiator based on the simulation load: the pro-
cessor with the highest memory consumption starts the new
GVT round. Since computing the GVT is a time intensive
process, through this election process the busiest processor
is slowed down to the advantage of the rest of the simula-
tion. Our current implementation of the GVT algorithm dis-
penses with the election process and assigns a single GVT
initiator at the beginning of the simulation.

Another factor that suggests that the results presented by
Choe and Tropper are not a consequence of learning is the
very small reduction obtained in the variability of the space-
time product: the flow control scheme generated a reduction
of 4.4% in the mean of the space-time product and a reduc-
tion of 9% in the standard deviation of the space-time prod-
uct. This small reduction is likely to be the effect and not the
cause of the decreased number of rollbacks and antievents.

4 Modifications to the Flow Control Algo-
rithm

The assigned tokens act as a window indicating the num-
ber of events that can be sent to the neighbouring proces-
sors without delay between updates, and the total number
of events sent between updates (with or without delay) is



used to compute the number of tokens for the next interval.
For this computation to be meaningful, the time interval be-
tween updates has to be approximately the same from one
interval to the next; hence, the tokens should be recalcu-
lated only everyupdating interval and not every time a link
runs out of tokens. A possible implementation of the algo-
rithm taking this issue into consideration would be as fol-
lows: only learning (probability recalculation) occurs when
a link runs out of tokens (deleting line 16 of algorithm 1)
and no token counter is decremented as the tokens have al-
ready reached 0 (deleting line 18). A sent event counter
is incremented for every outgoing event, and this sent event
counter is used to compute the number of tokens for the next
interval. The probability recalculation when the tokens for
the current interval have been exhausted would then serve
the double purpose of accelerating learning and providing
a respite for the receiving processor via a delay in sending
the outgoing event. We studied the effect this modification
of the flow control algorithm had on the performance of the
simulation.

Figures 3 and 4 present the performance of the modified
flow control algorithm for the queuing network simulation
and the PCS simulation with the same parameters as in the
previous section1. The algorithm did not improve the per-
formance of the simulation; on the contrary, it increased the
execution time together with the number of rollbacks and
antievents. It is interesting to note that in the case of the
queueing network simulation on 14 processors the modi-
fied flow control algorithm did reduce the execution time,
the memory consumed and the number of rollbacks and
antievents, illustrating that when communication delays and
cycles induce an ever-increasing number of rollbacks any
technique that slows down the simulation is likely to im-
prove the simulation performance.

Since the probability recalculation when the tokens for the
current interval have been exhausted serves as a delay for
the outgoing events, it seemed possible that the time spent
in calculations is not significant compared with the commu-
nication time. Experiments have been done to determine
whether increasing the delay preceding the sent event when
all the tokens have been used has an effect on the perfor-
mance of the flow control algorithm. However, the addi-
tional time spent waiting worsens the performance of the
simulation.

It is worth noting that for small queuing network simula-

1Figure 3 shows the performance results for a queuing network simula-
tion on a 12-node torus with 75 starting events per queuing network node.
The total of good events processed in 500,000 units of simulated time is
28,085,587. Figure 4 shows the performance results for the PCS simula-
tion on a hexagonal wrap-around mesh of side 80. Each cell initiates two
calls at the start of the simulation, resulting in a total of 31,325,453 good
events processed in 2,000 units of simulated time. The starting number of
tokens is 500 and the updating interval is set to 100 received events.
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Figure 3: Performance of the modified flow control algo-
rithm for a queuing network model on a torus-shaped net-
work.
tions in which only one logical process is assigned per pro-
cessor the additional delay does decrease the number of
rollbacks and antievents despite increasing the simulation
time. We conjecture that this effect occurs because in a
distributed-memory environment the speed of propagation
of events within a processor is much faster than the speed of
propagation of events between processors. Since only the
flow of inter-processor events is controlled, the bad compu-
tation among logical processes located on the same proces-
sor is allowed to proceed unimpeded, and a rollback caused
by an outside event has far-reaching effects. However, if no
new events are generated and no inter-processor rollbacks
can occur, as in the case of small queuing network simu-
lations, an increased delay gives the antievents an oppor-
tunity to catch up with the original events before they are
processed.

Furthermore, we observed experimentally that varying the
length of the update interval made no difference to the per-
formance of the modified flow control algorithm. The in-
sensitivity of the algorithm to the interval length, combined
with its bad performance, suggests that no learning actually
takes place.
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Figure 4: Performance of the modified flow control algo-
rithm for a PCS model on a hexagonal mesh network.
5 Alternative Approaches to Learning and

Flow Control

The stated goal of the flow control algorithm is to keep in
close proximity the memory utilization of the processors in-
volved in the simulation, and by extension keep in close
proximity their virtual time as well. This goal is intended
to be achieved by managing the flow of memory buffers
between processors, delaying events whose processing is
likely to cause rollbacks and allowing unimpeded passage
to events that are likely to be on the critical path of the sim-
ulation. These concepts have been successfully exploited
in other optimism-limiting algorithms. Panesar and Fuji-
moto [12] proposed a memory-based flow control mecha-
nism which improved Time Warp performance in a shared-
memory environment by throttling over-optimistic event ex-
ecution. Tay et al. [17] demonstrated that bringing the
sender and receiver logical processes closer in virtual time
resulted in reduced number of rollbacks, as no logical pro-
cess is allowed to dramatically increase its simulation time
and flood the simulation with events that will soon be rolled
back. The algorithm of Srinivasan and Reynolds [14] con-
trolled optimism by delaying executions of events according
to their error potential computed from global information.
Therefore, it seems probable that an algorithm can be built
along the outlines of Choe and Tropper’s flow control algo-

rithm which could control Time Warp optimism.

The succeeding sections examine several aspects of the flow
control algorithm and discuss the changes and issues to con-
sider in order to effectively harness the power of the learning
automata and increase simulation stability.

5.1 Token Computation

Stochastic learning is a theoretically simple technique
which is difficult to implement efficiently. A learning au-
tomaton must be fed information in a timely manner in
order for its control to be effective. For this reason, the
amount of instability in the system can have a large impact
on the learning techniques employed. Simulations run on
distributed-memory systems are inherently more unstable
than those on shared-memory systems; for example, Choe
and Tropper obtained 3,449 rollbacks in 330 seconds for his
pure Time Warp simulation on 6 processors for a PCS ap-
plication with a wrapped hexagonal mesh network of side
80. In contrast, our pure Time Warp simulation of a simi-
lar application over 6 processors produced 85,435 rollbacks
in 206 seconds, a sizable difference. Next we examine the
challenges posed by an unstable environment and propose
ways in which the learning scheme can be modified to cope
with them.

A particularly unstable simulation (for example, one using
a configuration with many cycles on a distributed system
with large communication costs) can enter into a phase of
cascading rollbacks very soon after start-up, preventing the
automaton from acquiring any notion of stable behaviour.
Even when the simulation achieves some stability of its own
after the initial chaotic starting phase, the automaton must
not give too much importance to what it learned during this
phase. Hence, either the automaton should delay learning
until the system stabilizes to some extent, or it should keep
the maximum gain low enough not to give too much cre-
dence to the initial data; the flow control algorithm, with its
maximum gain of 1, does not follow either course. As well,
the flow control algorithm bases the token calculation for
the next interval on the number of sent events of the previ-
ous intervalonly. However, if in the previous interval the
outgoing traffic had an uncharacteristic pattern (for exam-
ple, a large number of new events have been injected into
the simulation), the number of tokens for the next interval
will be calculated based on non-representative information
and the automaton control will not be efficient. A better
course of action would be to obtain an estimate of a repre-
sentative number of sent events over several past intervals,
giving the most recent interval the largest weight.

The accuracy of the information the automaton uses to up-
date its probabilities is also called into question. The most
recent information about the load of the other processors



is obtained from data piggybacked on the incoming events;
otherwise, a processor is guaranteed new data only every
GVT calculation. If the one-directional traffic between two
processors is intermittent – or nonexistent – the automa-
ton uses old information and loses efficiency. The problem
of obtaining accurate and timely global data has no easy
answer; one possibility could be the reduction model for
computing near-perfect state information presented in [13],
which has been implemented on a network of workstations
connected by a Myrinet switch and shown to be feasible for
simulations with medium to large event granularity.

5.2 Token Utilization

However, no matter how accurately the learning automata
estimate the number of tokens required for the next interval,
these tokens must be used in an efficient manner in order to
control the simulation. The flow control algorithm attempts
to keep all processors close in terms of memory usage and
virtual time by starving the processors with large mem-
ory consumptions. This starving process is accomplished
by delaying the exit of events from the lightly loaded pro-
cessors to the heavier loaded ones through a waiting loop,
with the effect that the lightly loaded processors are slowed
down themselves. This method could potentially restrain
the spread of bad computation from the highly loaded pro-
cessors, giving the loaded processors an opportunity to roll-
back and send out antievents before the original events have
gone too far. On the other hand, the same method could slow
the spread of antievents as well, since the flow control algo-
rithm deals with memory buffers only and does not consider
the type of event to be delayed. Moreover, the optimal size
of these delays is platform and application dependent, since
they must be significant compared to the event granularity
and the inter-processor communication time.

The disruptive effect of delays could be minimized by al-
lowing the lightly loaded processor to continue activity
while delaying the exit of events lacking tokens. The event
delay could be measured in terms of a specific number of
processed events or a fixed time period. The events can
also be held hostage until the next updating period when
more tokens are assigned. This approach of delaying out-
going events presumed to be bad reduces risk; alternatively,
aggressiveness can be reduced as in the case of the Adap-
tive Flow Control algorithm [12] by suspending event ex-
ecution and communication until the next token updating
period. Aggressive blocking has also the potential to reduce
the spread of bad computation within a processor as well as
the length of rollbacks caused by out-of-processor events,
making it a more suitable strategy for distributed-memory
environments.

An implementation of the risk-reducing version described

above, where events lacking tokens are held until the next
updating interval, shows that such an approach leads to
deadlocks if the simulation is lightly populated and to
stalling if the simulation is densely populated. The stalling
occurs because the event with the smallest timestamp gets
caught in one waiting queue after another, and the same
happens to the antievents. When the tokens are recalcu-
lated at the end of the update interval and the events are
released from the waiting queues, a large majority of the
events processed during the last GVT interval are rolled
back and the GVT cannot advance. The introduction of a
cancellation mechanism between events and their respec-
tive antievents in the waiting queue did not have any effect.
The aggressiveness-reducing version can also deadlock, and
it is not obvious how to break the deadlock and resume the
simulation in the context of the learning automata with min-
imal time expenditure without voiding the learning that has
occurred up to that point.

An alternative approach could be to change the placement
of the learning automata. If the automata reside at the des-
tination and not the source processors, the processing de-
lays consisting of waiting loops happen at the heavily loaded
processors, which seems a more desirable course of action
than delaying the lightly loaded processors. However, there
are serious implementation complications with this tech-
nique as well. If the events are allowed to queue at the
heavily loaded processor until they get enough tokens to be
processed, that processor will have an even higher memory
consumption, contrary to the goal of lightening the load. A
sendback mechanism might alleviate this concern, but this
approach would also provide additional work for the lightly
loaded processors who would have to deal with the events
sent back.

5.3 Space-Time Correlation

The correlation between the rate of memory usage and the
rate of increase in local virtual time for each processor dur-
ing the simulation of a shuffle-ring network is indicated
by experimental results presented by Choe [3]. As a con-
sequence of these results, the case was made that over-
consumption of memory is a sign of instability indicating a
disproportionate progress in virtual time compared to other
processors. However, this conjecture has not been formally
proven; a negative proof may have implications for the flow
control algorithm. Intuitively, if processor�� is ahead of
processor�� in memory consumption, then�� should with-
hold events from�� to not increase��’s memory consump-
tion; as well,�� should be free to send events to lower its
memory usage. In contrast, if processor�� is ahead of pro-
cessor�� in simulated time, a better course of action for
�� would be to send events to�� to roll it back as soon



as possible. In this case, allowing�� to send an unlimited
number of events risks flooding the simulation with com-
putation that would need to be rolled back. The correlation
between memory usage and virtual time progress requires
further analysis, especially as related to the principle of con-
servation of memory used by the flow control algorithm.

Our experiments were not conclusive with regard as to
which load metric shows the best promise for future re-
search. However, it appears that the space-time product as it
is currently calculated mirrors in behaviour the space met-
ric. The reason is that the memory size used to calculate the
product is measured in bytes. If the virtual time advances
very slowly compared to the increase of memory usage, the
space-time product is heavily weighed in the favor of mem-
ory and might not offer any new information.

6 Memory-Based Optimism Limiting
Schemes and Distributed Memory

Memory-based optimism limiting schemes have been suc-
cessfully implemented up to now on shared-memory mul-
tiprocessors. In shared-memory environments controlling
memory consumption serves a dual purpose: first, cache
performance is improved by increasing locality and decreas-
ing false sharing of virtual memory pages, and second,
harmful optimism is eliminated through the equivalent of a
simulated time window. To our knowledge no experiments
have been done to determine which of these two factors re-
sults in the biggest performance improvement.

However, the negative consequences of loss of spatial lo-
cality and false sharing of memory pages for optimistic
simulation have been extensively documented and found to
be significant [8, 5, 6]. The effects of poor cache perfor-
mance are exacerbated by the increasing gap between the
memory and CPU speed [11]. Furthermore, experiments
have shown that in shared-memory environments simula-
tion performance for a memory-intensive application is con-
siderably affected by the dense bus traffic. In contrast, the
same simulation in a distributed memory environment, lack-
ing the bus overcrowding, outperformed its shared-memory
counterpart by approximately 50% [1].

In the light of these results, it seems likely that simulations
executed in shared-memory environments will benefit more
from memory-based approaches to reducing Time Warp in-
stability than simulations in distributed-memory environ-
ments. Before extensive research is undertaken to design
a memory-based optimism limiting algorithm targeted to-
wards a distributed-memory environment, it would be useful
to ascertain the degree of performance improvements that
can be expected from such an algorithm. The implemen-

tation in a distributed-memory environment of a memory-
based algorithm which has been proven successful at lim-
iting optimism in shared-memory environments would pro-
vide valuable information in this regard.

7 Final Remarks

There are many options to be explored regarding the best
way to implement the learning automata and use their re-
sults, and each one has its own advantages and drawbacks.
Clearly more experimentation is necessary before an effec-
tive version of the flow control algorithm can be imple-
mented on a network of workstations. But before this work
can be undertaken it has to be established the extent to which
controlling the memory consumption in optimistic simula-
tion can improve stability and performance in a distributed
memory environment. It is possible that in such an envi-
ronment methods that directly limit optimism have the best
chance of success.
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Abstract: Cordless handsets allow a user to make and receive calls anywhere within the range of the base 
stations.  The base stations provide the low power cellular radio communications to the cordless handsets.  The 
performance of the cordless equipment should be monitored to ensure that calls are not being lost.  Users may be 
aware of some lost calls because they were talking at the time the call failed.  They would not be aware of any 
incoming calls that fail to ring their handsets.  Any lost calls could result in loss of business. This paper 
highlights the limitations of local monitoring. It explores some examples of remote monitoring connected with 
network management and rail transportation to see whether the technologies used can enhance the collection of 
cordless statistics on Hicom. It successfully combines technologies from the different examples to control the 
collection of cordless statistics on the remote telecommunication equipment.  It uses a well-established client-
server technology in a new way.  It does not use it in the normal way to return information in a web page.  
Instead, it uses it to control the starting and stopping of the statistics collection. 
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1. INTRODUCTION 

Siemens Information and Communication 
Networks designs, develops, manufactures, and 
markets telecommunication equipment (termed 
“switch”) that supports cordless equipment.  Figure 
1 shows a typical Hicom switch with private 
cordless equipment, telephones, and a local 
administration and service terminal connected to 
the Public Network. 

Cordless handsets allow a user to make and receive 
calls anywhere within the range of the base stations.  
The base stations provide the low power cellular 
radio communications to the cordless handsets.  
The performance of the cordless equipment should 
be monitored to ensure that calls are not being lost.  
Users may be aware of some lost calls because they 
were talking at the time the call failed.  They would 
not be aware of any incoming calls that fail to ring 
their handsets.  Any lost calls could result in loss of 
business. 

The goal of this paper is to investigate alternative 
monitoring scenarios and subsequently, produce a 
control mechanism that starts and stops the 
monitoring, which can be applied to a commercial 
product. 

Section 2 highlights the limitations of local 
monitoring and investigates remote monitoring as 
an alternative to local monitoring.  It explores two 
examples of remote monitoring (network 

management and rail transportation) to see whether 
the technologies used can be applied to cordless. 

Section 3 proposes remote collection of the 
statistics using a well-established client-server 
technology.  It focuses on the control aspects of the 
remote collection system and shows how the 
chosen technology can be used to convey the user’s 
requests between different parts of the system.  To 
protect customers’ investment, the chosen 
technology must run on both old and new Hicom 
switches.  This limits the choice to those 
technologies that are supported on old switches. 

Section 4 surveys different variants of the client-
server technology and considers how appropriate 
they are to the proposed solution. 

 
Figure 1 - Typical Private Cordless 

Telecommunication Equipment 



 

Section 5 outlines tests performed and tools used to 
gauge how successful the chosen client-server 
technology is in meeting its requirements.  It 
identifies security issues with the chosen 
technology and proposes using a more secure form 
for telecommunication equipment. 

2. LIMITATIONS OF LOCAL MONITORING 

Section 1 highlighted the importance of monitoring 
the cordless equipment to ensure that it provides the 
best service and that cordless calls are not lost. 

The switch can measure and record many different 
aspects of cordless calls.  It records the number of 
times a particular aspect has occurred since the 
switch was last reset.  This provides an absolute 
measurement rather than a historical record over 
time. 

The recorded information is accessed using a 
proprietary management interface.  An engineer can 
generate historical information by manually 
invoking the collection commands on a periodic 
basis, collecting their output, extrapolating the 
current values, and comparing them with the 
previous values.  Even on a small switch, the 
collection commands can generate hundreds or 
thousands of lines of textual output. 

There are two ways of accessing the management 
interface; locally or remotely through a modem.  
The main problem with the remote connection is 
the speed of the modem link especially with the 
amount of textual output generated.  Sometimes, 
the periodic period is increased because of the time 
it takes to receive the generated output.  This could 
affect the worth of the historical data. 

Hence, when monitoring produces a large amount 
of data, the most efficient way to collect it is to 
send an engineer to site with a laptop to locally 
collect the statistics.  This process is very expensive 
in time and manpower. 

The statistics are collected in blocks of 15 minutes.  
Whilst, the statistics are being collected, the 
engineer must remain on site.  A typical site visit to 
collect the statistics is 3 hours plus travel time. 

However, when monitoring produces a small 
amount of data, it can be remotely collected 
through a modem. 

ALTERNATIVE MONITORING APPROACH 

The previous section highlighted the cost of local 
monitoring.  This section investigates remote 
monitoring as an alternative to local monitoring.  
There are many published examples of remote 

monitoring.  This section considers two examples; 
network management and rail transportation. 
Remote Monitoring Example - Network 
Management 

Network Management Systems are a typical 
example of remote monitoring.  Typically, a central 
network manager polls the nodes, collects data from 
them, processes it, and presents it in a visual form 
to a human operator. 

Kooijman (1995) and Gavalas et al. (2000) propose 
using agents to reduce the amount of data passed 
between the nodes and the server and the amount of 
processing done by the server. 

The current cordless monitoring approach is 
inefficient because it transfers so much data. 

Network management and agent technology have 
not been explored further because agent technology 
is not supported on old switches. 

Remote Monitoring Example – Rail 
Transportation 

Nieva, Fabri, and Wegmann (2001) and Fabri, 
Nieva, and Umiliacchi (1999) developed “ a web-
based monitoring tool for trains … [that] allow[ed] 
maintenance staff to supervise railway equipment 
from anywhere at anytime.” (Nieva, Fabri, and 
Wegmann 2001, p1) 

They identified the significant benefits including; 
reduced development, installation, and maintenance 
personal travel costs.  These cost savings are just as 
pertinent for a service organisation. 

They developed and compared three prototypes 
based upon different technologies; HTTP with CGI, 
Java RMI, and HTTP with XML.  The prototypes 
were used to monitor a single device on a train, all 
devices on a single train, and all devices on a fleet 
of trains, respectively. 

They found that the CGI approach was a “fast-to-
develop and elegant [solution]” (Fabri, Nieva, and 
Umiliacchi 1999, p12) that suffered from using a 
proprietary protocol between the client and the 
server. 

The Java RMI approach pushed the data from the 
server whilst both HTTP approaches pulled it.  
Nieva, Fabri, and Wegmann found firewall security 
problems with pushing the data.  The main 
advantage of pushing over pulling is the reduction 
in communication overhead because the data is 
only sent when it changes. 

The XML approach enabled the data and its 
meaning to be sent to the client.  This allows the 
data to be interpreted by the client. 

Nieva, Fabri, and Wegmann compared the 
performance of the three prototypes for one and ten 



updates.  They found that the HTTP approach is 
slower than the Java RMI approach, and “the 
difference between the performances of Java RMI 
against HTTP will increase as we increase the 
number of updates.” (Nieva, Fabri, and Wegmann 
2001, p5). 

The two HTTP approaches, HTTP with CGI and 
HTTP with XML, could both be used to collect the 
cordless statistics.  The CGI approach is quicker to 
develop than the XML approach but the XML 
approach would allow for future enhancements as 
the data and its meaning are both collected.  
However, the CGI approach operates faster than the 
XML approach as less data is being transferred 
between the switch and the control centre. 

The Java RMI approach is not appropriate to 
cordless because it uses Java technology on both 
the client and the server.  The Java technology 
could be added to new switches but is not supported 
on old switches. 

3. THEORY OF NEW IDEA 

The previous sections highlighted limitations with 
local monitoring and investigated remote 
monitoring as an alternative.  This section proposes 
a remote collection system for Hicom using a 
client-server technology. 

There are a number of aspects to the remote 
collection system; controlling the starting and 
stopping of the collection process, running the 
collection commands, processing and transferring 
the collected data.  Section 3.1 describes the remote 
cordless collection scenario that the new idea must 
work within.   

The remainder of this paper focuses on the control 
aspect between the Manager and the Hicom switch 
using a client-server technology.  It does not 
address the collection process, which uses an 
established mechanism. 

3.1 Remote Cordless Collection Scenario 

Figure 2 shows the remote cordless collection 
scenario.  There are three areas; the Administration 
and Service (A&S) Client, the A&S Platform on an 
Intel-based Server (termed “the Manager”), and the 
A&S Platform on a proprietary card (ADP) 
installed within the Hicom switch (termed “the 
Assistant”).  The Manager can remotely access one 
or more Assistants. 

A user logs onto the Manager to control and view 
the statistics on the Hicom switch.  When the user 
starts or stops the data collection, the request is 
conveyed through the Manager to the Assistant.  
The Assistant periodically collects the data from the 
Hicom switch by invoking the collection commands 

and analysing their output.  Subsequently, the 
Manager remotely collects the processed data from 
the Assistant. 

 

Figure 2 - Remote Cordless Collection Scenario 

Overview of Control using Client-Server 
Technology 

The control aspects of the remote collection system 
are the passing of the user’s requests (i.e. start 
collection and stop collection) from the Manager to 
the Assistant.  To protect customers’ investment, 
the chosen client-server technology must run on 
both old and new Hicom switches.  This limits the 
choice to those technologies that are supported on 
old switches.  This means that it must be a well-
established technology rather than one developed in 
the last few years. 

The Apache web server and Common Gateway 
Interface (CGI) were chosen.  They are freely 
available, UNIX-based, non-proprietary and widely 
used. 

CGI is used to convey the user’s requests to the 
Assistant.  Normally, CGI is used to return a web 
page to the client but the remote cordless collection 
system uses it to control the collections.  The 
alternative CGI invocations that can be used to 
convey these requests are described later. 

Using CGI allows remote access through the 
Internet, Intranet, or any other open network to the 
telecommunication equipment.  There is concern 
that such access will allow the telecommunication 
equipment to be more open to attack.  As it is 
impossible to eliminate these attacks, their effects 
must be minimised. 

Whilst, the CGI script is being invoked, there is 
very limited feedback.  It does not return success or 
failure.  This minimises the information returned to 
a potential hacker.  In addition, a barrier is required 
between the CGI script interface and the rest of the 
collection process.  The barrier must utilise 



minimum resources; memory and processor.  A 
natural barrier is the creation and deletion of a 
control file.  To ensure that the barrier is effective, 
the CGI script interface must not allow; any user 
input to be executed by the system or the user to 
interrupt it and take control. 

Figure 3 shows an overview of the remote 
collection system focusing on the control aspects. 

 

Figure 3 - Remote Collection Overview – 
Control Aspects 

CGI Invocations 

CGI is used to convey the user’s request from the 
Manager to the Assistant.  Figure 4 shows two 
alternative invocations. 

 

 
Figure 4 - Alternative CGI Invocations 

The simplest CGI invocation is the GET method.  
The user’s request is appended to the URL.  The 
GET method is very insecure.  The URL and the 
user’s request can appear in the browser location 
bar and be logged by any system the request travels 
through.  With no GUI, there is no browser location 
bar so the only concern is the logging by other 
systems.  

An alternative CGI invocation is the POST method.  
The user’s request is transmitted immediately after 
the URL.  One advantage of this method is the 
unseen data.  The Manager requires unseen data to 
hide the security measures. 

Kargl, Maier, and Weber (2001) identify that a 
system can be attacked at different levels.  This 
section focuses on the user’s request protocol 
between the Manager and the Assistant.  Eronen 
(2001) and Moore, Voelker, and Savage (2001) 
identify the difficulties in detecting and tracing 
flood attacks, which consume CPU and memory 
resources.  Eronen and Meadows (2000) identify 
countermeasures to distinguish the valid requests 
from the rogue requests. 

As the GET and POST invocations have no 
protection against denial of service attacks, security 
measures or a commercial product (e.g. Password 
Hurler Protection) are required to reduce the effect 
of flood attacks. 

The security measures enable the Assistant to 
validate the user request with minimum processing 
and memory utilisation.  It can check IP address of 
the visitor, the content length, and key value pairs.  
If the request is invalid, it is immediately ignored 
and nothing is returned.  This behaviour is loosely 
based on Gong and Syverson’s (1995) fail-stop 
protocol. 

Gong and Syverson state that “A fail-stop protocol 
automatically halts when there is any derivation 
from the designed protocol execution path.” (Gong 
and Syverson 1995, p2).  The user’s request 
protocol conforms to Gong and Syverson’s 
Definition 1 (Fail-Stop Protocol) (Gong and 
Syverson 1995, p3) because it returns nothing if the 
request is invalid.  However, this is the only 
conformance because it uses weak not strong 
authentication. 

Eronen and Moore, Voelker, and Savage report that 
attackers will often forge or “spoof” the source IP 
address so that they can not be traced.  Therefore, 
the source IP address must be checked. 

Three different levels of checks can be performed: 

1. Does the source IP address exist in the HTTP 
request?  Some surfers forcibly remove their 
address from their request.  As the user’s request 
protocol always sends the address, any HTTP 
request received without an address must be an 
attack. 

2. Is the IP address valid?  It is very difficult for 
the recipient to check the validity of an IP address.  
It can check it is in the right range but it can not 
check that it equates to a valid location.  The 
attacker probably selected the address at random.  
The location may not exist or it may be the address 



of an innocent third party.  Hence, this check is 
fallible and should not be used.  

3. Is the IP address trusted?  The Assistant could 
hold a list of the Manager IP addresses.  Whenever, 
it received an HTTP request, it could validate the 
source IP address received against the list of 
Manager IP addresses.  If there was no match, the 
HTTP request must be an attack.  Unfortunately, it 
could also mean that a valid request was received 
from a Manager but the list has not been updated 
yet.  The validity checks consume time, CPU, and 
memory resources.  The amount of resources used 
depends on the number of Managers and the 
position of the received address in the list.  
Therefore, this check should be used as a last resort. 

Meadows and Eronen identify that alternative 
techniques are required “to prevent attacks which 
employ IP spoofing.” (Eronen 2001, p4).  Meadows 
proposes authentication whilst Eronen proposes 
cookies. 

The HTTP request could contain an additional key 
value pair, which is authenticated by the Assistant.  
If the Assistant detected an invalid key value pair, 
the request must be an attack.  This approach is not 
appropriate to the GET method because the security 
measure could be logged and sent in subsequent 
attack requests. 

The website for the Password Hurler Protection 
(www.passwordhurlerprotection.com) states that 
“[it] stops brute force attacks on your web site… 
[it] works by logging the IP address of all failed 
logins (401 Errors) and then it blocks users based 
upon the number of failed logins within a specific 
period of time.” 

This level of protection is valid for many 
commercial web sites and may be appropriate for 
telecommunication equipment.  In the case of the 
Assistant, the alternative approach of validating 
known Manager IP addresses and blocking all other 
addresses should consume fewer resources than 
logging and blocking failed logins especially if the 
failed logins are mounting a distributed denial of 
service attack. 

4. DEVELOPMENT OF CGI SCRIPT 
INTERFACE 

There are a number of alternative CGI approaches.  
This section provides a comparative survey of the 
different approaches and considers how appropriate 
they are to the proposed solution. 

Shah and Darugar (1998), Venkitachalam and 
Chiueh (1999), Wu, Wang, and Wilkins (2000) and 
Dumitrescu (1998) all identify that CGI has an 
inherent performance problem because separate 
processes are created to handle each client request.  

They all highlight the overheads incurred in forking 
a new process. 

New approaches have been developed to overcome 
the performance problems.  Some are proprietary 
Server APIs (e.g., mod_perl) whilst others are 
modifications to the CGI execution architecture 
(e.g., FastCGI, LibCGI, and VEP). 

Mod_perl (http://perl.apache.org/guide) brings 
together the PERL application and the Apache web 
server into one process. 

FastCGI is described by Venkitachalam and Chiueh 
and on the FastCGI web site 
(http://www.fastcgi.com, Brown 1996a, Brown 
1996b & Open Market 1996).  It runs as a persistent 
process thereby eliminating the overheads of 
creating a new process. 

Venkitachalam and Chiueh advocate a high-
performance CGI architecture, LibCGI.  The CGI 
script is compiled into a shared library that executes 
in the web server’s address space.  It avoids the 
overhead of executing the forked process. 

Shah and Darugar cite a high performance 
architecture using Binary Evolution’s VelociGen™  
interface (see Shah and Darugar 1998, p2).  They 
describe VelociGenforPerl™  (VEP) which 
“combines the performance associated with server 
APIs with the benefits of CGI.” (Shah and Darygar 
1998, p2). 

Table 1 shows a comparative summary analysis of 
the five approaches.  The information has been 
extracted from the referenced papers. 

 

Table 1 - Comparative Summary Analysis of 
CGI Approaches 



Two of the important attributes in the above table 
which significantly effect performance and security 
are separate isolated process and persistent process. 

With a separate isolated process, a CGI based 
application crash will not bring down the entire web 
server.  If they shared the same process space, the 
application can corrupt, crash, or compromise the 
web server.  The application could even access the 
session keys for the encryption.  Venkitachalam and 
Chiueh describe LibCGIs solution to sharing the 
same process space so that the application does not 
corrupt, crash, or compromise the web server. 

Persistent processes do not die when they have 
finished handling a request.  Instead, they wait 
around for a new request. 

Venkitachalam and Chiueh compare LibCGI with 
two alternative solutions, FastCGI, and mod_perl.  
They conclude “LibCGI improves the CGI script 
execution throughput over FastCGI by a factor of 
2.3, and over conventional CGI model by a factor 
of 3.9 to 4.6.”  They compared performance at the 
machine level and across the network. 

Kothari and Claypool (1999) also measured and 
analysed the performance of CGI and FastCGI for 
input data size, output data size, disk read, disk 
write, and computation.  They found that “CGI and 
Fast CGI perform effectively the same under most 
low-level benchmarks.” 

A Technical White Paper on FastCGI (Open 
Market 1996) compared FastCGI with CGI and 
concluded that FastCGI was 5 times faster than 
CGI. 

Shah and Darugar compared VEP with CGI and 
concluded that VEP was up to 20 times faster than 
CGI. 

In contrast, Wu, Wang, and Wilkins conclude that 
“CGI solutions are appropriate for small 
applications with a limited amount of client access 
… with the trade-off being the performance 
penalty.” (Wu, Wang, and Wilkins 2000, p10) 

This implies that CGI can be used to control remote 
monitoring (i.e. starting and stopping) because the 
requests occur very infrequently.  Typically, there 
will be one request to start the monitoring and 
another some time later to stop it. 

The High Performance Common Gateway Interface 
Invocation paper by Venkitachalam and Chiueh 
covering CGI performance problems, LibCGI, 
FastCGI, and mod_perl were evaluated.   

The conclusions were; 

• There are recognised performance problems 
with CGI, 

• New approaches have been developed that 
overcome these problems, 

• The new approaches are not appropriate to the 
control of remote collection of cordless statistics.  
As there are minimal requests between the Manager 
and the Assistant, any performance problems with 
CGI are not seen as an issue. 

• Therefore, CGI will be used to convey the 
user’s request from the Manager to the Assistant. 

The CGI script interface only runs on the ADP (see 
Figure 2).  The operating system on the ADP is 
UnixWare.  The UnixWare operating system 
provides a comprehensive environment with many 
shells, commands, functions, and tools. 

The environment influences the form (e.g. 
executable or shell script) and choice of the 
programming language (e.g. C, C++, or Perl) for 
the CGI program. 

An important aspect of the control using client-
server technology proposal is the barrier between 
the CGI script interface and the rest of the remote 
collection system.  The barrier is achieved through 
the creation and deletion of a control file. 

Two Bourne shell scripts are used; one to create the 
control file and the other to delete it.  The Bourne 
shell scripts were used in preference to an 
executable because when they are called, a new 
process is not created so there are no additional 
overheads. 

This leaves the choice of the programming 
language for the CGI program.   

Gundavaram states that “Perl is by far the most 
widely used language for CGI programming!” 
(1996, p11).  He cites one of the advantages of Perl 
as “It makes calling shell commands very easy, and 
provides some useful equivalents of certain UNIX 
system functions.” (1996, p11). 

With this recommendation and the two Bourne 
shell scripts already developed, Perl was the 
obvious choice for the CGI program especially as 
Gundavaram (1996, p65) has a standard CGI PERL 
script that can be used.  The only additions required 
are the recognition of the key-value pairs and the 
calling of the Bourne shell scripts. 

5. RESULTS AND DISCUSSION 

With the controlling of the remote collection 
system, two separate functional tests are required to 
test the CGI script interface; one to start the 
collection and the other to stop it.  In both cases, the 
URL is invoked and the correct operation was 
tested and checked.  The start request created the 
control file whilst, the stop request deleted it. 

The tests were successful.  They clearly 
demonstrated that the cordless collection could be 
remotely started and stopped across the Siemens 



network.  The switch was located in the lab and the 
testing was carried out from a PC in the office. 

The CGI invocations using the GET method were 
easily tested using the Internet Explorer browser to 
invoke the URLs from the address line.  As this 
approach does not work for the POST method, 
alternative approaches were investigated.  A free 
command line tool, cURL (http://curl.haxx.se), was 
found which can transfer files with URL syntax.  It 
supports many different aspects of client-server 
technology.  It was successfully used to test the 
normal and error behaviour of the CGI script 
interface. 

Although the tests were successful, they did 
identify security issues with the simple CGI script 
interface.  It minimised attacks but did not prevent 
unauthorised access.  Hence, a more secure CGI 
invocation is required for telecommunication 
equipment. 

The following paragraphs outline the principles of 
secure CGI within the context of conveying user’s 
requests from the Manager to the Assistant. 

First, all communication between the Manager and 
the Assistant uses HTTPS (HTTP over SSL) rather 
than the standard HTTP.  Therefore, all information 
exchanged between the Manager and the Assistant 
is encrypted.  This includes the header, URL, 
posted data, and any cookies.  The name of the 
server is not encrypted because it is used to route 
the request.  Encryption does not stop any system 
the request travels through from seeing the 
information; it just makes it difficult for them to 
decode.  With HTTPS and no GUI, the security 
measures can be placed in the URL and/or the 
posted data. 

Secondly, authentication and/or cookies are 
required to distinguish the authorised accesses from 
the unauthorised ones. 

With secure CGI invocation, the user is expected to 
login before the URL is invoked.  If the user 
attempts to invoke a URL before they have logged 
in, they are automatically redirected to a login page.  
When they have successfully logged in, the original 
URL is automatically invoked.  Therefore, the 
Assistant must be able to determine if the user is 
already logged in. 

There are two possibilities; the user name is sent in 
every request and the server checks that the 
particular user has already logged in, or a cookie is 
sent in every request after the user has logged in.  
As the initial request has no cookie, the automatic 
redirection to the login page occurs.  When the user 
has successfully logged in, the server puts a cookie 
onto the client, which is returned in subsequent 
requests. 

As the cookie is a simpler and more efficient 
approach than searching for logged on user names, 
they are used in this invocation. 

Unfortunately, with the user’s requests, there is no 
browser or logged on user, there is only an 
executable running on the Manager invoking a 
URL on the Assistant.  The executable could detect 
the login page and login but the user name and 
password would have to be hard coded or easily 
available.  This presents a number of security 
problems.   

For example, hard coded passwords can be easily 
detected and difficult to change.  As the password 
should be changed on a regular basis to avoid 
misuse, hard coded passwords should not be used. 

Therefore, an alternative approach to user name and 
password is required. 

The Photuris Specification (RFC 2522) outlines 
some basic requirements for cookie generation.  
They include: 

 “1. The cookie MUST depend on the specific 
parties … 

2. It MUST NOT be possible for anyone other 
than the issuing entity to generate cookies that will 
be accepted by that entity.  This implies that the 
issuing entity will use local secret information in 
the generation and subsequent verification of a 
cookie. … 

 3. The cookie generation and verification 
methods MUST be fast to thwart attacks … ” (Karn 
and Simpson 1999, p19). 

These requirements can be adapted to allow a 
Manager to open a session to the Assistant.  Figure 
5 shows a secure CGI invocation between the 
Manager and the Assistant. 

 
Figure 5 - Secure CGI Invocation between 

Manager and Assistant 

The initial request can include a cookie, which 
identifies the Manager, the Assistant, and type of 
request.  The Assistant can use these details to 
verify that the request has come from a Manager.  
Subsequently, the Assistant can return a cookie, 



which is sent in subsequent requests from the 
Manager. 

Therefore, Managers and Assistants can easily 
distinguish between valid requests and responses, 
and can determine unauthorised access and 
potential attacks by the existence or not of valid 
cookies.  If an invalid cookie is detected, it must be 
an unauthorised access or attack and the request is 
simply ignored. 

The tests were successfully repeated using the 
secure CGI invocations.  The Manager detected and 
ignored unauthorised accesses. 

6. CONCLUSIONS 

This paper highlighted limitations with local 
monitoring and found that remote monitoring was a 
viable alternative. 

This paper explored two examples of remote 
monitoring; network management and rail 
transportation.  These examples were chosen 
because they are monitoring real time systems, 
which have similar characteristics to 
telecommunication equipment.  The examples 
identified a number of underlying technologies that 
could be used for the collection of cordless 
statistics; agents, HTTP with CGI, Java RMI, and 
HTTP with XML. 

To protect customers’ investment, the remote 
collection solution had to work on both old and new 
Hicom switches.  Some technologies (e.g. agents 
and Java RMI) had to be discarded because they 
were not available on old switches.  Other 
technologies (e.g., HTTP with XML) were not 
suitable because of large memory footprints or 
performance problems. 

The chosen underlying technology was HTTP with 
CGI.  The remote collection solution did not use 
CGI in the normal way to return the collected 
statistics in a web page.  Instead, it used it to 
control the starting and stopping of the cordless 
statistics.  No feedback was given in order to 
confuse any potential hackers. 

This paper investigated the performance problems 
of CGI including surveying alternative CGI.  It 
concluded that any performance problems were not 
an issue because there are minimal CGI requests 
when CGI is used to control. 

This paper recognised that CGI is not a secure 
technology.  It investigated alternative CGI 
invocations with different security measures that 
included verifying the source IP address, using 
HTTPS, adding key value pairs and cookies to 
distinguish between valid and invalid requests 
between Managers and Assistants. 

Finally, the goals of this paper were met as the 
proposed solution was adopted in the Siemens 
HiPath 4000 Administration and Service Product to 
control the collection of the cordless statistics from 
switches. 

ABBREVIATIONS 

The following abbreviations have been used in this 
paper: 

A&S -  Administration and Service 
ADP -  Administration Data Processor 
CGI -  Common Gateway Interface 
CPU - Central Processing Unit 
GUI - Graphical User Interface 
HTTP - HyperText Transfer Protocol 
HTTPS -HyperText Transfer Protocol Secure 
ICN - Information and Communication Networks 
IP -  Internet Protocol 
PSTN -  Public Switch Telecommunication 
Network 
RFC - Request For Comment 
RMI - Remote Method Invocation 
SLC -  Subscriber Line Cordless 
SSL - Secure Sockets Layer 
URL - Uniform Resource Locator 
XML - Extensible Markup Language 
 

ACKNOWLEDGMENTS 

I would like to thank Siemens ICN and especially 
my immediate management; Mr. Roger Andrews, 
Mr. Paul Erckens, Mr. Jeff Conway, and Mr. 
Graham Underwood for giving me the opportunity, 
time, and support to do the MSc and this paper. 

Finally, I owe a lot of gratitude and thanks to my 
wife Mrs. Janet Simner and children David and 
Andrew for their love, support, and encouragement 
whilst doing this paper. 

AUTHOR 

John Simner is a senior software 
engineer in Siemens’ Design 
Services at Nottingham, U.K..  
He graduated from the 
University of Birmingham in 
1978 with a BSc with Honours 
Class I in Electronic and 
Electrical Engineering.  He has 

worked in the Telecommunication Industry for over 
25 years, working on real-time embedded and 
application software in C, C++, and Java.  
Currently, he is part of a team enhancing a web-



based administration and service (A&S) product 
developed by Siemens Information and 
Communication Networks.  He was part of the first 
cohort on a MSc course set up between NTU and 
Roger Andrews Siemens’ Head of Engineering.  
This paper is taken from his MSc. project which 
developed an application that remotely collected 
Cordless Telecommunication statistics from HiPath 
4000 telecommunication equipment. 

REFERENCES 

BROWN, M.R., 1996a.  FastCGI: A High-
Performance Gateway Interface.  Open Market, 
Inc.  <http://www.fastcgi.com.devkit/doc/www5-
api-workshop.htm> (3 July 2002) 
 
BROWN, M.R., 1996b.  Understanding FastCGI 
Application Performance.  Open Market, Inc.  
<http://www.fastcgi.com.devkit/doc/fcgi-perf.htm> 
(3 July 2002) 
 
DUMITRESCU, R.A., 1998.  Two-stage 
Programming via the Client-Servlet-Coprocess 
Interaction Model.  University of Basel, 
Switzerland. 
(Source http://citeseer.nj.nec.com/77511.html 
Cached: PDF, 12 June 2002) 
 
ERONEN, P., 2001.  Denial of service in public 
key protocols. 
Helsinki University of Technology. 
(Source 
http://citeseer.nj.nec.com/eronen01denial.html 
Cached: PDF, 11 May 2002) 
 
FABRI, A., NIEVA, T. & UMILIACCHI, P., 1999.  
Use of the Internet for Remote Train Monitoring 
and Control: the ROSIN Project. 
Paper appeared in the Proceedings of Rail 
Technology ’99, London, September 1999. 
(Available 
http://icawww.epfl.ch/nieva/thesis/Conferences/Rai
lTech99/article/RailTech99.pdf) 
 
GAVALAS, D., GREENWOOD, D., GHANBARI, 
M. & O’MAHONY, M., 2000.  Advanced 
Network Monitoring Applications Based on 
Mobile/Intelligent Agent Technology. 
University of Essex, Colchester, UK & Fujitsu 
Telecommunications Europe Ltd., UK. 
(Source http://citeseer.nj.nec.com/268291.html 
Cached: PDF, 18 July 2002) 
 
GONG, L. & SYVERSON, P., 1995.  Fail-Stop 
Protocols: An Approach to Designing Secure 

Protocols.  SRI international, Menlo Park, 
California. 
Paper to appear in Proceedings of IFIP DCCA-5, 
Illinois, September 1995. 
(Source http://citeseer.nj.nec.com/49099.html 
Cached: PDF, 11 May 2002) 
 
GUNDAVARAM, S., 1996.  CGI Programming 
on the World Wide Web.  1st ed. 
Sebastopol, CA: O’Reilly & Associates, Inc. 
 
KARGL, F., MAIER, J. & WEBER, M., 2001.  
Protecting Web Servers from Distributed Denial 
of Service Attacks.  University of Ulm, Germany. 
(Source http://citeseer.nj.nec.com/444367.html 
Cached: PDF, 11 May 2002) 
 
KARN, P. & SIMPSON, W., 1999.  Photuris: 
Session-key Management Protocol. 
Network Working Group,  Request for Comments 
2522 (RFC 2522),  Category: Experimental. 
(Source http://rfc.sunsite.dk/rfc/rfc2522.html, 8 
September 2002) 
 
KOOIJMAN, R., 1995.  Divide and conquer in 
network management using event-driven 
network area agents. 
(Source 
http://citeseer.nj.nec.com/Kooijman95divide.html 
Cached: PDF, 18 July 2002) 
 
KOTHARI, B. & CLAYPOOL, M., 1999.  
Performance Analysis of Dynamic Web Page 
Generation Technologies.  Computer Science 
Technical Report Series.  WPI-CS-TR-99-12 
Worcester Polytechnic Institute, Massachusetts. 
(Source http://citeseer.nj.nec.com/119628.html 
Cached: PDF, 12 June 2002) 
 
MEADOWS, C., 2000a.  A Cost-Based 
Framework for Analysis of Denial of Service in 
Networks.  Naval Research Laboratory, 
Washington, DC 20375. 
(Source http://citeseer.nj.nec.com/375643.html 
Cached: PDF, 11 May 2002) 
 
MEADOWS, C., 2000b.  A Framework for 
Denial of Service Analysis. 
Naval Research Laboratory, Washington, DC 
20375. 
(Source http://citeseer.nj.nec.com/484887.html 
Cached: PDF, 11 May 2002) 
 



mod_perl guide.  
<http://perl.apache.org/guide/intro.htm> (3 July 
2002) 
 
MOORE, D., VOELKER, G.M. & SAVAGE, S. 
2001.  Inferring Internet Denial-of-Service 
Activity.  University of California, San Diego. 
(Source 
http://citeseer.nj.nec.com/moore01inferring.html 
Cached: PDF, 11 May 2002) 
 
NIEVA, T., FABRI, A. & WEGMANN, A., 2001.  
Remote Monitoring of Railway Equipment using 
Internet Technologies.  Swiss Federal Institute of 
Technology (EPFL), Lausanne, Switzerland & 
ABB Corporate Research Ltd., Baden, Switzerland. 
(Available 
http://icawww.epfl.ch/nieva/thesis/TechnicalReport
s/RMREIT/TR01_018.pdf) 
 
Open Market, Inc., 1996, Technical White Paper.  
Fast CGI: A High-Performance Web Server 
Interface.  
<http://www.fastcgi.com.devkit/doc/fastcgi-
whitepaper/fastcgi.htm> 
(3 July 2002) 
 
SHAH, A. & DARGAR T., 1998.  Creating High 
Performance Web Applications Using Perl, 
Display Templates, XML, and Database 
Content.  Binary Evolution, Inc. 
(Source http://citeseer.nj.nec.com/112243.html 
Cached: PDF, 11 June 2002) 
 
VENKITACHALAM, G. & CHIUEH, T., 1999.  
High Performance Common Gateway Interface 
Invocation.  State University of New York at Stony 
Brook, Stony Brook, NY. 
(Source http://citeseer.nj.nec.com/77638.html 
Cached: PDF, 11 June 2002) 
 
WU, A.W., WANG, H. & WILKINS, D., 2000.  
Performance Comparison of Alternative 
Solutions For Web-To-Database Applications.  
Proceedings of the Southern Conference on 
Computing.  The University of Southern 
Mississippi, October 26-28, 2000. 
(Source http://citeseer.nj.nec.com/428587.html 
Cached: PDF, 11 June 2002) 
 



CASE STUDY OF 100% TEST COVERAGE 

J.C. SIMNER*, J. CONWAY*, T. OSMAN** and D. AL-DABASS** 

* Siemens Communications  
Technology Drive, Beeston, 

 Nottingham, NG9 1LA. 
john.simner@siemens.com 

** School of Computing & Mathematics 
The Nottingham Trent University 

Nottingham, NG1 4BU. 
taha.osman@ntu.ac.uk 

 
Abstract: Telecommunication software is expected to have a long lifespan during which many developers will 
add new features, modify existing features, or correct bugs.  The software must be understandable, reliable, and 
maintainable otherwise the additions and modifications will take longer to develop and introduce further errors. 
Siemens has a software development process, which includes Fagan inspections, module testing, integration 
testing, internal, and customer field trials.  The Quality Plan for a large software development stated that the 
developed software will be subject to either “100% code reviews and normal levels of testing” or “No code 
reviews and 100% testing”. This paper tries to determine whether “100% testing with no code reviews” is a 
viable alternative to “100% code reviews with testing” for commercial software products.  It provides a case 
study of a recently developed application that was subject to “100% testing and no code reviews”.  It uses a 
commercial tool to demonstrate the test coverage. 
 
Keywords: quality assurance, telecom software testing.   
 
1. INTRODUCTION 

Telecommunications plays an important role in any 
company’s business.  Modern private 
telecommunication equipment provides an 
extensive range of features which allows companies 
to manage their business more efficiently and 
effectively.  As their business, organisation, or 
needs evolve, it is imperative that the configuration 
of the installed equipment and network is changed 
to meet the new circumstances otherwise, the 
efficiency and effectiveness of their business may 
be less than it should be. 

Over the last two years, Siemens Information and 
Communication Networks have developed an 
enhanced Administration and Service (A&S) 
product which allows easier access to the 
configuration and performance data on Siemen’s 
range of telecommunication equipment.  Figure 1 
shows an overview of the A&S product (known as 
“HiPath 4000 Manager”). 

The HiPath 4000 Manager was developed by a 
multi-national and multi-site team, involving 800 
people worldwide, including Beeston, Munich, 
Berlin, Graz, and Boca Ratoon. 

The goal of this paper is to provide a case study of a 
recently developed application that was subject to 
100% testing and no code reviews. 

One of the applications developed for the HiPath 
4000 Manager (PmAmoProc) was chosen to be 
subject to 100% testing and no code reviews.  It is a 
standalone application that runs on the HiPath 
4000.  It periodically invokes collection commands, 
parses their output, and generates statistic reports, 

which are collected and handled by two other 
applications on the HiPath 4000 Manager. 

Section 2 reviews software inspection and testing 
techniques to determine whether “100% testing 
with no code reviews” or “100% code reviews with 
testing” are viable alternatives. 

Section 3 identifies a testing strategy that should 
achieve 100% test coverage using both black-box 
and white-box testing approaches. 

Section 4 uses the same to dynamically analyse the 
product and determine what percentage of the 
product was actually tested.  Initially, it identified a 
high percentage of untested paths.  The reasons for 
the untested paths were determined.  Additional 
tests were carried out until there was no further 
increase in test coverage.  100% test coverage was 
not achieved because some exception handling code 
could not be executed.  As this situation is not 
unique to this particular product, an additional 
utility is available to mark the exception branches.  
This effectively removes them from the metrics 
thereby achieving higher overall test coverage. 

 
Figure 1 – HiPath 4000 Manager Product 

Overview 



Section 4 concludes with a fault analysis of the 
errors found during testing and field trials to 
determine whether the decision made to perform no 
code reviews was correct or not. 

Section 5 summarises how well the chosen 
application met its goal and demonstrated reliability 
and maintainability.  It identifies that no code 
reviews and 100% testing leads to coding errors 
being detected in field trials that should have been 
found earlier. 

2. PRODUCT QUALITY 

Telecommunication software is expected to have a 
long lifespan during which many developers will 
add new features, modify existing features, or 
correct bugs.  The software must be understandable, 
reliable, and maintainable otherwise the additions 
and modifications will take longer to develop and 
introduce further errors. 

Siemens has a software development process, 
which includes Fagan inspections, module testing, 
integration testing, internal, and customer field 
trials.  The Quality Plan for the HiPath 4000 
Manager states that the developed software will be 
subject to either “100% code reviews and normal 
levels of testing” or “100% testing and no code 
reviews”.  This section explores how realistic this 
is. 

Table 1 shows the actual code review statistics for 
three modules in the HiPath 4000 Manager.  In 
summary 1454 lines of code were reviewed in 3 
hours consuming 16¼ person hours of effort and 
finding 16 defects. 

 

Table 1 - Code Review Statistics 

Laitenberger and DeBaud (1998) carried out a 
survey of Software Inspection Technologies.  He 
cites the work of Ackerman et al. (see Laitenberger 
and DeBaud 1998, p19) which reports the 
individual preparation and meeting time, per 
thousand lines of code, for code reviews, by two 
different development groups; 7.9 and 4.4, and 4.91 
and 3.32. 

The figures for HiPath 4000 Manager are 1.66 and 
2.62.  This shows that the review rate on HiPath 
4000 Manager compares favourable with other 
organisations whilst the preparation rate is 

substantially higher.  The difference may be due to 
knowledge, familiarity, or complexity of the code. 

In the HiPath 4000 Manager, there are 
approximately 14000 modules with 3.5 million 
lines of code.  At the above review rate, it would 
take 20 person years of effort to review all the code 
(assuming an 8 hour day and 20 working days per 
month). 

Laitenberger and DeBaud report that “part of the 
problem [with software inspections] is the 
perception that … [they] cost more than they are 
worth.” (Laitenberger and DeBaud 1998, p21). 

For example, is it worth spending 20 person years 
(@ £85K per person per year, total £1.7 million) 
inspecting 3.5 million lines of code.  Expressed in 
this way the general answer is no.  It is not 
economical or viable to do so.  

So, is 100% testing more realistic? 

Rushby (1991), Watson (1996), and Watson and 
McCabe (1996) all describe different testing 
methodologies.  They include; random, regression, 
thorough, and functional. 

Watson and McCabe identify that “[a] common 
approach to testing is based on requirements 
analysis.  A requirements specification is converted 
into test cases, which are then executed … “ 
(Watson and McCabe 1996, p2). 

This is a very easy approach to adopt.  If the 
software has been analysed and designed to meet 
the requirements then executing the test cases will 
fully test the software.  Watson and McCabe 
identify that the requirements are usually at a higher 
level than the code so a lot of the code will not be 
tested. 

Therefore, a lower level approach must be adopted.  
The code is inspected and a set of test cases is 
derived that test each and every statement, line, 
branch, variable, or path, through the code.  This is 
a manual method, which is very time consuming 
and error prone. 

Watson outlines the different testing criterions 
including; statement testing, code coverage, branch 
testing, data flow testing, and structured testing. 

Watson states that “Structured testing, also known 
as basic path testing, is a methodology for software 
module testing based on the cyclomatic complexity 
measure of McCabe.” (Watson 1996, piii and p1). 

The cyclomatic complexity measures the logical 
complexity of a module. 

Watson and McCabe state that “it gives the number 
of recommended tests for software.” (Watson and 
McCabe 1996, p7).  A module’s cyclomatic 
complexity is the minimum number of tests 



required to fully test the module.  It is a theoretical 
value, which may not be achievable in practice. 

Watson and Watson and McCabe both define and 
characterise cyclomatic complexity. 

Watson and McCabe cite the work of McCabe 
stating that “Structured testing is more theoretically 
rigorous and more effective at detecting errors in 
practice than other common test coverage criteria 
such as statement and branch coverage.” (Watson 
and McCabe 1996, p31). 

Watson identifies an automated approach to 
structured testing in which the source code is 
instrumented and writes a trace file of its execution.  
The McCabe INTEGRATED QUALITY™   toolset 
is a commercial tool that automatically instruments 
the source code and analyses the resultant trace file.  
The tool reports code, branch, and complexity 
coverage. 

There are very few papers on structured testing and 
the McCabe toolset.  There are many papers on 
metrics, some of which question the usefulness and 
theoretical foundations of the cyclomatic 
complexity metric.  In their defence, Watson and 
McCabe present many case studies that report 
successes with cyclomatic complexity. 

Finally, there is general concensus that 100% 
testing is feasible using an automated tool to record 
test coverage.  However, it is still a high risk 
strategy to perform 100% testing in preference to 
code inspections especially as Laitenberger and 
DeBaud reports that “available quantitative 
evidence [between 19-93% of all defects were 
detected by inspections] … indicates that 
inspections have had significant positive impact on 
the quality of the developed software and that 
inspections are more cost-effective than other 
defect detection activities, such as testing.” 
(Laitenberger and DeBaud 1998, p21). 

3. TESTING STRATEGY 

The case study adopted a two stage testing strategy.  
A black-box testing approach was carried out in the 
first stage with a white-box testing approach in the 
second stage.  These two approaches are not 
alternatives; they are complimentary.  They are 
normally applied at different stages in the 
development of the code.  This particular testing 
strategy was adopted to see how much test coverage 
was achieved by each approach. 

Black-box testing tests the functionality of the 
software at its interfaces.  The tests are usually 
performed at the end of the coding stage.  They 
check that the software meets its requirements.  
White-box testing (which includes basic path and 
control structure testing techniques) tests the code 
from a design perspective. 

With knowledge of the code and its data structures, 
a set of test cases can be derived that test the 
individual paths, controls, and data within the code.  
These tests can be performed whilst the code is 
being developed.  Experience has shown that most 
errors are logical ones.  They occur through 
incorrect equality tests (e.g. a < b, a <= b, etc.) and 
incorrect boundary conditions on loops.  These 
errors are easily detected by white-box testing. 

With white-box testing, 100% test coverage should 
be achieved but it takes a long time.  Whereas, with 
black-box testing, all of the functionality can be 
tested in a reasonable time frame but 100% test 
coverage may not be achieved.  The correct testing 
strategy will use the best combination of both 
approaches to find the maximum number of errors 
in the minimum time whilst ensuring maximum test 
coverage. 

The individual test cases are described in Appendix 
A. 

MCCABE DYNAMIC ANALYSIS OF 
PMAMOPROC APPLICATION 

A commercial tool, McCabe INTEGRATED 
QUALITY™  Test tool was used to measure and 
assess the effectiveness of the testing strategy.  The 
tool automatically instruments the source code so 
that it can identify what has been covered.  It 
supports a number of different module testing 
methodologies; structured testing, design path 
coverage, branch coverage, slice coverage, and 
Boolean coverage (McCabe 2001, p116). 

Path, code, and branch coverage are all used to 
assess how well the PmAmoProc application is 
tested using the test cases defined in appendix A. 

 

Figure 2 - Class Coverage Metrics 

Figure 2 test cases 1 and 2 show the branch 
coverage for the six classes in PmAmoProc.  It 
clearly shows that only 52.4% to 69.6% branch 
coverage has been achieved by black-box testing.  
This confirms the Watson and McCabe (1996) 



finding that test cases based only on requirements 
do not test most of the code. 
 
The McCabe INTEGRATED QUALITY™  Test 
tool was used to identify untested paths, determine 
why they were not tested, and derive suitable test 
cases. 
The reasons for the untested paths were as follows: 

1. High Level Requirements - Watson and 
McCabe identified that requirements may be at 
higher level than the code so code inspection may 
be required to generate test cases.  This approach 
was used to generate the latter test cases listed in 
appendix A. 

2. Boundary Checks – All parameters received 
from the command line or external modules should 
be range checked/validated.  With embedded 
software and no debugging environment, it may be 
difficult to generate out of range values from 
external modules. 

3. Test Code – There are many different 
approaches to testing.  One approach is to write all 
the code then test it whilst an alternative approach 
is to write some of the code, test it, then write some 
more.  To perform incremental testing, test stubs or 
test options are added but rarely removed.  The 
additional code, tested or not, affects the test 
coverage metrics. 

4. Trace Code – It can be very difficult to debug 
embedded software on target hardware so trace 
statements are often added.  As they always effect 
performance, they must be enabled or disabled 
through compiler options or control files on the 
target hardware.  A control file is the preferred 
option because it allows tracing to be turned on and 
off in the field whilst the compiler option requires a 
new version to be built, distributed and installed.  
The software is often tested with tracing enabled.  It 
must also be tested with tracing disabled to ensure 
maximum test coverage. 

5. Unreachable Code – Sometimes modules (or 
code) are written that can never be reached.  For 
example, a class must always have a default 
constructor.  If the class also has a non-default 
constructor, the default constructor may never be 
called.  The additional code effects the test 
coverage metrics. 

6. Error/Exception Handling – Embedded 
software must detect and handle all error conditions 
(or exceptions) to ensure that the software 
continues to run and does not cause any problems.  
For example, if the application writes to a file, it 
must always check that the file has been 
successfully opened before it writes to it.  If it fails 
to open the file, it should log an error rather than 
write to it.  It is very difficult to test system errors 
and exceptions. 

7. Semaphore/Control Files – With multi-
threaded and multi-process applications, there is 
controlled access to shared resources.  With 
embedded software and no debugging environment, 
this may be difficult to test. 

8. Redundant Code – Sometimes modules are 
written but never called.  The additional code 
effects the test coverage metrics.  They should 
always be removed. 

9. Coding Error – Sometimes coding errors 
occur that results in unreachable code, which is not 
detected by the compiler.  For example, in 
PmAmoProc, a class instance is explicitly created 
but never deleted.  This coding error should have 
been picked up at code review.  It effects the test 
coverage metrics.  It may cause memory leaks at 
run time. 
The derived test cases and their class coverage 
metrics are listed in appendix A.  Figure 2 shows a 
graph of branch coverage versus the test cases for 
the six classes in PmAmoProc.  Branch coverage 
was chosen because it gave the highest coverage 
value.  However, Figure 2 clearly shows that only 
66.9% to 94.9% branch coverage has been achieved 
with the derived test cases.  The discrepancy is due 
to boundary checks, unreachable code, and 
error/exception handling. 

Table 2 lists the path, code, and branch coverage 
for the least tested modules after completing all of 
the test cases listed in appendix A. 

 

Table 2 - McCabe Dynamic Analysis – Least 
Tested Modules 

A module’s cyclomatic complexity (v(G)) is the 
minimum number of tests required to fully test the 
module.  It is a theoretical value, which may not be 
achievable in practice (see McCabe 2001, p51-53). 

A module’s design complexity (iv(G)) is the 
number of paths with calls to other modules (see 
McCabe 2001, p55-57).  If there are no calls to 
other modules, the design complexity is zero and 
can not be tested. 



Line coverage shows how many source code 
statements were executed.  This does not include 
any comments or blank lines, as they can never be 
tested. 

Branch coverage shows how many of the exits from 
branches were executed.  For example, an ‘if … 
then’ has two exits, one if the condition is true and 
one if the condition is false.  A ‘if … then … else’ 
also has the same two exits. 

An analysis of the modules listed in Table 2 
revealed: 

• 1 Coding Error – For example, an 
instance of BaseStationStatConfig was created by 
PmAmoProc and never deleted. 

• 4 Boundary Checks – For example, 
checkAmoSuccessfullyCompleted() checked the 
AMO output for NOT COMPLETED, NOT 
EXECUTED, and EXECUTED.  These conditions 
were not generated during the tests. 

• 31 Error/Exception Handling – For 
example, convertAndStripSpaces() checked for null 
strings and strings with no spaces.  These 
conditions were not generated during the tests. 
This analysis clearly shows that it is extremely 
difficult to achieve 100% test coverage because of 
the difficulties testing exception handling code. 

As this situation is not unique to these particular 
modules, McCabe have developed an additional 
utility (McCabe Exception Coverage Utility 
Version 1.8 20020228) that can mark the exception 
branches.  The branch report shows the percentage 
of branches tested and the percentage of non-
exceptional branches tested (i.e. the number of 
actual branches minus those marked as 
exceptional).  This effectively removes them from 
the metrics thereby achieving higher overall test 
coverage. 

Finally, Table 2 shows 5 modules with low 
cyclomatic and design complexity coverage but 
high code and branch coverage.  The untested graph 
listings in the McCabe INTEGRATED 
QUALITY™  Test tool did not match the 
cyclomatic complexity coverage.  This matter was 
raised with McCabe.  The calculation of the 
cyclomatic and design complexity coverage in the 
test tool is designed for modules with only one 
entry and exit point.  If the code allows early exits 
from the module by exiting straight out of a loop, 
the coverage for that module may not be recorded.  
There is some debate over whether it is good or bad 
practice to exit straight out of loops.  The author 
believes it is sometimes permissible if it makes the 
overall code simpler. 

4. RESULTS AND DISCUSSION 

The main intention of this case study was to subject 
a developed application to 100% testing and not do 
code reviews.  Section 0 identified that this is a 
high-risk strategy, which may not find all of the 
code errors.  One way of determining that the 
strategy has worked is to carry out a fault analysis 
at the end of the field trial.  The fault analysis 
determines; how many errors were detected, where 
they were found, their cause, and whether they 
should have been found earlier.  The fault analysis 
was extended to cover the whole development cycle 
(i.e. development phase, module testing, integration 
testing, and field trials). 

If the strategy has worked, none of the errors raised 
during the field trial will have a cause of coding 
error. 

Table 3 shows a summary of the fault analysis for 
PmAmoProc. 

 

Table 3 - Summary Fault Analysis for 
PmAmoProc 

The fault analysis showed that 41 faults and 11 
change requests were found on the PmAmoProc 
application. 

The faults were categorised as: 

• Unclear, Missing, Changed, and Additional 
Requirements – 22 
• Coding Errors and Insufficient Testing – 26 
• External Errors (i.e. Switch, Library, and 
Compiler) - 4 
This clearly demonstrates one of the problems of 
developing software is the nature of the 
requirements.  They are often unclear and change 
during the development. 



The coding errors were examined to determine the 
cause of the high fault rate (21 faults/KLOC). 

There were three classes, which were very similar 
in functionality.  The code from one class was 
copied to the other classes and amended as 
appropriate.  There were coding errors in the first 
class, which were also copied into the other classes; 
resulting in a higher fault rate. 

The remaining coding errors were due to over 
zealous error reporting. 

Embedded software must detect and handle all error 
conditions (or exceptions) to ensure that the 
software continues to run and does not cause any 
problems. 

The PmAmoProc application is a good example.  It 
is expected to automatically run on a periodic basis, 
collect the information, and produce the reports.  
There is no user intervention.  If it fails to run, 
collect the information, or generate the reports, the 
historical information for that period will be lost 
forever. 

There are two ways of developing the error or 
exception handling code; pre-emption or 
responding to crashes.   

The first approach looks at the overall system, tries 
to determine what might cause errors, and adds 
exception code to handle these situations.  The 
exception code usually reports an error and 
recovers from the situation.  There are two potential 
problems with this approach; it may identify errors 
that are not errors, and it will never find every 
possible error. 

The second approach waits for the system to crash 
during testing, identifies the cause, and adds 
exception code to handle the crash.  Again, the 
exception code usually reports an error and 
recovers from the situation.  There are also two 
potential problems with this approach; crashes may 
not occur until field trials, and it can be very 
difficult to identify the cause of a crash from the 
crash dump and any trace logs. 

Hence, the first approach is recommended but there 
is sometimes a fine line between what is believed to 
be an error and what is actually an error. 

Finally, the fault analysis clearly shows that the 
strategy of subjecting the developed product to 
100% testing and not doing any code reviews did 
not work because seven coding errors were found 
during field trial that would have been found (in the 
author’s opinion) at a code review.  Finding coding 
errors at the later stages could delay the product as 
they have to be fixed, retested, and retrialled. 

5. CONCLUSIONS 

On reflection, it was unwise to adopt the high-risk 
strategy of 100% testing and not do code reviews.  
The fault analysis showed too many coding errors 
found during the latter stages of test and trial, which 
should have been found earlier. 

Therefore, code reviews and testing should both be 
carried out.  They both should be used for their 
strengths.  Code reviews can check for typical 
coding errors and understand what the code is 
trying to do.  Whereas, testing can check that a 
product meets its requirements and does what it 
should do. 

The metrics can be used to identify the risks and 
take appropriate action.  For example, any complex 
code or code that has not been tested, should be 
reviewed.  Likewise, any code that has not been 
reviewed should be 100% tested. 

To be effective, code reviews should involve 
diligent software engineers with detailed 
knowledge of the product, the requirements, and 
available libraries, and general background 
knowledge of software, and the general subject 
area. 

The testing clearly showed how extremely difficult 
it was to obtain 100% test coverage across the 
whole PmAmoProc application.  Some modules 
were 100% tested but the average test coverage for 
lines and branches were 79.4% and 75.4, 
respectively.  The discrepancy was mainly due to 
exception handling code.  The additional utility to 
mask the execution code and report a higher 
coverage may satisfy 100% testing contracts but it 
does not solve the underlying problem shown by 
the fault analysis that even exception code has 
coding errors. 

There was some concern that different metrics for 
the same module showed different % coverage (e.g. 
100% line coverage but only 57% branch coverage, 
64% branch coverage but only 30% line coverage ).  
This shows the importance of understanding the 
metrics and how they are generated rather than 
taking them at face value.  It also shows that more 
than one coverage metric should be used to 
demonstrate 100% test coverage. 

There was a slight incompatibility problem between 
the HiPath 4000 Manager development 
environment and the McCabe INTEGRATED 
QUALITY™  Test tool environment.  However, 
once these were overcome, the tool provided very 
good support for instrumenting the C++ code, 
exporting the instrumented code, importing the 
resultant output from running the instrumented 
code, and generating the reports. 

Finally, product quality can be improved by using 
the metrics to focus resources on those areas that 



need reviewing.  The project team must decide 
which metrics are appropriate for their project and 
what level they should be limited to. 
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APPENDIX A – McCabe Dynamic Analysis – Class 
Coverage Metrics 

This appendix contains the class results of the McCabe 
Dynamic Analysis of the PmAmoProc application using 
McCabe INTEGRATED QUALITY™  toolset Version 
7.1. 

Table 4 to Table 9 show the class coverage metrics for 
each class in the PmAmoProc application for the 
following test cases (T1 to T13): 

1. With Unity A&S Trace Tool tracing enabled and 
PmAmoProc tracing disabled, update the list of cordless 
equipment on the HiPath 4000 switch using the HiPath 
4000 Manager Client GUI. 

2. With Unity A&S Trace Tool tracing, cordless and 
feature usage collection all enabled, and PmAmoProc 
tracing disabled, collect the cordless and feature usage 
statistics from the HiPath 4000 switch. 

3. With Unity A&S Trace Tool tracing enabled and 
PmAmoProc tracing disabled, update the list of cordless 
equipment on the HiPath 4000 switch using the now 
option on the local command line interface. 

4. With PmAmoProc tracing disabled and Unity A&S 
Trace Tool tracing both enabled and disabled, update the 
list of cordless equipment on the HiPath 4000 switch 
using the midnight option on the local command line 
interface. 

5. With Unity A&S Trace Tool tracing, PmAmoProc 
tracing, cordless and feature usage collection all disabled, 
collect the cordless and feature usage statistics from the 
HiPath 4000 switch. 

6. With Unity A&S Trace Tool tracing and 
PmAmoProc tracing both disabled, update the list of 
cordless equipment on the HiPath 4000 switch using the 
HiPath 4000 Manager Client GUI. 

7. With Unity A&S Trace Tool tracing and 
PmAmoProc tracing both disabled, and cordless and 
feature usage collection both enabled, collect the cordless 
and feature usage statistics from the HiPath 4000 switch. 

8. With PmAmoProc tracing enabled, update the list of 
cordless equipment on the HiPath 4000 switch using the 
HiPath 4000 Manager Client GUI and collect the cordless 
and feature usage statistics from the HiPath 4000 switch. 

9. Using the local command line interface: 

• Invoke PmAmoProc with more than two 
arguments, 

• Invoke PmAmoProc with an invalid argument, 
• Invoke PmAmoProc with no argument, 
• Invoke PmAmoProc after removing the unlock 

file, 
• Invoke PmAmoProc after creating installation 

control file, 
• Invoke PmAmoProc after creating startup 

control file, 



• Invoke PmAmoProc then remove the lock file. 
 

10. With cordless and feature usage collection both 
enabled, create pm_temp_base_stat.txt and ziel_intern 
files, and collect the cordless and feature usage statistics 
from the HiPath 4000 switch. 

11. With cordless and feature usage collection both 
enabled, delete all previous statistic files and station 
number files the list of cordless equipment on the HiPath 
4000 switch using the HiPath 4000 Manager Client GUI, 
and collect the cordless and feature usage statistics from 
the HiPath 4000 switch. 

12. With cordless and feature usage collection both 
enabled, delete the zausl control file (PmAmoProc.zausl), 
and collect the cordless and feature usage statistics from 
the HiPath 4000 switch. 

13. With cordless and feature usage collection both 
enabled, create the collection stop files in the file transfer 
directory, and collect the cordless and feature usage 

statistics from the HiPath 4000 switch.  After a few 
minutes, delete the collection stop files. 

The Unity A&S Server Trace Tool is a proprietary trace 
tool used in the HiPath 4000 Manager.  PmAmoProc 
tracing is a local tracing utility within the PmAmoProc 
application.  The cordless collection and feature usage 
collection are controlled by local control files. 

The tables include the percentage coverage for three 
metrics; Cyclomatic Complexity, Module Design 
Complexity, and branches. 

A module’s Cyclomatic Complexity (v(G)) is the 
minimum number of linearly independent paths through 
the module (see McCabe 2001, p51-53). 

A module’s Design Complexity (iv(G)) is the number of 
paths with calls to other modules  (see McCabe 2001, 
p55-57). 

Branch coverage shows how many of the exits from 
branches were executed. 

                        
Table 4 - Class Coverage Metrics for BaseStationStat 

% Coverage T1 T2 T3 T4 T5 T6 T7 T8 T9 T10 T11 T12 T13 

v(G) 0.0 36.7 36.7 36.7 36.7 36.7 59.0 62.8 62.8 62.8 62.8 62.8 62.8 

iv(G) 0.0 38.0 38.0 38.0 38.0 38.0 62.8 66.7 66.7 66.7 66.7 66.7 66.7 

Branches 0.0 56.2 56.2 56.2 56.2 56.2 70.4 73.0 73.0 73.0 73.0 73.0 73.0 
Table 5 - Class Coverage Metrics for BaseStationStatConfig 

% Coverage T1 T2 T3 T4 T5 T6 T7 T8 T9 T10 T11 T12 T13 

v(G) 0.0 44.3 44.3 44.3 44.3 44.3 60.7 60.7 60.7 60.7 60.7 60.7 60.7 

iv(G) 0.0 46.7 46.7 46.7 46.7 46.7 63.9 63.9 63.9 63.9 63.9 63.9 63.9 

Branches 0.0 64.7 64.7 64.7 64.7 64.7 74.9 74.9 74.9 74.9 74.9 74.9 74.9 
Table 6 - Class Coverage Metrics for CardStatSLC16 

% Coverage T1 T2 T3 T4 T5 T6 T7 T8 T9 T10 T11 T12 T13 

v(G) 0.0 34.2 34.2 34.2 34.2 34.2 55.8 55.8 55.8 55.8 55.8 55.8 55.8 

iv(G) 0.0 36.5 36.5 36.5 36.5 36.5 61.4 61.4 61.4 61.4 61.4 61.4 61.4 

Branches 0.0 57.2 57.2 57.2 57.2 57.2 70.7 70.7 70.7 70.7 70.7 70.7 70.7 
Table 7 - Class Coverage Metrics for FeatUsageStat 

% Coverage T1 T2 T3 T4 T5 T6 T7 T8 T9 T10 T11 T12 T13 

v(G) 0.0 44.1 44.1 44.1 58.0 58.0 71.7 71.7 71.7 71.7 71.7 71.7 80.1 

iv(G) 0.0 45.8 45.8 45.8 61.3 61.3 76.2 76.2 76.2 76.2 76.2 76.2 85.1 

Branches 0.0 69.6 69.6 69.6 78.6 78.6 87.1 87.1 87.1 87.1 87.1 87.1 94.9 
Table 8 - Class Coverage Metrics for PmAmoIf 

% Coverage T1 T2 T3 T4 T5 T6 T7 T8 T9 T10 T11 T12 T13 

v(G) 11.3 14.6 14.6 24.6 26.5 26.5 27.8 27.8 27.8 27.8 27.8 28.7 28.7 

iv(G) 12.4 15.6 15.6 26.2 28.2 28.2 29.5 29.5 29.5 29.5 29.5 30.4 30.4 

Branches 35.6 52.4 52.4 61.6 63.8 63.8 65.4 65.4 65.4 65.4 65.4 66.9 66.9 
Table 9 - Class Coverage Metrics for PmAmoProc 

% Coverage T1 T2 T3 T4 T5 T6 T7 T8 T9 T10 T11 T12 T13 

v(G) 12.6 19.5 19.5 28.8 33.9 33.9 40.8 40.8 40.8 40.8 43.4 44.4 45.2 

iv(G) 12.6 19.5 19.5 28.9 33.9 33.9 40.8 40.8 40.8 40.8 43.4 44.4 45.2 

Branches 26.9 55.3 55.3 60.9 67.2  67.2 68.1 68.1 68.1 68.1 70.0 71.0 72.2 
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Abstract:The Central Integration Unit (CIU) is a major component of a system being developed to provide voice 
and data communications between mobile radio users and fixed terminal users. The CIU has several different 
TCP/IP interfaces, both external and internal to the CIU, with varying characteristics. Some use permanent 
connections whilst others use transaction-based connections; some are clients or servers, others incorporate both 
client and server operation. This paper looks at the issues behind the design of the connection management 
aspects of the CIU and then describes the implementation of the connection management software within the 
CIU.  
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1. INTRODUCTION 

The aim of this project is to demonstrate a method 
of managing several different types of TCP/IP 
interface within a single application. 

The Voice Radio System provides a means of 
intelligently routing calls between mobile users and 
fixed terminals based upon current location of the 
mobile user. This system uses a GSM network to 
provide the mobile user switching capabilities, in 
conjunction with a Central Integration Unit (CIU) 
to provide the voice and data routing capabilities. 
Figure 1.1 illustrates the basic functionality of the 
Voice Radio System. 

 

Figure 1-1 Overview of Voice Radio System  

The CIU is a combined hardware and software 
development consisting of many Commercial off 
the Shelf (COTS) sub-components, including a 
Realitis PABX, along with bespoke CIU 
application software. The application’s primary 
function is to control the routing of calls to and 

from the fixed terminals, which it does using the 
CTI (computer telephony integration) capabilities 
of the PABX. In order to perform this role it uses 
application level communications to the other 
external components of the system. These 
communications use a proprietary system 
messaging protocol, which has been specified by 
the customer, via TCP/IP socket connections.  

All of these interfaces (five in total) use uni-
directional, transaction-based connections. This 
means that the connection is established whenever a 
single message is required to be sent on that 
interface and closed again immediately after the 
transmission. Three of the links are one-to-one, the 
others having multiple remote end-points. 

 
Figure 1-2 CIU Internal Interfaces 

 
In addition to the external interfaces, the CIU 
application also has two further internal TCP/IP 
interfaces to manage, as illustrated in Figure 1.2 
The first of these concerns the CTI interface to the 
PABX (via CallBridge DX software, an existing 
Siemens Communications product). This utilises 
CSTA, the European standard CTI API, as defined 
by the standards ECMA-179 and ECMA-180 
(ECMA, 1992). The underlying TCP/IP connection 



 

 

is permanent, one-to-one and bi-directional, with 
the CIU application acting as the client. 
 
The final interface allows the CIU Local 
Management User Interface (LMUI), another piece 
of software specifically designed for the CIU 
development, to connect to the application for 
administration and configuration purposes. This is 
also a permanent, one-to-one, bi-directional TCP/IP 
connection, but in this case the CIU application acts 
as the server. 
 
In order to provide the call routing capabilities 
required for the Voice Radio System, the CIU must 
be developed in such a way as to manage its 
multiple TCP/IP connections in the most effective 
manner in order to support the level of performance 
required by the customer. The aim of this project is 
to demonstrate a way of managing these different 
types of TCP/IP interface. 

2. THE CURENT SYSTEM 

For a prototype CIU development, some of the 
TCP/IP interfaces were developed, namely the two 
internal interfaces plus one of the external 
interfaces.  The design of all three interface 
components was based upon the CSTA interface 
component (known as the CSTAIC) from the 
CallBridge DX software, with the following 
adaptations:- 

1. The CIU CSTA interface component was 
modified to be a client, rather than a server. 

2. The CIU LMUI interface component needed to 
be a server, therefore no modification was 
required. 

3. The external interface component was 
considerably altered to handle transaction-
based operations for both client (for outgoing 
messages) and server (for incoming messages). 

Therefore the prototype software contained three 
different interface components, all with the same 
basic structure. This increased the amount of testing 
required, and also led to maintainability issues. Any 
fault that was found in one interface component had 
to be checked and potentially fixed in two other 
places. In the final CIU development this situation 
would be further compounded with the addition of 
four further external interfaces. It is not practical to 
maintain seven different interface components. 
Therefore it is desirable to have as few interface 
components as possible, with the ideal being a 
single, generic connection component. 

The second concern regarding the design of the 
connection interfaces is whether to re-use any part 

of the prototype software as the basis for the phase 
5 interface components. The prototype software, 
including the interface components, utilises a 
proprietary framework, which was developed by a 
third party, for which Siemens Communications 
owned the libraries, but not the original source 
code. This framework provides the following 
capabilities: - threads, task scheduling, inter-
process communication and diagnostic logging, as 
well as socket handling classes. 

The framework was found to have several 
limitations. Firstly, link errors were encountered 
when building the CIU application using Microsoft 
Visual C++ 6.0. It is thought that the framework 
library was built using an earlier version of Visual 
C++ and includes versions of the Microsoft C++ 
libraries that are incompatible with those linked in 
using version 6.0. During the prototype 
development, reverting back to Visual C++ 5.0 
solved this problem, but this is not an ideal long-
term solution, since support for earlier releases of 
Microsoft products is not guaranteed indefinitely. 
Although it may be possible to acquire a version of 
the framework library that is compatible with 
Microsoft Visual C++ 6.0, this is also limiting since 
there is no guarantee that it would be compatible 
with future versions. Furthermore this may take too 
long to acquire and would generate an unwanted 
dependency on external developers. 

Secondly, there were doubts within the engineering 
department regarding the performance of this 
framework under heavy traffic, although this has 
not been proven one way or the other. Although the 
prototype CIU met its required load, the traffic 
requirements for the final product would be much 
greater. The project time constraints mean that the 
risk is too high to invest time in using this 
framework only to find later that it is not effective. 

The final limitation is that, since Siemens 
Communications do not own the source code, there 
is no control over its operation. Any modifications 
to the framework behaviour have to be made by 
adapting the custom software in the application to 
achieve the right results. This is very restrictive 
and, in some cases, impossible. 

For all these reasons, it was decided that the 
framework used for the prototype would not be re-
used for the main CIU development. 

3. THE NEW SYSTEM 
In order to determine a strategy for the design of the 
connection management software, several options 
were considered.  These options had to be 
examined in light of a customer requirement 
mandating the use of Rational Rose RealTime 
(RRRT) as a development tool.  



 

 

Rational Rose RealTime is a modelling tool which 
uses an extended form of UML to enable the 
modelling, implementation, building and debugging 
of complex real-time systems. The RRRT 
modelling language includes support for concurrent 
objects, allowing communication between them via 
ports using user-defined protocols. The dynamic 
behaviour of these capsules can also be modelled 
using state diagrams. Further information about 
these concepts can be found in the Rational Rose 
RealTime Modeling Language Guide (Rational 
2002). 

3.1 Pre-Existing CallBridge Framework 

The majority of the CallBridge software utilises a 
different framework to that used for the CSTA 
interface. It was originally developed for 
CallBridge’s predecessor and has been enhanced 
over many years into a robust and reliable platform 
on which to build an application. This framework 
has also been used in other in-house developments 
and is an obvious first-choice candidate for use in 
the CIU. It provides a round-robin task-based 
scheduler, including inter-task communication, plus 
a message transport layer that allows non-blocking 
TCP/IP socket management within a single-
threaded application. 

Although, at first, the CallBridge framework 
appears to be a good option, there are some 
disadvantages to weigh up. 

1. The message transport layer currently only 
supports permanent connections, and would 
therefore require substantial modifications to 
allow its use for transaction-based connections. 

2. Since RRRT has its own built-in mechanisms 
for task-scheduling and inter-task 
communication amongst other things, it will 
provide the framework for the CIU application. 
The only part of the CallBridge framework that 
is required is the message transport layer. 
However, the CallBridge framework is not 
structured in such a way as to easily extract the 
message transport software on its own. Effort 
would be required to repackage it for use 
within RRRT. 

3. Finally, the CallBridge framework is written in 
‘C’ and is likely to be difficult to maintain by a 
team whose main skills are in C++ and Java. 
This would not have been a major issue if the 
framework was suitable in its present form, but 
since points 1 and 2 imply a substantial amount 
of rework, this would add a greater risk to the 
project. 

3.2 Single Generic Connection Manager 

This option involves the development, from scratch, 
of a generic connection manager component, using 
the RRRT framework. This component would be 
able to handle both permanent and transaction-
based connections; client or server operation, or 
both; and either single or multiple remote end-
points. 

The advantage of this approach is that there is 
common code for all interfaces, so modifications 
only need to be made in one place. This would also 
reduce the time required for testing the connection 
management software and it carries less risk, both 
to the project timescales and the quality of the 
resulting software. 

Preliminary investigations into a possible design, 
however, indicate that this is not straightforward, 
and that the resulting code could be very complex 
and difficult to follow.  

3.3. Common External Connection Manager 
Template 
The final option is to have a single connection 
manager template for all external interfaces, i.e. 
those requiring transaction-based connections. The 
two internal interfaces would then have their own 
customised connection managers The customer had 
already used Rational Rose RealTime during the 
prototype development of one of the external 
components and made available the connection 
package (known as the TCPIP Key Mechanism) for 
possible re-use by Siemens Communications.  

As can be seen in Figure 3.1, the top-level 
TCPIPHandler object is responsible for initialising 
the Winsock library ready for use as well as 
managing the incoming and outgoing connections. 
Outgoing messages are passed to the TCPClient, 
which creates the client connection, sends the 
message, then closes the connection down.  

In order to handle incoming messages to a 
particular port, the TCPIPHandler initialises the 
TCPServerController, informing it of the server 
port number. The TCPServerController then creates 
the listening socket and kicks off the first server 
thread to listen for a connection. The listening 
socket is a global variable so that it can be accessed 
by each server thread. As soon as a server thread 
receives a connection, the controller is informed 
and the next thread is set listening whilst the first 
receives the message. 



 

 

 
Figure 3-1 Overview of TCP/IP Key Mechanism 

Whilst this connection package contains the basic 
classes for transmission and receipt of messages 
using the transaction-based sockets method, it was 
designed for use in an application that only requires 
a single TCP/IP interface whereas the CIU requires 
multiple such interfaces. It would therefore require 
some small modification in order to re-use the 
TCP/IP Key Mechanism in the CIU.  

It was proposed that the two internal connection 
managers should be designed from scratch in 
RRRT using non-blocking sockets. The reason for 
use of non-blocking sockets is that for permanent 
bi-directional connections, the socket code needs to 
be able to deal with incoming and outgoing stimuli 
asynchronously. Using a blocking socket to wait for 
input would delay outgoing message transmission. 

Some of the low-level socket handling code from 
the prototype CIU connection classes could be 
incorporated in the transitions and operations of the 
new capsules where appropriate in order to reduce 
the implementation time and reduce the risk. 

3.4 Decision Analysis 

In order to determine which of the three options is 
most appropriate, a Kepner Tregoe Decision 
Analysis was performed. This is a technique for 
arriving at a decision based on an analysis of the 
alternatives against the key objectives of the 
decision. The full analysis is shown in Appendix A. 

There are two mandatory objectives – the solution 
must be capable of supporting both permanent and 
transaction-based connections, and it must be 
compatible with the RRRT and C++ development 
environment. 

The CallBridge Framework option fails both of 
these criteria, and was therefore rejected outright. 

The remaining objectives were weighted according 
to importance and the remaining two alternatives 
(having met the mandatory objectives) were judged 
on their performance against these criteria.  

The Common External Connection Manager 
Template alternative performed better on most of 
the criteria and finished top overall. Therefore this 
option was chosen. 

Despite the design goal of minimising the number 
of different connection managers, the decision 
analysis process showed that this objective was of 
relatively low importance compared to the issues of 
timescale, maintainability and risk. 

4. SOFTWARE IMPLEMENTATION 

In this section, the design and implementation of 
the software for the management of the internal 
connections will be described. 

Rational Rose RealTime was used throughout the 
development for the design and implementation of 
the application, as well as the building and unit 
testing. The design is described in the following 
subsections, using terminology and diagrams from 
RRRT. The reader is referred to Rational (2002) for 
a detailed explanation of these concepts. 

4.1 External Connection Manager Template 

The design of the connection managers for the 
external interfaces is based upon the TCPIP Key 
Mechanism with only a few modifications to enable 
its use in the CIU.  

 
Figure 4.1External Connection Manager Architecture 

Since the modifications were minor the design will 
not be described in detail here, however the basic 
architecture is shown in Figure 4.1 in order to 
provide a reference for the discussion on the CSTA 
interface design. 

4.2 CSTA Connection Management 

4.2.1Architecture 

When looking at the design for the management of 
the CSTA connection, it is pertinent to investigate 
the possibility of re-using any parts of the TCPIP 



 

 

Key Mechanism. To recap, the CSTA interface uses 
a permanent bi-directional connection acting as a 
client. 

The overall structure of the External Connection 
Manager Template, whereby the core application 
communicates with the manager using one protocol 
for connection control and another protocol for 
messaging, and the manager controls the capsules 
that deal with the low-level connection processing, 
could be re-used. Indeed, using the same protocols 
would help to create an integrated connection layer 
with a common interface to the core application. 

The TCPClient capsule from the Key Mechanism 
cannot be used here since it only handles outgoing 
messages. Similarly, the ConnectionThread 
capsule only handles incoming messages. 
Moreover, it uses a blocking socket to wait for 
input. This means that all other operations on that 
thread are blocked until a message is received. 
Whilst this is viable in the case of the external 
interfaces (since that thread is only performing a 
single operation, either transmitting one message or 
receiving one message) it is not appropriate for 
permanent connections where the relative ordering 
of incoming and outgoing messages on the single 
thread is indeterminate. In the latter case, it is 
possible that an outgoing message may need to be 
sent before the blocking call has returned. A non-
blocking socket must therefore be used, so that 
stimuli from either the socket or the core 
application can be acted upon immediately. 

 
4.2 CSTA Connection Manager Architecture 

NonBlockingTCPClient capsule is created that 
handles both incoming and outgoing messages 
asynchronously. In order to make the 
NonBlockingTCPClient capsule re-useable, a new 
ConnProfile data class is created to hold interface 
specific information such as knowledge about the 
format of the message header and position of the 
message length field. This class is initialised by the 
CSTAConnectionManager and passed to the 

NonBlockingTCPClient on connection startup. 
Thus the operation of the connection is tailored to 
the CSTA interface. 

The CSTA Connection Manager has responsibility 
for the startup and shutdown of the CSTA 
connection, as well as the configuration of the 
connection profile. The complexity lies in the 
NonBlockingTCPClient. 

4.2.2 NonBlockingTCPClient Design 

The NonBlockingTCPClient capsule has the 
following responsibilities:- 

• Maintenance of the link to CallBridge DX, 
if the connection is in a started state. 

• Reading and writing of messages at the 
socket level. 

• The ability to handle asynchronous bi-
directional communication with the 
CSTAConnectionManager. 

The implementation of the first two of these was 
already understood since this type of interface was 
implemented in the prototype. The implementation 
of the last one, however, is specific to the way in 
which Rational Rose RealTime handles its internal 
protocols and requires some investigation. 

In RRRT, when one capsule transmits a message to 
another capsule, the message is placed onto the 
receiving capsule’s queue and the capsule is 
signalled to wake up and process the message. This 
processing is all done within the RRRT capsule 
framework and normally the developer does not 
need to be aware of the mechanism by which this is 
achieved. 

In the NonBlockingTCPClient, however, the 
capsule needs to be woken up either by a message 
from the CSTAConnectionManager (i.e. the 
normal wakeup mechanism) or by activity on the 
socket. In order to do this it is necessary to 
customise the capsule’s behaviour to allow it to 
check for both types of event. RRRT permits 
customisation of a capsule running on its own 
thread by enabling the developer to change the type 
of thread controller from RTPeerController (the 
default setting) to RTCustomController. The 
developer can then override the default 
waitForEvents() operation with a customised 
version. 

To enable the capsule to detect events on both the 
local interface (to the CSTAConnectionManager) 
and the remote one (to CallBridge DX) use is made 
of the TCP/IP “select” function through which the 



 

 

software can specify a number of sockets to be 
monitored for activity. RRRT implements this 
functionality through its RTIOMonitor class. For 
this to work it is necessary for a socket to be used 
for the local interface as well as the remote one, 
however a UDP socket will suffice in this case 
since reliability of the link will not be an issue. 

On connection startup the following actions are 
performed by the NonBlockingTCPClient :- 

1. create a UDP socket (attribute internalFd) and 
connect to the local port 

2. register the UDP socket with the RTIOMonitor 
(attribute ioMonitor) 

3. register the remote socket (attribute c_socket) 
with the ioMonitor, so that its status can be 
monitored 

4. attempt to connect to CallBridge DX 
5. if connection succeeds, the client is now ready 

to process messages 
6. if connection fails, a retry timer is started, upon 

expiry of which connection will be attempted 
again 

The waitForEvents() operation monitors activity on 
internalFd and c_socket as follows:- 

1. it checks the status of the sockets by calling 
ioMonitor.wait() with a parameter of 0 to 
indicate ‘no blocking’. 

2. if there is something to read on internalFd, i.e. 
ioMonitor.status(internalFd) returns a non-
zero value, then it wakes up the state machine 
by calling recv() on the internalFd socket. The 
internal message will then be processed 
through the state machine. 

3. if the remote connection is in the established 
state and there is some data to read, i.e. 
c_socket.hasData() returns a non-zero value, 
the readSocket() operation is called to read the 
data in from the socket and process it. 

4.3 LMUI Connection Manager 

4.3.1 Architecture 

Since the LMUI connection is, like the CSTA 
connection, a permanent bi-directional link, it also 
cannot re-use any of the classes from the TCPIP 
Key Mechanism. It should use the same control and 
messaging protocols to communicate with the core 
application, and will also have the same basic 
structure consisting of a connection manager 
(LMUIConnectionManager) to handle the startup 
and shutdown and to initialise the connection 
profile, and a low-level capsule to handle the socket 
processing. 

However, as the LMUI connection acts as a server 
rather than a client, it cannot re-use the 

NonBlockingTCPClient capsule. Instead, a 
NonBlockingTCPServer capsule will be created. 

 
Figure 4.3 waitForEvents() operation in 
NonBlockingTCPServer 

4.3.2 NonBlockingTCPServer Design 

The design for the NonBlockingTCPServer is 
similar to that for the NonBlockingTCPClient in 
that it needs to create a UDP connection to the 
connection manager and use an RTIOMonitor to 
check for activity on both this and the client 
connection. The key differences are that on startup, 
a listening socket is created and the server then 
waits for the client to connect; the listening socket 
has to be registered with the ioMonitor, so that any 
new connection activity can be detected by 
waitForEvents() (see Figure 4-8); if a new client 
connection is received when the c_socket is already 
active, then the new connection is refused by 
closing it down; and if an active connection goes 
away, the server just waits for a subsequent 
reconnection – no retry state is required. 

5. RESULTS AND DISCUSSION 

5.1 Test Objectives 

Since the connection management software is very 
low level it is crucial to the operation of all 
communication between the application and the 
other system components. As such it is important to 
verify the connection software thoroughly before 
testing the higher level functionality. 

The testing must prove that the appropriate 
connections can be established, that data can be 
transmitted in either direction, and that the software 
can recover from a connection failure. 

5.2 Test Strategy 

The initial unit testing of each connection manager 
in isolation was to be performed using Rational 
Quality Architect (RQA-RT), a desktop test tool 
that is integrated into RRRT. RQA-RT provides the 



 

 

developer with the capability to specify, and 
automatically verify, a test sequence. The aim is to 
test as near to 100% of the code as possible. In 
order to demonstrate the RQA-RT test procedure 
that was used the testing of only one of the 
connection managers (the CSTA Connection 
Manager) will be described in detail, in section 0. 
The same procedure was followed for all 
connection components. 

Once unit testing of all components has been 
completed, the application would undergo pre-
integration testing on a test system in the laboratory 
followed by a period of thorough functional and 
performance testing. 

5.3 Unit Testing the CSTA Connection Manager 

In order to test any of the connection managers it is 
essential first to have an application to simulate the 
remote end of the connection. In the case of the 
CSTA Connection Manager, a server that can send 
and receive CSTA type messages is required. Note 
that the full CSTA encoding and decoding is not 
required for the testing of the low-level connection 
software since the connection management code is 
only concerned with the transport of the messages, 
not their content. Thus, the phrase “CSTA type 
message” means that the header part of the message 
has the correct length and format for CSTA 
messages. 

A simple TestServer application was created in 
RRRT with the help of the 
NonBlockingTCPServer capsule. The parent 
TestServer capsule creates the  

 
Fig. 5.1 Screenshot of RQA-RT Test Run 

NonBlockingTCPServer, and then just prints out 
connection information and received messages, 
sending a response message in reply. The 
TestServer application was built in RRRT and the 
executable was run from the DOS command line 
when required. 

The next stage of test preparation is to create a test 
capsule in RRRT, this was named ConnectionTest. 
This will contain the capsule under test (CUT), in 
this case CSTAConnectionManager, as well as a 
dummy client capsule, ConnClient, that is 
connected to the test capsule to simulate the core 
application. 

 
Each test is now specified by creating a sequence 
diagram showing the expected sequence of events 
for the particular scenario. Input data must be 
specified for signals sent into the CUT and, 
similarly, the content of output signals must be 
checked. Once the test specification is complete and 
a build component has been created for the test 
capsule, RQA-RT is then invoked to verify the 
sequence. RQA-RT automatically generates the test 
code for the dummy ConnClient capsule, then 
builds the test capsule and runs the sequence. 
Finally, it verifies the test output against the 
expected sequence and reports any differences. 

 
Figure 5.2 Screenshot of RQA-RT Test Trace 
 
Figure 5.1 contains a screen shot of a running 
RQA-RT test. It shows the TestServer output 
window as well as the console window for the test. 
In the background is the RRRT window that is 
controlling the test run. 
 
Figure 5.2 shows a screen shot of the test trace that 
is generated at the end of the test run. The Log 
window in the bottom left of the screen details any 
differences between the test specification and the 
trace. In this case there were no differences. 
   

6. FUTURE DEVELOPMENT 

The report shows that it is possible to design a 
consistent approach to managing to diverse types 
of connection within a single application and that 
this can be done within the Rational Rose 
RealTime framework by use of the 
RTCustomController designation. 



 

 

Furthermore, the use of RQA-RT as a testing tool 
enabled rapid development of a test environment, 
which would have been very difficult to achieve 
using traditional methods. 

The combination of a robust framework with the 
already proven interface specific code from the 
prototype development meant that very few 
problems were found relating to the connection 
management software, and only one fault was 
raised in this area of software during formal system 
testing. This fault, in the external connection 
manager software meant that a failure to connect to 
the remote server in order to transmit a message 
caused the application to block for around 20 
seconds. 

Further work has been done more recently to 
enhance the performance and maintainability of the 
external connection managers. Use of the dynamic 
thread creation and deletion capabilities of RRRT 
has enabled the production of a single common 
connection manager which dynamically incarnates 
TCPClient capsules on separate threads. This has 
solved the bug that caused the application to block. 
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Abstract: Simulation is often seen as a powerful, but time consuming research instrument. We think that by 
employing simulation building blocks it is possible to use simulation in joint design meetings. We reflect on 
field experiments where this approach was tested and discuss how these findings inform the design of the joint 
design meeting. We aim to offer the first contours of an approach that could deliver a jointly designed simulation 
model in one day.  
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1 INTRODUCTION 
Strategic decisions that involve the use of technology 
cannot be undertaken without taking into account 
their impact on relevant stakeholders. Collaboration is 
therefore an important activity during the 
development of new policies or preparation and 
execution of technically complex projects. This 
communication intensive process tends to consume a 
lot of time because it usually has to provide solutions 
for a mix of interrelated strategic or technically 
complex problems that impinge on different 
disciplines [Ackermann & Eden, 1996; Vennix, 
1996]. A solution often used to shorten decision-
making processes is by employing Group Decision 
Support [Vreede, 1995]. However, the actual act of 
decision-making is not the most intricate part in the 
process, evaluation of different alternatives or 
convergence towards one best or most shared solution 
is much more difficult. A popular research instrument 
that can support these meeting activities is simulation 
because it provides insight in the behaviour of a 
system and visualizes outcomes. Actors involved in 
the decision-making process can qualify and quantify 
the different solutions.  
 
However, the modelling of a system is a cognitively 
complex task in which the time needed to deliver a 
specified output cannot be accurately predicted and 
tend to consume a lot of time [Keller et al, 1991]. It is 
not uncommon for a simulation study to take over a 
year, which is often too long for decision makers. In 
previous research we found that simulation building 
blocks can reduce the time of a simulation study and 
still provide the support required by decision makers 

[Verbraeck et al, 2002]. Support is improved because 
decision makers better understand the simulation 
models and much more alternatives can be evaluated 
in a shorter time-frame, thanks to the fact that model 
adjustment is significantly easier.  
 
An interesting new research field is the combination 
of the design of collaborative meetings and simulation 
because it could amplify the advantages simulation 
delivers. We expect that simulation studies will be 
concluded much faster and we aim to reduce the lead-
time of simulation studies from months to at most a 
couple of meetings. The way we hope to do that is: 
1. through a reduction of the cognitive load 

involved in constructing a model by using 
simulation building blocks; 

2. and by structuring and designing GSS-supported 
meeting processes explicitly.  

Formulated in this way we built on earlier research in 
the research-tradition labelled Collaborative Business 
Engineering [Maghnouji et.al., 2001]. We describe in 
this paper a background on simulation and building 
blocks (section 2). Then we introduce the concepts of  
meeting activities and ThinkLets(section 3). We 
elaborate on our experiences with two experiments 
that meant to speed up joint design of models (section 
4). In section 5 we provide an overview of our 
observations and we describe the sequences of 
meeting activities that should be performed during 
different phases of model construction. We conclude 
in section 6 with the main lessons learned concerning 
joint design processes that use simulation blocks and 
offer suggestions for further research. 



2 BACKGROUND ON SIMULATION, 
BUILDING BLOCKS AND JOINT DESIGN 
Joint design or collaborative engineering can be used 
amongst others, to develop solutions for problems in 
multi-organizational settings. Different actors with 
different opinions want to make sure their points of 
view are represented in the design and ensure that the 
selected solution satisfies stakeholders they represent. 
As a result even simple convergent problems are 
affected by politic and social contexts, which leads to 
messy problems. [Ackermann and Eden 2001, 
Appelman 2002, Vennix, 1996]. In such 
circumstances it is of utmost importance that all 
stakeholders involved have a common frame of 
reference, a shared group memory. Modelling is a 
way to condense information to such an extent that all 
participants can make sense of the impacts that the 
modelled system might have. 
 
Visualization of the potential impacts of choices or 
policies through building blocks contributes to more 
speedy but robust decision-making. [Verbraeck et al, 
2002]. Note that visualization is broadly defined, the 
use of charts, graphs or other means that condense 
information is also implied. Visualization is thus not 
only  cartoon-like animation of trucks going from A 
to B. The visual is the dominant sense that allows us 
to grasp and formulate, in retrospect, knowledge that 
can be generalized and objectified. Something that is 
much harder for other senses like hearing and taste 
[Urry, 2001]. We hypothesize that visualization of 
outcomes or behaviour of a system boosts the 
alignment of perceptions. All participants SEE the 
same information and, they do not have to develop 
their own individual mental pictures as much as they 
would have if they would have listened to an oral 
explanation. Cognitive distance between group 
members be more easily achieved when visualization 
of the process and outcomes is possible. [Nooteboom, 
2001] Perfect alignment of perceptions would mean 
that every member had the exact same image of all 
the objects and outcomes involved. Alignment 
therefore ensures that the participants involved in a 
process of collaboration come to more robust models 
in a shorter time-frame. Alignment of perceptions 
also contributes to the creation of consensus that 
supports decision-making and implementation. The 
more visualization and joint design practices 
contribute to a shared focus the more likely it will be 
that the project will also be successful in the 
implementation phase.  
 
We conclude that there seems to be a great potential 
for collaborative simulation but, in practice, it is used 
sparingly. Keller et al [1991] propose that the 
following reasons mainly account for this fact: 
 
 

• that the simulation experts do not understand the 
decision makers, and thus deliver simulation 
models that do not provide the right answers and; 

• that the simulation process takes too much time, 
and thus provides the desired support after the 
ideal moment of decision making.  

 
Simulation building blocks support the rapid 
construction of simulation models because 
visualization ensures a high recognizability of the 
concepts for all stakeholders involved [Valentin and 
Verbraeck, 2002]. Building blocks hide the 
complexity of the underlying code and the complex 
functional behaviour and they provide an easy to 
understand user-interface including visualization. At 
the same time, visualization could improve the quality 
of decision-making because all actors share the same 
set of visualized system building blocks and these 
enable cognitive distance to be bridged.  
 
Building blocks are in first instance a technical 
feature, used for the execution of current simulation 
studies but we think that this concept constitutes a key 
innovation for joint simulation in the future [Pater and 
Teunisse, 1997; Valentin and Verbraeck, 2002]. 
Whether it concerns a new container port, the 
expansion of an airport, the organizational structure of 
local governments or the closing of a factory, in each 
of these cases different actors with different learning-
curves, opinions and ideas talk and discuss a 
visualized lay-out that is the same for every actor 
involved. 
 
Zeigler et al [2000] reflect on the different modes of 
collaboration necessary at different stages of model 
building. They base themselves on the concept of 
DEVS, which provides chunks of re-usable simulation 
models similar to simulation building blocks.  The 
DEVS-approach incorporates all stages of a model-
building trajectory [Banks, 1999]. Each stage consists 
of a number of phases. To each phase, within a stage, 
a collaboration mode is assigned and a drawn-out 
process is implied.  Zeigler et al do not, however, 
devote much text on what the different collaboration 
modes entail in terms of cognitive (group-) activities 
that have to be performed. This “simple” version of 
collaboration and simulation is visualized in figure 1. 
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Figure 1: Phases in Model Construction (adopted 

from Zeigler et al, 2000) 
 



They do not expand on what happens in the different 
phases and do not explain what the different actors 
should do during the joint design process. We intend 
to remedy this situation by formulating a process 
design based on meeting activities and simulation 
building blocks. For the sake of the argument, brevity 
and clarity we assume that all activities take place in 
one conventional meeting.  

In collaborative settings the validation of the model 
will directly lead to suggestions for adjustments to the 
model, which means a new model. Although the 
arrows in the “simple’ model represent the iterative 
character of collaborative processes it is not 
visualized clearly enough and it does not show at any 
point in the process the modeling exercise could be 
abandoned.  
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Figure 2: Dynamic Model of Model Construction 
 
Figure 1 displays only a small part of a more complex 
problem solving project. In figure 2 we contextualize 
the generic core-model, we show the relation of the 4 
phases within the whole project. The actors involved 
have the power to stop the cycle at any moment and 
accept or reject whatever outcomes have been 
reached thus far. The process facilitator should 
constantly be aware of the possibility that such a 
contingency occurs. One of his main tasks is to 
ensure that people stay committed and participate as 
long as is needed.  
 
  

3 PROCESS STRUCTURING USING 
MEETING ACTIVITIES 
We argued that Zeigler’s work provided a good 
foundation to model/describe meetings but that it 
could be ameliorated by the provision of more detail 
on what needs to be done during the different phases. 
In order to be able to do this in section 5 we introduce 
here the concept of meeting activity and ThinkLet.  
 
At an abstract level the following 5 meeting activities 
can describe any meeting: Diverging, Converging, 
Organizing, Evaluating and BuildingConsensus. 
Divergence is popularly known as brainstorming and 
denotes going from a few or no concepts to a larger 
number. Convergence works the other way around, 
here we reduce the amount of concepts, ideas, etc. 
Organizing serves to structure in information in such a 
way that the participants and the constituencies they 
represent recognize their input and to ensure that all 
the participants share the same group memory. Put 
differently it is a move to a better understanding of the 
relationships between concepts or categories. Evaluate 
involves specifying criteria to value concepts. It is a 
move to achieve more understanding concerning the 
values a group attaches to concepts. Building 
Consensus is the last activity and it denotes the 
process of getting more agreement among 
stakeholders wit the outcomes of the meeting. 
(although it can also be an objective of a meeting in 
itself). Building Consensus inevitably entails a degree 
of negotiation and could be considered a ‘cross-over’ 
phase or an activity that connects collaboration with 
negotiation. Since negotiation is a separate field of 
research we do not go into these activities involved. 
 
In addition to the meeting activities researchers at TU-
Delft and Arizona University have formulated a 
smaller unit of analysis, that represent processes and 
(the settings) of technologies used in meeting 
activities. In short, structures the design of GSS-
supported meetings, this unit has coined a ThinkLet 
and is defined as: “the smallest unit of intellectual 
capital required to create one repeatable, predictable 
pattern of thinking among people working toward a 
goal.” [Briggs and de Vreede 2001: p.1] ThinkLets 
have as an additional benefit that they focus on the 
process of thinking and reasoning a group must go 
through in order to achieve a goal. Which was one of 
the elements we found lacking in the description of 
Zeigler and we need such insights to integrate joint 
design of simulation models with building blocks and 
meeting design. In other words, we aim to integrate 
the processes of thinking and reasoning that are part 
of simulation and modelling exercises with processes 
of reasoning and thinking that are commonplace in 
(electronically supported) meetings. A ThinkLet is 
build up of 3 parts:  
• the script,  
• the tool and, 
• configuration of the tool. 



The script explains how the ThinkLet should be 
introduced to the group by the facilitator or chairman 
as part of the meeting activity. The script contains 
instructions/explanations about the tool, and the 
activity to be performed. A tool is defined as a 
description of the version of the software and 
hardware used to create a pattern of thinking. The 
configuration details the specifics of how the hard- 
and software are configured to create a particular 
pattern of interaction. We disregard the hardware 
requirement in this paper that is necessary for 
research purposes because otherwise verification of 
results cannot be undertaken. Here we do not 
compare GSS-research outcomes, so the need is not 
there. 
 
ThinkLets are categorized according to the kind of 
meeting activity they support but there are many 
variations to a theme. One can for instance, diverge in 
multiple ways. We will return to this observation in  
section 5.  
 
Now that we have introduced the concepts of 
ThinkLets and meeting activities we continue, in 
section 4, with two experiments that elucidate the 
intricacies and barriers that groups of users 
experience when using simulation blocks. We draw 
lessons from these cases that, at a later stage, might 
lead to ‘recipes’ or ‘prescriptions’ of sequences of 
ThinkLets for joint design meetings. In section 5 we 
limit ourselves to a formulation of process guidelines 
that would support successful joint design meetings.  
We will do so, after we have described the activities 
to be undertaken in each phase of model construction.  
 
4 OUR OWN EXPERIENCES WITH JOINT 
DESIGN AND SIMULATION 
 
As argued before, process improvements occur in 
joint design meetings when simulation building 
blocks, that visualize output or represent it 
graphically, are used to develop simulation models. 
Improvements in efficiency (time-compression) and 
effectivity (more robust models) are anticipated. In 
this section we sketch our first experiences and 
conclusions on joint design based on one field 
(airport-security) and a laboratory (container-terminal 
design) experiments. The first experiment we 
researched the phases of model building and 
validation in the last and more controlled experiment 
we made the participants go through all 4 phase 
involved in model construction. 
 
4.1 Security at Amsterdam Airport Schiphol 
The European Committee requires that everyone in 
the lounges of international airports is screened for 
security reasons. This means that airports have to 
integrate security with passport control. The 
effectuation of this requirement involved participation 

of four important stakeholders at the Amsterdam 
Airport Schiphol: 
• Securop, the security company of the airport; 
• KMAR, the Royal Dutch Police the organization 

that checks passports; 
• The passengers’ representatives; 
• Schiphol passenger management.  
These four different stakeholders entertained different 
ideas and preferred different solutions. For example, 
Securop liked to provide a large number of staff; the 
passengers do not want to wait and Schiphol 
Management does not want to pay.  
 
In three joint design meetings the actors were brought 
together to discuss different alternatives using 
simulation. The design options were the number of 
passport checks and security X-ray machines, the 
sequence (first passport check followed by security 
check or other way around) and the planning and 
allocation of personnel over different locations at the 
airport. Detailed descriptions of the simulation 
building blocks used in these experiments can be 
found  in Verbraeck and Valentin [2002]. 
 
During the sessions, designs were configured and 
transformed to simulation models. Transformation  
took a few minutes, but the run of the simulation and 
the evaluation of the outcome was a cumbersome 
task. The process facilitator needed to keep the 
participants occupied with anecdotes, but participants 
responded that this was misuse of their valuable time. 
They were able to quickly specify what they wanted 
because of the ease of use of the building blocks and 
expected that the results could be displayed almost 
instantly. However, the transformation slowed down 
because the level of detail inside the simulation 
models resulted in a lot of data that complicated 
analysis. The level of detail also affected the ability to 
rapidly adjust the model and affected speed of the 
simulation runs. The main effect of slow 
transformation was that participants became 
dissatisfied with process and therewith with 
outcomes. 
 
4.2 Design of container terminals 
A management game served as a pre-text for a 
laboratory experiment.  Ten different kinds of 
(simulated) actors (like municipality, bank, logistics 
company, environmentalists and residents) were part 
of the experiment. All actors were obliged to jointly 
design a container terminal. The management game 
showed how participants should interact and specified 
how many different performance indicators were 
needed to design a container terminal from hundreds 
of design options. Like in any multi-actor system, 
each actor had a different set of priorities and desired 
outcomes for different performance indicators. For 
example, residents did not want the container terminal 
to make a lot of noise, a bank wants a stable financial 
plan and an operator expects a healthy profit margin.  



Most of the performance indicators of a container 
terminal could only be evaluated with a simulation 
model. We developed a set of simulation building 
blocks that represented the behaviour of a container 
terminal. We simplified the design process by the 
provision of a link to the drawing environment VISIO 
and outcomes of the simulation model were produced 
in the form of an Excel sheet.  
The participants (70 students of our full-time 
education program) filled a questionnaire after the 
game. Main conclusions from the survey are that the 
support tool consisting of VISIO-drawings, a pre-
defined database, easy to understand Arena models 
and representation of outcomes in Excel, helped them 
with: 
• Understanding each other’s roles and preferences 

(94%) 
• Evaluating the performance of the designed 

container terminal (85%) 
• Speeding up the design process (81%) 
• Making container terminal designs of high 

quality (68%) 
More detailed information concerning the outcomes 
of the survey can be found in Bockstael-Blok et al 
[2003]. 
 
We tentatively conclude that the use of simulation in 
this management-game was a success, however, 
observations by experts on collaboration made some 
other things clear as well. For example, the 
participants could and did easily hide some input 
parameters, which made their results look much 
better then they actually were. The participants also 
limited themselves to a discussion of topics defined 
by the support tool. They did not produce alternative 
solutions like: noise-shields, deepening the canal or 
replacing the marina because these topics did not 
have corresponding input parameters in the support 
tool.  
 
5 THE INTEGRATION OF PROCESS 
SUPPORT AND SIMULATION BUILDING 
BLOCKS 
We combine the lessons from sections 3 and 4 and 
formulate a number of suggestions on how to model 
the process of GSS supported meetings using 
simulation building blocks. By linking the domains of 
group systems support and simulation it is possible to 
deliver better simulation models in a shorter time 
span. 
 
5.1  Pre-meeting 
A meeting can only be effective when it is thoroughly 
prepared. A meeting that aims to design in the context 
of a multi-actor environment should even be better 
prepared because of the need to satisfy diverging or 
opposing interests and to cope with complexity that is 
a result of the need to accommodate interests or to 
integrate different technologies to produce a solution. 
Another reason for the rejection of model outcomes 

surfaced from the experiment. This became especially 
clear in the airport field experiment. The delays that 
occurred between the input given by the participants 
and the time needed to produce visualized results did 
not match their expectations. The net result was 
dissatisfaction with both process and outcomes. The 
outcomes the validated models delivered were not 
trusted. The outcomes were rejected and a discussion 
on the need and feasibility of a new round of joint 
design meetings ensued. It was decided that the model 
construction phase would be outsourced so decision 
makers would only have to bother themselves with 
selection of the ‘right’ model. 
 
It is therefore important to try to mitigate goal-
divergence, manage expectations, accommodate  
interests and to avoid delays between input delivered 
by the participants and output generated by the 
model/GSS. Ideally, the ‘object-clarification’ phase 
and data-collection phases are completed before the 
meeting.  Practically it would mean that: 
• A set of simulation building blocks has been 

developed or bought that fit the design questions 
of the actors involved.  

• The time needed to transform input into 
visualized output is tested and improved if 
deemed necessary. Put differently, a number of 
simulation models should be developed 
beforehand. 

• An initial simulation model, ideally drawn from 
information provided by the organizations and 
their representatives that will participate in the 
design meeting(-s), has been developed.  

 
Zeigler et al comment on this phase: “… consider that 
it is very hard to get people to agree on common 
objectives in building a model. Perhaps, the only way 
to do that is to bring them together in one room and 
try to hammer out agreement through seemingly-
endless discussions. Several meetings of this sort 
might be required.”(Zeigler et al, 2001:534) However, 
we said that we would aim to reduce the cycle of 
model construction to one meeting. Which is what we 
will do in the next subsections. 
 
5.2 Meeting activities to support the model 

construction cycle 
 
5.2.1 Phase 1: Clarify objectives 
 
The meeting should start with explanations by the 
facilitator or problem-owner(-s). It should be made 
clear why the meeting is held, why the group of 
persons is brought together, why simulation will be 
used and what the possible outcomes of the different 
simulation runs will be. This exercise is important 
because it is a mean to manage the expectations of the 
group and we have seen that unmanaged expectations 
concerning the time needed to produce results in the 
Schiphol case led to rejection of the model and its 



outcomes. The facilitator should make sure the 
process is of interest to all participants. They will feel 
more committed when they perceive the advantages 
of participating. 
 
When the meeting is supported by a GSS, participants 
will start to diverge, brainstorm. They produce a list 
of objectives that then needs to be organized to allow 
for an evaluation. The evaluation will deliver a 
ranking and reduce the number of objectives as far as 
possible. Through evaluation the group converges 
toward the most important objectives. Then a new 
divergence activity starts where participants can 
comment on the remaining objectives. This activity 
ensures that the participants align their individual 
perceptions they bridge cognitive distance in this 
phase. The last step is the building of consensus. This 
can be a lengthy process but if these meeting 
activities are converted to a design with ThinkLets we 
estimate that this phase can be done in 2 to 3 hours. 
Provided that all decision makers are present and not 
one of them has an agenda of frustrating the meeting. 
Secondly, divergence can also be done in a ‘relay-
form’. This opens up the possibility to let decision 
makers define objectives, that are then checked by 
technical experts concerning the feasibility of the 
objectives. Once closure has been reached on an 
objective a facilitator can instruct the GSS to forward 
this objective to domain experts that in their turn 
provide the data needed. So, you get cycles within 
cycles, within cycles and this explains why you can 
really speed up the model construction phase. Small 
groups are simultaneously working on different 
phases but always follow the right order that lead to 
the construction of a model. When done in such a 
way it becomes possible to construct a model in one 
meeting.  
 
Reality is however never so clear-cut as we would 
like to have it. We do not deem it likely that 
everybody will start to do ‘one-day modelling 
meetings’.  We therefore continue to comment on 
how meeting activities can best be supported during 
the different phases. 
 
5.2.2 Phase 2: Data collection 
Data collection can be a synchronous non-distributed 
group activity, but it is unlikely because it would 
mean that a facilitator would be able to predict, 
before the phase of the clarification of objectives has 
commenced, what data need to be gathered and which 
actors can deliver that particular data. It is perhaps 
much wiser to do this a-synchronous and let 
simulation expert evaluate the data for usability. 
However, if done in a meeting the emphasis in this 
phase should be on divergence and organization 
activities. As much data as possible should be elicited 
from the participants and be stored in a group 
memory to prepare for the next phases.  
 

5.2.3 Phase 3 and 4: Build model and validation 
We combine phase 3 and 4 to emphasize the iteration 
involved in these phases. During these phases a 
technical simulation model builder should be 
available for support. Simulation building blocks 
support the easy and rapid construction of models. 
Different models and/or different outcomes can be 
produced. As a result the model building and 
validation phases will be characterized by 
convergence and evaluation meeting activities. Within 
the small group different designs can be generated and 
evaluated using the simulation model. The order of 
input in the simulation model determines the order in 
which topics are discussed. When a simulation model 
is ready, the simulation model can be executed, 
followed by an evaluation of the performance 
indicators. If the outcomes are not satisfactory the 
simulation model can be adjusted and re-executed. 
This process continues until the actors in the group 
can converge to an agreement. The time it takes to 
build consensus can vary enormously and is 
influenced by a host of variables that cannot be 
influenced during a meeting. Consistent with the cases 
we assume that the goal of the meeting is to produce a 
model of which the input parameters can be changed. 
The process of consensus building that should 
eventually lead to select one best solution or model is 
not considered.  
 
Taking a number of constraints into account we do 
think it will be practically possible to design and 
construct a model jointly in one day. But only if the 
political activity surrounding the project is low, 
otherwise people will not feel free to divulge all the 
information needed to design and construct a 
model.[Appelman et al, 2002] 
 
6  CONCLUSIONS AND FURTHER 
RESEARCH 
 
In this paper we describe the possibilities to support 
the design and use of simulation building blocks to 
enable joint design. We identified the need for a 
methodology that supports participatory design 
processes and the evaluation processes of the designs 
using simulation. Visual representation makes 
learning easier and speeds up different meeting 
activities that need to be performed in a sequence to 
come to a model everybody can agree to. Our own 
experiences with joint design were illustrated with 
two different case-descriptions of experiments with 
joint design in two different domains.  
 
The most important lesson we learned was to keep 
expectations of the participants realistic and invest 
much preparation time in the phases 1 and 2. 
Investment is not just the development of the right 
simulation building blocks, execution of test-sessions 
it is also an investment in the enthusiasm of the 
participating actors. The experiment with container 



terminals clearly showed that it speeds up phases 3 
and 4 because participants had clear instructions, had 
to adhere to their role and were provided with the 
right simulation building blocks. We learned from the 
Schiphol experiment that time between input and 
visualization should be as short as possible. 
 
6.1 Further Research 
In the beginning of this paper we explained that we 
aim to develop a first methodology for joint design 
using simulation. The second case of the container 
terminal gave us very motivating results, but we 
know we still have to do a lot of things in the research 
of joint design. Firstly, we aim to replicate the 
experiments in order to optimise the design of the 
process and the simultaneous use of different GSS’s. 
Secondly, we think two other areas of research could 
offer knowledge to better support joint design. On the 
one hand it would be interesting to know the extent to 
which it is possible to perform meeting actitivities 
such as joint design in a distributed setting. On the 
other hand research that delivers commonly 
performed sequences of meeting activities can inform 
the design of meeting processes supported by a GSS. 
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