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ABSTRACT 

As they are spread across almost all applications based 

on electrical circuits, frequency filters form one of the 

most complex issues on electronic devices. There exist a 

great number of different design methods based on 

various approaches. A large group of these filters is 

based on active components, namely amplifiers, that are 

equipped with the appropriate feedback to achieve the 

desired transfer function. In terms of applications 

operating at audible frequencies it became to be a rule 

that one or two operational amplifiers are applied, 

taking into consideration that their input impedance and 

amplification factor are infinitely high, whilst their 

output impedance is infinitely low. The simulation 

results presented in this paper show that these 

considerations may not be so strict. That means the 

input impedance may be in tens of kiloohms and the 

amplification factor of 40 dB without the feedback loop 

can do enough. Moreover, the operational amplifiers 

may be replaced by a simple circuit consisting of two 

transistors, as it is shown in this paper. This should be 

considered when calculating manufacturing costs of 

several designs. In this paper, a detailed description of a 

band pass filter for a third octave equalizer is presented. 

However, it is obvious, that the same approach can be 

applied in other designs. 

 

INTRODUCTION 

The third octave equalizer is a device used for adjusting 

of a transfer function of various electro-acoustical 

chains. According to its name, the frequency range of 

the electro acoustic chain is divided into several bands 

the width of whose is 1/3 octave. That means there are 

28 to 32 bands the gain of which can be set 

independently. These bands are splitted by means of 

bank of filters, usually 2
nd

 order band passes. 

 

Usual constructions 

Usually, one of the approaches described in the 

following subchapters is employed in the construction 

of the third octave equalizers. 

One block with serial impedances 

The basic configuration of this circuit is depicted in the 

figure 1. This construction requires only one inverting 

amplifier and a set of tuned RLC filters. The inductors 

are usually replaced by synthetic inductances (gyrators), 

as depicted in the figure 2. The main advantage of this 

solution is the fact that it is simple and cheap. As all 

bands are implemented within one block, the circuit 

shows good noise parameters and there is no need to 

compensate gain of individual blocks. However, this 

solution brings a lot of drawbacks. The quality factor 

(Q) varies according to the setting of the appropriate 

band gain. The neighbouring bands affect each other. 

 
 

Figure 1: The Basis of an Equalizer 

Employing Serial RLC Filters 

 

 
 

Figure 2: The Basis of an Equalizer Employing 

Serial RLC Filters with Synthetic Inductances    

 

Cascade of blocks with serial impedances 

This solution divides the circuit from Fig. 1 into a 

cascade of such blocks, each for one or several bands. 

The advantage of this solution consists in suppression of 
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mutual influences between the setting of the band 

potentiometers but, on the other hand, the noise of the 

blocks is cumulated and in order to achieve flat 

frequency response when all the potentiometers are set 

into the central position, the gain of all blocks must be 

set to 1 with no deviation.  

Bank of parallel filters 

Different approach to the construction is depicted in 

Fig. 3. It is based on a multiple input amplifier, the 

inputs of which are fed by means of band passes 

connected in parallel. The potentiometers are then 

connected in the negative feedback of the amplifier, 

allowing controlling of the contribution of each of the 

frequency bands to the transfer function of the circuit. 

For this purpose, a bank of parallel filters must be 

established. An important condition must be fulfilled as 

follows: the phase shift at the point of overlap of the 

transfer functions of the relevant band passes must be 

±45° in order to combine the outputs of the band pass 

filters in parallel. This condition implies that second 

order filters should be employed. 

Figure 3: The Basis of an Equalizer Employing 

the Bank of Filters 

The main advantage of this solution is the fact that the 

Q factor of each band pass remains independent on the 

setting of the appropriate potentiometer. As the band 

pass filters embody precisely defined transfer functions 

at all settings of the appropriate potentiometers, the risk 

of overexciting of some circuit’s blocks at certain 

frequencies is eliminated.  The main disadvantage 

consists in summation of the noise generated by the 

band passes. 

It is worth mentioning that there exist modifications of 

the circuit depicted in Fig. 3 that allow to achieve better 

performance, nevertheless their complexity is 

adequately increased. 

Motivation 

The hereby described filter represents one band pass 

filter suitable for the topology depicted in Fig. 3. This 

topology has been chosen due to its advantages 

mentioned in the previous subchapter. Because the third 

octave equalizer employs from 28 to 32 of such filters 

for each of the two channels, reliable but cheap solution 

has been requested as well as a simple design of the 

appropriate printed circuit board. As the prices of 

discrete transistors are considerably low when bought in 

great numbers, it was decided to design the bank of 

filters on the basis of inverting amplifiers constructed 

with two transistors. 

Figure 4: Band Pass Filter Topology 

BAND PASS DESIGN 

From the great variety of possible band pass 

constructions, the multiple feedback topology as 

described in (Smetana 2015) has been chosen. 

Neglecting the amplifier’s characteristics, the circuit 

topology as depicted in Fig. 4 can be employed. 

Initial requirements 

In order to design the hereby mentioned band pass filter, 

the following requirements must be defined: 

 Q factor,

 Centre frequency F0,

 Overall gain in the pass band G0.

According to (Hajek and Sedlacek 2002), the 

parameters of the filter depicted in Fig. 4 can be 

described by the following set of equations: 

(1) 

(2) 

(3) 

(4) 

(5)



 

 

                (6) 

The equations (1) to (3) represent certain circuit 

parameters that are affected by the values of the relevant 

devices (see Fig. 4). The equations (4) to (6) represent 

the dependences of the required parameters of the 

circuit on the values of the circuit’s devices. The overall 

gain of the circuit G(F0) is rather great and therefore 

reduced by the voltage divider Rx, Ry to the desired 

value. 

The hereby described filter has been designed according 

to the requirements enlisted in Table 1. Because the 

accurate capacitors are more discerning to obtain, it was 

decided to use the capacitors C1 a C2 of the same value. 

Therefore, according to (2), β = 1. 

 

Table 1: Design Requirements 

Parameter Value 

Centre frequency F0 = 1.00 kHz 

Quality factor Q = 4.32 

Pass band gain G0 = 2.00 

Capacities C1 = C2 = 10.00 nF 

 

The amplifier 

In order to continue in the filter’s design, some of the 

parameters of the amplifier must be known. As 

mentioned above, the amplifier based on two directly 

coupled transistors were employed. The circuit diagram 

of this amplifier is depicted in Figure 5.  

The topology of the amplifier is quite common. The 

greatest advantage of this solution is the price as both 

transistors together can be purchased for less than 

0.15 €. When designing the circuit, the following facts 

were assumed: The amplification of the signal at the 

input of the circuit is performed by the transistor T1. 

Therefore high beta and low noise transistor should be 

applied at this position. The transistor T2 is connected 

as an emitter follower, decreasing the output impedance 

of the circuit. The power supply voltage was chosen 

with respect to the circuit’s linearity. ± 24 V 

symmetrical power supply is sufficient for this 

application. Concerning the noise issues, the collector 

current of the transistor T1 shall be low. Therefore the 

value of Ic1 = 500 µA has been chosen. According to the 

facts mentioned above, it is expected that the gain factor 

of T1 is higher than 100. The voltage VR1 drop across 

the emitter resistor R14 is expected to be approximately 

1 V. According to (7), the value of 2.2 kΩ has been 

chosen. Now the value of R13 can be calculated, as it as 

the voltage drop across the resistor is expected to be 

approximately 22 V. With Ic1 = 500 µA the suitable 

value of R13 is 47 kΩ. 

The T1 base current is expected to be lower than 5 µA. 

If R17 = 470 kΩ and IB1 < 5 µA, the voltage drop 

across R17 will be lower than 2.35 V. This has been 

considered when designing the voltage divider 

R15/R16. Provided the quiescent current through R17 is 

negligible and the voltage divider carries the current of 

100 µA, the following values of the relevant resistors 

are applicable: R15 = 270 kΩ, R16 = 33 kΩ. In order to 

achieve low output impedance, quite great quiescent 

current through the transistor T2 was requested. With 

IC2 = 10 mA, the following values of R11 and R12 were 

applicable: R11 = 1.8 kΩ, R12 = 680 Ω. To achieve the 

amplification factor at least 100, the value of R18 

should be lower than 1/100 of R13. The value of 330 Ω 

fits quite well. 

 

  
 

Figure 5: Amplifier Intended for the Band 

Pass Filter Design 

 

Simulation results 

The behavior of the above described amplifier was 

simulated in a software simulator based on SPICE 

algorithms and libraries for the following types of T1:  

a) 2N5089, 

b) BC550B, 

c) 2N3904, 

d) BC547C. 

On the position of T2 always the transistor BC557B has 

been placed. 

The simulation results are enlisted in the Table 2. 

According to the bias level recognized by the 

simulation, the correction of the R16 value has been 

implemented individually for each of the transistors. 

According to the results, the pair of BC547C and 

BC556B transistors has been considered as suitable for 

construction of the band pass filters. However, 

considering the total harmonic distortion (THD) and 

integrated output noise levels, it must be stated, that the 

SPICE models of the devices may not be accurate 

enough as the variability of the device parameters is 

quite large. 

It should be emphasized that while the input impedance 

of the inverting input ranges in tens of kiloohms, the 

input impedance of the non-inverting input, affected 

mainly by the resistor R18, is considerably low. 

According to the simulation, the input impedance of 

approximately 260 Ω is expected at the non inverting 

input of the amplifier. 



 

 

Table 2: Simulation Results of the Amplifier From 

Figure 5 with Different Types of T1 

Simulated 

result 

Transistor 

2N5089 BC550B 2N3904 BC547C 

Open loop 

gain 
125 125 125 118 

Bandwidth
1)

 1.00 MHz 1.00 MHz 0.98 MHz 1.10 MHz 

Noise
2)

 45 µV 44 µV 46 µV 41 µV 

Input 

impedance
3)

 
47 kΩ 36 kΩ 21 kΩ 47 kΩ 

THD 0.08 % 0.09 % 0.09 % 0.02 % 

R16 27 kΩ 33 kΩ 47 kΩ 27 kΩ 
1)

 Tolerance –3 dB. 
2)

 Integrated output noise level for B = 10 kHz. 
3)

 Input impedance measured at the inverting input. 

 

As the values of capacitors C11 to C14 affect the 

transfer function of the circuit, this issue has been 

considered as well. The values were set in order to 

obtain full gain at the operating frequency of the 

amplifier, which is considered to be exactly 1 kHz. The 

simulation has shown that the capacities of 10 µF are 

enough.   

 

Final circuit design 

The band pass filter incorporates both the amplifier 

depicted in Fig. 5 and the topology depicted in Fig. 4. 

Its connection diagram is depicted in Fig. 6. 

The feedback devices are numbered as in Fig. 4. The 

resistor R4 was omitted as its function is held by the 

low input impedance of the amplifier. The calculation of 

the feedback devices has been processed according to 

(Hajek and Sedlacek 2002) and the equations (1) to (6).  

As it was mentioned above, low tolerance capacitors are 

needed to construct this band pass filter and therefore it 

is helpful to use the same capacitors at the positions C1 

and C2, mainly because the quotes of such devices are 

quite weak.  

With the requirements enlisted in the Table 2 and when 

R3 = 10 kΩ, the following calculations should be 

processed first: 

  
  

  

 
    

    
   (7) 

  
  

  

 
   

   
       (8) 

Now, the parameter α can be calculated, using the 

equations (1), (5), (7) and (8). By substituting, the 

equation (5) can be expressed as follows: 

     
    

               
         (9) 

Now the values of R2, Rx and Ry must be calculated. In 

the following calculations, the resistors Rx and Ry can 

be replaced by the resistor R1 that represents their 

parallel combination. According to (Hajek and Sedlacek 

2002), when the parameter α is known, the values of R1 

and R2 can be calculated by means of the following 

equations with the aid of a fictive resistance R. Provided 

the parameter β = 1, the capacitors C1 and C2 may be 

replaced by a fictive capacity C. 

                 (10) 

  
 

     
 

 

            
         Ω  (11) 

   
 

  
        Ω   (12) 

               Ω  (13) 

The combination of resistors Rx and Ry obtain a 

suitable attenuation at the input of the circuit, as its gain 

at the centre frequency F0 is defined by the feedback 

devices and reaches quite a high value: 

                      (14) 

The gain of the circuit can be now reduced by applying 

the resistors Rx and Ry to the desired level G0 = 2: 

   
       

  

        Ω   (15) 

   
   

    
         Ω  (16) 

All device values are defined now. Because the resistors 

must be chosen from standardized series, the values of 

some parts must have been realized by parallel 

connection of standardized devices. The list of devices 

used in the simulation of the circuit depicted in Fig. 6 is 

enlisted in the Table 3. 

 

Figure 6: Final Circuit 

 



 

 

Table 3: Calculated Values of the Devices 

Devices Values 

Calculated Applied 

C1 10 nF 10 nF 

C2 10 nF 10 nF 

C11  10 µF 

C12  10 µF 

C13  10 µF 

C14  10 µF 

Rx 35.5 kΩ 47 kΩ || 150 kΩ  

Ry 3.21 kΩ 3.3 kΩ || 120 kΩ 

R2 85.96 kΩ 100 kΩ || 620 kΩ 

R3 10 kΩ 10 kΩ 

R11  1.8 kΩ 

R12  680 Ω 

R13  47 kΩ 

R14  2.2 kΩ 

R15  330 kΩ
1)

 

R16  27 kΩ
1)

 

R17  470 kΩ 

R18  330 Ω 
1) 

Selected according to simulation results of the circuit 

from Fig. 5. 

 

SIMULATION 

The circuit depicted in Fig. 6 has been simulated in the 

simulation software using SPICE libraries and 

algorithms. The values of the devices were set 

according to Table 3. The real parameters of the 

amplifier, mainly the limited open loop gain and 

inconsiderable input and output impedances reflected on 

the result that is included in the Table 4. 

 

Table 4: Simulation Results for the Circuit from 

Fig. 6 with the Device Values from Table 3 

 

Parameter Value Comment 

F0 1.0025 kHz Fully meets the 

requirements 

G0 1.53 Too small; the required 

value is 2 

Q 3.3 Too small; the required 

value is 4.32 

 

 

Figure 7: Frequency Response of the Simulated Circuit 

Corrections 

According to the simulation results it was decided not to 

change the values of C1, C2, Rx, Ry and R2 as the 

centre frequency meets the requirements as well. On the 

other hand, the gain of the circuit together with its 

quality factor can be increased by decreasing the value 

of R3. Therefore, for the purposes of simulation, the 

value of R3 has been decreased to 4.7 kΩ and the 

simulation was run again. With this value, the Q factor 

of the filter increased to the value as high as 7.4. The 

proper value of R3 has been estimated by means of 

linear interpolation. If the Q factor for R3 = 10 kΩ is 3.3 

and for R3 = 4.7 kΩ is 7.4, it can roughly be estimated 

that the value changes with the following ratio: 

  

   

       (17) 

As the required value of the Q factor is 4.32, the value 

of 7.5 kΩ has been estimated to be used at the position 

of R3. 

Finally obtained parameters 

The parameters obtained by the final simulation using 

the correction on the value of R3 are enlisted in the 

Table 5. These parameters were found satisfying for the 

construction of the third octave equalizer with the 

topology according to Fig. 3. The frequency response of 

the circuit is depicted in Fig. 8. It also shows how the 

information on the Q-factor has been obtained: the 

bandwidth for the sag of -3 dB has been measured and 

the Q factor has been calculated according to (18), 

where F0 is the centre frequency and B width of the 

band.  

  
  

 
 (18) 

 

 

Figure 8: Frequency Response of the 

Simulated Circuit after Corrections 

 

 



 

 

Table 5: Simulation results for the circuit from Fig. 6 

with the device values from Table 3 after correction 

applied to the value of R3 

 

Parameter Value Comment 

F0 1.0025 kHz Fully meets the 

requirements 

G0 1.85 Almost meets the 

requirements 

Q 4.38 Meets the requirements 

 

After the final simulation it is obvious that to achieve 

the required gain G0 more complex changes should have 

been done. On the other hand, the achieved Q factor 

4.38 quite nice fits the required value 4.32. 

 

What the simulation does not tell us 

The parameters of the simulated circuit meet the 

requirements quite well. On the other hand as there are 

large differences between the discrete transistors, it is 

expected than in the final construction, the following 

parameters will be a subject of adjustment: 

a) When the gain of the circuit changes due to 

variability of the parameters of the transistors, 

adjustment of R3 may be required. 

b) The total bias of the circuit may vary according 

to the parameters of the transistors. The ratio of 

R11 : R12 may be required to be adjusted. 

Both deviations may be adjusted by small trimming 

resistors, one connected in series with R3 and the 

second one connected between R11 and R12. 

Concerning the centre frequency shift, as the open loop 

bandwidth of the circuit is quite large, it is not expected 

that there would exist a need to compensate the 

frequency response of the circuit. 

 

CONCLUSIONS 

This paper provides a description on the design of a 

band pass filter for a third octave equalizer with the aid 

SPICE algorithms and libraries. Because the 

construction of the third octave equalizer requires 64 

such filters, there was an effort to decrease the price of 

the circuit’s realization. Therefore it was decided to 

create the circuit on the basis of the amplifier consisting 

of two directly coupled transistors that can be purchased 

for very low prices, when ordered in bulk series. 

Because such amplifiers do not exhibit negligible input 

and output impedances and their open-loop gain is also 

limited, the aid of simulation software was required to 

tune the values of the devices used in the circuit in that 

way so it met the initial requirements. By repeating the 

design steps described in this paper, also the band pass 

filters for other bands can be designed. For this purpose 

the AC Analysis is a very helpful instrument, because 

not only the modular characteristics, but also the phase 

ones must be aligned in order to achieve the optimal 

performance of the whole device. 

The most advantageous issue on the hereby 

presented design is its low price. The transistors used in 

this design are very cheap when ordered in bulk series. 

As the number of filters used in the device is 

considerably high, the price of the production can be 

significantly reduced. 

The main disadvantage consists in insufficient gain 

at the nominal frequency, which is, according to the 

simulation, 5.3 dB, while the value of 6.0 dB was 

required. Once the shape of the transfer function is 

correct, this is not a critical issue as the signal level can 

be adjusted by front-end or back-end block of the 

device. 
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