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Abstract. A finite impulse response (FIR) filter based equalizer requires a very high computational power 

and suffers from a long delay. On the other hand, an infinite impulse response (IIR) filter based equalizer can 

reduce a lot of computational cost for the implementation. This paper develops a joint model of a speaker and 

a transmission line via both the input audio signal and the input signal of the equalizer. The frequency 

response of the transmission system is modeled by the discrete time Fourier Transform of the input and 

output signal of the system. The modeled frequency response of the transmission system multiplies the 

frequency response of the equalizer should be approximately equal to 1 at every frequency point. To design 

these IIR filters, the total absolute errors between 1 and the modeled frequency response of the transmission 

system multiplies the frequency response of the corresponding IIR filters are minimized subject to the 

specifications on their maximum upper bounds and the stability condition of the equalizer. These problems 

are actually the functional inequality constrained optimization problems. By employing the constraint 

transcription method, these infinite constrained optimization problems can be converted to the finite 

constrained optimization problems and the solution is the coefficients of the IIR filter. The computer 

numerical simulation results show that the product of the frequency response of the developed joint model 

and that of the equalizer is small. 

Keywords: equalizer design, infinite impulse response filter design, functional inequality constrained 

optimization, infinite constrained optimization, constraint transcription. 

1. Introduction  

An equalizer is usually used to adjust the gains of different frequency components of an audio system in 

order to attenuate the unwanted components of the signal such as the transmission noise from the 

background due to the sound field defects [1] and the distortion generated by the speaker [2]. As using the 

equalizer can significantly enhanced the performance of the audio system, the equalizer is widely used in our 

daily life such as in the music production and in a live broadcasting. 

The equalizer is characterized by three parameters. They are center frequency, gain and bandwidth [3]. A 

parametric equalizer is the one in which divides the whole frequency range into several frequency segments 

and adjusts the center frequency, gain and bandwidth according to the instructions in each segment [4]. On 

the other hand, a graphic equalizer is the one in which presets the center frequency and bandwidth of each 

frequency band, and adjusts the gain according to the instructions [5-8]. The more frequency band is divided, 

the more accurate the adjustment will be, but the adjustment cost will also increase. 

The graphic equalizer can be implemented using the cascade structure [9] or the parallel structure [4] of a 

set of bandpass filters [9]. In addition, a hybrid of both the cascade structure and the parallel structure of a set 

of bandpass filters is proposed [10]. However, all the types of the graphic equalizers have a problem that 

there is an interaction between two adjacent filters [2] [4] [11]. The brute force approach for addressing this 

issue is via employing a high order FIR filter. However, this results to another problem that the required 

computational power is very large. Also, the system is suffered from a long delay [6]. For this reason, an IIR 

filter is used instead. 
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Although the IIR filter is usually suffered from the phase distortion [12], the implementation cost of the 

IIR filter is much lower than that of the FIR filter under the same specification. Therefore, the IIR filter is 

preferred in many applications where the phase response is not so important [13] [14]. The traditional 

method for designing the IIR filter for the audio equalizer is based on the bilinear transformation. However, 

the frequency response at the high frequency components is distorted [2] [5] [6]. To address this issue, the 

frequency response at the high frequency components is modified in such a way that it is close to that of the 

original analog system [15-16]. Nevertheless, this approach cannot guarantee to yield an optimal response. 

To address this issue, this paper proposes an optimization approach for designing the equalizer. In 

particular, the quotient of discrete time Fourier transforms of both the input audio signal and the input signal 

of the equalizer (It is the output signal of the original system.) is used to represent the frequency response of 

the transmission system [13]. Then, a special objective function which is based on the error function is 

minimized under the condition of imposing stability constraint on the optimization problem. Once the 

optimal solution is obtained, the coefficients of the IIR filter are determined, that is, the equalizer is designed.  

The outline of this paper is as follows. The content about optimization problem formulation is discussed 

in Section 2. The algorithm to solve the optimization problem is presented in Section 3. The computer 

numerical simulation results are demonstrated in Section 4. Finally, a conclusion is drawn in Section 5. 

2. Optimization Problem Formulation 

2.1. Transmission System Modeling 

Let the input and output audio signal of the transmission system denoted as  x n and  y n  for 

0,1,... 1n L  , respectively. And the signals discrete time Fourier transform can be described as follow: 
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Then, the frequency response of the transmission system can be formulated as  
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If the input signal  x n  passes through the transmission system without any processing, there may be 

some degree of distortion and some error between the output signal  y n
 
and the input signal  x n

 
are 

produced. Therefore, an equalizer needs to be concatenated after the transmission system for processing to 

maintain the maximum integrity of the input signal. 

2.2. Constructing Error Function 

The frequency response of an IIR filter based equalizer can be described as  

  0

0

M
jm

m

m
eq N

jn

n

n

b e

H

a e



















,    (4) 

Here, M and N are the orders of the polynomials of the numerator and the denominator of  eqH  , 

respectively. Also, mb  for 0,1,...,m M  and na  for 0,1,...,n N  are the coefficients in the numerator and 

the denominator of  eqH  , respectively. In order to maintain maximum integrity of the input signal, we 

have 

    1s eqH H    pB  ,   (5) 

where  pB
 
is the band that needs to be processed. To simplify the problem, only their magnitude response is 

considered. That is, 
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Here,   denotes the modulus operator. Define the error function as follow:  
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Then, (7) can be turned to be  
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As  E    is defined at each frequency, the total error function is minimized instead. That is, 
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is minimized. In order to prevent a frequency having a large overshoot, the following condition is 

imposed to the design problem. That is, 
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Here,
 

  0  
 
for  pB   is the upper bound on acceptable error. This is equivalent to following 

conditions: 
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and  
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Unfortunately, the results obtained by these constraints do not guarantee the stability of the system. To 

tackle the stability issue, the stability constraint [3] as follow is imposed in the optimization problem: 
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Then, the optimization problem can be described as: 
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3. Solving Optimization Problem 

It is worth noting that the genetic algorithm is a numerical optimization method inspired by the 

biological evolution of the genes via a natural selection mechanism. The algorithm consists of several 

procedures. They are the population initialization, the objective functional evaluation, the selecting operation, 

the crossover operation, the mutation operation and testing the stopping criterion. 

Step 1: Population initialization 

It is worth noting that the global optimal solution may not be found if the population size is too small. On 

the other hand, the required computational power is large if the population size is large. In this paper, the 

population size is set at 100. Here, each individual in the population represents a vector that has the same 

dimension of   
T

T Ta b 
   and satisfies all the constraints.  

Step 2: Objective functional evaluation 

Calculate the objective functional value of each individual in the population set. 

Step 3: Selection operation 

Eliminate the individuals where the objective functional values are too large. In this paper, the retention 

rate is 0.1. That means, only 10 individuals with small objective functional values are retained. 

Step 4: Crossover operation 

The remaining individuals will be paired up randomly. The same crossover point is set randomly to the 

individuals in the same pair. Then, divide each vector into two parts according to the crossover point. Next, 

exchange the parts of the vectors to produce two new individuals. These operations are repeated until the 

total number of the generated individuals is equal to the total number of the individuals eliminated in Step 3. 

Step 5: Mutation operation 

Each individual generated in step 4 has elements reset randomly between 0 and 1 according to the 

mutational probability. It is worth noting that the optimal solution cannot be found if the mutational 

probability is too high. On the other hand, it cannot kick out from the local optimal solution if the mutational 

probability is too low. In this paper, the mutational probability is set at 0.02. 

Step 6: Testing the stopping criterion 

Define the stopping criterion as a condition that the absolute change of the objective functional values 

between two consecutive iterations is smaller than a predefined threshold. Repeat Step2 to Step 6 until the 

stopping criterion is reached. 
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4. Computer Numerical Simulation Results 

Without loss of the generality, assume that the input signal of the original system without connecting the 

equalizer is an ideal white Gaussian noise, that is,  x n  is an ideal white Gaussian noise. And the signal 

 y n  is the output signal of transmission system. Then the frequency response of the transmission system 

can be simply represented as quotient of the discrete time Fourier transform of  x n
 
and  y n . By 

constructing a specific objective function with overshooting constraints and stability constraint discussed in 

Section Ⅱ and applying genetic algorithm to solve the optimization problem, an optimal result opa , opb  can 

be obtained. 

 

 
Fig. 1: The product of the magnitude responses of the joint original system and the equalizer based on (a) our designed 

IIR filter, (b) the Butterworth filter, (c) the Chebyshev filter and (d) the elliptic filter. 

To demonstrate the effectiveness of our deigned equalizer, the existing equalizers based on the 

Butterworth filter, the Chebyshev filter and the elliptic filter with the same order which is equal to 73 in this 

paper, are employed for the comparisons. Figure 1 shows the products of the magnitude responses of the 

joint original system and the equalizers based on our designed IIR filter, the Butterworth filter, the 

Chebyshev filter and the elliptic filter. It can be seen from Figure 1 that the product of the magnitude 

responses of the joint original system and the equalizers based on our designed IIR filter is between 0.98 and 

1 for nearly the whole frequency band, while those designed by the Butterworth filter, the Chebyshev filter 

and the elliptic filter vary severely in the frequency band between 0.7 and 0.8.According to (25), as the 

closer the curve to the constant 1 for the whole frequency band refers to the better equalizer performance, our 

designed IIR filter outperforms these existing filters. Moreover, the Butterworth filter, the Chebyshev filter 

and the elliptic filter are unstable. On the other hand, our designed IIR filter is guaranteed to be stable 

because the stability constraint is imposed in our design. 

5. Conclusion 

This paper proposes a functional inequality constrained optimization approach for designing the 

equalizer. It is found that the product of the magnitude responses of the joint original system and the 

equalizer based on our designed IIR filter is between 0.98 and 1 for nearly the whole frequency band. Also, 

our designed IIR filter is guaranteed to be stable. 
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