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Abstract : Audio signal processing requires digital filter in 

order to segregate the audible range of frequencies of the 

range from 20Hz to 20KHz. For compression of audio signal 

requires a FIR filter for filter bank construction in ISO-

11172 MPEG-Layer 3 audio and for reproduction of 

original sound in HD audio and higher end audio systems 

requires a IIR filters. A sample design of IIR and FIR filters 

of attenuation in stop band and low attenuation in pass band 

is designed and compared in terms of filtering quality of the 

filter and computation time. Design complexity is analyzed. 

The analyses were implemented in MATLAB and tested for 

a test vector contains a frequency in pass band and stop 

band. The efficiency of the filter is determined by the both 

computation time and attenuation to the stop band 

frequency. 
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I. Introduction  

 

Audio signal processing become an important part of 

the multimedia application. The audio signal processing used 

for compression of audio signal and also used in audio 

reproduction systems. The compression of audio signal 

requires implementation of filter bank for Layer-I, Layer-II 

and audio layer-III of ISO 11172 standard. In ISO-11132 

audio signal is divided into 32 sub bands with filter bank 

system. Finite impulse response (FIR) filter design requires a 

selection of window and appropriate number of samples 

required for the given attenuation level. Normally FIR filter 

requires a large number of FIR samples are required and 

window of moderate slope required for the given attenuation 

level. And FIR filter design requires much iteration to meet 

the given specifications of pass band and stop band. Even 

optimal design requires a many iteration to find the suitable 

impulse response for the attenuation. And computation 

required for the filtering increases with number of samples in 

the impulse response of the filter.  

There are many literatures available for design and 

implementation of FIR and IIR filters. Design towards the 

specific application on audio signal processing is not 

available. It is required to design a filter for the given 

specifications of Infinite impulse response filter (IIR) and FIR 

filters. And testing the filter using test vectors generated by 

combining the signal from pass band and stop band 

frequencies.     

In this paper, IIR and FIR filters are implemented for 

the given specifications in MATLAB. Test vectors also 

generated in different frequencies of sine wave. The output of 

the filter will contain the frequencies of the pass band. 

Frequencies correspond to stop band are suppressed. The 

section II defines a requirement of filter specifications. 

Section III explains about design steps involved in design of 

IIR filter and implementation in MATLAB. Section IV 

describes the equalizer design for IIR filter. Equalizer if 

required for compensation of phase distortion introduced by 

the traditional analog filter. Equalizers are all pass filters. All 

pass filters are of the type, that its poles and zeros are located 

inside the unit circle of z-transform.  

Section V is about design of FIR filter using 

windows design method, the window is selected to give a 

maximum stop band attenuation, the pass band ripples are not 

exist, in FIR design as in IIR design. Section VI analysis of 

the test vector results and verification of the required results 

of the output of both IIR and FIR filters. 

II. Filter Specifications 

  Low pass filter of order 2 is selected for 

experiments, the cut off frequency of 100Hz and sampling 

frequency of 1000Hz has been chosen. The Butterworth filter 

chosen as an analog filter prototype analog filter perform a 

basic comparison and obtain the results. Other types of analog 

prototype filters   are used to strengthen the findings of these 

experiments. The cutoff frequency and sampling frequencies 

are same for FIR filter. The order of FIR filter or number of 

samples in FIR filter is determined by the quantum of 

attenuation required for stop band and accordingly, the FIR 

filter window is selected.  

 

III. Infinite Impulse Response Filters: 

The IIR filter designed for experiments based on the 

Butterworth analog prototype filter and order of 2 and cutoff 

frequency of 100Hz and sampling frequency of 1000Hz. The 

filter implemented using bilinear transformation, which 

transforms the filter from analog filter to digital domain. 

Second order Butterworth filter equation is given by 

                         

The above equation is for normalized frequency of 

1Hz, for the given problem, cutoff frequency of the given 

filter 

               
S is replaced by S/200π, the equation of the H(s).  

                            

The sampling frequency is Fs=1000Hz, the time T is 0.001s 
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Zeros of the above equation is at -i and +i. Poles of the 

equation is  

 
The location of the poles near the zero frequency of the unit 

circle of the z-transform, which confirms that the filter 

designed, was indeed a low pass filter. The H(z) equation is 

can be represented in time domain as a difference equation,  

y[n]=1.169y[n-1]-0.4242y[n-2] + 0.0064 x[n] + 0.1283 x[n-1] 

+ 0.0642 x[n-2]. 

Further IIR filter memory requirement can be reduced to half 

by selecting the direct form II implementation of the IIR filter 

instead of direct form I implementation. The pole location and 

frequency response of the IIR filter is shown in the figure. 
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 The IIR filter has a two poles and two zeros location 

confirms the designed filter is low pass filter. And the 

magnitude response and impulse response of the low pass 

filter is given in the above figure, the attenuation for the 

second order filter with 100Hz as a cutoff frequency, the 

attenuation is 3db at cutoff frequency, at 0.2 it is 12.5db, at 

0.3 attenuation is 20db, at 0.6 attenuation is 38db. These 

information to be used while designing a FIR filter. 

 

IV. Finite Impulse Response Filter Design 

 

Finite impulse response filter is designed using windows 

design technique. In this technique Blackman window is used 

to sample the low pass filter impulse response. The 

Blackman filter has higher attenuation than any other 

windows for the given number of samples in the FIR impulse 

response. The stop band frequency attenuation of the FIR 

filter is made equal to IIR, by selecting the proper number of 

samples in the impulse response of the FIR filter. If stop 

band attenuation is not matches the IIR filter stop band 

attenuation, then increase the number of filter coefficients in 

the FIR filter.  

N=5 and fc=0.1, Wc=0.2π 
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From the FIR filter response, the attenuation is only 

a 10db at 0.3 normalized frequencies, which half of the IIR 

filter response. To increase the FIR filter attenuation after 

cutoff frequency appropriate window selection required. 

FIR filter design involves a following steps,  

Fc=100Hz, Fs=1000Hz and N=5. The desired frequency 

response of the low pass FIR  
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Equation for the Blackman window is 

w(n) =0.42-0.58*COS(2πn) 

 

 When window function is convolved with desired 

filter response it will give the FIR filter response h(n). The 

equation for the  
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Normalized frequency 0.3 attenuation is 20db for 

FIR filter order of 9. For the corresponding attenuation, the 

IIR filter order is 2. From the above order comparison it 

understood that the filter implementation for filtering 

requires more computation for FIR filter than the IIR filter, 

other than the phase sensitive applications, IIR filters are 

sufficient for filtering. Phase sensitive applications FIR 

implementations are good. For higher attenuation and large 

frequency filters requires more elaborate design of the filters. 

 

 

V. Equalizer Design 

Equalizer used to reduce the distortion introduced in 

the filtering of the signal. The filter used in equalizer is 

second order, IIR filter designed and implemented in bi-quad 

form for audio processing.  

 

VI. Result Analysis 

Sampling frequency among the filters designed for 

implementing the low pass filter for audio applications, IIR 

filter is easy to design and requires less computation than 

FIR filter. FIR filter design is less complicated than the IIR 

filter. IIR filter requires to un-normalization of filter to the 

given cutoff frequency, which gives the very high numerical 

value for the denominator equations. This leads to improper 

discrete time representation of the given filter specification. 

The transformation from analog to digital domain also 

involves a applications of the impulse invariant method and 

derivative approximation method. Both methods are suitable 

for implementation of the low pass filter from analog domain 

equation, not suitable for the implementation of high pass, 

band pass and band reject filters. When these filters are 

implemented by impulse invariant and derivative 

approximation methods will give different pole locations and 

zero locations, if transformations done before or after low 

pass to high pass or band pass filter conversion.  

 

VII. CONCLUSIONS 

For audio signal reproduction system requires a filter 

of very small computation delay and linear phase response in 

order to have equal delay for all the frequencies of audio 

signal range. To evaluate the IIR and FIR filters, one sample 

filter was designed as per the specifications given in the 

section II. Low pass filter design is used for comparison; these 

experiments can be expanded to other filters like high pass, 

band pass, and band pass filter. The methods of FIR filter 

design also can be changed to frequency sampling method, 

optimal method can be used. For IIR filters the methods can 

be Chebychev and elliptic filters.  The outputs of both the 

filter were compared with computation time for calculations. 

The FIR filter design is direct application of IDFT algorithm 

on the filter specification. To meet the desired specification of 

stop band of the FIR filter requires a iterations, which are 

required to improve the stop band attenuation. The FIR filters 

phase response is better than IIR filter. FIR filtering required 

more computation time than IIR filter. And IIR filter is 

preferable and being implemented by many multimedia 

acoustic systems. DSP processor based IIR filters are mostly 

used in audio systems.  
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