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Abstract: In this paper the frequency response of FIR Low Pass Filter has been analyzed with respect to number of zeroes in 
impulse response. The developed design has been simulated for five different zero valued coefficients configurations. It can 
be observed from the design analysis that decreased number of zeroes results in degraded stop-band attenuation with 
improvement in transition width. It is also observed that increased number of zeroes results in improved stop-band 
attenuation but degrade transition width. The design with 20 zero valued coefficients shows an improvement of 73.75% stop-
band attenuation and degradation of 84.90% in transition width. The proposed design, with 12 zero coefficients, provides an 
improvement of 40.6% in stop-band attenuation and 60% improvement in transition width.  
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I. INTRODUCTION  
 
Digital filters are the important part of today’s 
communication and computation systems. Fig. 1 
shows the basic signal processor that utilises the 
digital filter. Basically filters are explained in 
frequency domain. In frequency domain, filters are 
used to pass all the signals having frequency in pass-
band and they attenuates all signals having frequency 
in stop-band. So the properties of the filtering depend 
on the frequency response function, which settles on 
the choice of system parameters [1]. In Digital Signal 
Processing (DSP) two types of filters are used to 
perform the filtering operations and they are the 
Infinite Impulse Response (IIR) filter and the Finite 
Impulse Response (FIR) filter. The present output 
sample of an IIR filter depends on the present input 
samples, past input samples and past output samples, 
i.e. IIR filter is of recursive type [2]. FIR filters are 
used to design a filter where there is a requirement for 
a linear phase characteristic within the pass band of 
that filter. The performance of different methods 
depends on the similarities of its frequency response 
with the desired frequency response [1]. 

 
Fig. 1: Block diagram Implementing Digital Filter 

 
FIR filter can be achieved in two ways such as 
software and hardware. Software method is simple, 
because it can change filter parameters to adjust the 
filter performance. However, the real-time 

performance of software method is poor. On the 
contrary, hardware implementation has better real-
time performance and high reliability. But the 
development cycle is long and more complex [3]. 
There are basically three method for designing of FIR 
filters. These are, Window Method, Optimal Method 
and Frequency Sampling Method. All these methods 
are based on approximation to the frequency 
characteristics of ideal filters. The design method is 
based on the requirements of ripples in the pass-band 
and the stop-band, the stop band attenuation and the 
transition width [4]. In the window design method, 
one first designs an ideal IIR filter and then truncates 
the infinite impulse response by multiplying it with a 
finite length window function. The result is a finite 
impulse response filter whose frequency response is 
modified from that of the IIR filter. Multiplying the 
infinite impulse by the window function in the time 
domain results in the frequency response of the IIR 
being convolved with the Fourier transform (or 
DTFT) of the window function. If the window's main 
lobe is narrow, the composite frequency response 
remains close to that of the ideal IIR filter.  
 
Commonly used window functions are Rectangular 
window, Hanning window, Hamming window, 
Blackman window and Kaiser Window. In order to 
ensure the success of hardware design, firstly, 
MATLAB software is used to get the correlation 
coefficients of FIR filter [3]. In Frequency Sampling 
Method [4, 5] the desired frequency response is 
sampled at a set of N equally spaced frequencies. 
These N frequency samples constitute an N-point 
DFT H(k). Thus by using the inverse DFT, the filter 
impulse response can be determined using the 
following relation  

 
By using the impulse response obtained above, the 
continuous frequency response is calculated as an 
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interpolation of the sampled frequency response. The 
approximation error then would be zero exactly at the 
sampled frequencies and be finite between them. The 
smoother the frequency response is approximated, the 
smaller the interpolation error between them. Optimal 
filter design technique indicate the best possible filter 
for given specifications. Traditional methods do not 
provide the required control of filter parameters and 
achievement of the highest stop band attenuation and 
the lowest stop band ripples [6].  
 
II. DESIGN PARAMETERS  
 
The performance of all digital filters can be explained 
on the basis of following filter parameters. These 
parameters can be shown as Fig. 2.  

 
Fig. 2: Frequency response of Digital filter 

 
AP is the pass-band ripple, AS is the stop-band 
attenuation, Pass-band frequency band may be 
represented as (0,Fp), Stop-band frequency band can 
be represented as (Fs, 1) and the transition band can 
be represented as (Fp, Fs). All signals that are in 
Pass-band frequency range are passed with very little 
attenuation AP, All signals that are in Stop-band 
frequency range are attenuated with very high 
attenuation AS.  
 
Nyquist filters (Sometimes called L-th band filters) 
are the special type of digital filters. These filters are 
used both in single rate and multi-rate signal 
processing. In these filters the 3 dB frequency is 
located at π/L[7]. The transition band of these filter is 
symmetric of 3 dB frequency. In time domain these 
filters have zero coefficients at a regular distance of L 
samples. Due to this reason these filters satisfies zero 
inter-symbol interference property and are called 
Nyquist filters. The filter transfer function H(z) of 
Nyquist filter can be given as  

 
This filter has a linear phase and the filter coefficients 
are symmetric. These may be expressed as  

 

 

III. SIMULATION RESULTS  
 
All filters are designed for given order (60) and Roll-
off factor (0.5). Fig. 3(a) represents the filter response 
of Nyquist Low Pass Filter with largest number of 
zeroes in its impulse response. It can be observed 
from the frequency response of this filter, Fig. 3(b), 
the attenuation of Pass-band is low and that of Stop 
band is high but the transition width is too large 
which is not generally acceptable. 

 
Fig. 3(a): Impulse Response of FIR filter with 30 zeroes 

 

 
Fig. 3(b): Magnitude Response of FIR filter with 30 zeroes 

 
Fig. 4(a) represents the response of Nyquist Low Pass 
Filter with 20 zeroes in its impulse response. The 
frequency response of this filter, Fig. 4(b), shows the 
attenuation of Pass-band is low and that of Stop band 
is high but the stop-band attenuation is not equi-ripple 
which is not generally acceptable. 

 
Fig. 4(a): Impulse Response of FIR filter with 20 zeroes 

 

 
Fig. 4(b): Magnitude Response of FIR filter with 20 zeroes 

 
Fig. 5(a) represents the response of Nyquist Low Pass 
Filter with 12 zeroes in its impulse response. The 
frequency response of this filter, Fig. 5(b), shows that 
the attenuation of Pass-band is low and that of Stop 
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band is high and the transition width is also within the 
acceptable limit. 

 
Fig. 5(a): Impulse Response of FIR filter with 12 zeroes 

 

 
Fig. 5(b): Magnitude Response of FIR filter with 12 zeroes 

 
Fig. 6(a) represents the response of Nyquist Low Pass 
Filter with 20 zeroes in its impulse response. The 
frequency response of this filter, Fig. 6(b), shows that 
the attenuation of Pass-band is low and that of Stop 
band is not high which is not generally acceptable. 

 
Fig. 6(a): Impulse Response of FIR filter with 6 zeroes 
 

 
Fig. 6(b): Magnitude Response of FIR filter with 6 zeroes  
 
If number of zeroes are further decreased in the 
impulse response of the Nyquist LP FIR Filter then 
the Pass-band Attenuation increases and Stop-band 
attenuation decreases rapidly. This effect is shown in 
Fig. 7(a) and Fig. 7(b). 

 
Fig. 7(a): Impulse Response of FIR filter with 4 zeroes 

 

 
Fig. 7(b): Magnitude Response of FIR filter with 4 zeroes 

 
IV. RESULTS & DISCUSSION  
 
As shown in section 3, for a given filter order and roll 
off factor, increasing the number of zeroes in the 
impulse response of Nyquist FIR filter increases the 
transition width and decreasing the number of zeroes 
in impulse response degrades the stop-band 
attenuation rapidly. These effects can be visualized 
through Table 1. So a trade-off between these two 
parameters is required. From above simulation results 
it can be determined that the filter with 12 zero 
coefficients provide a best trade-off between these 
two parameters.  
 

Table 1: Comparison of design specifications 

 

 
Fig. 8: Comparison of design specifications 

 
Fig. 8 shows the comparison of all design 
specifications that are considered in this paper. It can 
be observed that the proposed design, with 12 zeroes, 
provides a good trade off of design specification.  
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CONCLUSION  
 
In this paper Nyquist FIR Low Pass filter is analyzed 
to find out the frequency response with different 
number of zeroes in its impulse response. These 
designs are analyzed for the given values of filter 
order and roll off factor. It can be seen from the 
simulation results that Increasing or decreasing 
number of zeroes does not provide a perfect 
frequency response. The proposed design is simulated 
for five different numbers of zero value coefficients. 
To choose a proper low pass filter for a particular 
application a trade-off is needed to obtain a relevant 
frequency response.  
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