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Abstract— Digital filtering plays a significant role in the 

world of technology. Therefore, processing of input signal 

has to be done to get useful signal. This paper deals with the 

design of finite impulse response digital filter using window 

techniques. Here various windows are compared and 

demonstration of the best window is done, which is the one 

with minimum side lobes. In the processing of Digital Signal 

Finite Impulse Response (FIR) filter plays an important role. 

Using MATLAB the FIR filter is designed and simulated. 

Through this paper the intricacies of the window methods are 

explained in a simple and a subtle manner. 
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I. INTRODUCTION 

Synthesizing analog and digital filters meeting non-standard 

requirements is a complex task that includes non-trivial 

mathematics that necessitates the extensive use of computer 

software. One of the leading software packages for numerical 

calculations is MATLAB from Math-works Inc [1]. One of 

the “toolboxes” is the Signal Processing Toolbox which 

includes a set of filter design functions, including some very 

basic functionality for designing standard filter 

approximations. However, most auxiliary functions are based 

on the rational functions in polynomial form, which has very 

poor computational properties and the latter not only 

improves the numerical accuracy but also simplifies the 

synthesis problem by separating the stop band and pass band 

into two almost independent problems. This and other 

Modifications Improves the accuracy and robustness 

significantly. In this paper, we investigate the suitability of 

using MATLAB and the Signal Processing Toolbox for filter 

design and Discusses possible improvements and extensions. 

For simplicity, we will refer to the Signal Processing Toolbox 

as the toolbox. Of special importance is the pole-placer 

functions that are used to synthesize filters with ripple or 

maximally flat pass band and arbitrary piecewise constant 

stop bands [2]. 

A. Types of Digital Filters 

Based on the type of impulse response, a digital filter can be 

broadly classified into two categories namely FIR and IIR 

filters. In signal processing, the impulse response, or impulse 

response function (IRF), of a dynamic system is its output 

when presented with a brief input signal, called an impulse. 

More generally, an impulse response refers to the reaction of 

any dynamic system in response to some external change. A 

finite impulse response (FIR) filter is a type of digital filter 

whose impulse response is of finite duration since the impulse 

response settles to zero within a finite amount of time. 

Whereas an IIR filter has impulse response function that is 

non-zero over an infinite length of time and the impulse 

response never dies out. FIR filter has a number of useful 

properties, which gains a lot of preferences over the IIR filter 

[3]. 

1) Fir Filters 

Finite impulse response (FIR) filter is a filter whose impulse 

response (or response to any finite length input) is of finite 

duration because it settles to zero in finite time. A finite 

impulse response (FIR) filter is a filter structure that can be 

used to implement almost any sort of frequency response 

digitally FIR filter is usually implemented by using a series 

of delays, multipliers, and adders to create the filter’s output. 

FIR filters also are known as feed-forward or non-recursive, 

or transversal filters. The unit impulse response is finite, so 

FIR filters are the stable system [4]. 

2) IIR Filters 

IIR filters may be implemented as either analog or digital 

filters. In digital IIR filters, the output feedback is 

immediately apparent in the equations defining the output [4]. 

Note that unlike FIR filters, in designing IIR filters it is 

necessary to carefully consider the "time zero" case in which 

the outputs of the filter have not yet been clearly defined a 

result, usually, when a digital IIR filter is going to be 

implemented, an analog filter (e.g. Chebyshev filter, 

Butterworth filter, Elliptic filter) is first designed and then is 

converted to a digital filter by applying techniques such as 

Bilinear transform or Impulse invariance [5]. 

II. WINDOW FUNCTION 

In this method, a certain bandwidth is generated using a 

truncated ideal low-pass filter, and then we use a selected 

window to get certain stop-band attenuation. In signal 

processing, a window function is a mathematical function that 

is zero-valued outside of some chosen interval [6].  

 Define filter specifications. 

 Specify a window function according to the filter 

specifications. 

 Compute the filter order required for a given set of 

specifications. 

 Compute the window function coefficients. 

 Compute the ideal filter coefficients according to the 

filter order.  

 Compute FIR filter coefficients according to the obtained 

window function and ideal filter coefficients. 

 If the resulting filter has a very wide or a very narrow 

transition region, it is mandatory to change the filter 

order by decreasing or increasing it according to needs, 

and after this process the steps 4, 5 and 6 are iterated as 

many times as needed [6]. 

A. Kaisar Low pass Fir Filter 

The width of the main lobe is inversely proportional to the 

length of the filter the attenuation in the side lobe, however, 
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independent of the length and is the function of the type of 

the window. A complete review of many window functions 

and their properties was presented by Harris and length of the 

filter must be increased considerably to reduce the main lobe 

width and to achieve the desired transition band. Kaiser has 

chosen a class of windows having properties closely 

approximating those of the pro-late spheroidal wave 

functions. This family of windows, known as the Kaiser 

windows is defined by [7]. 

 
The Kaiser window provides the designer 

considerable flexibility in meeting the filter specifications. 

B. Nuttall Low pass Fir Filter 

The Nuttall window has the widest main lobe and lowest 

maximum side lobe level among the Blackman, Exact 

Blackman, and the Blackman-Harris window [8]. 

 
Where N is the length of the filter and k = 0, 1, …, N – 1. 

C. Tukey Low pass Fir Filter 

The Tukey window is also known as the tapered cosine 

window can be regarded as a cosine lobe of width α N / 2 that 

is convolved with a rectangle window of width (1- _ /2). At 

_=1 it becomes rectangular, and at _=0 it becomes a Hann 

window [9]. 

 

D. Bohman Lowpass Fir Filter 

w = Lohman in (L) returns an L-point Bohman window in 

column vector w. A Bohman window is the convolution of 

two half-duration cosine lobes. In the time domain, it is the 

product of a triangular window and a single cycle of a cosine 

with a term added to set the first derivative to zero at the 

boundary. Bohman windows fall off as 1/w4. 

 
The Bohman window is a convolution of two semi-

periods of a cosine function. The transition region and the 

main lobe are wider than those for Hamming window, but the 

stop band attenuation is higher [10]. 

III. DESIGN SIMULATION 

To design the low pass FIR filter using MATLAB Parzon, 

Taylor and Hamming Window the parameter specifications 

are given in table 1. As  

Parameter Value 

Sampling frequency(fs) 48000 Hz 

Cut off frequency(fc) 10800 Hz 

Order (N) 10 

Table 1: Parameter Specification 

 
Fig. 1: Magnitude response of Kaiser Window technique. 

 
Fig. 2: Phase response of Kaiser Window technique. 

 
Fig. 3: Impulse Response of Kaiser window technique. 

 
Fig. 4: Magnitude and Phase response of Kaise Window 

technique. 

 
Fig. 5: Pole/Zero Plot of Kaiser window technique. 

 
Fig. 6: Filter coefficient of Kaiser Window technique 
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Fig. 7: Time domain and Frequency domain of Kaiser 

Window. 

Figure (1): Magnitude response of Kaiser Window 

technique. Figure (2): Phase response of Kaiser Window 

technique. Figure (3): Impulse Response of Kaiser window 

technique. Figure (4): Magnitude and Phase response of 

Kaiser Window technique. Figure (5): Pole/Zero Plot of 

Kaiser window technique. Figure (6): Filter coefficient of 

Kaiser Window technique. Figure (7): Time domain and 

Frequency domain of Kaiser Window. In which the relative 

side lobe attenuation is -13.4 dB and main lobe with (-3dB) 

is 0.17188. 

 
Fig. 8: Magnitude response of Nuttall window technique. 

 
Fig. 9: Phase response of Nuttall window technique. 

 
Fig. 10: Impulse Response of Nuttall window technique. 

 
Fig. 11: Magnitude and Phase response of Nuttall Window 

technique 

 
Fig. 12: Pole/Zero Plot of   Nuttall window technique. 

 
Fig. 13: Filter coefficient of Nuttall window technique. 

 
Fig. 14: Time domain and Frequency domain of  Nuttall  

window. 

Figure (8): Magnitude response of Nuttall window 

technique. Figure (9): Phase response of Nuttall window 

technique. Figure (10): Impulse Response of Nuttall window 

technique. Figure (11): Magnitude and Phase response of 

Nuttall window technique. Figure (12): Pole/Zero Plot of 

Nuttall window technique. Figure (13): Filter coefficient of 

Nuttall window technique. Figure (14): Time domain and 

Frequency domain of Nuttall window. In which the relative 

side lobe attenuation is dB and main lobe with (-3dB) is 

0.41406 

 
Fig. 15: Magnitude response of Tukey window technique. 

 
Fig. 16: Phase response of Tukey window technique 

 
Fig. 17: Impulse Response of Tukey window technique. 
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Fig. 18: Magnitude and Phase response of Tukey window 

technique. 

 
Fig. 19: Pole/Zero Plot of Tukey  window technique. 

 
Fig. 20: Filter coefficient of Tukey window technique. 

 
Fig. 21: Time domain and Frequency domain of Tukey  

window. 

Figure (15): Magnitude response of Tukey window 

technique. Figure (16): Phase response of Tukey window 

technique. Figure (17): Impulse Response of Tukey window 

technique. Figure (18): Magnitude and Phase response of 

Tukey window technique. Figure (19): Pole/Zero Plot of 

Tukey window technique. Figure (20): Filter coefficient of 

Tukey window technique. Figure (21): Time domain and 

Frequency domain of Tukey window. In which the relative 

side lobe attenuation is -15dB and main lobe with (-3dB) is 

0.25 

 
Fig. 22: Magnitude response of Bohman window technique. 

 
Fig. 23: Phase response of Bohman window technique. 

 
Fig. 24: Impulse Response of Bohman window technique. 

 
Fig. 25: Magnitude and Phase response of Bohman window 

technique 

 
Fig. 26: Pole/Zero Plot of Bohman window technique. 

 
Fig. 27: Filter coefficient of Bohman window technique. 

 
Fig. 28: Time domain and Frequency domain of Bohman  

window. 

Figure (22) Magnitude response of Bohman window 

technique. Figure (23): Phase response of Bohman window 

technique. Figure (24): Impulse Response of Bohman 

window technique. Figure (25): Magnitude and Phase 

response of Bohman window technique. Figure (26): Pole/ 

Zero Plot of Bohman window technique. Figure (27): Filter 

coefficient of Bohman window technique. Figure (28): Time 

domain and Frequency domain of Bohman window. In which 

the relative side lobe attenuation is -46.2dB and main lobe 

with (-3dB) is 0.37. 
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IV. COMPARATIVE ANALYSIS 

 
Fig. 29: Magnitude and Frequency plot of Bohman, Tukey, 

and Nuttall and Kaiser Window technique 

 
Fig. 30: Phase and Frequency plot of Bohman, Tukey, and 

Nuttall and Kaiser Window technique. 

 
Fig. 31: Magnitude comparison of Bohman, Tukey, Nuttall 

and Kaiser window. 

 
Fig. 32: Phase comparison of Bohman, Tukey, Nuttall and 

Kaiser window. 

 
 Fig. 33: Phase and Magnitude comparison of Bohman, 

Tukey, Nuttall and Kaiser window. 

 
Fig. 34: Impulse Response comparison of Bohman, Tukey, 

Nuttall and Kaiser window. 

 
Fig. 35: Pole/Zero Plot comparison of Bohman, Tukey, 

Nuttall and Kaiser Window. 

By using MATLAB Bohman, Tukey, Nuttall and 

Kaiser Window techniques are design, analysis, Figure (29): 

Magnitude and Frequency plot of Bohman, Tukey, Nuttall 

and Kaiser Window technique. Figure (30): Phase and 

Frequency plot of Bohman, Tukey, Nuttall and Kaiser 

Window technique. Figure (31): Magnitude comparison of 

Bohman, Tukey, Nuttall and Kaiser Window. Figure (32): 

Phase comparison of Bohman, Tukey, Nuttall and Kaiser 

Window. Figure (33): Magnitude and Phase comparison of 

Bohman, Tukey, Nuttall and Kaiser Window. Figure (34): 

Impulse Response comparison of Bohman, Tukey, Nuttall 

and Kaiser Window. Figure (35): Pole/Zero Plot Comparison 

of Bohman, Tukey, Nuttall and Kaiser Window. 

V. RESULT 

Bohman, Tukey, Nuttall and Kaiser Windows techniques are 

used for design analysis and compared these three windows. 

Table 2 shows the comparison of these three windows in 

terms of leakage factor, relative side lobe attenuation and 

main lobe width. The leakage factor is Minimum and main 

lobe width is Maximum. When beta is increase then main 

lobe width is increase but leakage factor is decrease. 

Window 

Technique 

Leakage 

Factor 

Relative 

side lobe       

attenuation 

Main lobe 

width (-3dB) 

Bohman 0% -46.2  dB 0.375 

Tukey [0.5] 3.77% -15 dB 0.25 

Nuttall Null dB 0.41406 

Kaiser[0.5] 8.26% -13.4 dB 0.17188 

Table 2: Simulation Result in MATLAB 

Frequency Windows Technique 

kHz 
Bohman 

Magnitude 

Bohman   

Phase 

Tukey 

Magnitude 

Tukey                             

Phase 

Nuttall      

Magnitue 

Nuttall                                               

Phase 

Kaiser 

Magnitude 

Kaiser 

Phase 

1 -0.02961 -0.71521 0.08345 -0.67878 -0.03912 -0.6787 -0.0002 -0.655 

2 -0.12441 -1.35182 0.02787 -1.31155 -0.14493 -1.3134 0.01977 -1.332 

3 -0.27830 -1.96733 0.53247 -1.98458 -0.33493 -1.9711 0.10560 -1.962 
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4 -0.52488 -2.64419 0.73865 -2.62652 -0.61485 -2.6346 0.27025 -2.634 

5 -2.86397 -3.29422 0.79965 -3.29230 -0.98069 -3.2846 0.46027 -3.282 

6 -1.32052 -3.95388 0.61847 -3.93849 -1.45709 -3.9423 0.59725 -3.940 

7 -1.97519 -4.61728 0.13302 -4.59427 -2.04236 -4.6019 0.51330 -4.617 

8 -2.69483 -5.25580 -0.74005 -5.25388 -2.82865 -5.2615 0.02397 -5.246 

9 -3.70089 -5.89432 -1.94678 -5.89048 -3.69522 -5.9307 -1.1805 -5.921 

10 -4.83101 -6.56927 -3.78592 -6.58077 -4.77699 -6.5577 -3.0213 -6.548 

Table 3: Magnitude, Phase and Frequency Result of Bohman, Tukey, Nuttall and Kaiser Window technique.

Interpretation of above table 1 show parameter 

specification of windows designing of low pass filter using 

Bohman, Tukey, Nuttall and Kaiser Window. Sampling 

frequency is 48000 Hz and cut off frequency is 10800 

Hz.Filter order is 10. Table(2). Simulation Result MATLAB. 

Table (3). Magnitude, Phase and Frequency Result of 

Bohman, Tukey, Nuttall and Kaiser window technique. 

VI. CONCLUSIONS 

In this paper FIR low pass filter has been designed and 

simulated using Bohman, Tukey, Nuttall and Kaiser Window 

technique. In Signal processing applications digital filters are 

more preferable than analog filters. The digital filters are 

easily designed and also easy to use in various types of signal 

filtering applications. The choice of technique to design the 

filter depends on the decision of designer whether to 

compromise accuracy of approximation or ease of design. 

Relative side-lobe attenuation and main-lobe width (-3dB) 

results compared at values of sampling frequency 48000 Hz, 

cut off frequency 10800 Hz  and order of  10, at these values 

Kaiser window’s Relative side-lobe attenuation is -13.3dB 

and main-lobe width(-3dB) is 017188 but Leakage Factor is 

high 8.26. Hence it is concluded that purposed design of 

Kaiser [0.5] window is better than Bohman, Tukey, Nuttall 

window for designing FIR Low Pass Filter. 
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