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Abstract— Research and development over the past for 

decades has led to significant advantages in the field of 

Digital Signal Processing. There are several windows used 

for truncated the impulse response in order to fix the filter 

size. The proposed adaptive Finite Impulse Response (FIR) 

Filter is designed and implemented to merge many filter 

parameters. The results are obtained in different window 

sizes and different attenuations. In this paper low pass, finite 

impulse response (FIR) filters are designed using the 

different Windows and their corresponding magnitude and 

phase responses are analyzed at a given filter order and its 

cut-off frequency. 
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I. INTRODUCTION 

Digital Signal Processing affords greater flexibility, higher 

performance (in terms of attenuation and selectivity), better 

time and environment stability and lower equipment 

production costs than traditional analog  techniques and the 

filter impulse response is obtained by taking the Discrete 

Fourier Transform (DFT) of the ideal frequency response. 

Finite Impulse Response (FIR) filter, the time domain filter 

coefficients must be restricted in number by multiplying by 

a window function of a finite width. Digital filters are a very 

important part of DSP. 

A filter is essentially a network that selectively 

changes the wave shape of a signal in a desired manner. A 

discrete-time, discrete-amplitude convolution can be 

considered as a digital filter. Digital filters differ from 

conventional analog filters by their use of finite precision to 

represent signals and coefficients and finite precision 

arithmetic to compute the filter response the multiplication 

of signal spectrum by frequency domain impulse response 

of the filter, or in time-domain, convolution of input signal 

with filter’s impulse response, is the basic method of 

implementing a digital filter[1]. 

Digital signal processing techniques are used in a 

variety of areas which include set-top box, spread spectrum, 

cable modems, video compression, robotic vision, speech 

processing, image processing. A digital filter is a 

mathematical algorithm implemented in hardware and 

software that operates on a digital input signal to produce a 

digital output signal for the purpose of achieved a filtering 

objective. Digital filters are classified either as finite 

duration unit pulse response (FIR) filters or Infinite duration 

unit pulse response (IIR) filters, depending on the form of 

the unit pulse response of the system. FIR filters are filters 

having a transfer function of a polynomial in z and are an all 

zero filter in the sense that the zeroes in the z-plane 

determine the frequency response magnitude characteristic. 

To obtain a FIR filter which approximates the original 

frequency response, the Fourier series expansion of the 

system must be truncated, but the direct truncation of the 

series leads to Gibbs phenomenon i.e., a fixed percentage 

over shoot and ripple before and after an approximated 

discontinuity, which in undesired[5]. Digital filters have the 

potential to attain much better signal to noise ratios than 

Analog filters. 

A. Application of DSP 

1) Instrumentation and control spectrum analysis, position 

and rate control, noise reduction, data compression, 

digital filter, PLL, function generator, servo control, 

robot control and process control. 

2) Seismology DSP techniques are employed in 

geographical exploration for oil and gas, detection of 

the underground nuclear explosion and the earthquake 

monitoring. 

3) Digital signal processing techniques are widely used in 

the biomedical field to facilitate the monitoring, 

diagnosis, and analysis of abnormalities in the body its 

important areas of application are 

1) Removal of artifacts. 

2) Electrocardiogram (ECG). 

3) Electroencephalogram (EEG). 

4) Phonocardiogram (PCG). 

5) Speech processing. 

B. Analog Filters 

This is necessary because generally digital filters are 

designed using analog filters. Some parameters related to 

analog filters: 

1) Pass band: It passes the certain range of frequencies. In 

the pass band, attenuation is 0. 

2) Stop band: It suppresses the certain range of 

frequencies. In the stop band, attenuation is infinity. 

3) Cut-off -frequency this is the frequency which separates 

pass band and stops band. 

C. Types of analog filters: 

The different types of analog filters are as follows: 

1) Low pass filter (L.P.F): It passes the frequency from 0 

up to some designated frequency, called as the cut-off 

frequency. After cut-off frequency, it will not allow any 

signal to pass through it. 

2) High pass filter (H.P.F): It passes the frequency above 

some designated frequency called as the cut-off 

frequency. If input signal frequency is less than the cut-

off frequency, then this signal is not allowed to pass 

through it. 

3) Band Pass Filter (B.P.F): It allows the frequencies 

between two designated cut-off frequencies. 
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4) Band Stop Filter (B.S.F): It attenuates all frequencies 

between two designated cut-off frequencies, while it 

passes all other frequencies. 

5) All Pass Filter: It passes all the frequencies. But by 

using this filter the phase of an input signal can be 

modified. 

D. 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 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. 

E. IIR Filter Design: 

The digital IIR filters have been derived from their analog 

counterparts. A difference equation is a digital 

approximation for an analog differential equation a typical 

difference equation (with a0=1, m <= n): a0Yt + a1Yt-1 + . . 

. + anYt-n = b0Xt + b1Xt-1 + … + bmXt-m. Butterworth 

which has maximally flat pass bands in filters of the same 

order, Chebyshev type I which are equid ripple in the pass 

band, Chebyshev type II which are equid ripple in the stop 

band, and Elliptic filters which are equid ripple in both the 

pass band and the stop band. The design of digital IIR filters 

is heavily dependent on that of their analog counterparts 

because there are plenty of resources, works and 

straightforward design methods concerning analog feedback 

filter design while there are hardly any for digital IIR 

filters[4]. 

 
Fig. 1: IIR Filter Design in above figure 1. 

F. FIR Filter Design 

A FIR filter’s z-Transform has zeroes and poles only at 0 + 

j0, so it is always stable to get the same sharpness of filter 

shape, a FIR filter may require more delay elements and 

more computations than an equivalent IIR filter. Finite 

impulse response (FIR) filter is a filter whose impulse 

response is of finite duration because it settles to zero in 

finite time[3]. A FIR filter is usually implemented by using 

a series of delays, multipliers, and adders to create the 

filter's output. 

 
Fig. 2: FIR Filter Design in above figure 2. 

G. Merits of FIR filters over IIR filters 

 FIR filters have an exactly linear phase responses where 

the phase responses of IIR filters are non-linear. 

 FIR are realized non recursively, that is by direct 

evaluation are always stable. The stability of IIR filters 

cannot always be guaranteed. 

 The coefficient quantization error is much less severe in 

FIR than in IIR. 

II. WINDOW FUNCTION 

Many windows proposed that approximate the desired 

characteristics and the basic window functions are listed 

below. The  windowing  method  requires  minimum  

amount  of  computational  effort;  so  window  method  is  

simple  to implement for the given window, the maximum 

amplitude of ripple in the filter response is fixed. The design 

of fir filter is not flexible and the frequency response of fir 

filter shows the convolution of spectrum of window function 

& de-sired frequency response because of this type of pass 

band & stop band edge frequency cannot be precisely 

specified. A window function is a mathematical function 

whose value is zero outside the given interval of time, which 

describes the graphical representation. The window function 

does not be zero outside the interval as the product of the 

window is multiplied by an argument of square integrable 

and then gradually decreases to zero. A window function is 

also known as tapering function. the window function is 

used in different applications such as beam forming, spectral 

analysis, filter design. 

1) Define filter specifications.  

2) Specify the window functions according to the filter 

specifications.  

3) Compute the filter order required for a given set of 

specifications.  

4) Compute the window function coefficients.  

5) Compute the ideal filter coefficients according to the 

filter order.  

6) Compute FIR filter coefficients according to the 

obtained window function and ideal filter coefficients.  

7) If the resulting filter has too wide or too narrow 

transition region, it is necessary to change the filter 

order by increasing or decreasing it according to needs, 

and after that steps 4, 5 and 6 are iterated as many times 

as needed[1]. 

A. Rectangular Window Technique: 

Filters are an important part of electronic circuits today. 

Whether it is the analog or digital world, the role of filters is 

very important. Presented here is a C++ program for a FIR 

filter design using the rectangular window technique and  

the rectangular window is the simplest window, equivalent 

to replacing all but N values of a data sequence by zeros, 

making it appear as though the waveform suddenly turns on 

and off. The (zero-centered) rectangular window may be 

defined by[2]. 

WR(n)≜ { 
1    −

M−1

2
 ≤ n ≤  

M−1

2
   

0       otherwise                
 

where M is the window length in samples (assumed 

odd for now). 
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B. Triangular Window Technique: 

Algorithms for the equations that define the triangular 

window the triangular window is very similar to a Bartlett 

window. The Bartlett window always ends with zeros at 

samples 1 and L, while the triangular window is nonzero at 

those points. For L odd, the center L-2 points of triang (L-2) 

are equivalent to bartlett (L). 

W (n) =1-|
𝒏− 

𝐍−𝟏

𝟐
𝑳

𝟐

| 

L can be N, N+1, or N-1. The latter is also known 

as Bartlett window. All three definitions converge at large 

N. The triangular window is the 2nd order B-spline window 

and can be seen as the convolution of two half-sized 

rectangular windows, giving it twice the width of the regular 

windows[3]. 

C. Bartlett Window Technique: 

The coefficients of a Bartlett window are computed as 

follows. 

W(n) = {

2n

N 
,                0 ≤ n ≤ N

2 −
2n

N
,

N

2
≤ n ≤ N

 

The window length L=N+1. The Bartlett window is very 

similar to a triangular window as returned by the triang 

function. The Bartlett window always has zeros at the first 

and last samples, however, while the triangular window is 

nonzero at those points. 

Tapering the rectangular window sequence linearly 

from the middle to the ends, we then obtain the M point 

triangular window given by this window is also called 

Bartlett window[4]. 

{2n / (M-1),              0<n<(M-1)/2 

W(n) ={2-2n / (M-1) ,           (M-1)/2<n<(M-1) 

{0,                                   otherwise 

D. Hamming Window Technique: 

Eliminate some pass band and stop band ripples, Hamming 

window technique is used and its first and last samples are 

not zero. The coefficients of a Hamming window are 

computed from the equation. 

W(n)=0.54-0.46COS(2𝜋)x
n

N
,   0≤ 𝑛 ≤ N 

The linear combination that minimized the 

maximum side-lobe amplitude and came up with the 

following formulation, which represents a raised cosine on a 

rectangular pedestal the Hamming Window optimized to 

minimize the maximum side-lobe[5]. 

E. Parzon Window Technique: 

The perzen window is described as the following equation 

defines the N–point Parzen window over the interval 

−
(N − 1)

2
≤ n ≤

(N − 1)

2
 

In Parzen low pass FIR filter using by windowing 

techniques in Matlab, we use parzen filter for designing the 

frequency waveform and other math works in Matlab. 

W(n)

=

{
 
 

 
 1 − 6(

|n|
N

2

)2 + 6(
|n|
N

2

)3,                              0 ≤ |n| ≤
N − 1

4
   

2(1 −
|n|
N

2

)3 ,                          (N − 1)/4 ≤ |n| ≤ (N − 1)/2 

 

In above equation, we can calculate parzen window 

technique with magnitude and phase response with other 

math work in Matlab [6]. 

III. DESIGN SIMULATION 

To design the low-pass FIR filter using MATLAB the 

parameter specifications are given in table 1. As Rectangular 

Window, Triangular window, Bartlett Window, Hamming 

window and Parzon Window Technique there are five 

windows technique. 

PARAMETER VALUE 

Sampling frequency(fs) 48000 Hz 

Cutt-off frequency(fc) 10800 Hz 

Order (N) 20 

Table 1: Parameter specification. 

 
Fig. 1: Time-domain and Frequency domain of Rectangular 

window. 

 
Fig. 2: Magnitude response of Rectangular window. 

 
Fig. 3: Phase response of Rectangular window. 
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Fig. 4: Magnitude and Phase response of Rectangular 

window. 

 
Figure (5): Impulse response of Rectangular window. 

 
Fig. 6: Step response of Rectangular window. 

 
Fig. 7: Pole/Zero Plot of Rectangular window. 

 
Fig. 8: Filter coefficient of Rectangular window. 

Figure (1): Time-domain and Frequency domain of 

Rectangular window. Figure (2): Magnitude response of 

Rectangular window technique. Figure (3): Phase response 

of Rectangular window technique. Figure (4): Magnitude 

and Phase response of Rectangular window technique. 

Figure (5): Impulse Response of Rectangular window 

technique. Figure (6), Step Response of Rectangular 

window technique. Figure (7): Pole/Zero Plot of 

Rectangular window technique. Figure (8): Filter coefficient 

of Rectangular window technique. In which the relative side 

lobe attenuation is -13.2 dB, main- lobe with (-3dB) is 

0.085938 and leakage factor is 9.27% 

 
Fig. 9: Time-domain and Frequency domain of Triangular 

window. 

 
Fig. 10: Magnitude response of Triangular window. 

 
Fig. 11: Phase response of Triangular window. 

 
Fig. 12: Magnitude and Phase response of Triangular 

window. 
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Fig. 13: Impulse response of Triangular window. 

 
Fig. 14: Step response of Triangular window. 

 
Fig. 15: Pole/Zero Plot of Triangular window. 

 
Fig. 16: Filter coefficient of Triangular window. 

Figure (9): Time-domain and Frequency domain of 

Triangular window. Figure (10): Magnitude response of 

Triangular window technique. Figure (11): Phase response 

of Triangular window technique. Figure (12): Magnitude 

and Phase response of Triangular window technique. Figure 

(13): Impulse Response of Triangular window technique. 

Figure (14), Step Response of Triangular window technique. 

Figure (15): Pole/Zero Plot of Triangular window technique. 

Figure (16): Filter coefficient of Triangular window 

technique. In which the relative side lobe attenuation is -

26.8 dB, main- lobe with (-3dB) is 0.125 and leakage factor 

is 0.25% 

 
Fig. 17: Time-domain and Frequency domain of Bartlett 

window. 

 
Fig. 18: Magnitude response of Bartlett window technique. 

 
Fig. 19: Phase response of Bartlett window technique. 

 
Fig. 20: Magnitude and Phase response of Bartlett window 

technique. 

 
Fig. 21: Impulse Response of Bartlett window technique. 

 
Fig. 22: Step Response of Bartlett window technique. 
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Fig. 23: Pole/Zero Plot of Bartlett window technique. 

 
Fig. 24: Filter coefficient of Bartlett window technique. 

Figure (17): Time-domain and Frequency domain 

of Bartlett window. Figure (18): Magnitude response of 

Bartlett window technique. Figure (19): Phase response of 

Bartlett window technique. Figure (20): Magnitude and 

Phase response of Bartlett window technique. Figure (21): 

Impulse Response of Bartlett window technique. Figure 

(22), Step Response of Bartlett window technique. Figure 

(23): Pole/Zero Plot of Bartlett window technique. Figure 

(24): Filter coefficient of Bartlett window technique. In 

which the relative side lobe attenuation is -26.4 dB, main- 

lobe with (-3dB) is 0.13281 and leakage factor is 0.29% 

 
Fig. 25: Time-domain and Frequency domain of Hamming 

window. 

 
Fig. 26: Magnitude response of Hamming window 

technique. 

 
Fig. 27: Phase response of Hamming window technique. 

 
Fig. 28: Magnitude and Phase response of Hamming 

window technique. 

 
Fig. 29: Impulse Response of Hamming window technique. 

 
Fig. 30: Step Response of Hamming window technique. 

 
Fig. 31: Pole/Zero Plot of Hamming window technique. 
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Fig. 32: Filter coefficient of Hamming window technique. 

Figure (25): Time-domain and Frequency domain 

of Hamming window. Figure (26): Magnitude response of 

Hamming window technique. Figure (27): Phase response of 

Hamming window technique. Figure (28): Magnitude and 

Phase response of Hamming window technique. Figure (29): 

Impulse Response of Hamming window technique. Figure 

(30), Step Response of Hamming window technique. Figure 

(31): Pole/Zero Plot of Hamming window technique. Figure 

(32): Filter coefficient of Hamming window technique. In 

which the relative side lobe attenuation is -40.4.2 dB, main- 

lobe with (-3dB) is 0.13281 and leakage factor is 0.04% 

 
Fig. 33: Time-domain and Frequency domain of Parzon 

window. 

 
Fig. 34: Magnitude response of Parzon window technique. 

 
Fig. 35: Phase response of Parzon window technique. 

 
Fig. 36: Magnitude and Phase response of Parzon window 

technique. 

 
Fig. 37: Impulse Response of Parzon window technique. 

 
Fig. 38: Step Response of Parzon window technique. 

 
Fig. 39: Pole/Zero Plot of Parzon window technique. 

 
Fig. 40: Filter coefficient of Parzon window technique. 

Figure (33): Time-domain and Frequency domain 

of Parzon window. Figure (34): Magnitude response of 

Parzon window technique. Figure (35): Phase response of 

Parzon window technique. Figure (36): Magnitude and 

Phase response of Parzon window technique. Figure (37): 

Impulse Response of Parzon window technique. Figure (38), 

Step Response of Parzon window technique. Figure (39): 

Pole/Zero Plot of Parzon window technique. Figure (40): 

Filter coefficient of Parzon window technique. In which the 
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relative sidelobe attenuation is -50.3 dB, main- lobe with (-

3dB) is 0.17969 and leakage factor is 0% 

IV. COMPARATIVE ANALYSIS. 

 
Fig. 1: Magnitude and Frequency plot of Rectangular 

Window, Triangular window, Bartlett Window, Hamming 

window and Parzon Window technique. 

 
Fig. 2: Phase and Frequency plot of Rectangular Window, 

Triangular window, Bartlett Window, Hamming window 

and Parzon Window technique. 

 
Fig. 3: Magnitude comparison of Rectangular Window, 

Triangular window, Bartlett Window, Hamming window 

and Parzon Window technique. 

 
Fig. 4: Phase comparison of Rectangular Window, 

Triangular window, Bartlett Window, Hamming window 

and Parzon Window technique. 

 
Fig. 5: Magnitude and Phase comparison of Rectangular 

Window, Triangular window, Bartlett Window, Hamming 

window and Parzon Window technique. 

 
Fig. 6: Impulse comparison of Rectangular Window, 

Triangular window, Bartlett Window, Hamming window 

and Parzon Window technique. 

 
Fig. 7: Phase comparison of Rectangular Window, 

Triangular window, Bartlett Window, Hamming window 

and Parzon Window technique. 

Figure (1): Magnitude and Frequency plot of 

Rectangular Window, Triangular window, Bartlett Window, 

Hamming window and Parzon Window technique. Figure 

(2): Phase and Frequency plot of Rectangular Window, 

Triangular window, Bartlett Window, Hamming window 

and Parzon Window technique. Figure (3): Magnitude 

comparison of Rectangular Window, Triangular window, 

Bartlett Window, Hamming window and Parzon Window 

technique. Figure (4): Phase comparison of Rectangular 

Window, Triangular window, Bartlett Window, Hamming 

window and Parzon Window technique. Figure (5): 

Magnitude and Phase comparison of Rectangular Window, 

Triangular window, Bartlett Window, Hamming window 

and Parzon Window technique. Figure (6): Impulse 

comparison of Rectangular Window, Triangular window, 

Bartlett Window, Hamming window and Parzon Window 

technique. Figure (7): Phase comparison of Rectangular 

Window, Triangular window, Bartlett Window, Hamming 

window and Parzon Window technique. 

V. DISCUSSIONS 

Leakage factor is equal to the ratio of power inside lobes to 

total window power. Side lobe attenuation is equal to the 

difference in height from main lobe peak to the highest side 
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lobe peak. Main lobe width (-3 dB) is equal to the width of 

the main lobe at 3 dB below the main lobe peak and the low 

passes FIR filter design with sampling frequency =48000 

Hz, cut off frequency =10800Hz, The design of FIR low 

pass filter based on adjustable window design method 

implementing by using filter design and analysis tool 

(FDATool) from MATLAB (R2011a) programs [7]. 

VI. RESULT 

Window 

Technique 

Leakage 

Factor 

 

Relative 

Sidelobe        

attenuation 

Mainlobe 

width (-3dB) 

Rectangular 

Window 
9.27% -13.2dB 0.85938 

Triangular 

Window 
0.25% -26.8dB 0.125 

Bartlett 

Window 
0.29% -26.4dB 0.13281 

Hamming 

Window 
0.04% -40dB 0.13281 

Parzon 

Window 
0% -53.3dB 0.17969 

Table 2: Simulation Result in MATLAB 

Interpretation of above Table 1 show parameter 

specification of windows designing of low pass filter using 

Rectangular Window, Triangular window, Bartlett Window, 

Hamming window and Parzon Window technique. The 

Sampling frequency is 48000Hz and cut off frequency is 

10800Hz and Filter order is 20. 

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 the beta 

is increasing then main lobe width is the increase but 

leakage factor is decreased. 

VII. CONCLUSIONS 

In this paper  FIR  High pass filter has been  designed and 

simulated using Rectangular Window, Triangular window, 

Bartlett Window, Hamming window and Parzon Window 

technique have been compared, In Signal processing 

applications digital filters are batters than analog filters the 

digital filters are easily designed and also easy to use in 

various types of signal filtering applications and the choice 

of technique to design the filter depends on the decision of 

designer whether to compromise accuracy of approximation 

or ease of design the table 2 shows the comparison of five 

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 the beta 

is increasing then main lobe width is the increase but 

leakage factor decreased. Rectangular window relative side 

lobe attenuation is -13.2dB, Main lobe width is increased 

0.085938 but Leakage factor is high 9.27% in comparison of 

Triangular window, Bartlett Window, Hamming window 

and Parzon Window technique. 
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