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Abstract: The aim of this paper is to design FIR filter of the order “30” using various window function methods.
Digital filter are widely used in the world of communication and computation. On the other hand to design a Digital
Finite Impulse Response (FIR) Filter that satisfies. This paper presents the importance of filter in signal processing.
Digital filter are two type 1. FIR and 2. IIR. These are various methods for filter designing. This paper discuss the
window method low pass fir filter designing rectangular, taylor and Kaiser window function methods are presented.
Design of FIR filter is done in MATLAB by FDATOOL low pass filter is designed with sampling frequency 48000Hz
and cut-off frequency 10000Hz magnitude, phase impulse, step response and pole, zero plot. We found that filter
designing by window method is easy and fast.
Index Terms: FIR Digital filter, DSP, low pass filter, window function, MATLAB, FDATOOL in MATLAB,
rectangular window, taylor window, and Kaiser window techniques.
1. INTRODUCTION
Digital Signal Processing is the technique employed for
the mathematical manipulation of an information signal so
as to modify or improve it. For this purpose filters are
mainly used. The filter is used to describe a linear time
invariant system used to performing spectral shaping or
frequency selective filtering[1]. It is the network which
changes the amplitude, frequency, phase frequency
characteristics of the signal in desired manner. Digital
filters have characteristics such as linear phase response. If
we compare digital filter with analog. Filter they are
preferred in number of application like speech processing,
image processing and data compression[2].

In the window design method, first the desired filter
impulse response hd(n) is evaluated from the given desired
frequency response Hd(ω), and then an appropriate
window is applied that satisfies pass band or attenuation
specification. Finally filter coefficient are derived for the
given filter. When H(ω) is simulated on a computer using
MATLAB software with N in the hundreds then it is seen
that there is non-zero transition width, overshoots and
ripples due to the gibbs phenomenon[4].
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1.1 BASIC PRINCIPLE OF FIR WINDOW
−1
= 2 −1
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[5]
TECHNIQUE
n=0 h[n]e
=0 h[m]e
The most straightforward to FIR filter design is to obtain a
finite length impulse response by truncating an infinite
2. WINDOWS AND THEIR EQUATIONS
duration impulse response sequence. If we suppose that
Hd(ejω) is an ideal desired frequency response, then
Several window function have been proposed. Listed
Hd(ejω) = ∞n=−∞ hd(n)e-jωn
below are some of the most common.
Where hd(n) is the corresponding impulse response[3].
 Rectangular window
 Taylor window
 Kaiser window

Figure–1. Block Diagram of an FIR Filter.
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To reduce the oscillation in fourier series method, the
fourier coefficient are modified by multiplying the infinite
impulse response by a finite weighing sequence ω(n)
called a window. Windows are characterize by the main
lobe width which is the bandwidth between first negative
and first positive zero crossing and by their ripple ratio.
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The main lobe far as possible in the main lobe and the
energy in the side lobe should be as low as possible[6].
The Kaiser window is a kind of two parameter window
function. In a Kaiser window width of main lobe can be
controlled by adjusting the length of the filter and side
lobe level can be controlled bby varying the order
parameter. But the Kaiser window has the disadvantage of
higher computational complexity due to the use of vessel
function in the calculation of the window coefficient.

2.4 WINDOW FUNCTION METHOD FOR FIR
FILTER DESIGN
Window function can be divided into two parts: fixed
window function and adjustable window function.
Rectangular, taylor and Kaiser window are type of
adjustable window function. Adjustable window function
is best because it has control parameter[2].
Parameters used for FIR low-pass Filter to obtain
magnitude, phase step response and pole, zero plot

However the amplitude of the side lobe and ripples in pass
band is also increased. The function is
2π
a − 1 − a cos
,0 ≤ n
M−1
ω(n) =
≤M−1
otherwise the value of ω(n) is zero[6].

3. SIMULATION AND RESULT

2.1 RECTANGULAR WINDOW
The rectangular window is what you would obtain if you
were to simply segment a finite portion of the impulse
response without any shapping in the time domain .
1, 0 ≤ n ≤ M
ω(n) =
0, otherwise
we have studied this function extensively in class and
known it’s DTFT to be
ω(ejω) =

Mω

sin ( 2 ) −jωM
ω e 2
sin ( )
2

compare the plots of the original sinc function above and
its magnitude plotted in dB.
20log10(Iω(ejω)I). [7].
2.2 TAYLOR WINDOW
Taylor function are obtained from a weighted – cosine
series added to a constant, or a pedestal. A similar form of
these function can be obtained by dropping from of some
of the higher – order terms. If all, except the first term, are
dropped, a taylor function is obtained which can be
expressed as
(1+K)
1−K
πt
+ ( ) cos , ItI < τ
2
2
τ
f x =
[8].
0,
otherwise
2.3 KAISER WINDOW
The width of the main lobe is inversely proportional to the
length of the filter. The attenuation in the side lobe is,
however, independent of the length and is function of the
type of the window.

Table – 1. Parameter specification
PARAMETER
Sampling frequency(fs)
Cut-off frequency(fc)
Order(N)

VALUE
48000Hz
10000Hz
30

Table – 2. Frequency and magnitude
frequency
0.1π
0.2 π
0.3 π
0.4 π
0.5 π
0.6 π
0.7 π
0.8 π
0.9 π
π

Window technique
rectangular taylor
0.222
0.025
0.581
-1.296
-1.725
-3.177
-3.610
-4.670
-4.851
-6.366
-5.944
-7.095
-7.277
-9.623
-8.876
-11.713
-10.773
-13.095
-12.434
-14.489

kaiser
0.182
0.657
-2.738
-4.529
-6.213
-7.789
-9..440
-10.757
-12.077
-14.398

Figure-2. Rectangular Magnitude and Phase response

Therefore the 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 window having properties
closely approximating those of the prolate spheroidal wave
functions. This family of window, known as the Kaiser
window is defined by
l̥ β

Wk(β,n) =

2n

1−(N −1 )2
l ̥(β)

0
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, otherwise. [9].

N−1
2

Figure-3. Rectangular Impulse Response.
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Figure-4. Rectangular Step Response.

Figure-5. Rectangular Poles and Zeros.

Figure-8. Taylor magnitude and phase response.

Figure-9. Taylor impulse response.

Figure-6. Rectangular Filter Coefficient.
Figure-10. Taylor step response.
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Figure-7. Magnitude and frequency plot of rectangular
window.
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Figure-11. Taylor poles and zeros plot.
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Figure-12. Taylor filter coefficient.

Figure-16. Kaiser step response.
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Figure-13. Magnitude and frequency plot of taylor
window.

Figure-17. Kaiser poles and zeros plot.

Figure-18. Kaiser filter coefficient.
Figure-14. Kaiser magnitude and phase response.
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Figure-15. Kaiser impulse response.
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Figure-19. Magnitude and phase plot of Kaiser window.
DOI 10.17148/IJARCCE.2017.62116

521

ISSN (Online) 2278-1021
ISSN (Print) 2319 5940

IJARCCE

International Journal of Advanced Research in Computer and Communication Engineering
ISO 3297:2007 Certified
Vol. 6, Issue 2, February 2017

Figure-20. Magnitude response comparison of rectangular,
taylor and Kaiser window.

Figure-24. Pole and zero comparison of rectangular, taylor
and Kaiser window.
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Figure-21. Phase response comparison of rectangular,
taylor and Kaiser window.

Figure-25. Magnitude and frequency plot of rectangular,
taylor and Kaiser window.
4. CONCLUSION

Figure-22. Impulse response of rectangular, taylor and
Kaiser window.

This paper discuss FIR low pass filter hs been designed
and simulated using rectangular, taylor and Kaiser window
technique. Taylor window main lobe width is increase and
decrease the amplitude of side lobes that is increase the
attenuation. Taylor window has greater main lobe width
and less leakage factor in comparison of rectangular and
taylor window. The result show that the filter design using
modified window function has a small main lobe width
and sharp transition band compared to rectangular, taylor
and Kaiser window function. The major advantages of
window technique is its simplicity and easy to understand
using FDATOOL in MATLAB, we can design Digital
filter very easily.
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