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Abstract
Digital Signal Processing is used in many areas where analogue method was difficult. Filters are used to separate or combine
different frequencies. In this paper low pass filter has been designed and simulated using different windows techniques. Hamming
and Kaiser Windows techniques are used along with Rectangular window technique for the design analysis by using matlabs. The
performances of all the designs have been compared in terms of sidelobe attenuation and mainlobe width. The simulated result
shows that the Kaiser window has near optimum performance and having the simplest implementation. The result also shows that

increasing the Kaiser Window parameter Beta widens the mainlobe and decreases the amplitude of sidelobes
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1. INTRODUCTION

DSP is used in different areas such as image processing,
spectrum analysis, speech synthesis, sonar processing, data
communication etc. DSP system can be programmed and
reprogrammed without changing in hardware. It has many
advantages such as accuracy, perfect reproducibility, greater
flexibility and superior performance. The signal used in DSP
is derived from analog signal which have sampled at certain
interval to convert into digital signal [1]. Digital filters are
important class of Linear time invariant DSP system
designed to modify the frequency characteristics of the input
signal x(n) to meet certain specific design requirements.
Digital filters have emerged as a strong option for removing
noise, shaping spectrum and minimizing inter-symbol
interference (ISI) in communication architectures [2].
Digital filters have been classified into Finite Impulse
response (FIR) and Infinite Impulse Response (IIR) filters.
The FIR has an impulse response h(n) of finite duration,
defined over the interval 0 < m < M has finite number
of terms,

M
y(m) = Y _ h(m).x(n— M) ()
An IR filter has an impulse response h(n) of infinite

duration, defined over the infinite interval 0 < n < o, now
has infinite number of terms.

y(m) = Y _ h(m).x(n— M) 2

2. FIR DESIGN METHODS

The simplest method of FIR filter design is called the
window method. This method begins with an ideal desired
frequency response which is represented as

HawW)=Y."_ ha(n)e " @3)
Where
ho(n)= o [, Ho(w) €""dw @)

Some of windows commonly used are Blackman Window,
Blackman-Haris window, Bohman window, Chebyshew
window, Flat Top window, Gaussian window, Hamming
window, Hanning window, Nuttall window, Kaiser
Window, Rectangular window, Taylor window and
Triangular window.

To eliminate the some pass band and stop band ripples,
Hamming window technique is used [3]. The coefficients of
a Hamming window are computed from the equation (5)

w(n) = 0.54- 0.46c0s( 2mr) , 0< n < N ()

Kaiser window has an adjustable shape parameter that
allows the window to achieve any desired value of ripple or
attenuation. The Kaiser window is unique that it has near
optimum performance, in the sense of minimizing the
sidelobe energy of the window as well as having the
simplest implementation [4]. Kaiser window depends on
two parameters, N and the shape parameter o. The equation
of Kaiser Window is expressed in equation (6).
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Io(a /1—(n—M>2/M2 ©)

wn) = lo@
Kaiser window is also defined in terms of B, where B is the
Kaiser Window parameter that affects the sidelobe
attenuation of the Fourier transform of the window [5].

The Kaiser window that design an FIR filter with sidelobe
attenuation of o dB is expressed as

0.1102(a — 8.7), a> 50
- 0.5842(ax — 21)%4)
+0.07886(a — 21), 50> a > 21
0, a <21

A rectangular window is equivalent to not using any
window because the rectangular function just truncates the
signal to within a finite time interval. This window has the
highest amount of spectral leakage. The rectangular window
has a value of one over its length. The weighting function
for the Rectangular window is to be defined [6] by

Wk (n) =1, for n|< == )
Wrg (n) = 0, otherwise (8)

3. DESIGN SIMULATIONS

Table 1: Parameter Specification
Parameter Values

Sampling Frequency | 48000 Hz

Cutoff Frequency 10800 Hz
Order 50
B B =1,5,7 (For Kaiser Window)

Table 1 show the parameter specification of three windows
for the designing of lowpass filter by using Rectangular,
Hamming and Kaiser Windows.
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Fig 1: Lowpass FIR filter using Rectangular window
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Fig 2: Lowpass FIR filter using Hamming window
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Fig 3: Lowpass FIR filter using Kaiser Window (B=1)
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Fig 4: Lowpass FIR filter using Kaiser Window (B=5)
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Fig 5: Lowpass FIR filter using Kaiser Window (p=7)

Figure 1 & 2 show the magnitude and frequency response of
Lowpass FIR filter using Rectangular and Hamming
window. Figure 3, 4, and 5 show Kaiser Window at =1,
B=5 and =7 respectively.

4. COMPARATIVE ANALYSIS

Hamming and Kaiser Windows techniques are used along
with Rectangular window for design analysis and compared
these three windows. Table 2 shows the comparison of these
three windows in terms of leakage factor, relative sidelobe
attenuation and mainlobe width. The leakage factor is
minimum and mainlobe width is maximum of Kaiser
Window than the Hamming window.

Table 2: Matlab simulated result of Rectangular, Hamming
and Kaiser Windows.

Leakade Relative Main lobe
Windows Footor | Sidelobe width
attenuation (-3dB)

Rectangular 9.25% -13.3dB 0.035156
Hamming 0.04% -42.3dB 0.050781
Kaiser (B=1) 6.47% -14.7dB 0.035156
Kaiser (B=5) 0.02% -37.4dB 0.050781
Kaiser (f=7) 0% -50.9.dB 0.058594

5. CONCLUSIONS

In this paper lowpass filter has been designed and simulated
using Rectangular, Hamming and Kaiser Windows
techniques. Lowpass filter has been designed for the
different value of Kaiser Window parameter B. It has been
compared leakage factor, mainlobe width and relative
sidelobe attenuation of the three windows from the
simulated result. . The result show that increasing the value
of Kaiser Window parameter § widens the mainlobe and

decrease the amplitude of sidelobes that is increases the
attenuation. The relative side lobe attenuation of Kaiser
Window is -50.9 dB and mainlobe width of this window
(-3dB) is 0.058594 at sampling frequency 48000Hz, cut off
frequency 10800 Hz and order 50. The simulated result also
shows that Kaiser window has greater mainlobe width and
less leakage factor in comparison of Hamming window.
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