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Abstract
Windowing technique is used to eliminate the impulse
responseto resize the filters. Two windows (Tukey and
Kaiser) are the most the popular window methods, we can
realize various types of windows depending on their
characteristics and specification of ripple factor by using
the particular those windows. We have proposed a new
modified window method, known as MSK FIR window
which is imposed to compare its parameters with these two
parent windows (Kaiser and Tukey).The proposed new
MSK FIR window is realized from mixing Kaiser and
Tukey windows. The characteristics of new MSK FIR
Windows are verified for the 101 window size. After
implementation of the FIR filter with the new MSK FIR
window it is obviously that the performance will be good
and more stable.
Keywords: Adaptive Filter, Tukey Window, Design, Kaiser
Window, Design, Impulse response,, FIR and MSK.

I.

INTRODUCTION

The window method for digital filter design isconvenient,
fast, and robust, but generally suboptimalrobust. It is very
easy to understand in terms of the convolution theorem for
Fourier transforms, this property, making it instructive to
study later the Fourier transformation theorems and
windows for spectrum analysis. In predictable
applications, the window functions used are smooth
curves, rectangle and triangle[1,2]non-negative functions
and other various types of functions. which are commonly
used in analysis.
“Windowing” amplitude rectify the input signal so that the
spectral leakage take place spreading onbucket signals
more and off-bucket signals less. Thus, windowing varies
the amplitude of the samplesignals at the beginning and
end of the window, improving the leakage. Windowing is
implemented by multiplication of the input signal with a
particular windowing function. An input signal, which can
be of a number of dimensions and also it can be a complex
number. For complex value convolution, complex
multiplication is requiredfor .
The window method consist simply windowing a h(n)
theoretically ideal filter impulse response by (n) some
suitably chosen window function.

Windowing a simple waveform e.g.- Cosine( t) causes its
Fourier transformation to have a non-zero values at
frequencies which are varies from . The frequencies
tends to the greatest value near ω and lowest at frequencies
significantly away from ω. If two sinusoidal signals, with
different frequencies, leakage can control with the
capability to characterize them in spectral form. If their
frequencies are varying, then the leakage will be reduced
when one sinusoidal signal is too lower in its amplitude
than another sinusoidal signal. That is, thespectral
component of the function can be hidden by the leakage
from the greater amplitude component. But when the
frequencies are close to each other, the leakage can be
desirable to interfere although both the sinusoidal signal
are equal amplitude; that is, they can be unresolvable [3,5].
Windowing functions are notable asapodization functions. It
is a Greek word and literally means, removing the feet“.
That is the technical term for adjusting the shape of a signal
by the use of a function which has a zero-value outside of a
particular interval. It involves using a tapering function to
smooth out the transitions, and there are various types of
windows; Rectangular window, Triangular window,
Tukeywindow, Kaiser window, Chebyshev window,
Hamming window, Bohman window,
Modified
BartlettHann window, Nuttall-defined minimum 4-term
Blackman-Harris window, Flat Top weighted window,
Bartlett window, Blackman window, Hann (Hanning)
window,
Taylor
window,
Gaussian
window,
BlackmanHarris, in addition you can generate other
windows depending on the coefficients generation [6,7].

II.

FILTER DESIGN

There are many kinds of digital filter and many ways to
classify them [4]. The basic types of filters can be classified
into four categories.
1: Low Pass Filter (LPF)
2: High Pass Filter (HPF)
3: Band Pass Filter (BPS)
4: Band Stop Filter (BSF)
There are two types of filters basically based on time domain/
Impulse response characteristics
1-Finite Impulse Response (FIR)
2-Infinite Impulse Response (IIR).
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The FIR techniques are based completely on discrete-time
domain, while the techniques for IIR filter design which is
derived from the transformation of filters particularly in
continuous time.

Signal Processing and the theory of Fourier Transformation.
There is two conditions applied for this function.
The Normalize sinc function.

|ω|<ωcElse
The main aspect of FIR filter design (based on Windowing
methods) is to generate the enough number of filter
coefficients that reach an optimal filter design.
FIR filter design may be implemented through the various
steps: Filter type selection Filter specifications,Windows
method design,Filter structure,Filter analysis, Impulse
response calculation, Filter implementation.
The Finite Impulse Response filter design starts with its
characteristics in either frequency domain or time domain, or
both domains. In the frequency domain filter design the
requirement is concentrated on magnitude response at the
same time, in time domain, the filter design aims to generate a
unique impulse response:stop band ripple and
pass band ripple can be describe from fig. 1.

Fig. 2: Plot for Sinc function

IV.

Fig. 1: Normalized Low Pass Filter Response
The impulse response of this low pass filter is defined by a
sinc function

III.

TUKEY WINDOW

Tukey window is known as a tapered cosine rectangular
window with the first and last r/2 percent of the samples
equalize to the fragment of a cosine[3]function., The
characteristics of the window function gives the special
features. Taper function is containing a function which is
reducing to zero up to the end of the window. Calculated at
reducing the effects of interruptions between the first and end
of the time series[4]. Although spectral leakage cannot be
prevented totally, only it is possible to reduce sufficiently by
altering the shape of the taper function in this way to reduce
the strong interrupts close to the window edges. In a
mathematical form, the cosine taper can be represented as
taper ratio r. The cosine window shows an attempt to reset the
data to zero at the boundary conditions which will not
significantly reducing the level of the window transform.

SinC FUNCTION

The Sinc function sinc(x) is also known as a sampling
function. That is a function which arises frequently in Digital
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The parameter r is the ratio of cosine-tapered section length to
the entire window length. Tukey window where 1/2 of the
entire window length consists of segments of a phase-shifted
cosine with period 2r = 1





r= a real number lies between 0 and 1.
When we put r ≤ 0 , we’ll get rectangular window
When we put r ≥ 1, we’ll get hann window
r= 0.5 is a default value for Tukey window function

These tapering will preside to the following effects: It will
reduce the spectral power leakage from a spectral peak to
frequencies far away and it coarsens the spectral resolution by
a factor (x – r/2) for the above cosine tapers.

Fig.4: 200 point Kaiser Window results displaying
In given table we can find the comparison of Kaiser Window
function at various values of β&N.
Variable
parameter
β

window Time domain
Frequency domain
function
length Max. Min. Main lobe Relative
Amp. Amp. width
sidelobe
( N)
attenuation
dB

0

38

1

1

48
Figure 3: Comparison between the rectangle window
function with two common taper functions.

1

Kaiser window is a prominentwindow for its constructive
characteristics[5]. The main lobe width is reversely
proportional to the filter length. The attenuation in the side
lobe is, independent of the length of the filter and it is a type
of the window function. A complete overview of various types
of window functions and their characteristics was given by
Pro.Harris[2]. Therefore filter length must be increased greatly
to minimize the width of the main lobe and to obtain the
optimal transition band. Kaiser has chosen a class of windows
having characteristics approximating[6] those of the elliptical
spheroidal wave functions. This family of windows, is well
known as the Kaiser window, which is defined by the given
function:

1

.o8

48
2

V. KAISER WINDOW

38

38

1

.04

48
3

38

1

.02

48
4

38
48

1

.01

0.042969

-13.3

0.035156

-13.3

0.046875

-14.7

0.035156

-18.7

0.050781

-18.8

.0390630

-18.7

0.054688

-24.5

.0429690

-24.3

0.625000

-31.0

0.046875

-30.8

Table 1: Comparison of Kaiser window function at different
β&N
The Kaiser Window algorithm[7] steps are mentioned below:
Step 1: calculation of the attenuation value via the adjustment
of the minimum ripple value (δ).

In addition, there are two important factors which can be used
in as a main part of the filter design [7]; these factors are ripple
parameter δ, and the transition width (TW)

Step 2: calculation of the window parameterβ according to the
attenuation value.
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Step 3: calculation of the transition bandwidth (TW)
according to the number of well-defined unique coefficients
which is the varies between stop and pass band.
Step 4 : Calculation of the cutoff frequency (wc).

The processing gain also can be represented in decibels:

VII. THE PROPOSED FIR FILTER ALGORITHM
The proposed method for efficient window approach for Finite
Impulse Response(FIR) design depends on the window
selection between Kaiser and Tukey according to the various
parameters.

Step 5: Calculation of the window size(N).

The method of the filter filter design is listed with step by step
and also showing in graphical form in fig. 8.

Step 6: Calculation of the Bessel function - Io(x).

Step 7: Calculation of the Kaiser window in well-defined
interval of n.

Step 1: considering the stop band ripple (δs) equal to the pass
band ripple (δp)
Step 2: considering pass band frequency (wp).
Step 3:
Calculation of the parameters, which are used in window
realization.
Step 4: calculation of the Kaiser Window parameters. Step 5:
calculation ofthe Tukey window parameters.Step 6: selection
of the desired type of window on the basis of the various
factors. Step 7: Implementation the filter coefficients. Step 8:
Truncate the coefficients of the filters of the selected window
function.

VI. WINDOW MEASUREMENTS
There are various factors which can be determine to improve
the efficiency of the different types of window filter; there
we’ll explain some of the important factors.
Coherent Gain (CG): Once a window is applied to the
signal, however, the magnitudes of the signal[8] computed
with the Fourier transform will decrease. Attenuation of the
signal by the window function is measured by the Coherent
Power Gain. The Coherent Gain (CG) of a window w(k) of
length N is given by:

Equivalent Noise Bandwidth (ENBW):A filter’s equivalent
noise bandwidth (ENBW) is defined as the bandwidth of a
perfect rectangular filter[9] that passes the same amount of
power as the cumulative bandwidth of the channel selective
filters in the receiver. ENBW increases as the cutoff frequency
of the low pass filter.

Processing Gain (PG): In Digital signal processing, the
operations, which are chosen to improve some methods of
quality of a signal by manipulating the differences between
the signals and the corrupting influences. When the signal is a
sinusoidalcorrupted[10] by additive random noise. The
processing gain of a window or a system which can be given
by the prescribed equation:
Fig. 8 The proposed FIR filter approach.
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VIII. RESULTS AND ANALYSIS
The content of Table no. 02 is showing the window’s
measuring factors of Coherent Gain (CG), Processing Gain
(PG), Equivalent Noise Bandwidth (ENBW), Leakage
Factor[11] (LF), Relative SideLobe Attenuation (RSLA) and
MainLobe Width (MLW).
The proposed Finite Impulse Response (FIR) filter algorithm
is implemented and verified for various values of attenuation
for Tukey Window and Kaiser window functions. Figure no. 5
is giving the time domain and frequency domain
representation of the selected Tukey window for the various
values of alpha (α) : 0, 0.25, 0.5, 0.75 & 1. And from Figure
no .6 we can find the time domain and frequency domain
representations of the selected Kaiser window for the various

values of alpha alpha(α) : 0, 0.25*5, 0.5*5, 0.75*5 & 1*5.
Which is multiple of 5 of the Tukey window function. we can
see the estimated frequency domain and time domain
description of the proposed a new window which depends on
the parent windows: Tukey and Kaiser Windows. When
opting a suitable window function for a particular application,
these comparison graphs are helpful to get the filter efficiency
Fig.3, Fig.4 and Fig.5. These graphs are showing the exact
lobe of the window's frequency response in specific way and
in addition there is only the envelope of the side lobes which
is shown to reduce clutter. The frequency axis is showing the
units of Fast Fourier Transformation (FFT).when the window
of length N (95) is applied to compute the transformation.

Information

Value of α

CG

ENBW

PG
(dB)

LF

RSLA
(dB)

Tukey window

α1
=0.00

1.000 0

1.0000

0.000 0

9.26 %

-13.3

α1
=0.25

0.866 3

1.1131

0.465
2

6.49 %

-13.6

α1
=0.50

0.742 6

1.2344

0.914
7

3.61 %

-15.1

α1
=0.75

0.618 8

1.3736

1.378
6

1.15 %

-19.4

α1
=1.00

0.495 0

1.5150

1.804
1

0.05 %

-31.5

α2
=5*0.0
0

1.000 0

1.0000

0.000 0

9.26 %

-13.3

α2
=5*0.2
5

0.893 9

1.0107

0.046
3

5.40 %

-15.5

α2
=5*0.5
0

0.731 3

1.0912

0.379
1

1.28 %

-21.2

α2
=5*0.7
5

0.616 3

1.2268

0.887
7

0.18 %

-28.7

α2
=5*1.0
0

0.539 8

1.3708

1.369
8

0.02 %

-37.0

α1 &
α2

0.750 0

1.0370

0.158
0

3.18 %

-19.0

α1 &
α2

0.777 4

1.0444

0.188
6

2.70 %

-19.3

α1 &
α2

0.756 2

1.0654

0.275
3

1.88 %

-20.3

α1 &
α2

0.706 4

1.1062

0.438
4

1.00 %

-22.9

α1 &
α2

0.654 8

1.1604

0.646
0

0.46 %

-27.0

Kaiser window

New MSK2 window

Table 2: Window measurements
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Tukeywindow , Kaiser window and Proposed MSK window
approach such as Coherent Gain, Equivalent Noise
Bandwidth, Leakage Factor, Processing Gain, Relative Side
Lobe Attenuation.
This resultant study of these parameters and obtained the
MSK Window approach is showing the enhancements of the
filter attenuation and derived final results of the MSK filter is
showing the better efficiency and better stability.
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IX. CONCLUSION
The proposed efficient window approach MSK is calculated
from the combination of Tukey window and Kaiser window
parameters. This unique method can be implemented via
Tukey window and Kaiser window to get expected filter
parameters, we can derived the proposed MSK Window
parameters from these combination of Kaiser and Tukey
Window parameter. This is a correlative study of the
parameters of Tukey window, Kaiser window and proposed a
new MSK window. In this comparative study of window
functions, we measured and compared the properties for
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