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Abstract – This paper investigates the effect of Dolph-
Chebyshev window frequency response Side lobe Attenuation
on the improvement of Speech quality in terms of six
objective quality measures. In Speech Enhancement process,
signal corrupted by noise is segmented into frames and each
segment is Windowed using Dolph-Chebyshev Window with
variation in the side lobe attenuation parameter α. The
Windowed Speech segments are applied to the Weiner Filter
Speech Enhancement algorithm and the Enhanced Speech
signal is reconstructed in its time domain. The focus is to
study the effect of Dolph-Chebyshev Window spectral side
lobe attenuation on the Speech Enhancement process. For
different side lobe attenuations of the Dolph-Chebyshev
Window frequency response, speech quality objective
measures have been computed. From this study, it is
observed that the Side lobe Attenuation parameter α plays an
important role on the Speech enhancement process in terms
of six objective quality measures. The results are compared
with the measures of Hanning window and an optimum side
lobe attenuation parameter in dB for the Dolph-Chebyshev
Window is proposed for better speech quality.

Keywords – DFT, Dolph-Chebyshev Window, Objective
Measures, Speech Enhancement, Side Lobe Attenuation.

I. INTRODUCTION

Speech enhancement is the most important field of
speech processing. It is used for many applications such as
mobile phones, teleconferencing systems, speech
recognition and hearing aids. The processed speech signals
should be more comfort for listening and also should give
better performance in tasks like automatic speech and
speaker recognition [1]. Several algorithms are proposed
in the literature [2] for speech enhancement such as
spectral subtraction methods, MMSE methods, Weiner
algorithm etc. In Weiner Filter Method based speech
enhancement method, the noisy speech signal is
partitioned into frames. Each frame is multiplied by a
window function prior to the spectral analysis and applied
to the speech enhancement algorithm. The focus of the
study is on the effect of windowing in the Speech
Enhancement process in terms of six objective measures
for Weiner Filter Method Speech Enhancement process.
The purpose of windowing is to reduce the effect of
discontinuity introduced by the framing process.
Commonly used windows include Hamming and Hanning
[3]. Although these windows have a reduced side lobe
levels they have also reduced frequency resolution. Hence
several factors enter into the choice of Window selection
to frame the Speech for Enhancement. In this paper an
attempt has been made to explore the possibility of

improving the quality of speech signal by employing
different shapes of Dolph-Chebyshev Window.

To study the performance of any algorithm,
combinations of subjective and objective measures have to
be carried on. Currently, the accurate method for
evaluating speech quality is through subjective listening
tests. But it is costly and time consuming. Hence, six
objective measures are chosen to evaluate the performance
of the Dolph- Chebyshev Window in an enhancement
system. P.Loizou has presented a correlation analysis of
objective quality measures for evaluating speech
enhancement algorithms [4]. In this paper six measures
namely SNR, Segmental SNR(Seg-SNR), Log Likelihood
Ratio(LLR), Weighted spectral slope distance(WSS),
frequency weighted segmental SNR (fwseg-SNR) and
Cepstral distance (Cep) are selected for performance
evaluation test, considering the fact that fwseg-SNR, LLR,
Cep and WSS have high correlation with overall speech
quality. The correlation coefficients for these measures
with speech quality are 0.84, 0.85, 0.79 and 0.64
respectively [4]. These objective measures also have good
correlation with subjective scores. Although the
correlation coefficient of SegSNR is 0.36, it is chosen as a
time domain measure where as the above measures are of
frequency domain. This paper explains the Dolph-
Chebyshev Window effect on the noisy speech for
Enhancement in terms of the six objective measures using
Weiner Filter Speech Enhancement algorithm. The rest of
the paper is organized as follows: Section-2 briefly
reviews various windows for noisy Speech Enhancement.
In Section-3 presents the Six Objective measure used in
this study. In Section-4 Weiner Filter method for noisy
speech enhancement is explained. Implementation of the
scheme is explained in Section-5, Section-6 explains the
results and discussions and Section- 7 Simulation Results
finally Section-8 describes the conclusions.

II. DATA WEIGHTING WINDOWS

A. Windowing
Windows are time-domain weighting functions that are

used to reduce Gibbs’ oscillations resulting from the
truncation of a Fourier series [5-6]. Their roots date back
over one-hundred years to Fejer’s averaging technique for
a truncated Fourier series and they are employed in a
variety of traditional signal processing applications
including power spectral estimation, beam forming, and
digital filter design. The effect of a time window can be
described in the frequency domain as a convolution of the
frequency response of the window with the frequency
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response of the signal. The convolution smears frequency
features, with the amount of smearing depending on the
width of the main lobe of the window frequency response.
For signal frequencies, observed through the rectangular
window, which do not correspond exactly to one of the
sampling frequencies, the pattern is shifted such that non-
zero values are projected onto all sampling frequencies.
This phenomenon of spreading signal power from the
nominal frequency across the entire width of the observed
spectrum is known as spectral leakage. In addition,
spectral leakage from distant frequency components will
occur if the sidelobe level of the window response is large
[7]. Ideally, the window spectrum should have a narrow
main-lobe and small side-lobes. However, there is an
inherent trade-off between the width of the main-lobe and
the side-lobe attenuation. A wide main-lobe will average
adjacent frequency components and large sidelobes will
introduce contamination (or spectral leakage) from other
frequency regions. The main lobe for rectangular window
is narrower than that of the Hanning window, while its
side-lobes are higher. Some of the commonly used
windows in speech processing are symmetric (e.g.,
Hamming and Hanning windows) or asymmetric (such as
the hybrid Hamming-Cosine window). The goal of
asymmetric windows is to reduce the algorithmic delay in
speech coders.
B. Fixed and Adjustable Windows

In literature many windows have been proposed [7-10].
They are known as suboptimal solutions, and the best
window is depending on the applications. Windows can be
categorized as fixed or adjustable [11]. Fixed windows
have only one independent parameter, namely, the window
length that affects the main lobe width without
substantially changing the sidelobe heights. For a fixed N,
the time-bandwidth product trades off main lobe width
against sidelobe suppression. Adjustable windows have
two or more independent parameters, namely, the window
length, as in fixed windows, and one or more additional
parameters that can control other window characteristics
[7, 11-15]. The Kaiser and Saramaki windows [8-9] have
two parameters and achieve close approximations to
discrete prolate functions that have maximum energy
concentration in the main lobe. The Dolph-Chebyshev
window [10, 12] has also two parameters and produces the
minimum main-lobe width for a specified maximum side-
lobe level. With adjusting their two independent
parameters, namely the window length and the shape
parameter, it can be controlled the spectral parameters of
main lobe width and ripple ratio for various applications.

Dolph-Chebyshev window has a better sidelobe roll-off
characteristic than the other well known adjustable
windows such as Dolph-Chebyshev [10] and Saramaki
[11], which are special cases of ultra spherical window
[16]. The effect of the Window length in the speech
Enhancement was studied and proposed a Window length
of 15-35 ms (at a sampling rate of 8 kHz), will be a
reasonable compromise in terms of the dynamics of
speech production [17]. In the present work it is observed
that, by properly selecting the side lobe attenuation of the
adjustable Window of fixed length 20ms, it is made

possible to achieve the speech enhancement and using the
objective measures, it can be established quantitatively. In
this paper, study is restricted to Dolph-Chebyshev window
only. The related work using other variable windows is
under progress.
C. Dolph-Chebyshev Window

The optimality criterion addressed by the Dolph-
Chebyshev window [10] is that its Fourier Transform
exhibits the narrowest main-lobe width for a specified
side-lobe level. The Fourier Transform of this window
exhibits equal ripple at the specified side-lobe level. The
Fourier Transform of the window is a mapping of the Nth

order algebraic Chebyshev polynomial to the Nth order
trigonometric Chebyshev polynomial by the relationship

TN(X) =
cos ( cos ) , | | ≤ 1cosh ( cosh , | | > 1 (1)

The Dolph-Chebyshev Window is constructed in the
frequency domain by taking uniformly spaced samples of
the window with Discrete Fourier Transform (DFT)
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Fig.1. The time and frequency description of a Dolph
Chebyshev Window with 40dB side lobes

Fig.2. The time and frequency description of a Dolph
Chebyshev Window with 80dB side lobes

The Fourier Transform of this window exhibits uniform
or constant side-lobes levels (inherited from the
Chebyshev polynomial) and it contains impulses in its
time domain series. These impulses are located at the
window boundaries. Figures 1 and 2 indicate the time and
frequency description of a Dolph-Chebyshev Window.
The Chebyshev or equal ripple behavior of the Dolph-
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Chebyshev Window can be obtained iteratively by the
Remez (or the Equal-Ripple or Parks-Mclellan) Filter
design routine. For comparison, Figure.1 presents a
window designed as a narrow-band filter with 40 dB side-
lobes and Figure. 2 are 80 dB side-lobes.

Windows (and filters) with constant side-lobe levels,
while optimal in the sense of equal ripple approximation,
are suboptimal in terms of their integrated side-lobe levels.
The window (or filter) is used in spectral analysis to
reduce signal bandwidth and then sample rate. The
reduction in sample rate causes aliasing. The spectral
content in the side-lobes (the out-of band energy) folds
back to the in-band interval and becomes in-band
interference. A measure of this unexpected interference is
integrated by side-lobes, for a given main-lobe width, is
greater when the side-lobes are equal-ripple.

From systems point of view, the window (or filter)
should exhibit 6 dB per octave rate of falloff of side-lobe
levels. Faster rates of falloff actually increase integrated
side-lobe levels due to an accompanying increase in close-
in side-lobes as the remote side-lobes are depressed (while
holding main-lobe width and window length fixed). To
obtain the corresponding window time samples w(n), we
simply perform the DFT on the samples W(k) and then
scale for unity peak amplitude. The parameter “”
represents the logarithm of the ratio of main-lobe level to
sidelobe level. Thus a value of “” equal to 3 represents
side-lobes 3 decades down from the main lobe, or side-
lobes 40 dB below the main lobe. The variation of SNR is
considered as a function of side lobe attenuation (“”) in
dB. In contrast to the other fixed windows, the Dolph-
Chebyshev window has two parameters: the length of the
sequence N and a shape parameter “”. In STSA, the
length of the window is fixed and is equal to the speech
signal frame length and hence the side lobe attenuation
parameter “” can be varied. As the parameter increases
the side lobe level of the frequency response decreases. In
this paper, the speech enhancement in terms of objective
measures as a function of side lobe attenuation in dB has
been investigated.

III. OBJECTIVE MEASURES

A. Signal -to –Noise Ratio: The Signal-to-Noise Ratio
(SNR) is the ratio of signal energy to noise energy and is
expressed in decibels dB given by [2-4] as= 10log [ ∑ ( )∑ [ ( ) ̂( )] ] (5)

Where s(n) is the undistorted or clean signal and ̂(n) is
the degraded or processed / enhanced speech signal , N is
the frame length.
B. The Seg-SNR: The Seg-SNR is the frame-based SNR
and is estimated as it is defined [2-4] as

= ∑ 10 log ∑ | ( |∑ | ( ) ( )|
(6)

Where s(n) is the undistorted or clean signal and ̂(n) is
the degraded or processed / enhanced speech signal , N is
the frame length. M represents the number of frames. The
Seg-SNR poses a problem if there are intervals of silence

in the speech utterance. In segments in which the original
speech is nearly zero, any amount of noise can give rise to
a large negative SNR for that segment, which could
appreciably bias the overall measure of Seg-SNR. This
problem is resolved by including the SNR of the frames
only if the frame energy is above a specified threshold.
Generally, the frames with segmental SNR between –10
dB to 35 dB are only considered in the average.
C. Weighted Spectral Slope Distance: WSS distance
measure computes the weighted difference between the
spectral slopes in each frequency band. The spectral slope
is obtained as the difference between adjacent spectral
magnitudes in decibels. The WSS measure is defined and
evaluated [18] as= ∑ ∑ ( , ) ( , ) ( , )∑ ( , ) (7)

Where W(j, m) are the weights computed. Sc(j, m) and
Sp(j, m) are the spectral slopes for jth frequency Band at mth

frame of clean and processed speech signals respectively.
D. Log Likelihood Ratio: The LLR measure is defined
[19] as

LLR=log [ ] (8)

Where ap and as are the LP coefficient vectors for the
clean and degraded or enhanced speech segments,
respectively. Rs denote the autocorrelation matrix of the
clean speech segment.
E. Cepstrum Distance: The Cepstrum distance [19]
provides an estimate of the log spectral distance between
two spectra. It is defined as

CD(m)= ∑ ( , ) − ( , ) (9)

Where Cs(n) and Cp(n) represent the cepstrum of clean and
the degraded or enhanced speech respectively.

Cs(k,m)=Re[IDFT{log| ( ( , )|}] (10)
The cepstrum coefficients can also be obtained recursively
from the LPC coefficients using the following expression
[2, 4]( ) = +∑ c(k) for 1≤m≤p (11)

F. Frequency Weighted Segmental SNR: It is
computed [4, 20] using the following equation= ∑ {∑ ( , ) ( , )[ ( , ) ( , )]∑ ( , ) } (12)

where W (j, m) is the noise-dependent weight applied on
the jth frequency band, K is the number of bands, M is the
total number of frames in the signal, s(j, m) is the
weighted (by a Gaussian-shaped window) clean signal
spectrum in the jth frequency band at the mth frame, and̂(j, m) in the weighted enhanced signal spectrum in the
same band.

IV. WEINER FILTER METHOD

Noise corrupted speech signals are processed by the
Weiner Filter speech enhancement algorithm based on a
priori SNR estimation [21]. Let s(t) and b(t) denote the
speech and the additive noise processes, respectively. The
observed signal x(t) is given by
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x(t)=s(t)+b(t). (13)
Let S(k,t)= , B(k,t), ( , ) =

respectively denote the kth spectral component of the
clean speech signal s(t), the noise b(t) and the noisy
observation speech signal x(t) in the analysis time frame t
where quasi-stationarity of the speech signal is guaranteed.
Defining local A Posteriori and A Priori SNRs as( , ) = | ( , )|{| ( , )| } (14)( , ) = | ( , )|{| ( , )| } (15)

Then the estimate of the speech signal magnitude
Spectrum (k, t) is given by

(K, t)=GW(k, t) X(k, t) (16)
The gain function of Weiner algorithm GW(k, t) is based

on the a priori SNR, SNRprio(k, t) and is estimated by the
Decision-Directed method [22] using the noise power
spectral density, PB(k, t) , A Posteriori SNR, SNRpost(k, t)
given by:

(k, t)=λ. (k, t-1)+(1-λ). | ( , )| (17)( , ) = | ( , )|( , ) (18)( , )=(1-β). max{[ ( , ) − 1], 0}

+ β. ( , )( , ) (19)

Where β is the smoothing constant (Typically is set to
0.98) [23] and λ is the smoothing factor and is in between
0 and 1. In this paper we have chosen λ=0.9. Using (17),
(18) and (19) the Weiner Gain function can be given by

GW (k, t) =
( , )

µ ( , ) (20)

Where μ is a constant, η is the order of the filter. If μ =1
and η =1/2 then (20) corresponds to power spectrum
filtering. In this paper (i.e. for a Wiener Filter) μ = η =1 is
considered.

V. IMPLEMENTATION

Phonetically balanced clean speech signals and noise
corrupted signals at different SNR levels have been taken
from a speech corpus called NOIZEUS [24]. NOIZEUS
speech corpus is composed of 30 phonetically-balanced
sentences belonging to six speakers (three males and three
females). The corpus is sampled at 8 kHz and filtered to
simulate receiving frequency characteristics of telephone
handsets. The NOIZEUS corpus comes with non-
stationary noises at different SNRs. Noise corrupted
speech signal is segmented into frames containing 160
samples of 20ms length (at 8 KHz Sampling rate). 160-
point Discrete Fourier Transform (DFT) of each segment
is obtained after applying the Dolph-Chebyshev Window
with variable side lobe attenuation parameter “α” using
the (1)-(4).

Weiner Filter Algorithm is applied to the spectral
components of each segment using (13)-(20). The signal is
reconstructed in its time domain with the help of IDFT and
overlap adds method (with 40% overlap between frames).
The signal thus obtained is the enhanced signal. The
performance of the enhanced signal is analyzed by using
six objective measures for speech enhancement. The
measures are WSS, LLR, fwseg-SNR, Cep, Seg-SNR, and

SNR defined in (5)-(12). All the measures are computed
by segmenting the sentences using 30-ms duration
Hamming windows with 75% overlap between adjacent
frames. A tenth order LPC analysis was used in the
computation of LPC- based objective measure LLR. The
performance of Dolph-Chebyshev windowed signal is
studied under two real world noise conditions namely
“Babble Nose” and “Street Noise” at 0dB, 5dB, and 10dB
and 15dB SNR levels and presented in Table.6.1 (a)-6.1(d)
and Table.6.2 (a)-6.2(d).

VI. RESULTS AND DISCUSSIONS

The Objective measure scores are shown in Fig. 3(a) -
3(b) as a function of the shape parameter “α” of the
Dolph-Chebyshev Window used as analysis window. The
following observations can be made based on these results.
For the narrow main lobe width of the analysis Window’s
frequency response, the Objective measure scores are
good and as expected. The measures WSS, LLR and
CEPSTRAL DISTANCE increase with the increase of
“α”. This result indicates that, the main lobe width of the
analysis Window increases and contributes the unwanted
noise for the noise corrupt signal which results
degradation in the Speech Enhancement process.

It is important to note that Fig. 3(a)-3(b) shows steep
variation in Objective measures is observed when the Side
Lobe attenuation Parameter “α” is in between 0dB-50dB
which indicates the shape of the analysis window‘s
frequency response plays significant role on the speech
quality measures in terms of the above objective measures.
It is also observed that, further increase beyond 75dB in
the Side Lobe Attenuation parameter “α” there is no
significant improvement in the objective intelligibility
scores as a function of analysis window shape. This can be
attributed by the fact that the window shape gives rise to
the frequency response with main lobe width and side lobe
levels are compliment to each other. Narrower level main
lobe width will tend to increase the side lobe levels and
vice versa. Hence the contribution of undesired spectral
components due to the main lobe width will be
compensated due to the reduced side lobe levels. Hence
the overall improvement in the Objective measures is not
observed with the variation of Side Lobe Attenuation
parameter values above 75dB. Based on objective
intelligibility scores, it can be seen that the optimum
window shape parameter for speech analysis is between
25dB and 50dB. For speech applications based solely on
the short-time magnitude spectrum, the Dolph-Chebyshev
Window with the above Side Lobe Attenuation Parameter
is expected to be the right choice.

From Table.6.1(a)-6.1(d) and Table.6.2(a)-6.2(d), the
comparison of six objective measures of speech quality is
made for the case of signal contaminated with Babble
noise and street noise at various SNRs of 0dB, 5dB, 10dB
and 15dB and clean speech signals using the Hanning
Window for six “α” values. In this analysis six Objective
measures are evaluated for α=0dB,25dB, 50dB, 75dB,
100dB , 120dB and 150dB and the results are presented in
Table.6.1(a)-6.1(d) and Table.6.2(a)-.6.2(d). Considering
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the fact that, higher SNR, Seg-SNR and FwSeg-SNR
values give better quality where as WSS, Cep and LLR
measures, lower values indicate a better quality, from the
Table.6.1 (a)-.6.1(d) and Table.6.2 (a)-6.2(d) shown, it can
be noticed that all the measures are improved for Dolph-
Chebyshev Window Side Lobe Attenuation parameter “α”
less than 75dB when compared to Hanning windowed
measure. From WSS and FW Seg SNR measure it is
observed that, a significant improvement is achieved with
the proposed window scheme. It is also Observed from the
Table.6.1(a)-.6.1(d) and Table.6.2(a)-6.2(d), that there is
no significant improvement in the objective measures from

Dolph-Chebyshev Window when higher SNR(above
10dB) noise corrupted speech signals are considered.
Based on the results presented in the Fig.3(a)-3(b) and
from the above Tables, the proposed window method is
able to remove the residual noise in better manner
compared to the Hanning window method and observing
all the results , one can have a judicious choice for
α=45dB as optimum value and can be used for Speech
Enhancement process for better results using Weiner
Filter. In addition to the above measures we employ
informal subjective listening tests as well.

VII. SIMULATION RESULTS
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Fig.3 (a): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter “α” :
BABBLE- NOISE
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Fig.3 (b): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter “α” :
STREET- NOISE

Table.6.1 (a): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter “α”:
BABBLE-NOISE of 0dB SNR

Table.6.1 (b): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter
“α”: BABBLE-NOISE of 5dB SNR

Table.6.1 (c): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter
“α”: BABBLE-NOISE of 10dB SNR

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB

LLR 0.0615 1.6622 0.1346 0.0423 0.0395 0.0466 0.0439 0.0453
WSS 135.8724 106.6486 110.198 130.904 138.9696 145.7061 148.8263 152.545
CEP 1.9263 3.6376 2.1712 1.9146 1.8605 1.8709 1.8387 1.8894

SEG-SNR -1.862 -1.2194 -1.4773 -1.7647 -1.7713 -1.9346 -1.8653 -2.0053
FWSEG-

SNR 3.8409 2.3695 4.1625 3.9969 3.8234 3.5792 3.4003 3.2619
OVR-
SNR 1.8239 0.0493 2.9747 2.2498 2.0534 1.719 1.9142 2.0477

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB

LLR 0.03125 1.5487 0.1174 0.027675 0.0226 0.0249 0.0236 0.02308
WSS 105.5976 105.8247 91.5507 105.3643 108.2552 114.9658 118.8994 123.3206
CEP 1.6520 3.0587 1.8979 1.74835 1.6191 1.5745 1.5431 1.5189

SEG-SNR 0.449 -0.4462 -0.2562 0.178725 0.1790 0.3351 0.3400 0.3273
FWSEG-

SNR 5.1032 2.4684 4.8098 5.2681 5.0729 4.7619 4.5577 4.3895
OVR-
SNR 4.6498 0.0654 3.7832 4.8566 4.6727 4.5916 4.5986 4.5052

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB

LLR 0.0194 1.5929 0.1167 0.0150 0.0148 0.01675 0.0173 0.0134
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FWSEG-

SNR 6.7891 2.5239 5.702 7.2782 6.9457 6.3052 5.9287 6.0059
OVR-
SNR 7.3174 0.0906 4.3555 8.5832 8.2947 7.072 6.6339 6.5602
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Table.6.1 (c): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter
“α”: BABBLE-NOISE of 10dB SNR
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Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
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FWSEG-

SNR 3.8409 2.3695 4.1625 3.9969 3.8234 3.5792 3.4003 3.2619
OVR-
SNR 1.8239 0.0493 2.9747 2.2498 2.0534 1.719 1.9142 2.0477

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB

LLR 0.03125 1.5487 0.1174 0.027675 0.0226 0.0249 0.0236 0.02308
WSS 105.5976 105.8247 91.5507 105.3643 108.2552 114.9658 118.8994 123.3206
CEP 1.6520 3.0587 1.8979 1.74835 1.6191 1.5745 1.5431 1.5189

SEG-SNR 0.449 -0.4462 -0.2562 0.178725 0.1790 0.3351 0.3400 0.3273
FWSEG-

SNR 5.1032 2.4684 4.8098 5.2681 5.0729 4.7619 4.5577 4.3895
OVR-
SNR 4.6498 0.0654 3.7832 4.8566 4.6727 4.5916 4.5986 4.5052
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Table.6.1 (a): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter “α”:
BABBLE-NOISE of 0dB SNR

Table.6.1 (b): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter
“α”: BABBLE-NOISE of 5dB SNR

Table.6.1 (c): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter
“α”: BABBLE-NOISE of 10dB SNR

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB

LLR 0.0615 1.6622 0.1346 0.0423 0.0395 0.0466 0.0439 0.0453
WSS 135.8724 106.6486 110.198 130.904 138.9696 145.7061 148.8263 152.545
CEP 1.9263 3.6376 2.1712 1.9146 1.8605 1.8709 1.8387 1.8894

SEG-SNR -1.862 -1.2194 -1.4773 -1.7647 -1.7713 -1.9346 -1.8653 -2.0053
FWSEG-

SNR 3.8409 2.3695 4.1625 3.9969 3.8234 3.5792 3.4003 3.2619
OVR-
SNR 1.8239 0.0493 2.9747 2.2498 2.0534 1.719 1.9142 2.0477

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB

LLR 0.03125 1.5487 0.1174 0.027675 0.0226 0.0249 0.0236 0.02308
WSS 105.5976 105.8247 91.5507 105.3643 108.2552 114.9658 118.8994 123.3206
CEP 1.6520 3.0587 1.8979 1.74835 1.6191 1.5745 1.5431 1.5189

SEG-SNR 0.449 -0.4462 -0.2562 0.178725 0.1790 0.3351 0.3400 0.3273
FWSEG-

SNR 5.1032 2.4684 4.8098 5.2681 5.0729 4.7619 4.5577 4.3895
OVR-
SNR 4.6498 0.0654 3.7832 4.8566 4.6727 4.5916 4.5986 4.5052

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB

LLR 0.0194 1.5929 0.1167 0.0150 0.0148 0.01675 0.0173 0.0134
WSS 84.6380 101.9875 73.4601 77.5469 83.7579 91.2641 95.6939 97.0663
CEP 1.5944 1.9607 1.7622 1.5994 1.4846 1.5536 1.5248 1.4509

SEG-SNR 2.17 -0.3063 1.2308 2.7141 2.5727 2.1324 1.8120 1.7021
FWSEG-

SNR 6.7891 2.5239 5.702 7.2782 6.9457 6.3052 5.9287 6.0059
OVR-
SNR 7.3174 0.0906 4.3555 8.5832 8.2947 7.072 6.6339 6.5602
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Table.6.1 (d): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter
“α”: BABBLE-NOISE of 15dB SNR

Table.6.2 (a): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter
“α”: STREET-NOISE of 0dB SNR

Table.6.2 (b): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter
“α”: STREET-NOISE of 5dB SNR

Table.6.2(c): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter
“α”: STREET-NOISE of 10dB SNR

Table.6.2 (d): Variation of Objective Measures with Dolph-Chebyshev Window Side Lobe Attenuation Parameter
“α”: STREET-NOISE of 15dB SNR

Objective
Measures Hanning

window
Dolph-Chebyshev Window Side Lobe Level (in dB)

0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB
LLR 0.0120 1.5928 0.1167 0.0149 0.0148 0.0168 0.0173 0.0134
WSS 73.375 101.9875 73.4601 77.5469 83.7580 91.2641 95.6939 97.0662
CEP 1.4116 1.9607 1.7622 1.5994 1.4846 1.5538 1.5248 1.4509

SEG-SNR 4.0452 -0.3063 1.2308 2.7141 2.5727 2.1324 1.8120 1.7021
FWSEG-

SNR 8.0741 2.5239 5.702 7.2782 6.9457 6.3051 5.9287 6.0059
OVR-
SNR 8.0623 0.0906 4.3555 8.5832 8.2947 7.072 6.6339 6.5602

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB

LLR 0.0842 1.6495 0.2013 0.0734 0.0741 0.0717 0.0535 0.0503
WSS 125.7108 104.8649 99.2234 117.0839 122.6485 131.9895 131.6233 134.8363
CEP 1.8592 2.8121 2.1997 1.8618 1.8913 1.8307 1.8339 1.8165

SEG-SNR -1.1905 -1.2783 -0.8421 -1.0531 -1.28653 -1.3478 -1.1085 -1.1756
FWSEG-

SNR 3.8016 2.3325 4.3649 3.9579 3.7251 3.5251 3.4181 3.2653
OVR-
SNR 2.3249 0.0253 3.4963 2.6805 2.3565 2.2250 2.7184 2.5295

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB

LLR 0.0659 1.6141 0.1165 0.0342 0.0406 0.0403 0.0374 0.0361
WSS 111.8444 102.1379 85.2285 102.5667 109.8825 117.8586 122.0864 124.9512
CEP 1.7426 2.1597 1.9604 1.7434 1.6572 1.621 1.5941 1.5985

SEG-SNR -0.5105 -0.5576 0.2417 -0.1489 -0.1023 -0.2242 -0.2468 -0.5095
FWSEG-

SNR 4.8529 2.4697 5.3212 5.3566 5.1415 4.5402 4.3093 4.3399
OVR-
SNR 3.6939 0.0816 4.3242 4.7082 4.5425 4.044 4.0211 4.0032

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB

LLR 0.0173 0.0232 1.6695 0.1223 0.0208 0.0166 0.0184 0.0182
WSS 98.522 80.2070 101.038 73.2955 76.5928 79.9397 87.3335 91.9871
CEP 1.5126 1.5087 2.6537 3.5147 1.5549 1.4578 1.4953 1.4898

SEG-SNR 2.0427 2.756 -0.112 1.4997 2.7885 2.8378 2.4886 2.3521
FWSEG-

SNR 5.8726 7.1017 2.7272 6.1026 7.4234 7.2478 6.5306 6.2313
OVR-
SNR 6.2431 6.9745 0.1008 4.5335 8.0654 8.0386 6.6958 6.6296

Objective
Measures

Hanning
window

Dolph-Chebyshev Window Side Lobe Level (in dB)
0 dB 25 dB 50 dB 75 dB 100 dB 125 dB 150 dB
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VIII. CONCLUSION

Speech signal is enhanced with the help of Weiner Filter
method using Dolph-Chebyshev Window with suitable
side lobe attenuation parameter “α”. It is found that the
speech quality in terms of the Objective measures is
improved by applying the Dolph-Chebyshev Window with
optimum shape parameter “α=40dB”. From the Fig.3(a)-
3(b), it is observed that the objective measure WSS and
FWSeg.SNR have significant improvement for Dolph-
Chebyshev Windowed signal when compared to Hanning
Windowed signal using Weiner Filter method. It is also
observed that the Window presented in this paper works
out good for different types of noise, like babble and Street
noises, at different SNR levels particularly at Low SNR
values. Hence it may be concluded that Dolph-Chebyshev
Window with suitable Side Lobe Attenuation parameter
“α” is an attractive option compared with Hanning
Window for the Speech Enhancement using Weiner Filter
method for better Speech quality and intelligibility. In this
work we have presented the results for Babble and Street
noises. The results for other noise types will be presented
as part of our future publication.
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