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Abstract

Presence of noise in speech signals deteriorates
the performance of automatic speech recognition
systems. Noise reduction is very important key-
point of the speech enhancement in speech
recognition system. The adaptive wiener filtering
is a method used to enhance a speech signal
which has been degraded by the noise. This
approach is implemented in time domain and
adaptation of the filter transfer function. The
adaptive wiener filtering approach is improving
the SNR in the enhanced speech signal. This
approach emphasized to reduce the stationary
noise. The spectrogram has been performed for
speech signal corrupted by white noise, vehicle
noise and babble noise. The results demonstrate
that this method can perform better for white
noise than the vehicle noise and babble noise.

1. Introduction

Many systems rely on Automatic Speech
Recognition (ASR) to carry out their necessary
tasks. In much speech communication, the presence
of background noise causes the quality and
intelligibility of speech to degrade, especially when
the Signal-to-Noise Ratio (SNR) is low. Speech
enhancement algorithms are of great interest
because they have many applications such as
speech recognition, voice communication and
hearing aids, etc. Several techniques have been
proposed for this purpose like the spectral
subtraction approach, the iteration Wiener filter [7],
Wiener filtering [3] and adaptive Wiener filtering.
The performances of these techniques depend on
quality and intelligibility of the proposed speech
signal.

Spectral subtraction is one of the most used
techniques for noise reduction [1]. Spectral
subtraction is implemented to estimate the short-
time spectral magnitude of speech by subtracting
noise estimation from the noisy speech [4]. There
are a few limitations to the operation of the method
[5]. Firstly, the resultant magnitude cannot fall
below zero (rectification). Secondly, the technique

tends to generate short duration narrow bands
energy which sound like “musical” tones and
which need to be eliminated. In this system, the
attenuation characteristics change with the length
of the analysis window. The main problem for
using spectral subtraction, it generates unpleasant
artificial sound so that it is not suitable for speech
coding. And it remains usually a level of residual,
unnatural background noise called musical noise.

Wiener filter method has been proposed by
J.S.Lim [6], and the method designs the optimal
filter minimizing the mean squared error (MSE) in
the frequency domain. The musical noise is
reduced by the Wiener filter method than the SS
method. If accurate power spectrum for clean
speech and accurate power spectrum of additive
noise can be estimated, the Wiener filter can be
designed accurately. However, the power spectrum
of clean speech cannot be observed directly. The
drawback of the Wiener filter is the fixed frequency
response at all frequency response at all
frequencies and the requirement to estimate the
power spectral density of the clean signal and noise
prior to filtering.

Other methods used to reduce the amount of
noise in speech signals include: Iterative Wiener
filter (IWF) [7]. This method has been adopted as
the speech enhancement that estimates speech and
noise power spectra using LPC analysis iteratively.
The complex speech analysis can estimate more
accurate spectrum in low frequencies, thus it is
expected that it can perform better for the IWF
especially for babble noise or car internal noise that
contains much energy in low frequencies.

In this paper, we use the adaptive Wiener
filtering by adapting the Wiener filtering in
frequency domain [2]. The adaptive Wiener
filtering is implemented in time domain and
adaptation of the filter transfer function from
sample to sample based on the speech signal
statistics (local mean and variance).

2. Sound and Noise

Sound is produced by vibrating objects and
reaches the listener’s ears as waves in the air or
other media. When an object vibrates, it causes
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slight changes in air pressure. These air pressure
changes travel as waves through the air and
produce sound. When speaking of noise in relation
to sound, what is commonly meant is meaningless
sound of greater than usual volume.

Thus, a loud activity may be referred to as
noisy. However, conversations of other people may
be called noise for people not involved in any of
them, and noise can be any unwanted sound such
as the noise of dogs barking, neighbors playing
with loud music, road traffic sounds, or aircraft,
etc. Now noise is presented in many situations of
daily life .In many speech communication
environments occurs this situation in which the
speech signal is superposed by background noise.
Some applications are very import to reduce the
level of background noise.

Background noise can be stationary or
non-stationary noise. In the case of stationary
noise, the noise characteristic remains the same
with respect to time and spectrum. Some examples
for stationary noise are idle engine sound, vehicle
and tire noise in a running vehicle, machinery
(white), wind, sea wave and babble. White noise is
a sound that contains every frequency within the
range of human hearing (generally from 20 hertz to
20 kHz) in equal amounts. White noise draws its
name from white light in which the power spectral
density of the light is distributed over the visible
band in such a way that the eye’s three color
receptors are rather equally stimulated. White noise
is a type of noise that is produced by combining
sounds of all different frequencies together [8].
Because it contains all frequencies white noise can
drown or mask other sounds which may contain
significant information needed for input into an
ASR system. If a reasonable estimate of white
noise contained in a given speech signal can be
obtained and removed from a signal, then we
should see an improvement in the quality of the
speech and efficiency for most ASR systems. And
in the case of non-stationary noise, the noise
characteristic varies with time and/or the spectrum
of non- stationary noise. Some examples for non-
stationary noise are the rubbing of a hand,
footsteps, passing vehicles, sirens, horns, coughs
and sneezes. In this system, we emphasized to
reduce the stationary noise for the enhance speech
signal.

3. Adaptive Wiener Filtering

Reducing the level of background noise is very
important in  many communication systems.
Several techniques such as the spectral subtraction
and Wiener filter are used to reduce the noise and
enhance the speech signal

This approach is implemented in time domain
and this filter is applied by the adaptation of its

transfer function from sample to sample based on
the speech signal statistics (mean and variance).The
implementation of the adaptive Wiener filtering is
shown in figure 1.
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Figure 1: The block diagram of the system.

This system is implemented by the following
steps:
Step 1: Divide the small segment signal

Consider a small segment of the speech signal in

which the noisy signal X(n)is assumed to be

stationary. The input noisy signal is digitized at a
rate of 16 kHz, and the time series are processed in
frames.

The input noisy signal obtained by:

x(n) =s(n)+v(n)
Where,
s(n) = clean speech signal

v(n) =noise signal

And then, divide a small segment of the speech
signal in which the noisy signal X(n) from the



input noisy signal. The number of samples
considered per segment is 20 msec.

Step 2: Calculate the power of noise P, (w)

Next, we find the power of noise P, (W) to
calculate the power of speech asz.lt is assumed
that the additive noise v(n) is zero mean, so thus,
the power spectrum of noise P, (W) is obtained by:

P.(W) =0y
There is an estimate of the power spectrum of the

noise P, (W) which is obtained by averaging over
multiple frames of a known noise segment.

Step 3: Calculate the local mean of noisy signal
m, (n)

Next, we find a local mean of signal m, (n) to
calculate the enhance speech S(n) .We assumed
that m, is zero, so that we can calculate M, (n)

from x(n) by:

n+M

1
m, (n) = mkz x(k)

=n-M

where, (2M+1) is the number of samples in the
small segment.

Step 4: Calculate the power of speech signal

o2 and compare the power of noisy signal P,(w)
The power of noisy signal o0x2 is get from the

sum of the power of speech signal 652 and power of

noise signal 0'\,2 . So, we can estimate the power of
speech signal GSZ from x (n) by:
2 2 2 2
x(n)_gv’ if Oy (n)>6v

oi(n)=
0 , otherwise

The power of noisy signal 0y® can be estimated
by:

5 B 1 n+M _ ,
o, (n) ) kZ,M (x(k) —m, (n))

And then, compare the power of noise signal sz
and the power of speech signal Gsz.lf 652 is

greater than sz the output signal S(n)is

assumed to be primarily due to X(n) and signal

S(n) is not attenuated. Otherwise, the filtering

effect is performed.
For the small segment of speech, the Wiener
Filter transfer function can be approximated by:

0
M=—>">
o;(n)+o,
Step5: Calculate the enhance speech S(n)

From the above steps we get the enhance speech
S(n) within the local segment can be expressed
as:

s(n) = m, () + -2 (x(n)—m, ()
(N +

On this step, we get the wvalue of local
meanm, (n) and (X(n)—m,(n)) are changed

separately from segment to segment. Finally, we
get the enhance speech by combing the segments.

4. Experimental Results

The perception of a speech signal is usually
measured in terms of its quality and intelligibility.
In order to assess the performance of speech signal,
objective test, subjective test and spectrogram can
perform.

4.1 Obijective Evaluation

Signal-to-noise ratio (SNR) is defined as the
ratio of a signal power to the noise power
corrupting the signal. SNR compares the level of a
desired signal to the level of background noise. The
higher the ratio, the less obtrusive the background
noise is.

4.2 Subjective Evaluation

The quality is a subjective measure which
reflects on individual preferences of listeners. The
standard of the subjective evaluation uses separate
rating scales to independently estimate the
subjective quality of the speech signal alone, the
background noise alone, and overall quality.

4.3 Speech Spectrogram

Objective measured do not given indications
about the structure of the residual noise. Speech
spectrograms constitute a well-suited tool for
observing this structure. Thus, we use the
spectrogram to show the performance of the
system. We use sentence spoken by English news
is corrupted in three stationary noise environments



from NOISEX database to test the performances of
the simulation programs. And we also test this
program by different SNR. But this algorithm does
not work for very low SNR. For the higher SNR,
the speech signal gets better quality. Figure 2,
Figure 3 and Figure 4 show the output results with
input noisy speech for SNR levels with 5 dB. From
this result, we can see that enhancement is about 2-
3dB.

(a) Noisy Signal

(b) Enhance Speech Signal

Figure 3: The spectrogram of (a) Noisy Signal and
(b)Enhance Speech Signal with the babble noise at SNR
level = 5dB. On this figure, the SNR is improve 2dB
above the original SNR using babble noise.

(b) Enhance Speech Signal

Figure 2: The spectrogram of (a) Noisy Signal and
(b)Enhance Speech Signal with the White noise at SNR
level =5dB. On this figure, the SNR is improve 3dB
above the original SNR using white noise.

(a) Noisy Signal
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(b) Enhance Speech Signal

Figure 4: The spectrogram of (a) Noisy Signal and
(b)Enhance Speech Signal with the Vehicle noise at SNR
level = 5dB. On this figure, the SNR is improve 2dB
above the original SNR using vehicle noise.

The speech signal of Figure 2.(a) is corrupted
by white noise. The speech signal of Figure 2.(b)
is enhanced by using the Adaptive Wiener
Filtering. On this process, the speech signal is
improve the SNR level 3 dB. And the Figure 3(a)
and 4(a) is corrupted by babble noise and vehicle
noise respectively. But on this noise, the SNR level
is imporve 2 dB. The speech signal of Figure 3(b)
and 4(b) is enhanced by using the Adaptive Wiener
Filtering respectively.So that this method can
perform better for the white noise than babble noise
and vehicle noise.

5. Conclusions

This approach is based on using the wiener
transfer function from sample to sample of the
speech signal statistics (local mean and
variance).This approach can treat the musical noise
than the spectral subtraction approach. It provides
the best SNR improvement. It provides the best
noise reduction performance; the output signal-to-
noise ratio for each speech sample approximates
closely to the maximum possible value for that
sample. Experimental results have shown that the
proposed technique is very effective for enhancing
the speech signal. And from this result have shown
that this method can perform better for the white
noise than babble noise and vehicle noise as the
stationary noise.
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