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ABSTRACT

The corruption of speech due to presence
of additive background noise causes severe
difficulties in various communication
environments. This paper addresses the problem
of reduction of additive background noise in
speech. The proposed approach is a frequency
dependent speech enhancement method based on
the proven spectral subtraction method. Most
implementations and variations of the basic
spectral  subtraction  technique  advocate
subtraction of the noise spectrum estimate over
the entire speech spectrum. However, real world
noise is mostly colored and does not affect the
speech signal uniformly over the entire spectrum.
This method provides a greater degree of
flexibility and control on the noise subtraction
levels that reduces artifacts in the enhanced
speech, resulting in improved speech quality.
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I INTRODUCTION

Speech processing has been a growing and
dynamic field for more than two decades and there is
every indication that this growth will continue and
even accelerate. During this growth there has been a
close relationship between the development of new
algorithms and theoretical results, new filtering
techniques are also of consideration to the success of
speech processing. One of the common adaptive
filtering techniques that are applied to speech is the
Wiener filter.
A spectrogram is a time-varying spectral
representation (forming an image) that shows how
the spectral density of a signal varies with time. Also
known as spectral
waterfalls, sonograms, voiceprints,  or voicegrams,
spectrograms are used to identify phonetic sounds, to
analyses the cries of animals; they were also used in
many other fields
including music, sonar/radar, speech processing,
seismology, etc.The instrument that generates a
spectrogram is called a spectrograph.

The frequency spectrum of a time-domain signal is a
representation of that signal in the frequency
domain. The frequency spectrum can be generated
via a Fourier transform of the signal, and the
resulting  values are  usually  presented
as amplitude and phase, both plotted
versus frequency. Any signal that can be represented
as amplitude that varies with time has a

corresponding frequency spectrum. This includes
familiar concepts such as visible light (color),
musical notes, radio/TV channels, and even the
regular rotation of the earth. When these physical
phenomena are represented in the form of a
frequency spectrum, certain physical descriptions of
their internal processes become much simpler.
Often, the  frequency  spectrum clearly
shows harmonics, visible as distinct spikes or lines
that provide insight into the mechanisms that
generate the entire signal.

11 BACKGROUND

In the past decades, research in the field of
speech enhancement has focused on the suppression
of additive background noise [3] [4] [5]. From the
point of view of signal processing, additive noise is
easier to deal with than convolutive noise or
nonlinear disturbances. The ultimate goal of speech
enhancement is to eliminate the additive noise
present in speech signal and restore the speech signal
to its original form. Several methods have been
developed as a result of these research efforts. Most
of these methods have been developed with some or
the other auditory, perceptual or statistical
constraints placed on the speech and noise signals.
However, in real world situations, it is very difficult
to reliably predict the characteristics of the
interfering noise signal or the exact characteristics of
the speech waveform. Hence, in effect, the speech
enhancement methods are sub-optimal and can only
reduce the amount of noise in the signal to some
extent. Due to the sub-optimal nature of these
methods, some of the speech signal can be distorted
during the process. Hence, there is a trade-off
between distortions in the processed speech and the
amount of noise suppressed.

11l. PROPOSED METHODOLOGY

The following simplified model for voiced
speech production, where the speech signal s(n) is
formed as the convolution [1]

s(n) = e(n)*0(n), (1.2)
where e(n) is the excitation source and 6 (n) the
vocal tract response. For speech recognition,
extracting the vocal tract response and discarding the
excitation information from the resulting signal is
useful, as the information relevant for distinguishing
the spoken words is mainly in the vocal tract
response, while the excitation source primarily
contains the irrelevant pitch information.
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If we assume that y(n) , the discrete noisy input
signal, is composed of the clean speech signal s(n)
and the uncorrelated additive noise signal d(n) , then
we can represent it as:

y(n)=s(n)+d(n) (1.2)

Processing is done on a frames-by-frame basis.
Analysis of overlapping frames of the noisy signal is
implemented by using the Discrete Fourier
Transform (DFT) preceded by a Hamming window.
The power spectrum of the noisy signal can be
written as:

Y (K)P=IS(K)I*+ID (k) (1.3)

Since the noise spectrum D(Kk) cannot be directly
obtained, a time-average of the power spectrum D"
(k) is calculated during a period of silence.
Assuming that noise is uncorrelated with the speech
signal, an estimate of the modified speech spectrum
can be given as:

IS'WIP=1Y (k) - | D" (k) [ (1.5

From Eg. (1.5) it can be seen that the subtraction
process involves the subtraction of an average
estimate of the noise from the instantaneous speech
spectrum. Due to the error in computing the noise
spectrum, we may have some negative values in the
modified spectrum. These values are set to zero.
This process is called half-wave rectification.

Distortions due to half / full wave rectification

The modified speech spectrum obtained
from Eqg. 1.5 may contain some negative values due
to the errors in the estimated noise spectrum. These
values are rectified using half wave rectification (set
to zero) or full-wave rectification (set to its absolute
value). This can lead to further distortions in the
resulting time signal.

Modifications to spectral subtraction

Several variants of the spectral subtraction
method originally proposed by Boll [2] have been
developed to address the problems of the basic
technique, especially the presence of musical noise.
Still other methods based on this method have been
developed that perform noise suppression in the
autocorrelation, cepstral , logarithmic and sub-space
domains. A variety of
pre and post processing methods have also proved to
help reduce the presence of musical noise while
minimizing speech distortion.

IV. RESULTS

This result computes an Audio Spectra in
MAT LAB. The fft function computes the FFT of a
specified signal. In general, either the magnitude or
phase values of the FFT coefficients are find, which
are in Matlab can be determined using the abs and
angle functions. A variety of windows can be
applied to a signal before the computation of the
FFT using the functions hann, hamming, blackman.
Time-domain windows can help minimize spectral

artifacts related to signal truncation. The specgram
function computes a time-frequency plot of a signal
where color represents spectral  magnitude
?mplitude.
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V. CONCLUSION

The work in this paper addressed the
problem of enhancing speech in noisy conditions. A
multi-band spectral subtraction method, based on the
direct estimation of the short-term spectral amplitude
of speech and the non-uniform effect of noise on
speech, was proposed. The results establish the
superiority of the proposed method over the
conventional spectral subtraction method with
respect to speech quality of the enhanced signal and
reduced residual noise. The major contributions of
this paper are development of a multi-band speech
enhancement strategy based on the spectral
subtraction method. Speech processed by the new
algorithm shows reduced levels of residual noise and
good speech quality.
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