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ABSTRACT

In this paper a single channel speech enhancement system based on Adaptive
filtering and masking properties of the human auditory system is studied. Many
speech enhancement implementations of today are either digital or analog.
Digital solutions are often superior in time to market price per unit structured

and powerful development tools, flexibility, high degree of reconfiguration,
robustness, the ability to use a Digital Signal Processor (DSP) for many tasks and
the possibility to handle high complexity algorithms, where the input signal is
divided into a number of sub bands that are individually and adaptively weighted

in time domain according to a short term SNR estimate in each sub band at every
RAVINDRA D. DHAGE time an enhanced noise reduction method. The input signal is divided into a
number of sub bands that are individually weighted in the time domain according
to the short time signal to noise ratio estimate (SNR) in each sub band. Instead of
focusing on suppression of the noise the method focuses on speech
enhancement algorithms. To develop Adaptive filtering speech enhancement
system, the noise variance estimate he modified as a function of masking
threshold in each sub-band. By using such Adaptive filtering with masking
method, we can achieve better results to sub-band Adaptive filtering, especially
in the case of weak speech spectral components in noise.
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I. INTRODUCTION criteria based method [4], hidden Markov model

In this paper single channel speech enhancement is
studied. Despite the availability of a wide variety of
theoretical and relatively effective techniques, the
problem of enhancing noisy speech still poses a
challenge to many researchers. There are many
publications which reported speech enhancement
methods such as spectral subtraction, minimum
mean square error (MMSE) method proposed by
Ephraim & Malah [l], autoregressive (AR) model-
based Adaptive filtering [2,3], auditory perceptual

(HMM) and subspace methods.

The objectives of speech enhancement are
to either improve one or more perceptual aspects of
speech such as overall quality and intelligibility or to
reduce the amount of distortions to improve speech
recognition rate. In hands-free car mobile
communication systems, enhancement of the
speech severely contaminated by additive colored
noise in a running car can potentially improve the

quality of voice communications.
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The Adaptive gain equalizer (AGE) is a time domain
speech enhancement algorithm in which the speech
signal is amplified based on signal-to-noise (SNR)
estimates in sub bands. A signal is divided into sub
bands for calculation of a gain which is independent
for each band. The algorithm has shown advantages
over contemporary techniques because of its low
complexity implementation no requirement of voice
activity detector and has no presence of musical
noise [1]. Different types of background noise
corrupt the otherwise clean speech signals in
everyday communication. A phone call can be
disturbed by a variety of noises present nearby
ranging from computer fan noise to factory noise.

There are a wide variety of context in which

it is desired to enhance speech. The objective of
enhancement is usually to improve the overall
speech quality to increase intelligibility and to
reduce listener’s fatigue etc. The specific goal we
attempt to attain is to increase output to input SNR
gains which is defined as the ratio of the output SNR
to the input SNR. A very important application for
speech enhancement is in conjunction with speech
compression system. Because of the increasing role
of digital channels coupled with the need for
encrypting of speech and increased emphasis on
integrated voice data networks speech compression
system based on speech production model is
destined to play an increasing important role in
speech communication system.
There are quite a number of publications which
reported speech enhancement methods using
Adaptive filtering. The advantages of Adaptive
filtering as compared to spectral domain processing
such as spectral subtraction and MMSE spectral
suppression are that it could overcome the tonal
noise problem, and achieve quite g o d speech
quality by reducing the processing distortion
introduced to the speech signal. Sub-band Adaptive
filtering [2] is also reported for its good computation
cost and improved performance as compared to the
full hand case.

Applications of the properties of the human
auditory system to speech enhancement have been
reported in the past especially in spectral domain
speech enhancement [4]. The main aim of this
method is to find an optimal tradeoff between noise
suppression, speech distortion and residual level of

the tonal noise. We study how the masking

properties could he applied to a time domain

Adaptive filtering system involving subband analysis.

Experiments indicate that our proposed estimator

has better performance in terms of both objective

and subjective evaluations as compared to many

existing speech enhancement methods.

1. MASKING PROPERTIES INCORPORATING
INTO SUBBAND FILTERING

Subband Filter:

A uniform and critical polyphase MDCT filter bank is

used as analysis and synthesis filter banks in our

system. The number of hands is set to L. The down

sampling and up sampling ratios are

M : 1 and 1 : M respectively, and we set M = L.

Suppose the prototype filter of sub-band is h(n),

the pth polyphase filter e(p, n) is then denoted by,

e(p,m)=R(mM+p),p=0,1,.L-1 (1)

The k-th analysis filter hk(n) and k-th synthesis filter

gk(n) can be proved to be given by the following

equations,

hy(n) = h (mM +P) = Ze(p,mjcos[(k—%) (p— 1)%4—

0, (m) + (—1)* 17 (2)

6:() = g, (mM + P) = 2e(p,mcos{(k —3) (= D) 7=+
0w - (-1 (3)

wherek, p=0,1, ..., L-1and &m)=m7r(k - 4).

1. ADAPTIVE FILTER

Each sub band specific gain function constitutes a
qguotient of a short term average and a noise floor
level estimate. The noise floor level estimate should
be set to track slow changes in the background noise
and the short term average should track the bursts
of speech. The proposed system used for the
enhancement of noisy speech signal x (n). A K bands

band-pass filter is used to divide the input speech
signal x (n) into sub-bands according to:

% (n) = hy(n) = x(n) (4)
Where hk [Iﬂ impulse response of the k is sub band.

Natural signals such as speech can be represented
by the corresponding high frequency and low
frequency components. The final enhanced signal is
obtained by adding all the modified sub bands

according to the synthesis equation:
k

gn)= ) %) (5)

k=1
The observed noisy modulator for sub-band k is

given by Sk[n] and where (p) is a short spectral
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estimation window. The center of gravity approach

estimates the Wy (n)as the average frequency of
instantaneous spectrum of X Center of Gravity

(CoG) estimation Wy, (n)is given by:
P
my(n) = 2 “aymy (n— ) + wy (n) (6)

j=t
%, (n) = my(n) + v.(n)

HT =[0,0..1]

At time instant n estimated sample is given by
following relationship:

i (n) = HT iy (n) (7)

B. Adaptive System

The AGE consists of a filter bank and each sub-band
is weighted by a gain function which amplifies the
signal when speech is present and keeps the noisy
part of the signal where no speech is present to
unity

% (n) = hy(n) = x(n) (8)

A filter bank of K band pass filters divides the input
signal (n) into K sub-bands [7]. Here hk is the
impulse response of the filter bank sub-band k and
denotes the convolution. The output signal with the
amplified speech signal is computed as

k
&)= ) Gu(n)x,(n) (9)
k=1

Where (n) is the AGE weighting function which
amplifies the signal when speech is active and is
given by

. Ay.(n)
Gy.[n) = min {[L_p:‘m]pk: Ly (10]

Where ant is the optimized suppression level for

gain function and pk gain rise exponent
constant, Ly is a limiting threshold limiting gain

function value, Fast average (n) and slow average
B(n) of sub-band k calculated according to:

A(n) = a A (n— 1)+ (1 — a)|x.(n)]

Where @3, =

T forgetting factor constant and fs
f Al

is is sampling frequency.

Bk[n] = Ak[nJ ifAk [Il— 1] < Bk[n_ 1]
(1 +B.)(B.(n—1))
ﬁlk [I]J = my, [n]Gk

Otherwise

Where B = is a positive constant control the

FeTs
noise level based on the above mentioned principle
of AGE a speech signal modulator can also be
enhanced by the equalizer Modulation domain
separates each sub-band signal into a carrier and a
modulator. While only modulators are considered
here, the AGE is implemented on each modulator to
enhance the speech. This system mathematics for
AGE in the modulation domain is the same as for
AGE in the sub-band domain the long term average
and the short term average are calculated for each
sub-band modulator instead of the sub-band itself.
The gain function is multiplied with the modulator of
the sub-band to yield a modified modulator which is
then used with the carrier in the reconstruction
stage of the modulation system.

Iv. PERFORMANCE EVALUATION

The effectiveness of the enhancement algorithms is
evaluated at the sampling rate of 8kHz which is
down-sampled from 16 kHz utterances from the
TIMIT database after pre-filtering. For our proposed
algorithm with 8kHz sampling rate, the frame size
used for masking (full band domain). It is expected
since babble spectrum is not flat for all frequencies
contrast to white noise and pitch is present (at SSR =
-30 Db to -15 dB) as if there is speech. As a result,
babble pitch can be seen initially. It implies that
pitch (which is similar to original speech) exist when
SNR + SSR _ -10 dB ignoring babble pitch. We may
neglect babble pitch as it become smaller and
insignificant compared to speech. In other words,
speech dominance over noise is fulfilled provided
that SNR + SSR _ -10 dB. Thus, babble pitch should
be categories as false detection of speech
dominance over noise.

By comparing spectrum from Figure 1, the spectrum
is less obvious compared to white. With decreasing
SSR, the effect is deteriorating since the noise begins
to dominate over the speech. Notice that Figure 2
has weak speech recovery at SSR = - 30 dB to -15 dB
(with dark red spectrum). Since there is presence of
pitch but SNR at that frame is high, the decision
maker in turns attempts to retain the original
content but not as much as white noise speech.
Compared to white noise, babble noise has more
dominant effect on the speech signal, which means
that it is more difficult to differentiate between
speech and noise by listening.
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Fig3.Compared to exhibits similar pattern where
overall SNR is better for proposed algorithm
compared to original SS. Improvement of proposed
method is slightly worse for babble noise compared
to white noise because there are more energy
content of babble noise (speech also present) are
concentrated at low frequency band whereas white
noise is equally distributed across all frequency
band.

pectrogram for noisy babble (0 dB)
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CONCLUSION
In this paper Adaptive filter and masking properties
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using noise cancellation when only corrupted
speech signal by an additive noise is available for
processing. The observation sequence contains the
speech component and the unwanted noise. An
effective speech enhancement system for car
mobile communication has been introduced. It
employs Adaptive filtering and exploits the masking
properties of the human auditory system. The
improvement arising from the use of masking

properties is significant. It follows an inherent

improvement of Adaptive filtering in the sub-band

domain that is characterized by low computational
complexity and higher SNR over the full band case.

Our system is proven a good performance for

estimation of weak speech spectral components.
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