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Abstract

There are few works on the problem of heavy noise
corruption in wavelet-based speech enhancement. In this paper,
a new method is introduced to adapt the weighting function for
wavelet coefficients (WCs) in each subband. The idea is based
on that the change of WC variance in speech-dominated
frames is larger than the change of WC variance in noise-
dominated frames. We can define a weighting function for
WCs in each subband so that WCs are preserved in speech-
dominated frames and reduced in noise-dominated frames.
Then a weighting function in terms of WC’s variance is
derived. The experimental results show that the proposed
method is more robust than that of SNR adjusted speech
enhancement system.

1. Introduction

In mobile communication, noise corruption is a serious
problem in speech signal processing. Many studies had been
made to reduce background noise of speech signal. The
methods developed for this purpose include the spectral
subtraction, the signal separation, and the wavelet-based
approach. Especially the method based on wavelet transform
has been extensively studied and proved to be a very
promising one. Many of them deal with the cases of high SNR.
There are few works on the problem of heavy noise corruption
in wavelet-based speech enhancement.

Usually, the wavelet-based methods are developed for
removing white Gaussian noise corruption [1]. Chang et al [2]
proposed the node dependent thresholding for the adaptation
of WCs in colored or non-stationary noise. They suggested a
noise estimation method based on spectral entropy using
histogram of intensity instead of median absolute deviation.
Furthermore, they use a modified hard thresholding to
alleviate time-frequency discontinuities. The performance is
better than spectral subtraction and level dependent
thresholding. Lu and Wang [3] suggested the adaptation of
wavelet coefficient thresholds (WCTs) of each subband by
using both the segmental signal to noise ratio (SegSNR) and
noise masking thresholds (NMTs). The experiments show that
the integration of SegSNR and NMTs can efficiently remove
the background noise and suppress the residual noise.
Furthermore, they suggested the method of adapting the
weighting function to WCs for each subband. It could track the
speech variation in each subband, and efficiently eliminate the

corrupting noise and get rid of the musical residual noise [4].
Jabloun and Champagne [5] proposed a frequency to eigen-
domain transformation which provided a way to calculate a
perceptual bound for the residual noise. It yielded an improved
result where better shaping of the residual noise was achieved.
Quatieri and Dunn [6] proposed an adaptive approach to
enhance speech signal. It was developed based on auditory
spectral change. The essence of the method is a Wiener filter.
The degree of stationarity was derived from a signal change
measurement, based on an auditory spectrum that accentuated
change in spectral bands. Arslan et al [7] proposed the use of
SNR to modify Wiener filter. It provided a much higher mean
opinion score (MOS) than that of spectral subtraction.

Based on the above discussion, the performance of speech
enhancement can be improved by modifying the weights of
each wavelet subband. Both SNR and spectral change have
been employed to modify the weighting filter [5][7-8]. Herein
we propose a novel scheme which employs the change of WC
variance to adapt the weighting function. Since the variance of
noise WCs is stationary, whereas the difference of variances
between two successive frames is small. On the other hand,
the WCs of speech vary quickly in successive frames. The
variance of WCs in speech changes more rapidly than that in
noise. If the change of WC variance is large, the corresponding
signal tends to be speech-dominated. We modify the weighting
function by reducing the factor contributed by noise. This
makes the weighting function near to one. The WCs are
reserved and the speech distortion can be reduced. On the
contrary, if the change of WC variance is small, the signal
tends to be noise-dominated. We modify the weighting
function by increasing the factor contributed by noise. This
allows the reduction of WCs so that more background noise is
removed.

The rest of the paper is organized as follows. Section 2
describes the block diagram of proposed speech enhancement
system. Section 3 derives the proposed weighting function of
wavelet coefficients for each subband. The experimental
results are demonstrated in Section 4. Finally, the conclusion
is drawn in Section 5.

2. Speech Enhancement System

The proposed speech enhancement system is depicted in
Fig. 1. At first, the speech-pause detection is performed by
energy-based method. If a speech-pause frame is detected, the
variance of WCs of background noise is updated to track the
noise variation. The weighting function for each subband is



estimated. This weighting function is kept until next speech-
pause frame is detected. The change of variance is calculated
by subtracting the WC variances of current frame from
previous frame. These changes are used to adapt the weighting
function.

The weighting function is multiplied to noisy speech
WCs in each subband. Finally, the enhanced WCs are
inversely transformed back to reconstruct the enhanced speech
5,(m). 1In order to suppress the musical residual noise, the
spectra are smoothed between successive frames by post-
processing block in Fig. 1.
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Figure 1: The procedure of proposed speech enhancement
system.

3. The Proposed Weighting Function

For the case of additive noise corruption, the noisy speech
signal can be modeled as the sum of clean speech and additive
noise.

x,m=s m+w @ n=012-- N-1 (1)
where x,(n) , s,(n) and w,(n) denote the noisy speech, the
clean speech, and the corrupting noise in m-th frame,
respectively. N is the number of samples in a frame.

Taking the wavelet transform, the noisy WCs can be
expressed as the sum of speech WCs and noise WCs.
X[ (m) =S}, (m)+ W, (m) (2)
where X', (m), S;,(m) and W} (m) are noisy WC, speech
WC, and noise WC at i-th subband in 2/ scale, respectively. m
represents the frame index.

3.1 Weighting function for wavelet coefficients

By multiplying a weighting function G(m) to noisy WCs,
we obtain
S, m)y=G'(m)- X', (m) 3)
A mean-square error r{(m) is defined for measuring the
difference between speech WCs and enhanced WCs.

rim)=> 181, (m)= ', (m)P @
k

The weighting factors G;(m) are estimated by minimizing the
mean-square error r/(m). We assume that s,(2) and w, (n)

are mutually uncorrelated. Then the corresponding WCs
are mutually uncorrelated also. The optimal weighting
factor G;(m) is derived as [4]

. o, (m)
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where 053, (m) and ofv, (m) denote the variance of speech WCs

and noise WCs, respectively. The variance of noise WCs is
evaluated in the speech-pause frame.

The variance of speech WCs is evaluated by subtracting
the variance of noise WCs from that of noisy speech,

O-;' (m) =max {0-}2(1 (m) - O-;’;i (m) s 0} (6)

In order to improve the performance of removing background
noise in speech-pause regions, the weighting function should
be adapted by SegSNR. The weighting function Eq. (5) is
modified to [4]

G () = 7(m)- G (m) (7
where
y(m)= % 4o simh (®

a, and b, are empirically chosen to be 0.2 and 2, respectively.
6(m) represents the posteriori SegSNR of m-th frame, and is
defined by

Dlx,(m) !
C(m)zlo'IOglo(W) )

where W,(m) denotes the estimated noise in a frame. It is
updated when a speech-pause frame is detected and keeps
unchanged until next speech-pause frame is detected.

3.2 Modification of weighting function

The change of WC variance of noise is smaller than that
of speech WCs. If the change of WC variance of a subband is
large, the subband tends to be speech dominated. Decreasing
the weighting to the variance of noise WCs in (5) makes the
weighting function G(m) near to one. Most WCs of noisy
speech are reserved. On the contrary, if the change of WC
variance of a subband is small, the subband is noise-
dominated. The weighting to the variance of noise WCs in (5)
is increased. This results in the reduction of weighting
function Gj(m).

Therefore, the weighting function in Eq.(5) is suggested
to be modified as
- a'gj,: (m)

jvvwe

(m)

= 1
o5, (m)+ p(m)- o, (m) (1o

M(m) is adapted by both SegSNR and the change of WC
variance. It is formulated as

u(m) = gy (m) - P(m) +[1 = gy ()] K (m) (1n

where p(m) is a posteriori noise to signal ratio, and is given
by

p(m) =D 1%, m)F /7 lx,(m)P (12)



The interpolating factor &rgy(m) in Eq.(11) is determined
according to the posteriori noise to signal ratio 0(m), and can
be written as

Ao () =1= V' s, (13)
In Eq. (11) «’(m) should be inverse proportional to the
change of WC variance, and is defined as

K (m)=c;-[1-1v;(m)-V/ ] (14)
where vi(m) and ¥/(m) represent the change of WC variance

of m-th frame and the change of WC variance of estimated
noise. The change of WC variance is defined by subtracting
the variance of noisy WCs of previous frame from that of
current frame given as

v'i. (m)=l 0'; (m)—of(,r(m—l)l (15)

In order to normalize the change of WC variance to be

between zero and one, a maximal value in an utterance is used.

Vi (m) =", (m)/max(v'",) (16)
Avoiding the musical residual noise can be obtained by
constraining the variation of weighting function in the
successive frames. We slow down the variation of weighting
for each subband by convolving the weighting function Eq.(10)
with low-pass filter & for each subband.

Gl (M) = 1% Gy () (17)
An example of weighting function is demonstrated in Fig.
2. The weighting factor of each subband tends to be zero in the

speech-pause regions.
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Our proposed method (AW) is compared with the
methods of modified Wiener filter (MWF) [7] and Teager
energy based wavelet coefficient thresholding (TWCT) [9].
MWF is a generalized Wiener filter where a noise
suppression factor is used. This noise suppression factor is
updated according to frame-by-frame SNR to ensure the
suppression on noise-only frames. TWCT is a level-dependent
wavelet thresholding scheme which utilizes the Teager energy
operator to improve the discriminative ability for determining
whether a speech segment is speech-dominated or noise-
dominated. The comparison of SegSNR improvement is
shown in Table 1. The performance of our proposed method
outperforms the other two methods, especially at the
environments of very noisy cases. It reveals that the proposed
algorithm benefits both low speech distortion and efficient
noise reduction. Note that the above three speech
enhancement methods use the same algorithm of speech-
pause detection.

Table 1: Comparison of SegSNR improvement for the
enhanced speech in various noises.

Noise type SNR Enhancement method

(dB) | MWE TwCT AW
White -10 4.65 6.19 15.29
Gaussian -5 9.34 5.43 13.36
0 9.23 4.54 10.08
-10 3.07 6.86 12.03
F16 -5 3.72 6.06 10.42

0 5.99 4.93 8.58
-10 2.74 6.97 11.00

Factory -5 2.82 6.03 9.13
0 4.12 4.88 7.78

-10 1.64 5.63 7.28

Babble -5 1.65 5.35 7.31
0 2.83 4.69 7.45

Subband index

50 100 150 200 250 800 350 400
Frame index
Figure 2: Example of weighting factors in each wavelet
subband. The upper is the white Gaussian noise corrupted
speech (SegSNR = 0dB). The underneath is the weighting
factors, from top to bottom are subband 17 to subband 0,
respectively.

4. Experimental Results

In the experiments, the noisy speech is obtained by
corrupting the clean speech with four kinds of noises. They
are white Gaussian noise, babble noise, factory noise and
F16-cockpit noise from Noisx-92 in three different noise
levels. The noise levels are with segmental SNR equal to -
10dB, -5dB and 0 dB. Test data are spoken in Mandarin with
sampling frequency of 8 kHz, including five male and five
female speakers.

Fig. 3. illustrates the spectrograms of clean speech, noisy
speech, and the enhanced speech obtained from various
enhancement methods. The clean speech is corrupted with
F16-cockpit noise with SegSNR equal to 0dB. The enhanced
speech can be free from musical residual noise in the
proposed scheme, whereas the background noise can be
efficiently eliminated by the proposed method. Because the
Weiner filter is derived with the assumption of the corrupting
noise is white Gaussian, MWF can efficiently remove the
white noise corrupted speech. However, it can not well cope
with colored noise. The residual noise of enhanced speech for
MWF method is the highest among the three algorithms. An
informal listening test has been performed. The enhanced
speech of the proposed scheme sounds more natural than the
other two methods also.

Itakura-Saito (IS) distance is an objective quality
measure that performs a comparison between spectral
envelopes. This quality measure is more influenced by a
mismatch in formant location than in spectral valleys [10].
The minimal value of IS distance corresponds to the best
speech quality. Table 2. shows the performance of IS distance




for various speech enhancement methods. Observing the
performance of MWF method, it can only well work at high
SNR environments. It almost fails in case of with SegSNR
lower than OdB. Our method is proved to be efficient in
removing the stationary noise.

5. Conclusions

A novel scheme based on the change of WC variance is
presented. The algorithm of adapting the weighting function
according to the change of WC variance can efficiently
remove the background noise and suppress the residual noise
in various noise levels. The experimental results show that
our proposed method outperforms MWF method and TWCT
wavelet-based methods.
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Figure. 3: Spectrograms of clean speech (from top to bottom),
noisy speech which corrupted by the F16-cockpit noise with
SegSNR = 0 dB, enhanced speech using MWF method,
TWCT method, and the proposed method AW, respectively.
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Table 2. Comparison of Itakura-Saito Distance for the
enhanced speech in various noises.

Noise type SNR IS_Distance
(dB) | Noisy MWF TWCT AW
White -10 25775 2031  26.16 1.87
Gaussian 5 17.01 442 11.92 0.96
0 8.31 1.44 3.56 0.72
-10 2.06 1.81 2.70 1.20
F16 -5 1.58 1.37 1.71 0.72
0 1.10 0.75 1.06 0.54
-10 1.92 2.20 2.64 1.44
Factory 5 1.48 1.56 1.51 0.91
0 1.04 0.87 0.95 0.56
-10 1.85 2.07 2.46 1.86
Babble 5 1.45 1.62 1.52 1.07
0 1.01 0.99 1.01 0.65




