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ABSTRACT

Although the power spectral subtraction (PSS) in frequency
domain and the soft’/hard thresholding function in wavelet
domain have been successfully applied in speech enhancement,
however they increase the probability of negative error and
generate musical residual noise. In this paper, we propose a
novel scheme that adapts the weight to wavelet coefficients
(WCs) for each subband. The weights of all subbands form a
weighting function, it can track the speech variation in each
subband. Multiplying the weighting function to WCs, the
enhanced speech is obtained by inverse wavelet transforming
(IWT) the modified WCs. The experiments show that the
proposed speech enhancement method can efficiently eliminate
the additive noise. Moreover, it is almost free from the musica
residual noise.

1. INTRODUCTION

Decomposing asignal in wavelet basis has been applied in image
signal processing [1]. Due to the advantage of multi-resolution
analysis, it can be utilized to analyze non-stationary random
process, such as a speech signal [1~2]. Transforming a signal
into wavelet domain, most of the wavelet coefficients (WCs)
tend to be zero [3~4], thisimplies that wavel et representation can
represent a signal with sparse nonzero coefficients. Thus it can
be successfully applied in low-bit-rate speech coding [2].

In mobile communication, a user may send voice in noisy
environment. To remove the background noise is an important
task for mobile communication. Due to wavelet transform
decomposes a signal in some subbands, it is adequate to analyze
a rapid variation signal. Recently, many wavelet-based speech
enhancement methods have been proposed to enhance noise-
corrupted speech [2][4~8].

Donoho and Johnston [6] proposed the universal threshold to
enhance noisy speech by the soft thresholding function. This
method could efficiently suppress the background noise. It
performed well in low SNR environments, however it is failed to
enhance noisy speech in high SNR case. Bahoura and Rouat [8]
suggested the level -dependent wavelet thresholding. This method

can greatly reduce the noise, and aso the time space adapted
threshold can prevent the speech from quality deterioration
during the thresholding process. The benefit of the method is that
the SegSNR estimation is not necessary. Furthermore, they
suggested that the WCT should be adequately adjusted according
to articulation manner, i.e., voiced or unvoiced [9]. Jansen and
Bultheel [10] suggested that the universal threshold should be
multiplied by an adjustment factor to obtain the minimum risk.
Kim, Yang and Kwon [4] suggested adaptive wavelet shrinkage
for noise cancellation. They used entropy to part the noisy signal
into unvoiced signal section and the other signal section, to apply
different threshold value for each section. They applied soft
thresholding function in unvoiced section, hard thresholding
function in both voiced and speech-absence section. The
experiments showed their method could efficiently denoising.
Rezayee and Gazor [11] suggested an adaptive Karhunen-Loeve
transform (KLT) tracking-based agorithm for enhancing
colored-noise corrupted speech. Their algorithm decomposed
noisy speech into its components along the axes of a KLT-based
vector space of clean speech. Enhancing noisy speech by
modifying each KLT component due to its noise and clean
speech energies, the enhanced speech was obtained by inverse
KLT.

In this paper, we derive a novel scheme which employs
weighting function on wavelet coefficients to enhance noise-
corrupted speech. When background noise has been efficiently
suppressed, the musical residual noise can be almost immunized.
Initially, the speech pause region is detected. If a frame is
detected to be speech-absence, the WCs are saved as the
estimated noise WCs. Since the variation of noise power is slow,
the estimated noise WCs are not change until next speech-
absence has been detected. Between two successive speech-
absence regions, the variance of WCs of each subband is
assumed to be unchanged. The estimated variance of WCs of
clean speech can be obtained by subtracting estimated variance
of noise WCs from the variance of noisy WCs. The weighting
function is defined as the ratio of the variance of estimated
speech WCs to the variance of noisy speech WCs for each
subband. Then the enhanced speech WCs can be obtained by
multiplying the weighting function to the noisy speech WCs.



Because the proposed weighting function is adapted for each
subband, it works well in enhancing the colored-noise corrupted
speech also. The experiments show that the enhanced speech of
the proposed method sounds more natural than the subtraction-
based method.

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

2. SPEECH ENHANCEMENT SYSTEM

The proposed speech enhancement system is depicted in Fig. 1.
At fird, 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 corresponding to al of the
subbands is estimated. The weighting function is multiplied to
noisy speech WCs in each subband. Finally, the modified WCs
are inversely transformed back to reconstruct the enhanced
speech.
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Fig. 1. The block diagram of proposed speech enhancement
system.

3. DERIVATION OF THE PROPOSED
WEIGHTING FUNCTION

A noisy speech signal can be modeled as the sum of clean speech
and additive noise

X (M) = S5 (N) + Wi, (M) @

where X,(n) , s,(n) and W,,(n) dencte the noisy speech, the
clean speech, and the corrupting noise in mth frame,
respectively.

Taking the wavelet transform of the noisy speech X,(n), the

wavelet coefficients of noisy speech can be expressed as the sum
of wavelet coefficients of clean speech and those of noise.

Xj s (m) = S (m) +Wj . (m) @)
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where X}, S, and W/, are the WCs of noisy speech, clean
speech, and noise at i-th subband in 277 scale, respectively.

We proposed that the enhanced speech WCs are the
multiplication of a weighting function to WCs for each subband.
It can be written as

S5 (m) =G (m)- X, (m) ®
The wavelet coefficient distortion (WCD) is defined as the
difference between clean speech WCs and enhanced speech WCs.

E}, (M) =S}, (M) -S| (m) (4)
Substitute (3) into (4), the WCD can be rewritten as

E| (m)=G(m) X!, (m)-S},(m) (5)
Subsgtitute (2) into (5), we can obtain

E} (m)=S], (m)- [6} (m) - 1]+ G} (m) - W, (m) (6)

The WCD can be viewed as the sum of the WCD of clean speech
Es , and that of residual noise Eu ..

Ej (M) = Eg) (M) + By (M) ™
Since the contents of s,(n), 9,(n) and w,(n) are all real, the
conjugate operator can be omitted. The variance of WCD can be
given as

E{IE} (M )= E{|Eg (M 1+ ELIE,) (M) P+ 2-E{ES () By (M (8)
Substitute (4) into (8), the variance of WCD can be rewritten as
E{IE, () )= ElS, () -16)(m) -1+ ElG (m)- W, “(m) C)

ction +2-E{S, (m)-[G (M) -1-G| (m)- W (m)}

In order to find the optimum weight of a ‘subband, we
differentiate (9) with respect to subband weight G; , and let the
result be zero. We can obtain

2-E{s),”(m)[G! (M) - 1)+ 2. G| (m)- E{W/, (m)]" (10)
+2-E{S), (M)W, (m)}-[2.G! (m)-1]=0

Since s.(n) and w,(n) are mutualy uncorrelated, the
corresponding wavelet coefficients sequence are mutualy
uncorrelated also. WCs can be obtained by inner product of a
signal and wavelet basis ¢ (n).

S} (M =(s, (), ¢} . (M) (11)
Wi (m) = (w, (n), @}, () (12

The correlation between the WCs of clean speech and those of
noise can be derived as

E{SL(m)- W, ()} = E{Nism(n)'coj‘k(n)fwm(u)-w‘,,. (u)}
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n=0 u=0
Since w,(n) is an additive white Gaussian noise with zero mean,

the correlation between the WCs of clean speech and those of
noise equals to zero. That means (13) is equal to zero.

EL S, ()W, (m)f=0 (14)
Substitute (14) into (10), the weighting function G; is expressed
by

E{s) (m | (15)
Gl (m)= i J
=i, m Pl EfwWLm P

Since



ps, (M) =E{s!, (m)}=0 and (16)

fa (M) = E{W/, (m)}=0 17)
the variance of clean speech WCs of can be simplified as

o2 (M=E{S,, (mF] (18)
The variance of noise WCs can also be given as

o7, (M) =B, (m) '} (19)
Substitute (18) and (19) into (15), the weighting function can be
written as

ol (m)

sl

GMmM=——"———

J(m) 0_; (m)"'Uva} (m) (20)
Obviously, the denominator of (20) equals to the variance of
noisy speech WCs. (20) can be rewritten as
o oi(m)

Gj(m=———

oy, (m)
Substituting (21) into (3) and inverse transforming back to the
time domain, the enhanced speech is expressed by

(21)

I 270 O_é (m

S )
M= 3>
j=L+1i=1

2
k=0 Oyt (m

'X},k(m)'goz,k(n)+

22108 (M)
O'>2<J (m) : XJ,k (m)'¢J,k (n) (22)

where #,,(n) denotes a scaling function at 2’ scale.

k=0

In real environments, the variance of clean speech WCs are
unknown. It can be estimated by subtracting the variance of
background noise WCs from noisy speech WCs. The procedure
isgiven asfollows

EJS., (m) P f=max{d} (m)— E{|W (M) [},0 (29
4. EXPERIMNETS

In the experiments, the noisy speech is obtained by corrupting
the clean speech with additive white Gaussian noise in three
different noise levels. They are with segmental SNR equa to
0dB, 5dB and 10 dB. The test data are spoken in Mandarin with
sampling frequency of 8 kHz, including six male and ten female
speakers.

The noisy speech is not assumed to be stationary, but the
variation of signal power is practically small in the successive
frames. Thus, we interpolate the successive subbands the
variance of WCs. That is to constrain the variation of the WCs.
Then we can obtain the variance of WCs at 27! scale and i-th
subband by

d;(m) = 8-d;(m-1+@1-A)-E{| X}, ] (24)
Theinitial variance of noisy speech WCs d} (0) isset to be zero.
The weighting factor 4 ischosen to be 0.3.

In order to improve the performance of removing background
noise in a speech-pause region, we adjust the weighting function
by SegSNR of a frame. The modified weighting function can be
given as

Gige(m= [171/(1+ e*“'SWmWH -G}(m) (25)

where a and y are chosen to be 0.2 and 2, respectively.

We compare our proposed method with other methods, including
the power spectral subtraction (PSS) and universal wavelet
coefficient thresholding (UWCT) method [6]. In order to
improve the performance of UWCT, we integrate the speech-
absence detection agorithm with UWCT. The method is hamed
the modified UWCT (MUWCT). The MUWCT method can still
well work in the noisy environment of segmental SNR great than
10 dB. The comparison of SegSNR improvement is shown in
Table 1. Obviously, the performance of our proposed method is
better than that of others. It reveals that the proposed system
benefits both low speech distortion and efficient noise reduction.
Note that the above three speech enhancement methods use the
same a gorithm of speech-absence detection.

Table. 1. Comparison of the improved SegSNR of enhanced
speech for various noise levels.

Noisy SegSNR SegSNR of Enhanced Speech
(dB) (dB)
PSS MUWCT Proposed
0 5.30 6.14 8.24
5 4.08 4.79 6.40
10 2.35 2.98 4.37

Fig.2. illustrates the spectrograms of clean speech, noisy speech,
and the enhanced speech obtained from different enhancement
methods. When the background noise has been efficiently
eliminated by the proposed method, the enhanced speech can be
free from musical residual noise. The waveforms of the enhanced
speech are demonstrated in Fig. 3. It shows that our proposed
method can efficiently remove the background noise in the
speech-absence region. An informa listening test has been
performed, the enhanced speech of the proposed scheme sounds
more nature than the other two methods, and also the musical
residua noise has been suppressed. The PSS method may
produce musical residual noise. In lower SNR case, the MUWCT
produces musical residual noise also.

5 CONCLUTIONS

The propose speech enhancement system has efficiently
eliminated the background noise, and it can be almost free from
the musical residual noise. We estimate a weighting factor for
each subband by finding the ratio of estimated variance of clean
speech WCs to the variance of noisy speech WCs. Inverse
wavelet transforming the modified WCs back to time domain,
the enhanced speech is obtained. This method works well in
enhancing colored-noise infected speech also.
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Fig. 2. Spectrograms of clean speech (from top to bottom), noisy
speech (SegSNR = 10 dB), enhanced speech using PSS
enhanced speech using MUWCT, and enhanced speech using the
proposed method.
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Fig. 3. Example of waveform plot, from top to bottom are the
clean speech, noisy speech (corrupted by white Gaussian noise
with segmental SNR equals 0 dB, enhanced speech using PSS,
enhanced speech using MUWCT and enhanced speech using the
proposed method.



