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Abstract²%DFNJURXQG QRLVH LV D VHYHUH SUREOHP LQ VSHHFK
UHODWHGV\VWHPV,QRUGHUWRVROYHWKLVSUREOHPLWLVLPSRUWDQWWR
HOLPLQDWHWKHQRLVHIURPWKHQRLV\VSHHFKZKLFKLVFDOOHGVSHHFK
HQKDQFHPHQW 7\SLFDO VSHHFK HQKDQFHPHQW DOJRULWKPV RQO\
RSHUDWHRQWKHVKRUWWLPHPDJQLWXGHVSHFWUXPZKLOHNHHSLQJWKH
VKRUWWLPH SKDVH VSHFWUXP XQFKDQJHG IRU V\QWKHVLV 2U RQO\
FRPSHQVDWH WKH SKDVH VSHFWUXP ZKLOH NHHSLQJ WKH PDJQLWXGH
VSHFWUXP XQFKDQJHG ,Q WKLV SDSHU ZH SUHVHQW D QRYHO PHWKRG
E\ FKDQJLQJ   ERWK PDJQLWXGH DQG SKDVH VSHFWUD WR SURGXFH D
PRGLILHG FRPSOH[ VSHFWUXP 7KH WHVW RI DQ REMHFWLYH VSHHFK
TXDOLW\ PHDVXUH 3(64 DQG VSHFWURJUDP DQDO\VLV KDG VKRZHG
WKDW WKH SURSRVHG PHWKRG FDQ REWDLQ EHWWHU HQKDQFHPHQW
SHUIRUPDQFH
.H\ZRUGV²speech enhancement; magnitude spectrum; phase
spectrum compensation

I.

INTRODUCTION

Speech enhancement is a noise suppression technology It
has important significance for solving the problem of noise
disturbance. And it can improve the quality and intelligibility
of voice communications. The purpose of speech enhancement
is to restore the original signal from noisy observations
corrupted by various noises [1].
Let us consider an additive noise mode

x ( n) = s (n) + d ( n)

(1)

where x(n) , s (n) , and d (n) denote discrete-time signals of
noisy speech, clean speech, and noise, respectively. The
discrete short-time Fourier transform (DSTFT) of the
corrupted speech signal x(n) is given by

X (n, k ) =

∞

¦ x(m)ω (n − m)e

− j 2πkm / N

m = −∞

(2)

where k denotes the k th discrete-frequency of N uniformly
spaced frequencies and ω (n) is an analysis window function
of short duration. By using DSTFT we can obtain Eq.(1) as.

X (n, k ) = S (n, k ) + D(n, k )
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(3)

where X (n, k ) , S (n, k ) and D (n, k ) are the DSTFTs of noisy
speech, clean speech, and noise, respectively.Each of them can
be described in terms of the DSTFT magnitude spectrum and
the DSTFT phase spectrum. For example, S (n, k ) can be
written in polar form as

S (n, k ) = S (n, k ) e j∠S ( n,k ) = Ak e jα k

(4)

where S (n, k ) is the magnitude spectrum, and ∠S (n, k ) is the
phase spectrum.
Most of the existing speech enhancement algorithms only
change the magnitude spectrum of the noisy speech. The
modified magnitude then recombined with the unchanged
phase spectrum to produce a modified complex spectrum,
which is the estimated clean speech spectrum. These
algorithms are called magnitude spectrum based methods.
Boll proposed the method of spectral subtraction(SSUB) in
1979. Its basic principle is to subtract the magnitude spectrum
of the noise from the noisy speech magnitude spectrum, and
obtain the estimate of the clean signal magnitude
spectrum ,but the phase spectrum is unchanged[2].The MMSE
estimator, which is presented by Ephraim and Malah in
1984. Its main idea is to minimize the mean-squared error
(MSE) between the clean and estimated (magnitude or power)
spectra[3]. Wiener filter[4]was proposed by Wiener. Hansen
and Jensen first presented the Wiener method in the singlechannel case enhancement[5]. Doclo and Moonen further
extended the Wiener method in the mutil-channel case [6].
Ephraim and Van Trees proposed the linear predictive factors
to estimate the pure speech signal[7].
The reason for ignoring the phase impact is that the phase
spectrum has been found to have less perceptual effect at
significantly higher signal to noise ratio (SNR) levels[8].But
recently, it is found that the phase spectrum may be useful in
speech processing applications[9]. Kamil Wójcicki et.al.
proposed the speech enhancement method of phase spectrum
compensation (PSC) in 2008[10][11].
This paper proposes a new method by changing both
magnitude spectrum and phase spectrum to produce a
modified complex spectrum. The proposed method obtains
better performance in terms of an objective speech quality
• This work was financially supported by the national
science and technology planning project “Study and
application demonstration on the key technology of the
stage effect”(Item Number: 2012BAH38F00)
and
Engineering Project of CUC (Foundation item:
Research on Networked Control System of Stage
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measure PESQ (Perceptual Estimation of Speech Quality)
score compared with conventional methods.
The paper is organized as follows: Section II describes
our proposed method. Section III describes the enhancement
experiments. Section IV presents the results of
the
experiments and gives some analysis, and we conclude the
paper in section V.

From above we obtain the magnitude estimation and the
compensated phase spectrum, and then we can get the
modified complex spectrum by
∧

S (n, k ) = Aˆ k e j∠X Λ ( n,k )

Our method is based on modified magnitude and phase
spectrum compensation. The block diagram of our method is
shown in Fig.1
The magnitude estimation of the clean speech is[3]
∧

ν ª
ν
ν º
π νk
exp(− k ) «(1 + ν k )Ι 0 ( k ) + ν k Ι 1 ( k )»Yk
2 γk
2 ¬
2
2 ¼ (5)

domain Sˆ ( n, k ) to the time-domain representation. The
resulting time-domain frames may be complex, in the PSC
method the imaginary component is discarded. And then by
employing the OLA㸦Overlap-Add㸧 procedure, we obtain
the enhanced time-domain signal, sˆ( n) .
Noisy speech x ( n ) = s ( n ) + d ( n )
DSTFT

of zero and first order, respectively. ν k is defined by

Where

ξ k and γ k
ξk =

ξk
γk
1+ ξk

S ( n, k ) = S ( n, k ) e

∧

Magnitude Estimator A k
α + β = χ.
(1)

(7)

∧

(8)

IDSTFT

The compensated phase spectrum is then obtained by

Overlap-Add
∧

Fig. 1.

(9)

where zero weighting is given to the values corresponding to
non-conjugate vectors of DSTFT˄i.e. the k = 0 value and
possible singleton k = N / 2 for N =even˅. The next step
is offsetting the complex spectrum of the noisy speech by the
additive real-valued phase spectrum compensation function
Λ (K ) .

X Λ (n, k ) = X (n, k ) + Λ(n, k )

Λ ( n ,k )

Enhanced speech s (n)

if 0 < k / N < 0.5
if 0.5 < k / N < 1
otherwise

(1)

Modified complex spectrum S (n, k ) = Aˆ k e j∠X

Where λ is a real-valued empirically determined constant,
and in this paper λ = 3.74 . Ψ (k ) is the antisymmetry
function, and it is given by

 1,
°
Ψ (k ) = ®− 1,
° 0,
¯

= Ak e jα k

Phase Spectrum Compensation
X Λ (n, k ) = S (n, k ) + Λ(n, k )
∠X Λ (n, k ) = ARG[ X Λ ( N , K )]

We then obtain the phase spectrum compensation function
from[10]

Λ ( n, k ) = λ Ψ ( k ) Dˆ ( n, k )

j∠ S ( n , k )

(6)

are defined by

Y2
λ x (k )
γk = k
λd ( k )
λ d (k )

(12)

At last the IDSTFT is used to convert the frequency-

where I 0 (•) and I 1 (•) denote the modified Bessel functions

νk =

(11)

where ARG is the complex angle function.

PROPOSED METHOD

II.

Ak =

∠X Λ ( n, k ) = ARG[ X Λ (n, k )]

(10)

Block Diagram of Proposed Speech Enhancement Method

III.

ENHANCEMENT EXPERIMENTS

The enhancement experiments were carried out on the core
test set of the NOIZEUS speech corpus which was composed
of 30 phonetically-balanced sentences belonging to six
speakers (three males and three females).There were 8 kinds
of nonstationary noises at different SNRs except noisy speech
with white noises. During the evaluation process, we
generated a noisy speech set corrupted by additive white noise
(taken from the NOISEX-92 noise database) at four SNR
levels: 0 dB, 5 dB, 10 dB, and 15dB. Then the corrupted files
were enhanced by the proposed method. Besides, we had

experiments with MMSE˄minimum mean square error˅
method and PSC method separately. The other popular speech
enhancement techniques, such as spectral subtraction method
was used too.
For evaluation purpose, we employed an objective speech
evaluation, that is the perceptual estimation of speech quality
(PESQ).It is an enhanced perceptual quality measurement for
voice quality in telecommunications. Its score is between 1.0
and 4.5, where 1.0 corresponds to bad and 4.5 corresponds to
distortionless. In our evaluations, we computed the mean
PESQ scores for each method and each noise case.
In order to show performance of these methods
pictorially, the spectrogram analysis was used, too.
In our experiments, the samples of each of the
sentence files have been normalized to be between -1.0 and
1.0. The Hamming window has been used as the analysis
window .We set frame duration to 32 ms and the frame shift
is 4 ms. We employ FFT length of 1024 samples. The antisymmetric function given in (9) has also been used. The
value λ = 3.74 in our evaluations was determined to
maximize both PESQ and SNR scores.
IV. RESULTS AND DISCUSSION
The results of the enhancement experiments, in terms of
mean PESQ scores, are shown in Table 1. The results of
spectrogram analysis are shown in Fig. 2. The Table 1 shows
that compared to other methods, the proposed method
performed well, it would obtain consistent improvements
across all SNRs. The spectrograms in Fig.2 show a single
utterance sp04.wav corrupted by white noise at 10dB SNR. As
we can see, our proposed method had showed better
enhancement performance, and it exhibited better noise
cancellation than the other existing speech enhancement
techniques.
The performance of our proposed algorithm was compared
with MMSE, SSUB and PSC methods. The results were
analyzed mainly by mean PESQ scores and spectrograms to
present the performance on objective quality and speech
intelligibility, respectively. Through extensive experiments,
we found that when averaged over all nine kinds of noises
(TABLE I and fig. 2 only show the white noise type), our
proposed algorithm achieved the best results in terms of mean
PESQ scores at any input speech SNRs and can improve
speech intelligibility for low SNR levels. This is because the
phase spectrum compensation works at low SNR levels better,
and other methods discarding phase factors only works well at
high SNR levels. On the other hand, the spectrograms
comparisons with other algorithms predicted that our proposed
method was able to suppress noise and enhance the useful
speech more effectively.
Further subjective tests are needed to verify the
effectiveness of the proposed algorithm on improving both
subjective quality and speech intelligibility. If it works better,
it is worth mentioning that our proposed method can be used
in the systems which may want speech as clean as possible
even with some degree of speech distortion.

TABLE I.
INPUT
SPEECH
SNR(dB)
0
5
10
15

Mean PESQ scores of the white noise case for the
MMSE,PSC, SSUB, and Proposed Method
METHODS

CLEAN

NOISY

SSUB

MMSE

PSC

Proposed
Method

4.50
4.50
4.50
4.50

1.59
1.83
2.14
2.47

1.76
2.22
2.64
3.06

1.96
2.30
2.62
2.92

1.93
2.30
2.66
3.02

2.08
2.43
2.78
3.13
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Spectrograms of a sp04 NOIZUES utterance at 10dB SNR˖“Read
verse out loud for pleasure.”belonging to a male speaker.

V. CONCLUSION
In this paper we have proposed a new method of speech
enhancement which is based on modified magnitude and
compensated phase spectrum. Experiment results of the
objective speech quality measure PESQ, and spectrogram
analysis had showed that the proposed method achieve better
speech quality than the conventional speech enhancement
methods. The method can be used in the systems which need
to cancel the background noises such as speech recognition,
speech communication, etc, and it can further improve the
speech quality and intelligibility.
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