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ABSTRACT 

Numerous noise suppression methods for speech signals 
have been developed up to now. In this paper, a new method 
to suppress noise in speech signals is proposed, which re-
quires a single microphone only and doesn’t need any priori 
information on both noise spectrum and pitch. It works in 
the presence of noise with high amplitude. More specifically, 
an adaptive noise suppression algorithm applicable to real-
life speech recognition is proposed without assuming the 
Gaussian white noise, which performs effectively even 
though the noise statistics and the fluctuation form of speech 
signal are unknown. The effectiveness of the proposed meth-
od is confirmed by applying it to real speech signals con-
taminated by noises. 

1. INTRODUCTION 

Speech recognition systems have been applied in various 
fields due to recent development of digital signal pro-
cessing technique. For example, these systems are applied 
to inspection and maintenance operations in industrial fac-
tories and to recording and reporting routines at construc-
tion sites, etc. where hand-writing is difficult. For speech 
recognition in such actual circumstances, some counter-
measure methods for surrounding noises are indispensable. 

Previously reported methods for noise reduction in the 
speech recognition can be classified into two categories. 
One is based on single microphone [1, 2] and the other uses 
of microphone array [3]. Since the latter requires priori in-
formation on the number of noise sources, and the number 
of microphones needed is larger than that of the noise 
sources in the case of multi-noise sources, this category 
demands large scale systems. Therefore, the former based 
on a single microphone is more advantageous than the latter 
[4, 5]. 

In this paper, in order to suppress the noises that inevi-
tably exist in the observed speech signal of actual environ-
ment and probably have large amplitude, a practical method 
based on single microphone is considered, which does not 
require any priori information on noise spectrum and pitch. 

In such a noise suppression task for speech signal, many 
algorithms applying Kalman filter have been proposed up 
to now [6-8]. However, the Kalman filter is originally based 
on the assumption of Gaussian white noise, and the infor-
mation of noise variance must be given in advance [9]. 

However, the actual noises show complex fluctuation forms 
with non-Gaussian and non-white properties, and the statis-
tics of the noises are unknown in general. Furthermore, in 
many previous algorithms, time series models such as AR 
(auto-regressive) model [10] are introduced for speech sig-
nal, and the parameters of the models have to be estimated 
in advance. Speech enhancement methods based on Bayesi-
an estimation have been proposed by introducing simplified 
approximate models such as Gaussian and AR models [11, 
12]. Therefore, the previously reported noise suppression 
methods have many problems if applied to real speech sig-
nals.  

In this paper, a new noise suppression algorithm for ac-
tual speech signals contaminated by non-Gaussian and non-
white noises is theoretically proposed. More specifically, 
first, expansion expressions of the conditional probability 
distribution reflecting the information on linear and nonline-
ar correlation among the time series of the speech signal and 
noisy observation are adopted to express the system and 
observation characteristics. Next, a method to estimate adap-
tively the time series of the speech signal is derived on the 
basis of the Bayes’ theorem of probability. The proposed 
method can be applied adaptively to actual complex situa-
tion where both the noise statistics and the fluctuation forms 
of speech signal are unknown. Furthermore, by applying the 
proposed algorithm to real speech signals with several kinds 
of noises, its effectiveness is experimentally confirmed. 

Throughout the paper, expectation operation on variable  
x  and expectation on x  conditioned by y  are expressed as 

>< x  and >< yx |  respectively. 

2. NOISE SUPPRESSION ALGORITHM FOR 
SPEECH SIGNAL 

2.1 Stochastic Model for Speech Signal 
In the actual environment with a surrounding noise, let kx  

and ky  be the speech signal and the observation at a discrete 

time k . The observation ky  is contaminated by a noise with 

unknown statistics. In this paper, an adaptive signal pro-
cessing method to estimate kx  based on the successive ob-

servation of ky  is theoretically derived. 

In order to estimate the parameters of linear and/or non-
linear time series models for speech signal, the correlation 
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information on time series of speech signal kx  is necessary 

in general. However, it is difficult to find the information in 
advance because kx  is an unknown signal to be estimated. 

Furthermore, since the speech signal usually shows compli-
cated fluctuation forms, the probability distribution reflecting 
the whole information on the fluctuation must be introduced 
and utilized effectively and wisely in order to achieve precise 
estimates for kx . In this paper, a new adaptive algorithm for 

noise suppression is proposed by introducing a time transi-
tion probability of kx . 

In order to estimate recursively the speech signal based 
on the noisy observation, the correlation information among 

kx , 1+kx  and ky  has to be utilized. Therefore, attention is 

focused on the joint probability distribution function 
),,( 1 kkk yxxP +  reflecting all linear and non-linear correla-

tion information among kx , 1+kx and ky . Expanding the 

joint probability distribution function ),,( 1 kkk yxxP +  in an 

orthogonal form based on the product of )( kxP , )( 1+kxP  

and )( kyP , the following expression can be derived.  

   )()()(),,( 11 kkkkkk yPxPxPyxxP ++ =              

)()()( )2(
1

)1()1(

0 0 0
ktkskr
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with 

            >≡< + )()()( )2(
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)1()1(
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The linear and non-linear correlation information among kx , 

1+kx  and ky  is reflected hierarchically in each expansion 

coefficient rstA . Functions )()1(
kr xθ  and )()2(

kt yθ  are or-

thonormal polynomials having weighting functions )( kxP  

and )( kyP , respectively. These orthonormal polynomials 

can be decomposed by using Schmidt's orthogonalization 
algorithm [13]. From (1), the time transition probability of 

kx  is given as 
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Furthermore, the conditional probability distribution function 
)|( kk xyP  of the observation ky  is given by 

     )(/),()|( kkkkk xPyxPxyP =  
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∞

=
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0
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The expansion coefficients 0rsA  and trA 0 with orders Rr ≤ , 

Ss ≤ , Tt ≤  can be obtained from the correlation information 
of time series kx , and the correlation relationship between 

speech signal kx  and noisy observation ky . Since the 

speech signal is unknown in the presence of noises, these 
coefficients have to be estimated on the basis of the observa-
tion ky . Let’s regard the expansion coefficients 0rsA  and 

trA 0  as unknown parameters a  and b  (column vectors):  

 )'...,,,( 21 Iaaa≡a )''...,,','( )()2()1( Saaa≡ , 

)...,,2,1(,)'...,,,( 00201)( SsAAA Rssss =≡a ,   (5) 

   )'...,,,( 21 Jbbb≡b )''...,,','( )()2()1( Tbbb≡ , 

)...,,2,1(,)'...,,,( 02010)( TtAAA tRttt =≡b ,    (6)  
where ' denotes the transpose of a matrix, and )( SRI ⋅= , 

)( TRJ ⋅=  are the number of unknown expansion coeffi-

cients to be estimated. Then simple dynamical models: 

kk aa =+1 ,     ,1 kk bb =+                                    
(7) 

may be introduced for the simultaneous estimation of both 
the parameters and the clean speech signal kx . Since the 

parameters a  and b  reflect the correlation information be-
tween kx , 1+kx , and kx , ky  respectively, time constant mod-

els of (7) are introduced for simplification of the algorithm. 
2.2 Derivation of Noise Suppression Algorithm Based 

on Bayes’ Theorem 
To derive an estimation algorithm for the speech signal kx , 

we place our basis on the Bayes' theorem for the conditional 
probability distribution [13]. Since the parameter ka  and kb  

are also unknown, the conditional probability distribution of 

kx , ka  and kb  is expressed by 

)|(

)|,,,(
)|,,(

kk

kkkkk
kkkk YyP

YyxP
YxP

ba
ba = ,              (8) 

where }),...,,{( 21 kk yyyY =  is a set of observation data up to 

time k . By expanding the conditional joint probability dis-
tribution )|,,,( 1−kkkkk YyxP ba in a statistical orthogonal 

expansion series on the basis of the well-known standard 
probability distributions describing the dominant part of the 
actual fluctuation, the following expression is derived . 
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The above four functions )()1(
kl xϕ , )()2(

kamϕ , )()3(
kbnϕ  and 

)()4(
kq yϕ  are orthonormal polynomials of degrees l , m , n  

and q  with weighting functions )|( 10 −kk YxP , 

)|( 10 −kk YP a , )|( 10 −kk YP b  and )|( 10 −kk YyP . As examples 

of standard probability functions for the speech signal, the 
parameters and observation, here we adopt Gaussian distribu-
tions with means and variances, as 

>≡< −1
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2* |)( kkkx Yxx
k

,  

    >≡< −1,
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, 

,| 1
* >≡< −kkk Yyy  >−≡<Ω −1

2* |)( kkkk Yyy .         (11) 
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The non-Gaussian properties of speech signal and observa-
tion are reflected in each expansion coefficient qlB mn . The 

orthonormal polynomials with the weighting probability dis-
tributions  are then specified as Hermite polynomial [13]. 

     Based on (9), the estimate of the polynomial function 

),,(,, kkkL xf baNM  of kx , ka  and kb  with ),,( NML th 

order can be derived as follows. 
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where MN
mn
L
lC  is an appropriate constant satisfying the fol-

lowing equality: 
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Using the property of conditional expectation, (3), (4) and 
(7), the variables in (11) can be calculated as follows: 
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The coefficients se1 , se2 , td1 , td2  in (14), (15), (20) and 

(21) are determined in advance by expanding kx , 
2* )( kk xx − , ky  and 2* )( kk yy −  in the following orthogonal 

series forms: 
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Furthermore, using (3), (4) and the orthonormal condition of 

)()1(
kr xθ  and )()2(

ks yθ , each expansion coefficient qlB mn  

defined by (10) can be obtained as follows: 
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where qid  and jrlw ,+ are appropriate coefficients that satisfy 

the following equalities: 
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Substituting the dynamical models of ka  and kb  in (7) into 

(14)-(21) and (25), the parameters *
kx , 

kxΓ , *
,kia , 

kia ,
Γ , 

*
,kib , 

kib ,
Γ , *

ky , 
kyΩ  and the expansion coefficient qlB mn  

may be then given in functional forms on estimations of 

1−kx , 1−ka  and 1−kb . Therefore, the estimation of the 

speech signal can be performed in a recursive way.  The 
flow chart of the proposed adaptive noise suppression algo-
rithm is illustrated in Fig. 1. 

 

 Fig. 1  Flow chart of the proposed  noise suppression algorithm. 
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3. APPLICATION TO SPEECH SIGNAL IN REAL 
ENVIRONMENT 

In order to confirm the effectiveness of the proposed adap-
tive noise suppression algorithm, it is applied to actual 
speech signals. More specifically, for a female and a male 
speech signals digitized with sampling frequency of 44.1 
kHz, time duration of 2.72 sec and quantization of 16 bits, 
we estimated the speech signal based on the observation 
corrupted with additive noises. The following three kinds of 
noises were adopted: (a) white noise, (b) colored noise gen-
erated by the AR(1) model: kkk evv +−=+ 5.01 , where ke is a 
white noise, and (c) machine noise. By setting the ampli-
tude (i.e., mean squared value of instantaneous signal) of 
noises to 1, 2, 3, 4, 5 and 10 times of that of the speech sig-
nals, we have applied the proposed algorithm to extremely 
difficult situations with low S/N (signal to noise) Ratio. For 
comparison, noise suppression by introducing the linear 
systems: 
        kkkkk vxy βα += ,  kkkkk uGxFx +=+1 ,                (27) 
are considered. In (27), kv  and ku  are random noises with 
zero-mean and variance 1, and kα , kβ , kF  and kG  are 
unknown parameters. Therefore, the extended Kalman filter 
[14] is applied to estimate simultaneously the speech signal 

kx , the parameters kα , kβ , kF  and kG  by introducing the 
dynamic models of the parameters: 
       kk αα =+1 , kk ββ =+1 , kk FF =+1 , kk GG =+1 .        (28) 

The estimation RMS (root mean square) error and a per-
formance evaluation index defined by 
          − ))ˆ(/(log10 22

10 kkk xxx   [dB] ,                        (29) 
are shown in Table 1 (the female speech signal) and Table 2 
(the male speech signal) . From Tables 1 and 2, it is obvious 
that the proposed method performs more accurately than the 
extended Kalman filter does. Though the extended Kalman 
filter assumes an ideal situation of Gaussian white noise, 
real environmental noises are not such ideal one. The spec-
trum of the observed female speech signal contaminated by 
a machine noise is shown in Fig. 2. Furthermore, the spectra 
of the estimated signals by the proposed method and the 
extended Kalman filter are shown in Figs. 3 and 4 respec-
tively. By comparing the estimated results with the spectrum 
of original female speech signal shown in Fig. 5, it is obvi-
ous that the proposed method can be suppressed the effects 
by the real machine noise than the extended Kalam filter. 

Table 1  Performance comparisons for a female speech signal contaminat-
ed by (a) white noise, (b) colored noise, and (c) machine noise.  

(a)  White Noise 

 
 

 (b)  Colored Noise 

 

 (c)  Machine Noise 

 

Table 2  Performance comparisons for a male speech signal contaminated 
by (a) white noise, (b) colored noise, and (c) machine noise.  

(a)  White Noise 

 

(b)  Colored Noise 

 

 (c)  Machine Noise 
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Fig. 2  Spectrum of observed signal contaminated by a machine noise. 
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Fig. 3  Spectrum of the estimated speech signal by use of the proposed 

method for the observation contaminated by a machine noise. 
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Fig. 4  Spectrum of the estimated speech signal by use of the extended 

Kalman filter for the observation contaminated by a machine noise. 

 

Fig. 5  Spectrum of original female speech signal. 

4. CONCLUSIONS 

In this paper, a new noise suppression algorithm for speech 
signal has been proposed, which is applicable to actual en-
vironment with non-Gaussian and non-white noises. The 
proposed method can be applied to real-life situations that 
both the noise statistics and the time transition relationship 
of speech signal are unknown. Our algorithm has been real-
ized by introducing a conditional probability expression as 
the system model and utilizing the Bayes’ theorem as the 
fundamental principle of estimation. Application of our 
algorithm has been made to real speech signals contaminat-
ed by noises. As a result, it has been revealed by experi-
ments that better estimation results may be obtained by our 
algorithm as compared with the extended Kalman filter. 
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