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Abstract - This paper presents a new speech enhancement algorithm which has design the combination of MMSE-LOG-
STSA algorithm and Cepstral sharpening method. Speech enhancement is very important for many applications where clean 
speech is basic factor which is essential for further processing.  To remove the noise from noisy speech signal are  utilized by 
speech enhancement techniques. Speech enhancement  in cepstral domain is presented in this paper. MMSE-LOG-STSA 
algorithm improves the speech quality but by using cepstral sharpening it improves speech intelligibility also. The proposed 
algorithm's noticeable improvement  over the earlier method is its adaptability to the non-stationary noise. Performance 
parameters such as SNR and PESQ  are  used in the proposed algorithm for  measuring  quality as well as intelligibility of 
speech signals. 
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I. INTRODUCTION 
 
Speech enhancement is a basic need in speech 
processing systems. It is used as preprocessing for 
speech and speaker recognition systems. It is useful 
for quality and intelligibility parameter improvement. 
The preprocessing of speech and speaker recognition 
should be different, which is based on application. So 
there are different goals of speech enhancement. The 
use of speech enhancement to improve human 
reception of  the speech. But there is problem to 
enhance the speech which is degraded by additive, 
convolutive noise[6], when there is only the noisy 
signal is available. The main purpose of speech 
enhancement is to upgrade quality of signal as well as 
understand ability of speech signal and also it needs  
to reduce listener fatigue. 
 
Quality has a subjective measure[1] and Intelligibility 
has an objective measure. Many of the speech 
enhancement algorithm improves only the quality of 
speech. It means that because of removing the 
background noise, it introduces the speech distortion, 
which may not recover speech intelligibility. So the 
main confront in speech enhancement is to design 
effective speech enhancement algorithms for 
reducing the noise without introducing any distortion 
in the speech. 
 
In this paper, first of all, the speech enhancement 
algorithm which is based on short-time spectral 
amplitude (STSA)[3] estimator should minimizes the 
mean square error of the log-spectra known as 
MMSE-LOG-STSA. This algorithm should be very 
successful which was proposed by Y.Phrairm and 
D.Malah and later the output speech file of MMSE-
LOG-STSA[2] estimator convert to cepstral domain 
and apply cepstral boosting(sharpening) on it which 
is proposed by David Cole and Sridha Sridharan. 

 
II. A REVIEW OF A MMSE-LOG-STSA    
ESTIMATION 
 
In this used the same formulation of the estimation 
problem, and the same statistical model, as in 
MMSE-STSA estimator. STSA[9] estimation 
problem is formulated like estimating the amplitude 
of each Fourier expansion coefficient of the speech 
signal x(t); 0 < t < T, and also the noisy process y(t); 
0 < t < T. 
The speech and  noise process fourier expansion 
coefficients are framed  in the method of statistically 
independent Gaussian random variables. Let 푋 =
퐴 푒 α , 퐷  , and 푌 = 푅 푒 ν ,[2]denote the k-th 
Fourier expansion coefficient of the speech signal, the 
noise process, and the noisy observations, 
respectively, in the analysis interval [0, T]. According 
to the formulation of the estimation problem given 
above, we are looking for the estimator A, which 
minimizes the following distortion measure: 
 

                      퐸(푙표푔퐴  − log^퐴  )                         (1) 
 
given the noisy observations y(t); 0 < t < T. This 
estimator is easily shown to be 
퐴^ = exp (퐸[퐴 |푦(푡)], (0 < 푡 < 푇) 푎푛푑    휆  (k)

= E|푥  |  and 휆  (k) = E|푑  |  
 
are the variance of the k-th spectral component of the 
speech and noise, respectively. 푉  defined by 
 

                      푉 =
푧

1 +  푧
(훾 )                                (2) 

where 푧  and 훾 defined by 
 
 

푍 =
휆 ( )

휆 ( )
                               (3) 
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                                훾 =
(푅  )
휆 ( )

                                (4) 

 

푍 = 훼
휆 ( , )

휆 ( , )
+ (1− α) max(γ(k, i)− 1,0) (5) 

 
푍  explained as the  priori SNR[8] and  훾   explained 
as the posteriori SNR. The mean square error of the 
spectra results measured of the MMSE-STSA 
distortion have a significant reduction of additive 
white noise, which  is well known that a distortion 
measure depends on the  log-spectra mean-square 
error[4] is more suitable in speech processing system. 
Utilizing this idea, a MMSE-LOG-STSA speech 
enhancement algorithm was derived in[2] leading to, 
instead of equation (2), the MMSE-Log-STSA 
estimator. 
 

퐴^ = exp (퐸[퐼푛퐴 |푦(푡)] 

=
푧

1 +  푧 exp (0.5
푒
푡 푑푡)

∞

ν
푅           (6) 

 
III. REVIEW OF SPECTRAL SHARPENING IN 
THE ROOT CEPSTRAL DOMAIN 
 
The inverse Fourier transform of the logarithmic of 
the magnitude of spectrum known as cepstrum 
computation[5]. The  cepstrum domain in speech 
processing has been generally utilized as a part of   
speech and speaker recognition fields in view of its 
capacity to isolate  the vocal tract and excitation. 
 
This are very useful for speech enhancement. In this 
method the cepstral coefficients can be utilized to 
develop  a smoothed spectrum utilizing  the 
sinusoidal basis functions of the Fourier transform. 
So that in speech or speaker recognition and also in 
speech enhancement systems used linear predictive 
coefficients or (low order) cepstral coefficients to 
parameterise vocal tract qualities. 
 
In vocal tract characterisation, the cepstrum is like to 
linear prediction coefficients and also the  
information contained two sets of parameters which 
isn't indistinguishable. Linear prediction provides 
formant area and bandwidth provided by the roots of 
the LPC equation . For spectral sharpening, uses the 
encoding of the smoothed speech spectrum in the low 
order cepstral coefficients for utilization of the root 
cepstrum . By expanding the magnitude of selected 
cepstral coefficients has possibility to increase the 
amplitude of the corresponding smoothed spectral 
envelope of the reconstructed signal. Then=1 and 2 
low order cepstral coefficients present in spectral tilt 
of the speech segment in Fourier transformation. So 
that to maintain  spectral tilt of the speech segment 

there is the low order cepstral coefficients (n=1 and 
2) are kept stable . 
Expressing this scheme mathematically, we operate 
on the input cepstrum y^(n) to produce output 
cepstrum q^(n) as follows: 

  (7) 
 
Typically the boost factor b, which is greater than 1, 
is applied 256 samples frame size) for n=3 ....20. 
Clearly, this procedure needs very little 
computational effort. 
 
 
IV. PROPOSED SPEECH ENHANCEMENT 
ALGORITHM 
 

 
 

Figure 1:  Block diagram representation of speech 
enhancement in cepstral domain 

 
 
In this proposed method, take the noisy speech signal 
as input speech file. At start use Log MMSE-STSA 
estimator for speech enhancement. But this is only 
useful for speech quality improvement not for speech 
intelligibility parameter. So output speech file of Log 
MMSE-STSA estimator convert it into cepstral 
domain by inverse Fourier transform of the logarithm 
of the spectral magnitude. 
 
The use of the root cepstrum for spectral sharpening 
utilises the encoding of the smoothed speech 
spectrum using the boosting factor in the low order 
cepstral coefficients. 
 
By increasing the magnitude of selected cepstral 
coefficients, it is possible to increase the amplitude of 
the corresponding smoothed spectral envelope of the 
reconstructed signal. Take the inverse Fourier 
transform (IFT) of  cepstrum boosting block output  
to get the improved quality and intelligibility of 
speech file. 
 
V. EVALUATION PARAMETERS 
 
The signal-to-noise ratio (SNR) is very important 
feature  for determining the speech  quality parameter 
which used in many speech processing applications. 
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In speech enhancement application the main 
challenge is to compute the signal and noise energies 
without any a priori knowledge about the data in the 
input file. Typically uses the thresholds of 80% signal 
and 20% noise (85%/15% and 95%/15% are also 
popular choices). These values of speech and noises 
thresholding derived by speech researchers who 
analyses of many speech and noisy data files. 
 

 
 
PESQ is perceptual evaluation of speech quality. This 
parameter provides an objective measure which 
determines the results of subjective listening tests. To 
measure speech quality, PESQ uses a model in which 
it compares the reference signal and the degraded 
signal as shown in figure 2. 
 

 
 

Figure 2: PESQ process 
 
PESQ returns a quality score called as PESQ score, 
which is based on ITU-T P.862. PESQ score lies in 
range of  0.5 to 4.5. PESQ score is subjective 
quality measurement[7]. 

 

 
 

Table.1  Listening quality scale 
 

VI. SIMULATIONS AND EXPERIMENTAL 
RESULTS 
 
The proposed system took the noisy speech signal 
randomly selected from TIMIT database. Display the 
wavparameters in python using instruction. A series 
of simulations are performed to evaluate the 
performance of the proposed algorithm. Simulation 
details are listed as follows: 

The speech sampling rate is 8kHz.Take input noisy 
speech file 'sp01_airport_sn5' from 'TIMIT database' 
 

 
 

Figure 3: Figures of noisy and Enhanced Speech ((a) Noisy 
Speech (b) Enhanced speech (c)Cepstral plot of noisy speech 
(d) Cepstral plot of enhanced speech (e) Spectogram of noisy 

speech (f) Spectogram after speech enhancement) 
 

 
Table.2  Result table of evaluation parameters: 

 
Figure 3 shows the software simulation results and 
Table 2 shows the result table of evaluation 
parameters. 
 
CONCLUSION 
 
In this paper, we have proposed a new speech 
enhancement algorithm  in cepstral domain which has 
noticeable improvement  over the earlier method is its 
adaptability to the non-stationary noise. Based on this 
feature, proposed method used to better control the 
speech enhancement optimization process. The 
proposed algorithm starts with the traditional MMSE-
LOG-STSA algorithm and then cepstral sharpening 
method to generate the clean speech. Compared with 
the traditional speech enhancement algorithms, 
significant improvement is noted for different noises 
at different noise levels when evaluating using the 
SNR and PESQ measuring parameters. The PESQ 
objective evaluation parameters denotes the speech 
intelligibility parameter. So the speech enhancement 

(8) 
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in cepstral domain has better results than speech 
enhancement in spectral domain. 
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