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Abstract— The role of speech coding is to reduce the bit rate by maintaining good speech quality. In order to improve the perceptual 
quality of degraded speech, different speech enhancement methods can be used. So, it is worthwhile to do research in joint systems 
(Speech Enhancement and Low bit rate speech coders). The work reported in this paper shows the improvement in the perceptual quality 
of speech coder outputs by incorporating speech enhancement technique. The simulation results of Code Excited Linear Prediction 
(CELP) and Mixed Excited Linear Prediction (MELP) speech coders with Minimum Mean Square Error Spectral Amplitude Estimator 
(MMSE-STSA) enhancement technique is analyzed in terms of objective quality measures and using PRAAT software. 

Index Terms— Speech Enhancement, CELP, MELP, Perceptual Evaluation of Speech Quality, MMSE-STSA. 

——————————      —————————— 

1 INTRODUCTION                                                                    
 
PEECH is a non-stationary signal but it can be divided into 
segments which have some common acoustic properties 
for a short time period. Therefore, it is easy to analyze the 

signal for a short interval. Idea of speech processing is 
manipulating the signal depending on the applications. 
Applications of speech processing include automatic speech 
recognition, speaker identification, speech coding [1], speech 
synthesis, speech enhancement etc. The concept of speech 
coding is quite different. Since there is limited allocated 
bandwidth, we need to reduce the number of bits required to 
represent the speech signal. So, coding is the process of 
representing the speech signal with minimum number of bits 
for transmitting the signal through wired or wireless channels. 

 
Speech enhancement [2] is a necessary process in noisy 

systems to enhance the degraded speech signal. Different 
approaches are available in the literature to enhance the 
degraded speech. One approach is the preprocessing 
technique, where the signal is preprocessed before it gets 
degraded. Another one is the post processing approach [3]. In 
post processing method the degraded signal is further 
processed to enhance its quality. Nowadays, the combination 
of speech coding and speech enhancement is a hot research 
area. 

In this paper Minimum Mean Squared Error Space Time 
Spectral Amplitude Estimator (MMSE STSA) [4] is applied to 
enhance the quality of speech decoded using low bit - rate 
speech coders like Code Excited Linear Prediction (CELP) [5] 
and Mixed Excited Linear Prediction (MELP) [6]. This paper is 
organized as follows: section II, III and IV describe the CELP, 
MELP and MMSE – STSA algorithms respectively. 

  

2  SPEECH CODING ALGORITHMS 

2.1 CELP   
CELP is a compression technique based on linear prediction 

method. The idea behind linear prediction is to predict the 
present sample of the signal from the previous samples. In 
CELP there is a look up table named code book to obtain the 
best match for the signal. In speech coders, speech signal can 
be uniquely represented using different parameters such as 
gain, linear prediction coefficients etc. The parameters 
extracted from the signal, which are quantized and then used 
to reconstruct the signal.  
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Fig. 1 and Fig. 2 represent the design flow of CELP encoder 

and decoder respectively. At the encoder side, the speech 
signal is divided into different frames. The formant synthesis 
filter function and weighting filter functions can be defined as 
follows; 
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Where ka  is the linear prediction coefficient (LPC). 
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2.2 MELP  
Fig. 3 and Fig. 4 show the design flow of MELP encoder and 

decoder. The input speech is first given to the postfiltering 
block. Then the pitch is estimated from the postfiltered output 
by computing the pitch lag between the speech samples. In 
bandpass voicing analysis step the speech signal is divided 
into different frequency bands. After LP analysis vector 
quantization is performed. 

 

 
Fig. 3. MELP Encoder: Design flow 

 
 

 
 
At the decoder end, the retrieved bits are unpacked and 

converted into parameter codeword. In MELP, the mixed 
excitation signal is obtained by summing the pulse and noise 
excitation signals. The advantage of this mixing is that it helps 
in countering the effect of buzz and tonal thumps in the 
decoded output. Before synthesizing the speech, the mixed 
excitation is enhanced first and then LP coefficients of this 
enhancement stage are generated. 

3  SPEECH ENHANCEMENT ALGORITHM 

3.1 MMSE – STSA ALGORITHM 
The minimum mean square error estimate can be defined 

as the mean of the a posteriori density function. 
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where p(.) is the probability density function. 
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where ( )kxλ and ( )kdλ  represent kthspectral component of 
speech and noise respectively. Then the gain function of 
MMSE – STSA estimator can be computed as; 
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where 
( ) 25.1 p=Γ

 is the gamma function and 0I is the 

zeroth order Bessel function. kv is defined as; 

k
k

k
kv γ

ε
ε
+

=
1                                                                        (7) 

where kε and kγ are the a priori SNR and a posteriori SNR 
values. 

4 RESULTS AND DISCUSSIONS 
 
CELP and MELP coders were simulated using MATLAB-13. 

Different speech files were given as the input to the coders. 
Fig. 5 and fig. 6  show the comparison of clean speech (blue) 
and reconstructed speech (green). From the time domain 
representation we can definitely notice the degradation in the 
amplitude values. This clipping of amplitude reduces the 
perceptual quality of speech. So speech enhancement method 
can be used to improve the perceptual quality.

 
 

 

4.1 Waveform analysis using PRAAT software 
The results obtained during simulation were analyzed 

using PRAAT software to see the effect of MMSE STSA 
algorithm in CELP and MELP coders.  Fig. 7 and 8 show the 
time domain representation, pitch and intensity contours of 
the clean speech and the enhanced decoded speech using 
CELP and MELP respectively. 

 
 

Pitch contour explains the voiced and unvoiced 
information present in the speech. Energy variations in the 
speech are specified with intensity contour. From the figures it 
is clear that, closest matching of the signal peaks is in CELP 
coder output. Variations are also there in the pitch and 
intensity contours of both the coders. But more pitch 
information  are missing in the contour of MELP compared to 
CELP.  
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4.2  Analysis using Objective Quality Measures 
 
 Objective testing was performed using MATLAB. 

 
 

 
 
 

 
  

Different types of  sample speech files were used for 
objective testing. The results of objective evaluation for 
Segmental SNR (SNRseg), Weighted Spectral Slope (WSS), 
Log Likelihood Ratio (LLR) and Perceptual Evaluation of 
Speech Quality (PESQ) are shown in table I to IV. 
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It is observed from the tables that, CELP and enhanced  
CELP have high Segmental SNR compared to MELP and  is 
highly desirable because the high SNRseg value imply better 
speech quality.  

  Enhanced CELP has the lowest WSS value, which is 
highly acceptable.  The value of LLR should be closest  to zero 
for a good communication channel and here  LLR of CELP is 
more close to zero than MELP. Higher PESQ value also imply 
good speech quality.  

 

 

4 CONCLUSION 
Software implementation of  MMSE - STSA Speech 

Enhancement Algorithm in  MELP and CELP speech coders 
has been performed. For the applications where focus is on 
better quality at low bit rate this combined system can be 
used. Quality testing and waveform analysis have been 
performed using quality measurement and PRAAT software. 
From the results we can conclude that CELP coder gives better 
perceptual quality at the expense of high bit rate. MELP coder 
can be used with speech enhancement technique at low bit 
rate with better quality. 
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