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:Abstract. 1  

       In this paper we present a novel approach for hybrid coding of speech signals 

which is code excited linear predictive (CELP) codec, this hybrid codec based on 

analysis-by-synthesis (AbS) loop. Method for updating the short-term synthesis filter 

once the excitation parameters have been determined is examined. We show that 

significant improvements can be achieved by updating the synthesis filter, similar to 

those obtained using the well known methods of interpolation and bandwidth 

expansion. However our proposed method of update avoids the increase in the delay of 

a codec that is usually associated with interpolation. Furthermore the method of 

determining the adaptive and fixed codebook parameters is examined. The closed loop 

technique is proposed for improving the performance of the codebook search while 

maintaining a reasonable level of complexity.We implemented the hybrid codec at bit 

rate (4.8 Kbps) and the performance of the proposed system was evaluated through 

signal to noise ratio (SNR) performance measure.                                                            

.  sAnalysis by Synthesi, Speech Signals, Hybrid Codec: Keywords 

  :الخلاصة

فѧاك  -تم فѧي هѧذا البحѧث تقѧديم طريقѧة جديѧدة لترميѧز الأشѧارات الكلاميѧة بطريقѧة الترميѧز الهجѧين وباسѧتخدام مرمѧز                             

لقѧد  .  فѧاك الترميѧز الهجѧين علѧى دوارة التحليѧل بالترآيѧب      -، ويعتمѧد هѧذا المرمѧز   )ترميѧز اثѧارة التنبѧؤ الخطѧي     (ترميز  

معاملات الإثارة، وبالاعتماد على هذه الطرق فقد اسѧتطعنا انجѧاز          درست الطرق لتعديل مرشح الترآيب عندما تحدد        

تعديل جيد لمرشح الترآيب مѧشابه للتعѧديل الѧذي نحѧصل عليѧه باسѧتخدام الطѧرق المعروفѧة للتوليѧد والتوسѧيع للنطѧاق                           

ز المرافقة مѧع     فاك الترمي  –على الرغم من ان الطريقة المقترحة للتعديل قد تجنبت الزيادة بالتأخير للمرمز             . الترددي

. بالأضافة الى ذلك فقد تم تطبيق طريقة لتحديد معاملات آل من آتاب الرموز الثابت وآتاب المѧوز المتكيѧف                  . التوليد

 .لقد تم في هذا البحث اقتراح تقنية الحلقة المغلقة لتحسين آفاءة بحث آتاب الرموز مع مستوى معقول من التعقيد

وقѧد قيمѧت آفѧاءة النظѧام المقتѧرح مѧن       ) Kbps 4.8(ز الهجين عند معدل نقل بيانات  فاك الترمي–لقد تم تنفيذ المرمز 

 ).نسبة الأشارة الى الضوضاء(خلال مقياس آفاءة حسابي وهو 
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:Introduction. 2 

      The past decade has witnessed substantial progress towards the application of low-

rate speech coders to civilian and military communications as well as computer-related 

voice applications. Central to this progress has been the development of new speech 

coders capable of producing high-quality speech at low data rates [1]. Most of these 

coders incorporate mechanisms to represent the spectral properties of speech, provide 

for speech waveform matching, and optimize the coder's performance for the human 

ear. A number of these coders have already been adopted in national and international 

cellular telephony standards [2] [3]. Speech coding techniques can be broadly divided 

into two classes waveform coding that aims at reproducing the speech waveform as 

faithfully as possible and vocoders that preserve only the spectral properties of speech 

in the encoded signal [4]. The waveform coders are able to produce high-quality speech 

at high enough bit rates; vocoders produce intelligible speech at much lower bit rates, 

but the level of speech quality in terms of its naturalness and uniformity for different 

speakers is also much lower. The applications of vocoders so far have been limited to 

low bit rate digital communication channels. The combination of the principles of 

waveform coding and vocoding has led to significant new codec in recent compression 

technology which is hybrid coding [1] [5].In our simulations we have used a 4.8 kbits/s 

CELP codec, with the synthesis filter parameters determined every 20ms frame, and the 

excitation parameters determined every 10ms sub-frame.                                                  

:Kbps Codec.8 4The . 3 

       In This paper, we present a novel hybrid model for speech codec which is code 

excited linear predictive (CELP) codec, the hybrid scheme is based on linear prediction 

(LP) and excitation signal. The 4.8 Kbps hybrid codec uses a frame size of 20 ms and 

each frame is divided in to 10 ms sub-frames.The block diagram of the encoder of such 

a codec is shown in Figure (1). The excitation signal u(n) is given by the sum of a 

scaled adaptive codebook signal (which adds long term periodicities during voiced 

speech) and a scaled signal from a large fixed codebook ck(n). This excitation is used to 

drive a synthesis filter which models the effects of the vocal tract. At the decoder the 

excitation signal is passed through the synthesis filter to produce the reconstructed 

speech signal  Typically the filter parameters are determined first and then the )(
^

nS
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codebook indices α and k as well as the gains G1 and G2 are found. The codebook 

parameters are chosen to minimize the weighted error between the reconstructed and 

the original speech signals. In effect each possible codebook entry is passed through the 

synthesis filter to test which gives an output closest to the input speech in the 

perceptually weighted sense. This largely closed-loop structure is used in order to 

produce a reconstructed signal which is as close as possible to the original speech.           

 

 

 

Figure 1: Speech codec Schematic 

 

 

:The linear prediction of speech signal . 4  

       Linear predictive method is considered one of the efficient method 

signal analysis [1].Linear predictive method become common technique th

representing speech signal at low bit rate and provide efficient computing

signal parameters [3].The basic idea of linear predicting coding (LPC) is th

of speech can be approximated as a linear combination of the past (M) spee

By minimizing the square difference between the original speech sampl

linearly reconstructed speech samples we can determine the predictor coef

[7].The linear predictive analysis is based on the reconstruction of speec
� �
}����l%��ff�
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which can be formed by a reconstruction valve                  and a driving signal 

e(n).  

)(
^

nS

)(
^

nS

)(
^

nS

)(*
1

inS

S(n)= + e(n)                                                                            (1)  

Where reconstruction valve  consists of M previous samples [5] [8]  

)(
^

nS=
M

i ia −∑
=

                                                                     (2) 

Where ai representing predictor coefficients which can be obtained by the 

autocorrelation method [7] [9].The driving signal e(n) can now be interpreted as the 

prediction error between the original data samples S(n) and the reconstructed 

samples  )(
^

nS

)(
^

nS

2)
0

)((∑
=

=

e(n) = S(n)-                                                                                         (3) 

Where predictor coefficients ai are designed so that total squared prediction error 

E is minimized over the data frame Length L. The total squared error E is defined by 

[10] [11]: 
L

n
neE                                                                                 (4)  

:Calculation of the Excitation Parameters. 5 

       In order to reduce the complexity of the encoder the error weighting filter in Figure 

(1) is usually moved so that the input and the reconstructed speech signals s(n) and 

 are separately weighted before their difference is found. For an all-pole synthesis 

filter of the form H(z)=1/A(z), where A(z)=1 − a

)(
^

nS

)(
^

nSw

)(
^

nSw

1z−1 − a2z−2…aMz−M, and an error 

weighting filter A(z)/A(z/y) where  y is a constant set, the cascade of the synthesis filter 

and the error weighting filter is equivalent to using a weighted synthesis filter of the 

form 1/A(z/y). The weighted error ew(n) is then given by [12]: ew(n)= Sw(n)-         

     (5)  

where Sw(n) is the weighted input speech, and is the weighted reconstructed 

speech.The codebook search procedure attempts to find the values of the adaptive 
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codebook gain G1 and delayα as well as the fixed codebook index k and gain G2, which 

minimize the mean square error Ew taken over the sub-frame length N. This error can be 

writtenas:Where                                                                                                                    

⎟
⎠

⎞
⎜
⎝
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∑ −=
−

=

1

0
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n kw T(n)X
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0
∑ −=
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α *h(n)αu(n)ζ

( )[ ]∑ −=
−

=

1

0

N

n
α *h(n)αu(n)X(n)*

k

                                                                          (6)  

Tαk =2*(G1*Cα +G2*Ck -G1*G2*Yαk )-G1
2* ζ α -G2

2* ζk                                    
           (7)               

is the term to be maximized by the codebook search,  is the target 

signal for the codebook search, and represented zero-input response of the 

weighted synthesis filter due to it’s input in previous sub-frames,Here 

                                                                           (8)  

is the energy of the filtered adaptive codebook signal and  

C                                                                    (9)  

is the correlation between the filtered adaptive codebook signal and the codebook target 

X(n). Similarly, ζ is the energy of the filtered fixed codebook signal [ck(n) *  h(n)], 

and Ck is the correlation between this and the target signal. Finally,  

( )[ ] [ ](n)*h(n)c*h(n)αu(n)
k

N

nαk ∑ −=
−

=

1

0
*Y                                                (10)  

The optimum values of the gains (G1 and G2) for a given pair of codebook indices α 

and k  are expressed in equations (11) and (12) 
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       The full search procedure computes the terms (Ck  ,Cα  , ζk  , ζ α and Yαk) for every 

pair of codebook indices α, k and uses these to calculate the gains G1 and G2 [13] [14].  

 

 

:Results. 6 

       The performance of our (4.8 kbps) CELP codec, expressed in terms of the signal to 

noise ratio (SNR) performance measure, as shown in Table (1) for the following Arabic 

statements:                                                                                                                     

1. Man say “ صباح الخير  ”. 

2. Woman say “صباح الخير ”. 

3. Man say “ واحد ”. 

4. Woman say “ واحد ”. 

Table (1) Signal to Noise Ratio (SNR) Performance Measure 

Statements SNR(dB) 

1 10.96 

2 10.86 

3 8.80 

4 7.62 

:Conclusions. 7 

       In this work we have studied, implemented and improving hybrid coding of speech 

signals which is code excited linear predictive (CELP) codec. Several papers have 

appeared in the past considering updating the synthesis filter parameters once the 

excitation signal is known. We found the maximum SNR gain possible through such an 

update, and proposed a method which obtains almost this full improvement but has a 

lower complexity than other methods which have been proposed.Secondly we studied 

ways of improving the joint adaptive and fixed codebook closed loop searches. Again, 

initially we found the maximum improvement possible by carrying out a full joint 

codebook search. We then suggested method which almost improvement as possible the 

performance of the codebook search.Finally the results achieved from hybrid codec are 

high quality speech signal at low bit rate (4.8 Kbps) with small difference between 

original and synthesis speech signal.                                                                                 
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