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1. Abstract:
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.
Keywords: Hybrid Codec, Speech Signals, Analysis by Synthesis.
:اﻟﺨﻼﺻﺔ
ﻓ ﺎك-ﺗﻢ ﻓ ﻲ ه ﺬا اﻟﺒﺤ ﺚ ﺗﻘ ﺪﻳﻢ ﻃﺮﻳﻘ ﺔ ﺟﺪﻳ ﺪة ﻟﺘﺮﻣﻴ ﺰ اﻷﺷ ﺎرات اﻟﻜﻼﻣﻴ ﺔ ﺑﻄﺮﻳﻘ ﺔ اﻟﺘﺮﻣﻴ ﺰ اﻟﻬﺠ ﻴﻦ وﺑﺎﺳ ﺘﺨﺪام ﻣﺮﻣ ﺰ
 ﻟﻘ ﺪ. ﻓ ﺎك اﻟﺘﺮﻣﻴ ﺰ اﻟﻬﺠ ﻴﻦ ﻋﻠ ﻰ دوارة اﻟﺘﺤﻠﻴ ﻞ ﺑﺎﻟﺘﺮآﻴ ﺐ- وﻳﻌﺘﻤ ﺪ ه ﺬا اﻟﻤﺮﻣ ﺰ،(ﺗﺮﻣﻴﺰ )ﺗﺮﻣﻴ ﺰ اﺛ ﺎرة اﻟﺘﻨﺒ ﺆ اﻟﺨﻄ ﻲ
 وﺑﺎﻻﻋﺘﻤﺎد ﻋﻠﻰ هﺬﻩ اﻟﻄﺮق ﻓﻘﺪ اﺳ ﺘﻄﻌﻨﺎ اﻧﺠ ﺎز،درﺳﺖ اﻟﻄﺮق ﻟﺘﻌﺪﻳﻞ ﻣﺮﺷﺢ اﻟﺘﺮآﻴﺐ ﻋﻨﺪﻣﺎ ﺗﺤﺪد ﻣﻌﺎﻣﻼت اﻹﺛﺎرة
ﺗﻌﺪﻳﻞ ﺟﻴﺪ ﻟﻤﺮﺷﺢ اﻟﺘﺮآﻴﺐ ﻣ ﺸﺎﺑﻪ ﻟﻠﺘﻌ ﺪﻳﻞ اﻟ ﺬي ﻧﺤ ﺼﻞ ﻋﻠﻴ ﻪ ﺑﺎﺳ ﺘﺨﺪام اﻟﻄ ﺮق اﻟﻤﻌﺮوﻓ ﺔ ﻟﻠﺘﻮﻟﻴ ﺪ واﻟﺘﻮﺳ ﻴﻊ ﻟﻠﻨﻄ ﺎق
 ﻋﻠﻰ اﻟﺮﻏﻢ ﻣﻦ ان اﻟﻄﺮﻳﻘﺔ اﻟﻤﻘﺘﺮﺣﺔ ﻟﻠﺘﻌﺪﻳﻞ ﻗﺪ ﺗﺠﻨﺒﺖ اﻟﺰﻳﺎدة ﺑﺎﻟﺘﺄﺧﻴﺮ ﻟﻠﻤﺮﻣﺰ – ﻓﺎك اﻟﺘﺮﻣﻴﺰ اﻟﻤﺮاﻓﻘﺔ ﻣ ﻊ.اﻟﺘﺮددي
. ﺑﺎﻷﺿﺎﻓﺔ اﻟﻰ ذﻟﻚ ﻓﻘﺪ ﺗﻢ ﺗﻄﺒﻴﻖ ﻃﺮﻳﻘﺔ ﻟﺘﺤﺪﻳﺪ ﻣﻌﺎﻣﻼت آﻞ ﻣﻦ آﺘﺎب اﻟﺮﻣﻮز اﻟﺜﺎﺑﺖ وآﺘﺎب اﻟﻤ ﻮز اﻟﻤﺘﻜﻴ ﻒ.اﻟﺘﻮﻟﻴﺪ
.ﻟﻘﺪ ﺗﻢ ﻓﻲ هﺬا اﻟﺒﺤﺚ اﻗﺘﺮاح ﺗﻘﻨﻴﺔ اﻟﺤﻠﻘﺔ اﻟﻤﻐﻠﻘﺔ ﻟﺘﺤﺴﻴﻦ آﻔﺎءة ﺑﺤﺚ آﺘﺎب اﻟﺮﻣﻮز ﻣﻊ ﻣﺴﺘﻮى ﻣﻌﻘﻮل ﻣﻦ اﻟﺘﻌﻘﻴﺪ
( وﻗ ﺪ ﻗﻴﻤ ﺖ آﻔ ﺎءة اﻟﻨﻈ ﺎم اﻟﻤﻘﺘ ﺮح ﻣ ﻦ4.8 Kbps) ﻟﻘﺪ ﺗﻢ ﺗﻨﻔﻴﺬ اﻟﻤﺮﻣﺰ – ﻓﺎك اﻟﺘﺮﻣﻴﺰ اﻟﻬﺠﻴﻦ ﻋﻨﺪ ﻣﻌﺪل ﻧﻘﻞ ﺑﻴﺎﻧﺎت
.(ﺧﻼل ﻣﻘﻴﺎس آﻔﺎءة ﺣﺴﺎﺑﻲ وهﻮ )ﻧﺴﺒﺔ اﻷﺷﺎرة اﻟﻰ اﻟﻀﻮﺿﺎء
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Hybrid Coding of Speech Signals
2. Introduction:
The past decade has witnessed substantial progress towards the application of lowrate 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.
3. The 4.8 Kbps Codec:
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

^
Typically the filter parameters are determined first and then the S (n) speech signal
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and k as well as the gains G1 and G2 are found. The codebook α codebook indices
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

4. The linear prediction of speech signal :
Linear predictive method is considered one of the efficient method for speech
signal analysis [1].Linear predictive method become common technique that used for
representing speech signal at low bit rate and provide efficient computing of speech
signal parameters [3].The basic idea of linear predicting coding (LPC) is that a sample
of speech can be approximated as a linear combination of the past (M) speech samples.
By minimizing the square difference between the original speech samples and the
linearly reconstructed speech samples we can determine the predictor coefficients [6]
[7].The linear predictive analysis is based on the reconstruction of speech samples,
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Hybrid Coding of Speech Signals

^
and a driving signal S (n) which can be formed by a reconstruction valve
e(n).

^
(1) S (n) S(n)=

+ e(n)

^
consists of M previous samples [5] [8] S (n) Where reconstruction valve
^
M
(2) ∑ ai * S (n − i) = S (n)
i=1
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

^
S (n) samples
^
(3) S (n) e(n) = S(n)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
(4) E = ∑ (e(n)) 2
n=0
5. Calculation of the Excitation Parameters:
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 S (n)
filter of the form H(z)=1/A(z), where A(z)=1 − a1z−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) Sw (n)
^
is the weighted reconstructed Sw (n) where Sw(n) is the weighted input speech, and
speech.The codebook search procedure attempts to find the values of the adaptive
61
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as well as the fixed codebook index k and gain G2, which α codebook gain G1 and delay
minimize the mean square error Ew taken over the sub-frame length N. This error can be
writtenas:Where
(6) E w =

1 ⎛ N −1 2
⎞
⎜ ∑ X (n) − Tαk ⎟
N ⎝ n =0
⎠

Tαk =2*(G1*Cα +G2*Ck -G1*G2*Yαk )-G12* ζ α -G22* ζk

(7)

^
is the target X (n) = Sw (n) − S 0 (n) is the term to be maximized by the codebook search,

^
represented zero-input response of the S 0 (n) signal for the codebook search, and
weighted synthesis filter due to it’s input in previous sub-frames,Here
N −1

(8) ζ α = ∑

n =0

2

[(u(n) − α )*h(n)]

is the energy of the filtered adaptive codebook signal and
N −1

(9) Cα = ∑ X(n)*[(u(n) − α )*h(n)]
n =0

is the correlation between the filtered adaptive codebook signal and the codebook target
is the energy of the filtered fixed codebook signal [ck(n) * h(n)], ζ k X(n). Similarly,
and Ck is the correlation between this and the target signal. Finally,
N −1

(10) Yαk = ∑

n =0

[(u(n) − α )*h(n)]* [ck (n)*h(n)]

α The optimum values of the gains (G1 and G2) for a given pair of codebook indices
and k are expressed in equations (11) and (12)

(11) G1 =

Cα * ζ − C * Y
k
k αk
ζα *ζ −Y 2
k αk

C * ζ − Cα * Y
αk
(12) G2 = k α
ζα *ζ −Y 2
k αk
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The full search procedure computes the terms (Ck ,Cα , ζk , ζ α and Yαk) for every
, k and uses these to calculate the gains G1 and G2 [13] [14]. α pair of codebook indices

6. Results:

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

7. Conclusions:

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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