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Abstract: Problem statement: In mobile communication, speech coding aims at p@ssing the
speech with lowest bitrate and highest quality fandard languages such as English, German and
French. As for other languages with different uttgrstyles, the encoded speech quality is not
guaranteed at the same bitrate. The appropriateagicn should be performed to develop the speech
quality by applying some suitable techniquépproach: This study presents the comparison results
of speech quality that is encoded and decoded BACISLP coder according to ITU-G.729 standard.
The purpose is to test the performance of CS-ACEwdRer between Thai speech and English speech.
Results: The study used 2 coding methods; (1) CS-ACELP cuadtbiout Voice Activity Detection and

(2) CS-ACELP coder with Voice Activity Detectionh& objective test was used to measure the speech
quality for each case. The results show that batthads give Thai speech quality mostly below than
English speech quality, as for methods comparisoith Thai and English, method (2) gives speech
quality better than method (1). Eventually, we nfiedi the coder by increasing the order of LP
analysis to improve the Thai speech qual@gnclusion: From the finding, by no other modification,
the quality of Thai coding is not equivalent to taeglish Language. After modifying the LP analysis
by increasing the LP order from 10-12 or 14, theligyiof Thai speech coding are truly improved. But
the coding rate also increased for allocating ibbgér order information.

Key words: Thai speech, speech coding, Code-Excited Lineadi€iee (CELP), International
Telecommunications Union-Telecommunications Sec{6FU-T), Linear Predictive
Coding (LPC), Voice Activity Detection (VAD), Lin8pectrum Pairs (LSP)

INTRODUCTION and short-delay coding (less than 5 ms) (Jeal.,
1998; Chitra and Ravichandran, 2007).

Nowadays, the digital communications are widely ~ 1° achzi:leve high quality and short-delay coding
developed. The information; audio, images, video oft 8 kb sec, the backward adaptation technique was

data can be transmitted through wire or wirelessoerformed' Many coders used the Linear Predictive
network channels (Jabraneet al 2007) Coding (LPC) predictor in a backward-adaptive manne

Simultaneously, the number of users to access thesbé' performlng LPC analysis on prgwously q“‘?‘?‘t'zed
peech. Since the reconstructed signal is available

networks increases rapidly. -Consequently, channeioth the encoder and decoder, this approach daes no
capacity has t,o be increased, signal compres§'m5 al require that the LPC coeﬁicienté be sent to thender.
to perform this. As for speech, speech coding wagoyever, although this technique is useful for 16 k
created almost 60 years ago and improved from theg, <1 LD-CELP, an 8 kb sét coder was not found to
until now (Cox, 1997; Hergkt al., 2005). _give high quality when using only backward PLC
The International Telecommunications  Union- gnaiysis without pitch prediction. In 1995, CS-AGEL
Telecommunications ~ Sector (ITU-T) has already,qer was developed and standardized as 8 kB sec
standardized 64 kb sécp/Alaw PCM, 32 kb SEC G729 (Chomput al., 2000; 2001a; 2001b; Chompun,
ADPCM and 16 kb sét Low-Delay Code-Excited 2004; Agel, 2006; Moussaoi al., 2006).
Linear Prediction (LD-CELP). The next step in the  Tq verify this circumstance, this study will study
progression is an 8 kb Secspeech coding algorithm. and compare the performance of CS-ACELP coder
Since the three existing standards all provide -highaccording to ITU G.729 between Thai and English
quality and short-delay coding, the main requiremenspeeches. The study will use 2 coding methodsfirtte
for the 8 kb se¢ algorithm is also initially high-quality is CS-ACELP coder without Voice Activity Detection
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(VAD) and the second is CS-ACELP coder with Voice Inpit
Activity Detection. The objective test as segmental T
signal to noise ratio (segSNR) will be selected to : -
measure the speech quality for each case. ;ﬂiﬁiﬁf&
However, since Thai language is a tonal language. : interpolation
So the use of CS-ACELP coder following to ITU G.729 - 5% : e
to compress Thai speech will be not guaranteeghees @ ———— “ & Synthesis 4‘.@@
quality as English language. e B e
Later, we modified some parameters in CS-ACELP : | i c
coder in order to improve its efficient for Thaiegzh i LPC info
compression. In the 10th linear prediction analysid e ] EER Pm:fpml

filtering, the order is increased to 12 and 14, | 1
respectively (Nomuraet al., 1998; Ozawa and
Serizawa, 1998; Ozawet al., 1996). i

weighting

Gain e »  Parameter Transmitted
PG | P — »! eptiodii bitstream
MATERIALSAND METHODS 17 e s '
CS-ACELP algorithm: The CS-ACELP coder is based Fig. 1: Block diagram of G.729 encoder
on the Code-Excited Linear Predictive (CELP) coding
model. The coder operates on speech frames of 10 M| Fixed |
corresponding to 80 samples at a sampling rat®00 8 codebook | g€ ] T— o
samples per second. For every 10 ms frame, thelkpee yrT 3 siter || processing
signal is analyzed to extract the parameters oCtEeP M cadebook T:[‘/ 1 ¥
model (linear-prediction filter coefficients, adaet and f )

fixed-codebook indices and gains). These parameters
are encoded and transmitted. At the decoder, the.1<_e|
parameters are used to retrieve the excitation and
synthesis filter parameters. The speech is reaatstt L - )
by filtering this excitation through the shortterm  1he decoder principle is shown in Fig. 2. Firkg t

synthesis filter based on a 10th order liner prmtic p_arameters |nd|c_es_are extracted from the_z received
filter and the long-term or pitch synthesis filter bitstream. These indices are decoded to obtaindter

implemented using adaptive-codebook approach. Afteparameters corresponding to a 10 ms speech frame.
computing the reconstructed speech, it is furtheffN€se parameters are the LSP coefficients, the 2

enhanced by a post-filter (Schroder and Sherif7199  fractional pitch delays, the 2 fixed-codebook vesto
The encoding principle is shown in Fig. 1. The and the 2 sets of adaptive and fixed-codebook gains

The LSP coefficients are interpolated and convetted
LP coefficients for each subframe. Then, for eachs

g. 2: Block diagram of G.729 decoder

input signal is high-pass filtered and scaled i pine-

processing block. The pre-processing signal seages N
the input signal for all subsequent analysis. LRlysis subframe, the excitation is constructed by addimg t

: Ig\daptive and fixed-codebook vectors scaled by their
is done once per 10 ms frame to compute the L ) . . 7

- .. respective gains, the speech is reconstructedtbyirig
coeflicients. These coefficients are converted toel the excitation through the LP synthesis filterafly, the
Spectrum Pairs (LSP) and quantized using predictiv 9 y »

o ih 18 bi Th Feconstructed speech signal is passed through ta pos
two-stage  vector - quantization wit Its. eprocessing stage, which includes an adaptive pitest-f

excitation signal is chosen by using an analysis-byj,5504 on the long-term and short-term synthegs fil
synthesis search procedure in which the error 8twe ¢;10wed by a high-pass filter and scaling operatio
original and reconstructed speech is minimized \gice Activity Detection is in the pre-processing
according to a perceptually weighted distortion soee. part to decide the input speech frame as voiced or
This is done by filtering the error signal withergeptual  ynyoiced speech. Consequently, the unvoiced speech
weighting filter, whose coefficients are derivedrnfrthe  mode neglects the adaptive codebook quantization pa
unquantized LP filter. The amount of perceptualbecause no periodicity is needed while the voiced
weighting is made adaptive to improve the perfortean speech mode still employs both fixed and adaptive
for input signals with a flat frequency-response. quantization part.
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Table 1: First set of tested sentences (Chongbwah., 2000; 2001a;

Table 3: segSNR of Thai and English speech compnessLP order 10

Chompun, 2004; Sharmeedgal., 2006) SegSNR(dB)
Tested sentences (Thai) Tested sentences (English) - -
sruudaenuw Wi a6 This is a top secret. Thai English
agtwvﬁwﬁﬂag‘mutmxw My name is John K. Smith. Method Male Female Male Female
lilavyuinsuasdivuau Richard concluded the lecture. 1st set CS-ACELP 9.45 9.38 9.72 972
Ussloanagaunieting Have a nice day for this trip. CS-ACELP with VAD  9.50 9.42 975 973

< . 2nd set CS-ACELP 9.47 9.40 975 971
A mmiiuariuas Leave me alone in the dark. CS-ACELP with VAD 9.49 9.44 9.76 9.72
giiun1s lanudzain Wireless communications.

4

Table 2: Second set of tested sentences (Ounnagimdklitapunkul 3 2 1

1995; Ounnapirak, 1995). 5 0 -mwwmm—
Tested sentences (Thai) Tested sentences (English) - 2T I
a’]Q’]'jﬁrL%UuL%mpgﬂﬂﬂﬁa\j Give me a zebra flag please. o ’ooo 1000 6000 8000 10000 12000 14000 16000 18000

aunnunanifiuisa Father played the xylophone.
srdhgnaanuanlaIng Bob quickly wore his slacks. 3
WIngavInsuln Jam did his paper last night. ;:
LANLALNUNILIUFIUNTE Excuse me, may | come in.
wiaaniuaninwnlsa Good bye, see you tomorrow.

Methods of coding: In the experiment, 2 coding :
methods were used: One was CS-ACELP coder without”
VAD, another was CS-ACELP coder with VAD
(Chomphan, 2010a; Chomphan, 2010b). Two sets of
sentences were used by those coding methods. Thqef?
these two sets of sentences were compared. Each s
contained 6 Thai and 6 English sentences. Thesfitsof
sentences was in Table 1, the second was in Tabke 2
both sets, speeches of 3 men and 3 women wereleelcor

The sentences chosen in these sets covered all ¢
the characters in each language. The second set we
performed as same as the first set to comparesthdts
from each one.

RESULTS

The quality of speech was evaluated in both 2 sets
by using the values of segmental signal to noise ra
defined in Eq. 1 (Chompuret al., 2000; 2001b;
Chompun, 2004; Sharmeedhal., 2006). Figure 3 and
4 show the original signal, the reconstructed dgyoé
both methods of the first sentence in the first feet
Thai and English respectively, while Table 3 shows
segSNR for both methods:

=3
0 2000

ig. 3: Original signal,

Sample

WM’MWWW

0 LOOO 4000 6000 8000

10000 12000 14000 16000 18
Sample

oo

4000 6000 8000 10000 12000 14000 16000 18

Sample

reconstructed signals
methods. (Thai in the first set)

104

000

aftho

4
'40 K 04 06 08 T 12 14 16 18 2
Samp 10*
-4
0 2
Sa.mpl 104
-4
0 2
Sampl x10%
Fig. 4: Original signal, reconstructed signals athb
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DISCUSSION

The results in Table 3 show that both methods give

Thai speech quality mostly below than English sheec

Where:

N = Length of segment in bit
L = Number of segments
s(n) = The original signal
§n)= The reconstructed signal
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quality about 0.25-0.34 dB for the first set andwitD.27-
0.31 dB for the second set. As for methods conparis
both Thai and English, method 2 gives speech gualit
better than method 1 about 0.01-0.05 dB for trs¢ et
and about 0.01-0.04 dB for the second set. Congparin
sets, the results of them were corresponding.
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Table 4: segSNR of Thai speech compression at LP
SegSNR(dB) - Thai

Order 10 Order 12 Order 14
Method Male Female Male Female Male Female
1st set CS-ACELP 9.45 9.38 9.53 9.45 9.54 9.48
CS-ACELP with VAD 9.50 9.42 9.62 9.50 9.64 9.52
2nd set CS-ACELP 9.47 9.40 9.54 9.45 9.53 9.48
CS-ACELP with VAD 9.49 9.44 9.60 9.49 9.62 9.51

Finally, the order of LP analysis was increased tcChitra, K. and V.C. Ravichandran, 2007. Turbo-cgdin
12 and _14 to improve _the quality of reconstructed  of Coherence Multiplexed Optical PPM CDMA
speech in case of Thai speech. Table 4 shows the system with Balanced Detection. Am. J. Applied
segSNR of both methods. For order 12, it shows the  ggj  4: 264-268. DOI: 10.3844/.2007.264.268

impr(_)vement of speech quality about 0.07-0.12 dB fo Chomphan, 2010a. Multi-pulse based code excited
_the first sgt and about 0.05-0.11 dB for the_secmtd linear predictive speech coder with fine granuarit
in comparison to LP order 10. For order 14, it shohe scalability for tonal language. J. Comput..Sci

improvement of speech quality about 0.09-0.14 dB fo ) i ) .
the first set and about 0.06-0.13 dB for the secsetd 6: 1288-1292. DOI: 10.3844/jcssp.2010.1288.1292

in comparison to LP order 10. Comparing 2 sets, thghomphan, 2010b. Perfor.manc.e evaluatlpq of multi-
results of them were corresponding. pulse based code excited linear predictive speech

The results were shown that the quality of coding coder with bitrate scalable tool over additive whit
was improved. But the coding rate also increased fo ~ Gaussian noise and Rayleigh fading channels. J.
allocating the higher order information. Comput. Sci., 6: 1433-1437. DOl

10.3844/jcssp.2010.1433.1437
Chompun, S., 2004. Fine granularity scalability NtfP-
CELP based speech coding with HPDR technique.
Proceeding of the IEEE Asia-Pacific Conferenae
Circuits and Systems, Tainan, Taiwan, pp: 197-200.

CONCLUSION

The ITU G.729 speech coder was applied to Thai
Language and the performance evaluation was

conducted. Without modifications, the quality ofarh
coding is not equivalent to that of the Englishespe

http://ieeexplore.ieee.org/xpls/abs_all.jsp?arnumbe
r=1412726

After modifying the LP analysis by increasing thB L Chompun, S., S. Jitapunkul and D. Tancharoen, 2001a

order from 10-12 or 14, the quality of Thai speech

coding are explicitly improved. But the coding rateo

Novel technique for tonal language speech
compression based on a bitrate scalable MP-CELP

increased for allocating the higher order inforimati

coder. Proceeding of the IEEE International
Conference on Information Technology: Coding
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