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ABSTRACT

In general CELP type vocoders provide good speech qu

ality around 4.8kbps. Among them, G.723.1 developed f

or Internet Phone and videoconferencing includes two v

ocoders, 5.3kbps ACELP and 6.3kbps MP-MLQ. Since 

6.3kbps MP-MLQ requires large amount of computation

 for the fixed codebook search, it is difficult to realize r

eal time processing for the Internet-based environment.

In order to improve the problem this paper proposes the

 new method that reduces the processing time up to abo

ut 50% of codebook search time. We first decide the gr

id bit, and then search the codebook. Grid bit is selecte

d by comparison between the DC-removed original spee

ch and synthesized speech, which is synthesized with o

nly even or odd pulses of target vector.

I. INTRODUCTION

The vocoder that has been mainly studied so far is CEL

P structure. This method provides good speech quality a

round 4.8kbps and has been standardized in many intern

ational standards such as ITU-T and TIA/EIA [1].

They are available in application areas such as Internet 

Phone, a voice mail system, a voice pager, etc, and Tru

e Speech coder and G.723 speech coder [2] are now us

ed as a commercial version. G.723.1 vocoder shown in 

Fig.1 is used for Internet Phone and other mobile comm

unication vocoder and it provides a good speech quality

 nevertheless the low bit rate. In addition, Since the G.7

23.1 uses dual bit rate for the optimal channel environm

ent, it is more applicable than other vocoders. However,

 since G.723.1 is one of CELP type vocoders and uses 

the ABS (Analysis-by-Synthesis) method, it has the pro

blem of requiring lots of processing time [3]-[5]. Moreo

ver, Since the G.723 dual bit rate speech codec includes

 two different vocoders, it requires lots of memories an

d computation, especially in MP-MLQ mode, to realize 

in DSP board. Thus, the vocoder that requires little com

putation and few memories is appropriate for Internet P

hone and videoconferencing in order to use cheap DSP 

board.

Therefore, this paper proposes a new method to reduce 

the processing time in MP-MLQ mode. In Order to do 

so, we determine the grid bit first and then search the o

ptimal pulse positions. As a result of experiment, we re

duce approximately 25% of the processing time in MP-

MLQ mode only. For subjective and objective speech q

uality test we use segSNR and MOS test respectively a

nd obtain 11.19 dB and 3.9 on the average respectively.

II. G.723.1 6.3KBPS MP-MLQ[2]

The residual signal 59..0]}[{ =nnr , is transferred as a ne
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w target vector to the MP-MLQ block. This block perfo

r m s  

Fig1. Block Diagram of G.723.1 Vocoder

the quantization of this vector. The quantization process
 is approximating the target vector ][nr  by ][' nr .

∑
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where ][nv  is the excitation to the combined filter 

)(zS  with impulse response ][nh  and defined as:
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where G is the gain factor, ][nδ  is a Dirac function, 

1..0}{ −= Mkkα  and 
1..0}{ −= Mkkm  are the sign (±1) and th

e positions of Dirac function respectively and M is the 

number of pulses, which is 6 for even subframes and is

 5 for odd subframes. There is a restriction on pulse po

sitions. The position can be either all odd or all even. T

his will be indicated by a grid bit. So, the problem is t
o estimate the unknown parameter, G, 

1..0
}{

−= − Mkkα , 

1..0}{ −= Mkkm , that minimize the mean square of the err

or signal ][nerr .
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The parameters estimation and quantization processes ar
e based on an analysis-by-synthesis method. The 

maxG

parameter is estimated and quantized as follows. First th

e crosscorrelation function ][ jd  between the impulse r

esponse, ][nh , and the new target vector, ][nr , is com

puted.
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The estimated gain is given by:
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Then the estimated gain maxG  is quantized by a logarit

hmic quantizer. This scalar gain quanrizer is common to

 both rates and consists of 24 steps, of 3.2 dB each. Ar

ound this quantized value, max

~
G , additional gain values

 a r e  s e l e c t e d  w i t h i n  t h e  r a n g e  [ 2.3
~

max −G ,  

4.6
~

max +G ]. For each of these gain values the signs a

nd locations of the pulses are sequentially optimized. T

his procedure is repeated for both the odd and even gri

ds. Finally the combination of the quantized parameters 

that yields the minimum mean square of ][nerr  is sele

cted. The optimal combination of pulse positions and ga

in is transmitted. 








M

30  combinatorial coding is used to

 transmit the pulse positions. Furthermore, using the fac

t that the number of codewords in the fixed codebooks 

is not a power of 2, 3 additional bits are saved by com

bining the 4 most significant bits of the combinatorial c

odes for the 4 subframes to form a 13-bit index.

To improve the quality of speech with a short pitch peri
od, the following additional procedure is used. If 0L  is
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 less than 58 for subframes 0 and 1 or if 2L  is less th

an 58 for subframes 2 and 3, a train of Dirac functions
 with the period of the pitch index, 

0L  or 2L , is used

 for each locaton km  instead of a single Dirac function

 in the above quantization procedure. The choice betwe

en a train of Dirac functions or a single Dirac function 

to represent the residual signal is made based on the m

ean square error computation. The configuration, which 

yields the lowest mean square error,  is selected and its 

parameter indices are transmitted.

III. PROPOSED ALGORITHM

This paper proposes a method to reduce the search time

 to find optimal pulse positions by selecting the grid bit

 before searching them. In order to select the grid bit w

e use the error between the DC-removed original signal

 and the synthesized signals using only even or odd pul

se positions.

III.1 Generating a target vector

Target vector having the only even or odd pulse positio

ns is generated using the following equation.

1,0],2[]2[
1

2

0

=+×=+× ∑
−

=

iinrinv

L

n
i

    (6)

where L is the subframe length. The amplitude of the o

btained target vector is set to 0 or ±1 depending on the

 pulse sign as follows.
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III.2 Decision of the grid bit

A synthesized signal is produced by convolution betwee

n the above target vector and an impulse response, 

][nh , of the combined filter, )(zS .
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Then after comparing the DC-removed original signal a

nd the synthesized signal, we select grid bit which mini

mizes the error
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If the above condition in Eq. (10) is not satisfied, searc

h is performed for all even and odd pulse position like 

G.723.1

IV. EXPERIMENTAL RESULTS

Computer simulation was performed to evaluate the pro

posed algorithm in this paper.  IBM Pentium(333Mhz) in

terfaced with a commercial AD/DA converter was used.

 Speech data was sampled at 8kHz and quantized with 1

6bit. A frame size is 240 samples and subframe size is 6

0 samples. To evaluate the performance of the proposed a

lgorithm we use five sentences which is input through ra

dio broadcast.

Speech quality test was performed on the subjective and 

objective test. In case of the objective quality test we use

 segmental SNR (Signal-to-Noise Ratio) and in case of th

e subjective quality test we use the MOS (Mean Opinion

 Score) test. As a result of experiment we obtained 11.19

3dB of segSNR and 3.884 of MOS score on the average.

 Table 1 and 2 show the segSNR and MOS score for eac
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h sentence respectively. Following equation was used for 

the objective test

∑
=

=

=

M

m

e

e
s

mSNR
M

dBsegSNR

E
E

dBSNR

1

210

)(1)(

)(log10)(

where M is the total frame number.

In order to measure the processing time we used the cl

ock function, which C language provides. Measurement 

was performed on the only MP-MLQ block in G.723.1 

and the proposed algorithm. We me asured 7 times for 

each sentence and subtract maximum and minimum val

ue. As a result we reduce 26.08% of the processing tim

e on the average. Table 3 shows the result. Fig. 2 show

s the result waveforms which passed through the G.723.

1 and proposed algorithm.

V. CONCLUSION

G.723.1 developed for Internet Phone and videoconferen

cing uses the ABS (Analysis-by-Synthesis) method like 

CELP type vocoder, it has the problem of requiring lots

 of processing time. Therefore, this paper proposes the 

method to reduce the processing time by selecting the g

rid bit previously, which makes the error minimized bet

ween the DC-removed original signal and the synthesize

d signal using only even or odd pulse positions. As a r

esult segSNR is 11.19dB, and there is almost no speech

 degradation in MOS test, and we reduce 26.08% of pr

ocessing time on the average.

Fig 2. The comparison of result waveform

(a) G.723.1 (b) Proposed algorithm

Table 1. The result of objective test (dB)

SegSNR

Data 1 13.44

Data 2 9.55

Data 3 10.62

Data 4 11.12

Data 5 11.24

Average 11.19

Table 2. The result of subjective test (MOS score)

G.723.1
Proposed Algorith

m

Data 1 3.89 3.88

Data 2 3.91 3.89

Data 3 3.92 3.92

Data 4 3.88 3.88

Data 5 3.87 3.85

Average 3.89 3.88

Table 3. The result of processing time [ms]

G.723.1
Proposed Al

gorithm

Reduction R

atio (%)

Data 1 120.86 88.58 26.7

Data 2 59.08 48.78 17.4
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Data 3 54.58 40.768 25.3

Data 4 64.16 47.20 26.4

Data 5 77.40 50.60 34.6

Average                        26.08
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