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The Novel Search Algorithm of G.729’s Fixed Codebook
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Abstract—In this paper, a new search algorithm for the G.729’s
fixed codebook is proposed. In this approach, the contribution of
each impulse located in the 4 groups is pre-estimation. Then the
Top-N search algorithm is employed to search the sub-optimal
fixed codeword. The search space of Top-8 is 8192(=8*8*8*16)
and is same as the full search. The search space of Top-4 is equal
to 512(=4*4*4*8). More than 93% of search space is reduced. The
correct rate between Top-4 and full search is 82.7%. The MOS of
listening test is 3.95 and 4.24 for Top-4 and full search,
respectively. These experimental results confirm the good
performance of our new search algorithm.
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l. INTRODUCTION

Speech compression is widely used in digital
communication system, such as mobile phone, VolIP, video
conference technology, etc. Speech compression reduces the
redundant data and saves the bandwidth of communication
channel. Recently, due to the rapidly growing of Internet, many
applications move to the Internet. The VoIP is an important
application and trend for future’s personal communication
system.

Due to the low bit rate, good speech quality, and the
reasonable computation requirement, the standard G.729 is the
default and important speech codec for the VVoIP. The G.729 is
designed by the ITU. It adopts the CS-ACELP (Code structure
Algebraic Code Excited Linear Prediction) algorithm and makes
the good speech quality. It converts 80 sample points into 80 bits
and achieves the bit-rate with 8kbps.

Since the G.729 is based on the CELP (code excited linear
prediction) model, each frame contains linear prediction
coefficients, excitation codebook indices, and gain parameters
that are used by the decoder structure in order to generate the
synthesized speech. The codebook indices include the index of
adaptive codeword and the index of stochastic codeword. The
adaptive codeword is obtained from the long-term prediction
and the stochastic codeword is estimated from the short-term
prediction. The short-term prediction needs the close-loop
search on the fixed codebook. It will need more computation
than the long-term prediction.
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However, the computation requirement of G.729 is about
10~20 MIPS. Although the G.729A with computation
improvement version is proposed, it still needs about 10 MIPS.
It can’t be easily implemented in the low-end DSP chip. In the
past, many researches pay their effort on the computation
reduction. Most of paper paid their effort on the improvement of
pitch detection. The VQ-based LSP quantization process got
more attention also. The computation of fixed codebook is also
dramatically large. The search space of G.729’s fixed codebook
is 8192. Moreover, the search space of these 4 pulse’s sign is 16.
Total search space is 131072. In the G.729’s document, no any
effective algorithm is proposed to improve the loading of
computation. The large computation requirement of G.729’s
fixed codebook makes the G.729 not realistic for product and
market.

In this paper, a novel search algorithm is proposed to
improve the computation of G.729’s fixed codebook. The
theoretic analysis and experimental result are made to inspect
and verify the performance of our search algorithm.

In the following section, the novel search algorithm of
G.729’s fixed codebook is given first. The experimental results
and analysis is given in the section IV. The conclusion and
discussion will be given in the last section.

Il.  THE NEW SEARCH ALGORITHM OF FIXED CODEBOOK

In the traditional G.729, the fixed codeword is estimated for
each sub-frame. The length of sub-frame is 40 sample points
(5ms). Each sample point of fixed codeword can be assigned
with a value of -1, 0, or +1. Thus, the combination of fixed

codeword is equal to3* (; 10"). It is dramatically large and

not realistic. Thus, in the G.729’s specification, these 40
positions of codeword are classified into 4 groups. The detail
classification of position for each group is listed in Table.1.
Only four positions located into each group are associated with
non-zero value. The other position is associated with zero value.
The combination of position in Table.l is equal to
8192(8*8*8*16). The combination of sign of these four

positions is equal to 16(=2*) . The total combination of
Table.1 is equal t0131072(=8192*16 ; 10°**). Thus, in



the approach of 4 groups, the search space is reduced from 10"

to 10°*2 for each sub-frame. The search space is 10"** per 1
second. However, the search space of 4 groups approach is still
dramatic large. The implementation of G.729 on DSP can’t be
easily achieved.

Table.1 The Structure of Fixed codebook.

Pulse Sign Positions

i, | S,: L | m,: 0,5 10,15, 20,25,30,35

1,6, 11, 16, 21, 26, 31, 36

D02,7,12,17,22,27, 32, 37

m,: 3,8, 13,18, 23, 28, 33, 38
4,9, 14,19, 24, 29, 34, 39

In the G.729’s C code designed by ITU, the search space of
the first subframe is 105 times and the second subrame is 75
times. Most of the 8192 search space is not done. The search
result is not optimal. In the G.729 document, The total search
times can’t exceed 180 times for 1 frame. The average search
time of subframe is 90 times. Not only in the G.729’s C code,
but also in the G.729 document, only a small search space is
done. In the past, none of algorithm is proposed to effectively or
correctly search the partial search space.

In this paper, the novel search algorithm is proposed to
reduce the search space of fixed codeword. In this approach, the
contribution and the sign of each position is pre-estimated by
close-loop analysis. The criterion of contribution is the root
mean square error (RMSE) between the long-term synthesized
error and the filter output of impulse for each position. Then,
these 40 positions are divided into 4 groups according to the
Table.1. Each group is sorted by the minimum RMSE. For each
group, the best position will have the maximum contribution to
reduce the RMSE and improve the synthesized speech. Thus,
the best position will be aligned in the first candidate. In our
approach, the fixed codeword is also same as G.729 standard.
Each sub-frame will select 4 un-zero positions and locate in the
4 groups, respectively. The Top-N algorithm will be employed
to select the best N-candidate position. Thus, the search space of
our approach for each sub-frame is listed as Table 2.

Table-2. The search space of Top-N.

Top-N | Search Space Total

N=1 Cll*Cll*Cll*Clz 2(0.02%)
N=2 C12 *C12 *Clz *C14 32(0.39%)
N=3 Cf*Cf*Cf*ClG 162(1.98%)
N=4 Cf*Cf*Cf *C18 512(6.25%)
N=5 C15 *C15 *C15 *CllO 1250(15.3%)
N=6 Cl6 *C16 *C16 *C;Z 2592(31.6%)
N=7 C17 *C17 *017 *C;4 4802(58.6%)
N=8 C18 *C18 *C18 *C;G 8192(100%)

The rough step of G.729 is listed as below. The detail
description on the fast search algorithm of fixed codebook for
each sub-frame is listed in the step 3~9.

Step #1: Estimated LSP, Gain, and Pitch.
Step #2: Calculate the Long-Term Contribution

Step #3: Estimated the predictive Error € ,[n] after
Long-term Process

Step #4: Estimated the Impulse response of LP filter h[n].

Step #5: Estimate optimal gain Qi at i-th position from the
following equation
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Step #6: Estimate the minimum RMSE D, at the i-th
position from the following equation.

B, = (eie[n] - Ghn-i])°

Step #7: Repeat Step 4~6 for i=0,1,...,239.

Step #8: Reorder the position of Table 1 according to their
minimum RMSE D, for each group. Moreover, the
sign of each position is determined by the optimal
gain §, . If the @, is positive, the sign of i-th
position is +1. If the @i is negative, the sign of i-th
position is -1.



Step #9: In the group 1~3, the Top-N candidates are selected.

In the group 4, the Top-2N candidates are selected.
All of these 4N candidates are checked and
estimated for the optimal codeword. The search
space is equal to the value of

CN*CN*CN *C2N (=2N*).

Step #10: Packet Parameter into Bit stream.

In our novel search algorithm, the search space is reduced
dramatically. For example, in the case of Top-3, more than 98%
of search space is reduced. In the case of Top-7, 41.4% of search
space is also reduced. The performance of computation saving is
good. The other performance will be analyzed in the next
section.

Il.  EXPERIMENTIAL RESULTS

In this paper, the novel search algorithm on G.729’s fixed
codebook is firstly proposed. The search space is reduced
dramatically. However, the speech quality and correction rate of
fixed codebook must be inspected to confirm the performance of
our approach.

In our experiment model, two speech databases are selected.
One is uttered by male and the other is female. The speech
database is generated from the reading process on newspaper.
The length of database is 1325.4 and 1839.7 seconds for male
and female, respectively.

In the analysis process of speech quality, the MOS of

synthesized speech for each Top-N is examined by listening test.
Totally 20 persons are invited to join the process of listening test.
The Table 3 lists the MOS vs. Top-N. The MOS of Top-8 is 4.24.

However, the computation requirement is dramatically large. It
can’t be implemented in general DSP chip or PC. The
computation saving and MOS of Top-1 and Top-2 can be
accepted in the real application.

Table-3. The MOS of synthesized speech.

Algorithm Computation Saving MOS
Top-1 99.98% 3.82
Top-2 99.61% 3.91
Top-3 92.02% 3.90
Top-4 93.75% 3.95
Top-5 84.7% 411
Top-6 68.4% 4.23
Top-7 42.4% 4.23
Top-8(Full Search) 0% 4.24
G.729(90 times) 98.9% 3.65
Original 4.25

In the analysis of correction rate, the full search result is
employed to examine the Top-N solution. The correction rate of
codeword between Top-8 and Top-N is checked. The Table 5
lists the correction rate vs. Top-N.

Table.5 The correction rate between Top-8 and Top-N

Algorithm Search Space Correction
rate
Top-1 2(0.02%) 47.5%
Top-2 32(0.39%) 62.6%
Top-3 162(1.98%) 73.9%
Top-4 512(6.25%) 82.7%
Top-5 1250(15.3%) 90.1%
Top-6 2592(31.6%) 95.4%
Top-7 4802(58.6%) 98.5%
Top-8(Full Search) | 8192(100%) 100%
G.729(90 times) 90(1.1%) 1.92%

In the Table-5, the correct rate between Top-8(Full search)
and the traditional G.729 is 1.92%. It is reasonable. Because the
search space of traditional G.729 is about 1.1% of full space and
no effective search algorithm is employed. Moreover, the
correction rate of Top-1~7 is larger than the search space. The
Top-1’s search space is 0.02%. It is very small. However, the
correction rate is about 47.5%. These results confirm that the
Top-N algorithm will correctly group the optimal position and
reduce the search space of fixed codebook. The novel search
algorithm on G.729’s fixed codebook proposed in this paper is
confirmed with good performance.

In another inspection of the speech quality, the fixed
codeword will not have great contribution on the speech quality.
For example, in the Top-1, the correction rate is only 47.5%.
However, the speech quality is still not bad. The MOS of Top-1
is 3.8. In the other case, the MOS of the traditional G.729 is 3.65.
It is also reasonable good. From the above experimental results,
it points out that the short-term prediction has only slight
influence on the speech quality. But the search space of G.729’s
fixed codeword is dramatically large. Thus, the effective search
algorithm is urgently needed to reduce the search space. In the
other experimental result, the MOS is 1.5 for the synthesized
speech without short-term prediction. Thus, the above
experimental results confirm the unimportant property of fixed
codeword. Moreover, the G.729 is not lack of fixed codebook.
The short-term prediction can be simplified. But it can’t be
removed.



IV. CONCLUSION

In this paper, the novel search algorithm on G.729’s fixed
codebook is proposed. Those experimential results cofirm the
good performance. It not only reduces the computation
dramatically, but also maintains the good speech quality. This
algorithm make the implementation of G.729 become easily for
general DSP chip.

Moreover, some important conclusions are obtained. First,
due to the large search space, the effective search must be
employed in the G.729’s fixed codebook. Second, the
contribution of fixed codebook is very slight. Third, the G.729
codec is not lack of fixed codebook.
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