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Abstract
In this paper, a novel transcoding algorithm specially related 
to codebook gain conversion is proposed between AMR-NB 
at 7.95kb/s and G.729a. It can bypass the gain predictive 
process and directly convert codebook gain parameters. 
Additionally, the new gain parameter conversion method can 
be extended to the other rate modes of AMR-NB while 
transcoding with G.729a. The experimental results show that 
the quality of transcoded speech using the proposed algorithm 
is improved greatly and the computational complexity is 
reduced by 85% compared with DTE (Decode then Encode) 
method. A 5ms look-ahead delay is avoided as well.  

Index Terms: speech coding, speech transcoding, CELP, 
G.729a, AMR-NB.

1. Introduction
Speech coding standards such as AMR-NB and G.729a based 
on code-excited linear prediction (CELP) [1] have been 
widely used in wireless network and VoIP systems. AMR-NB 
[2] standard was adopted by the Third Generation Partnership 
Project (3GPP) as the mandatory codec for the third 
generation (3G) mobile communication system. At the same 
time, G.729a [3] was widely used for packet switched 
networks such as VoIP. When users who use different 
communication systems communicate with each others, a 
transcoder is needed to convert different speech coding 
formats between systems. Conversional solution to the 
problem above is called DTE [4]. When the media gateway or 
the base station receives a bit-stream from the source system, 
the bit-stream will be decoded to get the reconstructed speech. 
Then the encoder of the destination system will encode the 
reconstructed speech to produce the decodable bit-stream of 
the destination system. After re-encoding, the bit-stream will 
be sent to the destination system. There are three main 
problems with the DTE method: quality degradation, delay 
and complexity increase. Usually, the mean opinion score 
(MOS) [5] drops more than 0.5 for a single DTE case, and the 
effect is even worse in a cross-tandem case [6].

In order to solve the problems caused by DTE, a parameter 
direct conversion (PDC) method was proposed in [7]. It 
doesn’t need to produce the reconstructed speech instead of 
recovering the parameters from the bit-stream. As mentioned 
above, most speech coding standards are based on CELP 
model, so the parameters in the bit-stream are nearly same. 
Four parameters including LSF (Line Spectrum Frequency), 
pitch lags, fixed codebook and gains are usually transcoded in 
PDC.A transcoding algorithm between G.729 and AMR-NB 
conversion and partial DTE for gain parameter conversion 
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at 12.2kb/s was presented in ref. [8]. The authors used a novel 
computationally efficient method for codebook parameter. 
This algorithm reduced the delay and complexity, but its 
quality of the reconstructed speech is a little worse than DTE. 
The authors in [9] proposed a PDC method between ITU-T 
G.729 and TIA IS-641. It concerned LSF parameter 
conversion and three kinds of gain parameter conversion 
methods. The reconstructed speech quality, delay and 
computation burden are all improved compared with DTE. In
this paper, we propose a novel transcoding algorithm between 
3GPP AMR-NB at 7.95kb/s and ITU-T G.729a using a new 
gain parameter conversion method. The new gain parameter 
conversion method bypasses the gain predictive process and 
directly converts codebook gain parameters without reducing 
the objective and subjective quality. Additionally, the new 
gain parameter conversion method can be extended to the 
other rate modes of AMR-NB while transcoding with G.729a. 

This paper is composed of 5 parts. The bit allocations of 
AMR 795 mode and G.729a are briefly described in Section 2, 
and then the similarities and differences of the two speech 
coders are also summarized in Section 2. In Section 3 the 
proposed transcoding algorithm is presented and discussed. 
Performance evaluation is shown in Section 4 in terms of 
complexity, quality and delay. Finally, we present our 
conclusion in Section 5. 

2. AMR795 mode versus G.729a 
AMR-NB is a speech coding standard based on CELP model 
adopted by the 3GPP as the mandatory codec for the 3G 
mobile communication system. It supports eight encoding 
modes with different bit-rates from 4.75kb/s to 12.2kb/s. The 
bit-allocation of AMR 7.95kbit/s is showed in Table 1.

Table 1 Bit allocation of the AMR795 mode (20ms frame)

Parameters 1st/3rd

 subframe 
2nd/4th

 subframe 
frame

LSF 27
Pitch delay 8 6 28
Pitch gain 4 4 16

Algebraic code 17 17 68
Codebook gain 5 5 20

Total 159
G.729 is an ITU-T recommendation based on CELP model 

with an algebraic structure for the fixed-codebook. It is 
widely used for packet switched networks.G.729a is the 
simplified version of G.729. Its bit-stream is interoperable 
with G.729.The bit allocation of G.729a is showed in Table 2 . 

From Table 1 and Table 2, we can find the similarities and 
differences of the two standards. They are summarized in 
Table 3. Although both coders have similar bit-stream 
information, we have to carefully consider the conversion 
process of LSF and gain. 
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Table 2 Bit allocation of the G.729a (10ms frame)

Parameters 1st

subframe
2nd

subframe
 frame

LSF  18
Pitch delay 8 5 13

Pitch delay parity 1 1
Algebraic code 17 17 34

Codebook gain(stage 1) 3 3 6
Codebook gain(stage 2) 4 4 8

Total 80

Table 3 Similarities and differences of AMR795 mode 
and G.729a

Parameters Similarities Differences
LSF predictive

quantization
number of allocated bits; 
dimension of split sub-

vector
Adaptive
codebook

resolutions the search range of
even sub-frame is
wider (AMR795) 

Fixed
codebook

structure and 
bit-allocation

Gray coded (AMR795) 

Gains predictive
quantization

SQ vs. VQ;  
codebook structure

3. Proposed algorithm 
In this section, the proposed algorithm is presented in three 
sub-sections. Since the two coders have more differences in 
LSF and gains processing, we will discuss this two parts in 
detail.

3.1. LSF conversion method 
Generally, there are two methods for LSF parameter 
conversion including transcoding in the speech domain and in 
the LSP domain. The speech domain method is the same with 
DTE, the reconstructed speech is needed. The LSP domain 
method decodes the LSP vector from the source bit-stream. 
After interpolating or regressing, the LSP parameter of the 
destination system is converted to LSF and re-quantized into 
destination bit-stream. The LSP domain method has a low 
computational complexity by removing the LP analysis and 
the conversion from LP coefficients to LSP. Furthermore, the 
algorithmic delay is reduced by 5ms, for the LP analysis’s 
look-ahead is removed. Here, we choose the LSP domain 
method to convert the LSF parameter. 

When transcoding from AMR795 mode to G.729a, the LSP 
of AMR795 mode in one frame is interpolated for generating 
two frames’ LSP used for G.729a. Let  be the LSP 

vector of the frame decoded from AMR795 mode’s bit-
stream. Then the two frames’ LSP vectors of G.729a are 
obtained as: 

AMR
k�

thk

729
2 1 10.5 0.5a AMR A

k k k� �� � � � � MR
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k

729
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a AM
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Then the two LSP vectors are converted to LSF and re-
quantized independently and transmitted to G.729a decoder. 

For the inverse transcoding system from G.729a to 
AMR795 mode, the LSP vector of AMR795 mode is obtained 
as: 

729
2

AMR a
k� � �                                  (2) 

where  is the even frame’s LSP of G.729a. 729
2

a
k�

We compare the average spectral distortion (ASD) of the 
speech domain method with the LSP domain method. The SD 
is defined as: 
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where ( )H �  and ( )H ��  are the original and the re-mapped 
short-term LP spectral, respectively. The ASD and the 
percentage of outlier frames for transcoding from AMR795 
mode to G.729a and vice versa are shown in Table 4 and 
Table 5 . Sixteen Chinese sentences spoken by four males and 
four females are used to calculate the ASD. Each sentence is 
8s long. The SD is obtained every 20 ms. This results in 6400 
speech frames. From the tables, it is clear that the 
performance of the LSP domain method is much better than 
the speech domain method. 

Table 4 Spectral distortion of two LSF conversion 
methods (from AMR795 mode to G.729a) 

Outliers (%) Method ASD(dB)
2 4 dB >4 dB 

Speech domain 2.682 57.323 12.185
LSP domain 1.298 6.646 0.046

Table 5 Spectral distortion of two LSF conversion 
methods (from G.729a to AMR795 mode)

Outliers (%) Method ASD(dB)
2 4 dB >4 dB 

Speech domain 2.697 74.246 6.477
LSP domain 1.405 9.492 0.108

3.2. Pitch and codebook conversion method 
For both coders, the search range of integer pitch lag and the 
fractional resolution are the same. However, there is a little 
difference between AMR795 mode and G.729a in pitch lag: 
the search range of AMR795 mode’s even sub-frame is wider

2 2
3 3

than G.729a one ( 2
3 3

2 ).While 

transcoding from AMR795 mode to G.729a, a range check of 
AMR795 even sub-frame’s lag value is needed. For the 
inverse transcoding system, the pitch lag can be directly 
converted.

The algebraic codebook’s structure and coding method are
the same between AMR795 mode and G.729a. However, the 
pulse’s position of AMR795 mode is Gray coded. Before 
transmitting the pulse’s position from AMR795 mode to 
G.729a, the pulse’s position information should be Gray 
decoded in advance. For the inverse transcoding system, the 
pulse’s position and sign can be directly converted. 

3.3. Gain conversion method 
The adaptive-codebook gain and fixed-codebook gain are 
quantized separately in AMR795 mode. However, a 
conjugate quantization method is used in G.729a. Predictive 
VQ scheme are used for both coders. The fixed-codebook 
gain is pre-processed using following equation: 

'/gc c cg g	 �                                 (4)

where '
cg  is the predicted gain of current sub-frame. gc	 is a 

correction factor.
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       Figure1  Proposed codebook gain conversion method

0.05( ( ) )' 10 IE n E E
cg � �� �                           (5) 

where IE is the average energy of the fixed-codebook 

contribution; ( )E n� is the predicted energy; E is the average 
energy of the fixed-codebook excitation. 

In this paper, a novel gain parameter conversion method is 
proposed. This new method can directly convert codebook 
gain parameter from the source system to the destination 
system without reducing the speech quality while bypassing 
the gain predictive process. Its basic principle is described 
below: when the media gateway or the base station receives 
the source gain bit-stream. The adaptive-codebook gain pg

and correction factor gc	 of the source system are decoded 
from the gain quantization codebook of the source system. 
Then the adaptive-codebook gain pg and correction factor 

gc	 are re-quantized with the gain quantization codebook of 
the destination system using the proposed quantization 
scheme. After the re-quantizing process, the best gain index is 
transmitted to the destination system. 

As the proposed re-quantization scheme is ascertained in 
the proposed gain conversion method, we can design a simple 
looking-up method using the proposed quantization rule in 
advance. This method totally cancels the computational 
complexity of gain re-quantization but increasing the memory 
a little. Figure1 shows a block diagram of the proposed gain 
conversion method. 
Figure 2 shows the synthesized speech of DTE and the 
proposed transcoding algorithm using the new gain 
conversion method when transcoding from AMR795 mode to 
G.729a. From Figure 2, it is clear that the amplitude of 
synthesized speech using the proposed method is equal to the 
amplitude of synthesized speech using DTE method. In 
Figure 2 (c), the synthesized speech’s amplitude is lower than 
DTE method. The reason is that when using Euclidean 
Minimum Distance quantization scheme. The average energy 
of the fixed-codebook excitation is different in the two coders 
(  E=36dB in AMR795 mode E=30dB in G.729a).Thus, 
when transcoding from AMR795 mode to G.729a while using 
Euclidean Minimum Distance quantization scheme, the 
synthesized speech’s amplitude is descended. 

4. Performance evaluation 
In this section, we show the performance of the proposed 
algorithm in terms of complexity, quality and delay. For the 
evaluation, a fixed-point implementation of the proposed 
algorithm using the C programming language was made 
firstly. 

(a)

(b)

(c)

Figure 2: (a) DTE synthesized speech (b) proposed 
transcoding algorithm synthesized speech (using proposed 
quantization scheme) (c) proposed transcoding algorithm 
synthesized speech (using Euclidean Minimum Distance 

quantization scheme)

4.1. Computational complexity  
When the fixed-point implementation of the proposed 
algorithm was finished, we mark the computational 
complexity under the demand of ITU-T G.191 standard [10].
A 430s long speech sample is used as complexity 
measurement. We calculate the Average WMOPS and Worst 
Case WMOPS as final results. Table 6 and Table 7 show the 
detailed Average WMOPS of each routine. From the tables it 
is clear that the complexity of the proposed algorithm is 
reduced by 81.79% when transcoding from AMR795 to 
G.729a and 85.51% verse vice. Table 8 shows the Worst Case 
WMOPS results. 

4.2. Speech quality 
We choose the mean opinion score-listening quality objective 
(MOS_LQO) [11] as an objective speech quality assessment 
result. Five languages which consist of Chinese, American 
English, French, Finland and Japanese from NTT database are 
used. Speech data are composed of 480 sentences spoken by 
40 speakers (20 males and 20 females), where each sentence 
is 8s long. The average MOS_LQO scores of DTE and 
proposed transcoding algorithm are listed in Table 9. As the 
table shows, the performance of the proposed algorithm is 
better than DTE. We also compare the lower boundary of 
95% confidence interval for above results, the lower 
boundary of the proposed method is higher than the DTE 
method. 
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Table 6 Complexity of DTE and proposed algorithm from 
AMR795 to G.729a (Average WMOPS)

Function DTE Proposed
AMR795 postfilter 0.524703                          0 
AMR795 Decoder 1.416438 0.375693
Total (decoder 1.941141 0.375693

LP analysis & 
conversion 1.206263                          0 

LSF quantization & 
interpolation 1.245937 1.245937

Open-loop pitch 0.506729                          0 
Close-loop pitch 1.239651                          0 

Algebraic codebook 1.805658                          0 
Quantization of gains 0.315925                          0

G.729a Encoder 1.313923 0.121839
Total (encoder) 7.634086 1.367776

Total 9.575227 1.743469

Table 7 Complexity of DTE and proposed algorithm from 
G.729a to AMR795 (Average WMOPS)

Function DTE Proposed
G.729a postfilter 0.997206                         0 
G.729a  Decoder 0.748102 0.158463
Total (decoder 1.745308 0.158463

LP analysis & 
conversion 0.807357                         0 

LSF quantization & 
interpolation 0.896158 0.896158

Open-loop pitch 1.269383                         0 
Close-loop pitch 2.384773                         0 

Algebraic codebook 3.923772                         0 
Quantization of gains 0.905658                         0

AMR795 Encoder 1.938720 0.954645
Total (encoder) 12.125821 1.850803

Total 13.871129 2.009266

Table 8 Complexity for DTE and proposed algorithm 
(Worst Case WMOPS)

Algorithm AMR795 To G.729a G.729a To AMR795

DTE 10.0917 14.2889
Proposed 1.82395 2.024

Table 9 Comparison of MOS_LQO score

Algorithm AMR795 To G.729a G.729a To AMR795

DTE 3.343 3.284
Proposed 3.514 3.417

As a subjective measure, we have done informal A/B-
comparison test between DTE and the proposed algorithm. 
Only Chinese language is tested and speech data are 
composed of 24 sentences spoken by 8 speakers (4 males and 
4 females) from NTT database, where each sentence is of 
about 8s long. A total of 5 listeners took the test. The result in 
Table 10 shows that the subjective quality of the speech 
processed by the proposed algorithm is better than the quality 
of the speech processed by DTE. 

Table 10 Results of subjective A/B test

Preference Score (%) Connection
DTE Proposed No Preference

AMR795 To 729a 26.67 35.83 37.5
729a To AMR795 26.67 37.5 35.83

4.3. Delay 
In this paper, we only consider the algorithmic and processing 
delays. In the proposed transcoding algorithm, LP analysis’s 
5ms look-ahead is removed. The algorithmic delay is then 
reduced by 5ms. Furthermore, the processing delay can be 
reduced as well. 

5. Conclusion
In this paper, we propose a transcoding algorithm between 
AMR-NB at 7.95kb/s and G.729a. Informal listening tests and 
the mean opinion score-listening quality objective 
(MOS_LQO) scores show that the proposed algorithm has 
better quality than DTE method while the computational 
complexity can be reduced by 85%. A 5ms look-ahead delay 
is avoided as well. Additionally, a novel gain conversion 
method without gain predictive process is presented. The 
method can directly convert codebook gain parameter without 
losing the subjective and objective speech quality. 
Furthermore, the proposed gain conversion method can be 
extended to the other rate modes of AMR-NB while 
transcoding with G.729a.
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