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ABSTRACT

This paper describes a robustness issue of the transcoder un-
der packet loss channel environments. We briefly introduce

the conventional transcoder between AMR and G.729A speech

coders, and analyze the performance of transcoder under
frame erasure environments. In a tandem method even a sin-
gle packet loss significantly affects to the parametric buffers
of the successive frames because it should re-analyze the
distorted signals. However, the propagation effect of the
transcoding method is less severe because it uses a direct
bitstream mapping method. By comparing the time delay
of error propagation, spectral distortion of spectral infor-
mation, magnitude spectral distance of excitation informa-
tion and perceptual evaluation of speech quality (PESQ),
we show that the transcoding algorithm is also a promising
technology under packet loss channel environments.

I. INTRODUCTION

As the demands for various speech communication services
increase, the different standard speech coders should be si-
multaneously running through heterogeneous networks. In
some applications requiring interoperability between the dif-
ferent networks such as wireless and voice over IP (VoIP),
a simple choice is a tandem method that different coders
work independently with a manner of cascade connection.
Transcoding has been proposed to solve the problems of
the tandem method such as long delay, high computational
complexity and speech quality degradation [1][2]. Transcoder
also consists of a decoder of transmitter and an encoder
of receiver, but converts parameters of the source coder to
those of the target coder as many as possible in bitstream
domain. Though the transcoding algorithms should be in-
dependently designed for different connections of various
speech coders, the effectiveness of the algorithms was veri-
fied in most of the cases[1][2].

The voice quality of telecommunications in mobile net-
works or packet-switched transmissions is degraded by frame
erasures. For wireless communication networks, frame era-
sure is declared when the coder cannot protect the bit er-

rors caused by noise and fading. In voice transmission over
IP networks, the transmission impairments such as the ex-
cess of the transmission capacity and congestion cause the
packet error. Since the packet error brings perceptual qual-
ity loss, error concealment algorithms are normally used
in the receiver side of the standard coders [4][5]. Though
the error concealment system slightly improves perceptual
quality, however, it still has the problem of error propa-
gation to the consecutive frames because of mismatching
in the buffers of the speech coders. This situation is even
worse in the tandem case, because re-encoding procedure
is performed to the already distorted signal that is recon-
structed by the frame erasure concealment algorithm. Since
the transcoding algorithms adopt the direct bitstream map-
ping method for many parameters, those kinds of problems
can be minimized. In [3], they briefly showed that transcod-
ing algorithm was also very efficient even under frame era-
sure channel error conditions. However, no detailed analy-
sis has been made with regard to this environment yet. This
paper analyzes the performance of transcoding algorithms
in packet loss channel environments. To verify the robust-
ness of the transcoding algorithms against various chan-
nel error conditions, we compare the spectral distortions of
both spectral parameters and excitation signals in consecu-
tive frames after packet loss occurs.

II. OVERVIEW OF TRANSCODING ALGORITHM

This section describes transcoding between AMR [4] and
G.729A [5] that are the most popular speech coders in wire-
less and VoIP applications. Since these coders have similar
paradigms based on the algebraic code-excited linear pre-
diction (ACELP) scheme, transcoding operation for both
source and target coders can be efficiently implemented.
However, since the analysis frame length of each coder,
20 ms frame for AMR and 10 ms for G.729A, is differ-
ent, a transcoding algorithm converts the parameters of two
frames of G.729A into those of one frame of AMR speech
coder, and vice verse. In general, a transcoding algorithm is
composed of two parts; mapping of linear prediction (LP)



parameters and conversion of excitation signals. In the fol-
lowing subsections, the two transcoding parts are described
in brief.

2.1. Conversion of spectral information

The received LSP parameters of the source coder are re-
quantized by using the quantization scheme of the target
coder. While the tandem method re-analyze the decoded
signals by the decoding process of the source coder, the
transcoder use the direct mapping method. Efficient map-
ping method of spectral parameters can be achieved by due
consideration of both framing scheme and quantization struc-
tures of two coders since AMR has various quantization ta-
bles that are different depending on bit-rate modes. With
regard to various AMR modes, we can use a direct mapping
to the bit-rate of 12.2kbps or a linear interpolation method
to the other bit-rate modes [1].

2.2. Conversion of excitation information

In the case that the structures of two coders are similar such
as G.729A and AMR 7.4/7.95 kbps, the direct mapping of
all excitation parameters is possible. In other cases, both di-
rect mapping and re-search methods can be adaptively used
[2]. A transcoding pair between G.729A and AMR 7.4/7.95
kbps, implemented by direct mapping of all encoded param-
eters, can provide the best performance in terms of quality
and complexity. In other pairs, the direct bitstream map-
ping method is desirable to reduce quality degradation and
re-searching method is used only to translate the parameters
encoded by different quantization structures [1][2].

III. TRANSCODING IN CHANNEL ERROR
ENVIRONMENTS

Both G.729A and AMR coders have error concealment al-
gorithms in frame erased channel conditions. When frame
error happens, two coding systems extract lost parameters
from previous good frame parameters. Error concealment
methods, therefore, should bring the spectral and waveform
distortions in consecutive frames. The degradation becomes
even worse in the tandem case because the converted param-
eters are obtained by re-analyzing distorted speech signals.

This section analyzes the error propagation behavior
of each parameter by separating the encoded parameters in
terms of spectral and excitation information.

3.1. Spectral information

For the tandem case, the spectral information is extracted
through an LP analysis of synthesized speech signals by the
source coder. The tandem method tends to increase the dis-
tortion of consecutive frames because it propagates degra-
dation due to lossy channel as well as quantization noise.
However, in the transcoding case, recovered LP parameters
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Fig. 1. Spectral distortion of LPC parameters per 10ms in
tandem and transcoder under one frame-erased condition.
(a) G.729A—AMR 12.2kbps (b) G.729A—AMR 7.95kbps

are closer than the tandem case because the direct mapping
or linear interpolation in bitstream domain is used instead
of re-analyzing distorted speech signals.

Fig 1 shows average spectral distortions [7] of LP pa-
rameters for 12 male and 12 female speech signals of NTT-
AT Korean database. The distortion is measured between
the spectral information of the error-free condition and one-
frame error condition. In both direct mapping (G.729A <«
AMR 12.2kbps) and linear interpolation in other transcod-
ing pairs [1], the transcoding system significantly reduces
the delay of error propagation. By comparing Fig 1 (a) with
(b), we know that the smoothing method used in Fig. 1 (b)
not only shows small spectral distortion but also has short
propagation time compared to the direct mapping method
depicted in Fig. 1 (a). More researches on the spectral
smoothing method under frame erasure channel environ-
ments are required. Table 1 and Table 2 represent the com-
parison of spectral distortion between tandem and transcod-
ing under random and bursty frame erasure channels, re-
spectively. In view of spectrum as well as a degree of error
propagation, we know that the spectral information trans-
mitted by the transcoder, compared to the tandem method,
is very close to that of the source coder under both no error
and error environments.

3.2. Excitation information

Since two standard coders have similar structures of adap-
tive and fixed codebooks, the excitation parameters of the



Table 1. Comparison of SD under random frame erasure
channels ( G.729A—AMR 7.95kbps )

FER Method Avg. SD Outliers (%)
[%] [dB] 2-4dB | > 4dB
0 Tandem 2.814 73.25 9.13

Transcoder 1.456 12.38 1.00
1 Tandem 2.820 73.50 9.25
Transcoder 1.466 12.88 1.00

3 Tandem 2.921 72.13 12.50
Transcoder 1.568 16.63 1.25

5 Tandem 2.902 74.775 10.75
Transcoder 1.572 16.88 1.25

7 Tandem 2.894 72.88 11.63
Transcoder 1.595 20.00 1.38

10 Tandem 2.918 71.13 12.63
Transcoder 1.716 24.63 2.13

Table 2. Comparison of SD under bursty frame era-
sure channels at 3% frame erasure rate ( G.729A—AMR
7.95kbps )

Burstiness Method Avg. SD Outliers (%)
[dB] 2-4dB | > 4dB
0.1 Tandem 2.818 73.63 9.63
Transcoder 1.522 14.25 1.50
0.3 Tandem 2.811 74.25 10.50
Transcoder 1.537 15.38 1.38
0.5 Tandem 2.856 73.25 11.00
Transcoder 1.551 15.00 1.63

source coder can be converted to those of the target coder
without additional processing. This reduces the distortions
caused by re-analyzing the distorted signals under chan-
nel error condition. This superiority is more obvious in
transcoding between G.729A and AMR 7.4/7.95 kbps than
other pairs. Since other AMR modes have similar struc-
tures but different resolutions, re-analysis of the source pa-
rameters is inevitable to obtain the parameters for the target
coder. In this process, distorted signals cause the degrada-
tion of quality. This requires more researches on channel
error environments.

Fig 2 shows the average magnitude spectrum difference
of excitation signals for 12 male and 12 female speech sig-
nals of NTT-AT Korean database. We measured the dif-
ference by comparing the magnitude spectrum of no error
condition case to that of the bursty frame erasure one. In
this experiment, three successive frames are erased. As de-
picted in Fig 2, the bitstream mapping of transcoding algo-
rithm significantly reduces the error propagation time com-
pared to the tandem does. We show the results by divid-
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Fig. 2. Spectral distortion of the excitation signals per
10ms in tandem and transcoding under bursty frame era-
sure channels. (a) AMR 12.2kbps—G.729A (b) AMR
5.15kbps—G.729A (c) AMR 7.95kbps—G.729A

ing three different bit-rate(12.2, 5.15 and 7.95kbps) cases
because each bit-rate uses different coding scheme. Their
trends are slightly different. Fig 2 (a) and (b) show the re-
sults by using a partially directed mapping of pitch parame-
ters and adaptive codebook parameters, respectively. Fig 2
(c) represents the direct bitstream mappings of all the exci-
tation parameters. These results show that the more direct
mapping is used for the parameters, the more rapidly er-
ror propagation time is reduced. Hence, from the results,
we know that the direct mapping method is better than a
conventional tandem scheme which should use the distorted
signals in a coding process of lossy channel conditions.

IV. PERFORMANCE EVALUATION

In this section, we compare the performance of the transcoder
to that of the tandem connection. We compute the percep-



tual evaluation of speech quality(PESQ)[9] scores with 96
speech samples of NTT-AT Korean database. Table 3 shows
the PESQ of the tandeming and transcoding algorithm un-
der random frame erasure channels. As a matter of con-
venience, "A” and ”G” denote AMR and G.729A speech
coders in the table, respectively. In all test conditions, the
transcoding algorithm shows better quality than the tandem
one. Table 4 shows the PESQ under bursty frame erasure
channels at 3% frame erasure rate. The results also verify
the effectiveness of the transcoding algorithms for most of
the cases. The performance of the transcoding algorithm
at the bit-rate of 12.2kbps is lower than that of the tan-
dem case. The cause of the degradation can be found by
following two observations. First, the performance of the
transcoding algorithm at 12.2kbps is slightly lower than that
of the tandem case even in clean condition. Second, as
we noted from the result depicted in Fig 2(a), propagation
time of high spectral distortion is very long at the bit-rate of
12.2kbps. More researches are required to solve the prob-
lem in this pair.

V. CONCLUSION

This paper analyzed the performance of transcoder in com-
parison with the tandem under frame erasure channel envi-
ronments. By measuring spectral distortions in parametric
domain as well as the PESQ scores in speech domain, we
concluded that the transcoder provided more robust perfor-
mance in random and bursty channel error conditions.

Table 3. Comparison of PESQ under random frame erasure
channels

FER || Mode Tandem Transcoding
[%] || [kbps] | AtoG[GtoA[AtoG [GtoA

4.75 3.126 | 3.088 | 3.277 | 3.205
0 7.95 3365 | 3.304 | 3.480 | 3.366
12.2 3509 | 3.444 | 3.490 | 3.486
4.75 3.113 | 2.862 | 3.257 | 3.083
1 7.95 3346 | 3.237 | 3.464 | 3.285
12.2 3.489 | 3.397 | 3.472 | 3.439
4.75 2917 | 2755 | 3.027 | 3.011
3 7.95 3.075 | 3.133 | 3.180 | 3.166
12.2 3228 | 3.250 | 3.216 | 3.283
4.75 2737 | 2.601 | 2.818 | 2918
5 7.95 2.857 | 2.954 | 2962 | 2975
12.2 3.016 | 3.063 | 3.013 | 3.098
4.75 2676 | 2.384 | 27751 | 2.748
7 7.95 27789 | 2.875 | 2.898 | 2.898
12.2 2947 | 2986 | 2.936 | 3.018
4.75 2.557 | 2.280 | 2.620 | 2.652
10 7.95 2,637 | 2.714 | 27763 | 2.732
12.2 2770 | 2.775 | 27771 | 2.811

Table 4. Comparison of PESQ under bursty frame erasure
channels at 3% frame erasure rate

Bursti- || Mode Tandem Transcoding

ness [kbps] || AtoG [ GtoA [ AtoG | Gto A
4.75 2.920 2.696 2.998 2.966

0.1 7.95 3.090 | 2.818 | 3.180 | 3.081

12.2 3.255 | 2.870 | 3.108 | 3.151

4.75 2947 | 2.646 | 3.022 | 2.937

0.3 7.95 3.127 | 27757 | 3.230 | 3.047

12.2 3.287 | 2.803 | 3.126 | 3.122

4.75 2769 | 2.746 | 2.834 | 3.019

0.5 7.95 2913 | 2.879 | 3.005 | 3.153
12.2 3.061 2943 | 2933 | 3.231

4.75 2906 | 2.767 | 2.973 | 2.998
0.7 7.95 3.073 | 2907 | 3.177 | 3.121

12.2 3208 | 2970 | 3.062 | 3.204
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