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Abstract. In this paper, a packet loss concealment (PLC) algorithm is proposed
to improve the quality of decoded speech when packet losses occur in a codeexcited linear prediction (CELP)-type speech coder. The proposed PLC
algorithm is based on artificial bandwidth extension (ABE) from narrowband to
wideband, consisting of packet loss concealment in the narrow-band, ABE in
the modified discrete cosine transform (MDCT) domain, and smoothing of
wideband MDCT coefficients with those of the last good frame. The
effectiveness of the proposed PLC algorithm is demonstrated by an informal
listening test.
Keywords: Packet loss concealment (PLC), Artificial bandwidth extension
(ABE), Wideband speech coding
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Introduction

Most speech coders in use today are based on telephone-bandwidth narrowband
speech, nominally limited to about 300–3,400 Hz at a sampling rate of 8 kHz. In
contrast, wideband speech coders have been developed for the purpose of smoothly
migrating from narrowband to wideband quality (50–7,000 Hz) at a sampling rate of
16 kHz. In particular, the ITU-T Recommendation G.729.1 [1], a scalable wideband
speech coder, improves the quality of speech by encoding the frequency bands
ignored by the narrowband speech coder, ITU-T Recommendation G.729. Therefore,
encoding wideband speech using ITU-T G.729.1 is performed via two different
approaches that are applied to the low-band and high-band in the time and frequency
domains, respectively.
When a frame loss occurs, the low-band and high-band packet loss concealment
(PLC) algorithms work separately. In other words, the low-band PLC algorithm
reconstructs the excitation and spectral parameters of the lost frame from the last good
frame, while the high-band PLC algorithm reconstructs the spectral parameters such
as typically modified discrete cosine transform (MDCT) coefficients of the lost frame
from the last good frame [2]. However, it is easier to reconstruct the low-band signal
than the high-band signal under packet loss conditions. Thus, the quality of
reconstructed speech can be improved if the reconstructed signal of the low band is
used for a high-band PLC algorithm.
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Fig. 1. Block diagram of the proposed ABE-based PLC algorithm.

Therefore, this paper proposes an artificial bandwidth extension (ABE)-based PLC
algorithm for high-band signal reconstruction in order to improve the quality of
decoded speech under packet loss conditions. The proposed PLC algorithm is mainly
composed of three functions including PLC in the narrowband, ABE in the MDCT
domain, and smoothing of the wideband MDCT coefficients using those of the last
good frame. In particular, the ABE algorithm is performed using two different
approaches that are applied to the 4–4.6 kHz and 4.6–7 kHz bands, respectively. That
is, the ABE algorithm reconstructs the MDCT coefficients of the 4–4.6 kHz band
from the harmonic spectral band replication and correlation-based replication
approaches. On the other hand, the MDCT coefficients for the 4.6–7 kHz band are
obtained by spectral folding [3]. The performance of the proposed PLC algorithm is
subsequently evaluated after being implemented in the ITU-T G.729.1 decoder, and it
is compared with that of the PLC algorithm currently used in ITU-T G.729.1.

2

Proposed ABE-Based PLC Algorithm

Fig. 1 shows a block diagram of the proposed ABE-based PLC algorithm. When a
frame loss occurs, the proposed PLC algorithm first reconstructs the low-band speech
signal of the lost frame, s l ( n ), via the low-band PLC module. Simultaneously, the
high-band signal is reconstructed by extending the glottal pulse using the high-band
spectral envelope of the last good frame, which is denoted as S h ( k ). Next, the highband signal is obtained by applying an ABE algorithm to extend the low-band signal
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Table 1. Comparison of A-B preference scores (%) for speech files between the proposed
PLC and G.729.1-PLC under random and burst packet loss conditions with different packet
loss rates.
Packet Loss
Rate (%)
10
20
30
10
20
30
Average

Burstiness (r)
0

0.99

21.43
28.57
19.05
14.29
26.19
16.67
21.03

in the MDCT domain, resulting in
smoothing
Sˆ h ( k ),

sˆ h ( n )

3

S abe ( k )

with

No
Difference
45.24
35.71
54.76
52.38
40.48
47.62
46.03

G.729.1-PLC

S h ( k ).

S abe ( k ).

Subsequently,

Proposed PLC
33.33
35.72
26.19
33.33
33.33
35.71
32.94
Sˆ h ( k )

is obtained by

By applying an inverse MDCT (IMDCT) to

a time-domain high-band signal,

sˆ h ( n ),

is obtained. Finally,

sl (n )

and

are concatenated by using quadrature mirror filterbank (QMF) synthesis.

Performance Evaluation

The effectiveness of the proposed ABE-based PLC algorithm is demonstrated by
comparing its performance with that of the PLC algorithm currently employed in the
ITU-T G.729.1 decoder, which is referred to as G.729.1-PLC. For the comparison, 6
audio files (3 male and 3 female voice files) were prepared from the sound quality
assessment material (SQAM) database [4]. Since the files were originally recorded in
stereo at a sampling rate of 44.1 kHz, the right channel signal of each file was downsampled from 44.1 kHz to 16 kHz. In addition, two different packet loss conditions
such as random and burst packet losses were simulated. In particular, packet loss rates
of 10%, 20%, and 30% were generated by the Gilbert-Elliot model defined in ITU-T
Recommendation G.191 [5]. To simulate burst packet loss conditions, the burstiness
of the packet losses was set to 0.99, where the mean and maximum consecutive
packet losses were measured at 1.9 and 5.6 frames, respectively.
An A-B preference listening test was performed to evaluate the subjective quality.
To this end, 6 speech files were processed by both G.729.1-PLC and the proposed
PLC algorithm under random and burst packet loss conditions. In this paper, seven
people with no auditory disease participated. Table 1 compares the A-B preference
test results for the speech data. It was shown in the table that the speech signals
decoded by the proposed PLC algorithm were preferred to those by the G.729.1-PLC
algorithm.

4

Conclusion

In this paper, a packet loss concealment (PLC) algorithm has been proposed to
improve the performance of decoded signal quality when frame erasures or packet
losses occurred. The proposed PLC algorithm was based on artificial bandwidth
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extension from the low-band to the high-band in the MDCT domain. The performance
of the proposed PLC algorithm was evaluated by replacing the PLC algorithm
currently employed in the ITU-T Recommendation G.729.1 decoder, G.729.1-PLC, It
was also compared with that of G.729.1-PLC under random and burst packet loss
rates of 10, 20, and 30% by an A-B preference test. It was shown from the test that the
proposed PLC algorithm provided better quality of decoded speech signals than
G.729.1-PLC for all the simulated packet loss conditions.
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