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Bandwidth-Scalable Stereo Audio Coding Based on a Layered

Structure

Young Han LEE', Deok Su KIM', Nonmembers, Hong Kook KIM™®, Member, Jongmo SUNG'", Mi Suk LEE'",

SUMMARY In this paper, we propose a bandwidth-scalable stereo au-
dio coding method based on a layered structure. The proposed stereo cod-
ing method encodes super-wideband (SWB) stereo signals and is able to de-
code either wideband (WB) stereo signals or SWB stereo signals, depend-
ing on the network congestion. The performance of the proposed stereo
coding method is then compared with that of a conventional stereo cod-
ing method that separately decodes WB or SWB stereo signals, in terms of
subjective quality, algorithmic delay, and computational complexity. Ex-
perimental results show that when stereo audio signals sampled at a rate of
32 kHz are compressed to 64 kbit/s, the proposed method provides signifi-
cantly better audio quality with a 64-sample shorter algorithmic delay, and
comparable computational complexity.

key words: stereo audio coding, bandwidth-scalable audio coding, para-
metric stereo, super-wideband stereo audio coding, layered structure

1. Introduction

In early speech communication services, narrowband coders
with a bandwidth around 3.4 kHz were commonly used,
since the available network bandwidth was quite limited.
These services could provide sufficient quality for compre-
hension, but it was generally agreed that they did not sat-
isfy users’ increasing expectations for higher sound qual-
ity. Due to advances in network technologies, however,
this transmission bandwidth has recently been increased [1].
Thus, a great deal of research has been focused on extending
the bandwidth of speech signals from narrowband to audio
band, or extending the number of channels from mono to
stereo or more [2]. In particular, bandwidth-scalable coders
have been researched because they enable various bit-rates,
quality, bandwidths, and channels to be provided.

Figure 1 shows a typical structure of a bandwidth-
scalable coder for an IP network [3]. As shown in the fig-
ure, the bandwidth-scalable coder is composed of a base-
line coder and an enhancement layer that encodes and de-
codes audio signals corresponding to low and high fre-
quency bands, respectively. The two bitstreams from the
baseline and the enhancement layer encoders are merged
into a single bitstream which is then transmitted to a re-
ceiver. At this time, the network cannot deliver the whole
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Fig.1  Typical structures of (a) a bandwidth-scalable encoder and (b) a
bandwidth-scalable decoder [3].

bitstream due to a network condition. Hence, it is suffi-
cient for the scalable decoder to reconstruct low-frequency
signals. From the figure, it can be seen that the bitstream
from either the baseline encoder or the enhancement layer
encoder can be separately decoded. Such a structure makes
it suitable for use in IP networks that do not guarantee high
bit-rates for all times. Thus, the bandwidth-scalable coder
can provide good scalability according to the available bit-
rate.

In addition to bandwidth scalability, there is a need
to increase the number of channels to provide better audio
quality, even when using a directional sound source, as is
applicable in a voice conference system. Recently, there
have been several stereo coding methods developed, includ-
ing mid/side (M/S) coding, intensity stereo (IS) coding [4],
and parametric stereo (PS) coding [5]. Among them, the
PS method, standardized as a stereo coding technique for
MPEG-4, has been demonstrated to provide high quality
stereo signals at very low bit-rates.

However, the PS method is not suitable for bandwidth-
scalable coders due to the fact that it has been developed for
coding stereo signals with a single bandwidth. Because the
PS method only extracts stereo coding parameters from the
full bandwidth stereo signal, a down-sampler is required to
adjust the bandwidth when a stereo signal, whose bandwidth
is narrower than that of an input stereo signal, is insufficient
for decoding. Moreover, this type of down-sampling process
is apt to generate additional algorithmic delays and cause
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distortion, ultimately resulting in quality degradation of the
decoded audio signal.

In this paper, we propose a bandwidth-scalable para-
metric stereo audio coding method based on a layered struc-
ture to overcome such problems. The proposed method is
able to reconstruct stereo signals having a lower bandwidth
than the input signals—the same bit-rate as the conventional
PS method. Furthermore, it will be shown that neither an ad-
ditional algorithmic delay nor a significant increase in com-
putational complexity is required.

The remainder of this paper is organized as follows.
Sections 2 and 3 describe the algorithms for the conven-
tional PS coding method and the proposed PS method, re-
spectively, with the advantages of the proposed method over
the conventional method being discussed. In Sect. 4, the per-
formance of the proposed method is compared to that of the
conventional PS method in terms of audio quality, algorith-
mic delay, and computational complexity. Finally, we con-
clude this paper in Sect. 5.

2. Parametric Stereo

The conventional PS method, standardized in MPEG-4 [5],
extracts spatial parameters such as the inter-channel inten-
sity difference (IID), inter-channel coherence (ICC), and
inter-channel phase difference (IPD). Figure 2 (a) shows a
block diagram of a conventional PS encoder. In the encoder,
the input stereo signal is first transformed into 64 subband
complex signals by means of a complex quadrature mirror
filterbank (QMF) analysis’. These signals are then merged
into 10 or 20 parameter bands, and the IID and ICC are ex-
tracted for each parameter band. It is noticed here that we
only use IID and ICC among the three spatial parameters.
This is because compared with IID and ICC, the quality im-
provement by IPD is the lowest whereas the bit consumption
for encoding the IPD parameter is similar to those of other

Parametric Stereo Encoder

2
L L 4 £ S

e 11D Differential

& & .
| H-
1cc Huffman Bitstream
r(z) Extraction Coding
e ]

R T
(2)

Parametric Stereo Decoder

- - 1ID.ICC
Differential I 1 )
Bitstream & 5 b
Huffman Decoding Stereo -
Synthesis
o)
<
e o]

Matrix
R

(®)

Fig.2  Structure of a conventional parametric stereo coding method: (a)
encoder and (b) decoder.
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parameters [6]. For example, standard audio coders includ-
ing enhanced aacPlus [7] do not use the IPD parameter.
In this paper, the IID and ICC are defined as

.. ei(b)
iid(b) = 10log,, (%) (1)
and
: Re(er(D)) 1 .
mln(,/ﬁ,—), if b<11
ice(b) = 2Ve(b)e,B)” V2 )

mln( J%, %) if b>11
where b is the index of the parameter band from 1 to 20,
er(b) is the correlation of the left and right channels, and
e;(b) and e,(b) are the energies of the left and right channels
in the parameter band b, respectively. The extracted param-
eters are then sequentially compressed using differential and
Huffman coding. On one hand, a mono signal is generated
by down-mixing the left and right channels using the equa-
tion

Ik, n) + r(k,n) .

m(k,n) = 5

y(k,n) 3)

where y(k, n) is a stereo scale factor defined by

. ik, mI” + Ir(k, )
k,n) = 2, 4
v mm[ \/O.S-IZ(k,n)+r(k,n)|2] @

where I(k, n) and r(k, n) are the left and right channel signals
of the k-th subband and the n-th sub-sample, respectively.
Finally, the mono signal, m(k,n), is compressed using a
mono encoder; typically, advanced audio coding (AAC) [8]
is used.

A block diagram of the conventional PS decoder is de-
picted in Fig.2 (b). In the decoder, the PS parameters are
first reconstructed using Huffman and differential decoding,
and the reconstructed parameters are then used to make a
synthesis matrix. In the decoder, the decorrelator, composed
of a series of all-pass filters and time delay elements [5], is
applied to the reconstructed mono signal, resulting in an-
other mono signal that is assumed to be uncorrelated to the
reconstructed mono signal. These two mono signals are
subsequently combined using the synthesis matrix obtained
from the PS parameters, as described above. Finally, a com-
plex QMF synthesis is performed to reconstruct the stereo
signals.

3. Layered Parametric Stereo

In this paper, we propose a bandwidth-scalable PS coding
method based on a layered structure. In the proposed PS en-
coder shown in Fig. 3 (a), the stereo signal is first split into
M different subband signals. Here, M is determined by the

TAs shown in Eq. (2), ICC reflects the phase change between
left and right channels. To this end, a complex QMF analysis is
used here for the computation of eg(b).
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Fig.3  Structure of the proposed parametric stereo coding method: (a)
encoder and (b) decoder.

number of granules in the bandwidth scalability that should
be supported by the number of filterbanks in the complex
QMF analysis. Thus, stereo signals are progressively re-
constructed from the first to the M-th layer, thereby becom-
ing a layered structure, where each subband is referred to as
a layer. Note that the baseline encoder corresponds to the
zero-th layer in this layered structure.

Next, the PS encoding method described in Sect.?2 is
applied to each layer, and stereo parameters obtained from
each layer are individually quantized. In addition, a mono
signal is generated from the down-mixing process defined
by Eq. (3), such that the mono signal for the first layer is
encoded by the baseline encoder and that each higher layer
is encoded by one of the enhancement layer encoders. For
example, M is set to 2 for the super-wideband (SWB) ex-
tension of G.729.1, and the baseline encoder for the SWB
extension of G.729.1 is the G.729.1 encoder [2]. Using this
encoder, the bitstream for the baseline encoder Bit,,;, M bit-
streams for the PS parameters Bitpg; (fori=1,---, M), and
M bitstreams for the enhancement layer encoders Bity,; (for
i=2,---, M) are combined into a single bitstream and then
transmitted to the decoder. The bit-rate of the PS method in
the layered structure is set to be the same as the conventional
method. That is, the number of total parameter bands is not
changed.

Figure 3 (b) displays a block diagram of the proposed
PS decoder. In normal mode, we can decode all the bit-
streams to obtain stereo output signals at full bandwidth.
However, some exceptional cases may exist when not all
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the bitstream can be delivered, for example, due to network
congestion, and thus only a part of the bitstream is available
for decoding. In this case, if only the bitstream from the
baseline and the first layer is available, the baseline decoder
is applied to generate a mono signal and the first layer PS
decoder is then used to extend this mono signal into a stereo
signal. However, the conventional PS decoder must recon-
struct stereo signals using the full bandwidth, and then uses
a down-sampler to adjust the bandwidth because the band-
width of the reconstructed stereo signal is narrower than that
of the input stereo signal. In general, such down-sampling is
realized using an FIR filter having a linear phase. This tends
to incur an additional delay, as long as half the number of
taps of the FIR filter, thereby causing the total codec delay
to lengthen.

4. Performance Evaluation

In order to evaluate the performance of the proposed PS
coding method, G.729.1 [9] and MDCT-based coders were
used as the baseline coder and the enhancement layers, re-
spectively, where the overall algorithmic delay by combin-
ing these coders was 49.5275 ms [10]. In addition, the sam-
pling rates of both the input and output signals were 16 and
32 kHz for wideband (WB) and super-wideband (SWB) sig-
nals, respectively. In particular, audio signals were com-
pressed at a rate of 64kbit/s by using the proposed PS
method as well as the conventional PS method.

A multiple stimuli with hidden reference and anchor
(MUSHRA) test[11] and an AB preference test were con-
ducted for the quality evaluation of the proposed PS coding
method, and the algorithmic delay and computational com-
plexity of the proposed PS coding method were then com-
pared with those of the conventional PS coding method.

4.1 Quality Test

To prepare the MUSHRA test, we chose four different SWB
stereo files, representing the music genres such as rock, pop,
vocal, and classical. Each file was first filtered using two
different low-pass filters with cut-off frequencies of 7 and
14kHz; these filtered files were then used for anchors in
the MUSHRA test. Next, each file was processed using the
conventional PS coding method and the proposed PS coding
method, which were denoted as fullband PS and layered PS,
respectively. In addition to SWB stereo decoding, we per-
formed WB stereo decoding using both the conventional and
proposed PS coding methods under the assumption that par-
tial bitstreams of the WB stereo signal were received, which
was also referred to as SWB-WB decoding. Next, to com-
pare the quality of the WB stereo output signal, two addi-
tional low-pass-filtered stereo signals with cut-off frequen-
cies of 3 and 7kHz were prepared as anchors. Finally, all
the material was presented to six listeners with no auditory
disorders.

Figure 4 shows the MUSHRA test results, where each
column corresponds to the opinion score averaged over six
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Fig.4 MUSHRA test results: (a) SWB music signal and (b) SWB-WB
music signal.

Table1  A-B preference test result between the fullband PS and the
proposed layered PS.

Preference Score(%)
Genre Fullband PS | No difference | Layered PS
Classical 8.33 8.33 83.33
Pop 8.33 0.00 91.67
Rock 16.67 0.00 83.33
Vocal 16.67 0.00 83.33
Average [ 1250 | 2.08 [ 8542

listeners and all audio files, and the vertical line on the top
of each bar displays the 95% confidence interval (i.e., the
statistical significance). It was shown from Figs. 4 (a) and
4 (b) that the proposed layered PS coding method provided
better quality than the fullband PS coding method for both
SWB decoding and SWB-WB decoding. This better quality
was due to the frequency resolution as, especially for the
low-frequency band, the layered PS had a higher resolution
than the fullband PS.

Next, we evaluated the performance of the proposed
layered PS coding method when the bit-rate switching oc-
curred according to network conditions. In this experi-
ment, we simulated such bit-rate switching by using a bit-
stream truncation tool defined in ITU-T Recommendation
G.191[12]. Thus, the fullband PS decoder and the pro-
posed layered PS decoder were applied to reconstruct au-
dio from the bitstreams, which were generated by setting
bit-rate switching as 5Hz. To measure the performance,
an AB preference test was conducted, where the test con-
ditions such as the number of participants and the number
of audio files were identical to those of the MUSHRA test
described above. Table 1 shows the preference test result.
It could be concluded from the table that the proposed lay-
ered PS coding method provided significantly better audio
quality than the fullband PS coding method in the simulated
network condition.

4.2 Algorithmic Delay

Table 2 compares the algorithmic delays required for both
fullband and layered PS. It was shown from the table that
the algorithmic delay of the fullband PS was 2 ms due to the
QMF analysis, while the algorithmic delay of the layered PS
was doubled because parametric stereo was applied to the
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Table2  Comparison of algorithmic delay when audio signals are
sampled at a rate of 32 kHz.

Input | Output ‘ Fullband PS [ Layered PS

SWB SWB 2 ms 4ms
WB 6 ms 4ms

Table3  Comparison of computational complexity measured in
WMOPS.
Input | Output Tool Fullband | Layered
PS PS
Additional QMF 0.00 1.45
SWB SWB_PS_Encoder 6.60 6.66
SWB_PS_Decoder 12.49 12.50
Total 19.09 20.61
SWB Additional QMF 0.00 1.03
SWB_PS_Encoder 6.60 6.66
WB WB_PS_Decoder 12.50 6.39
Up-sampler 1.45 0.00
Down-sampler 1.71 0.00
Total 22.47 14.08

down-sampled signal. When the fullband PS decoded the
WB stereo signals using stereo parameters extracted from
the SWB stereo (SWB-WB) signals, both an up-sampler and
a down-sampler were required for reconstructing the stereo
signal, as explained in Sect. 3. Then, assuming that two 64-
tap linear-phase FIR filters with a delay of 4 ms were used,
the fullband PS needed a delay of 2 ms. Therefore, the over-
all algorithmic delay of the SWB-WB signals processed by
the fullband PS was 6 ms. Conversely, the overall algorith-
mic delay of the SWB-WB signals for the layered PS was
only 4 ms because the layered PS could reconstruct WB sig-
nals without requiring any sampling conversion. As a result,
the total algorithmic delays of an audio codec using full-
band and layered PS for SWB-WB signals were 55.5275 ms
and 53.5275 ms, respectively, since the algorithmic delay of
the baseline and enhancement encoders was 49.5275 ms, as
mentioned earlier in this section.

4.3 Computational Complexity

Table 3 shows the computational complexity comparison
between the fullband PS and layered PS. For SWB decod-
ing, the computational complexity of the layered PS was
slightly higher than that of the fullband PS because the ad-
ditional QMFs required to split the fullband into two lay-
ers in the encoder, and vice versa in the decoder. On the
other hand, the computational complexity of the layered PS
for WB stereo signal reconstruction was much lower than
that of the fullband PS because the layered PS does not re-
quire a sampling rate conversion such as an up-sampler or
a down-sampler. Moreover, it was sufficient for the pro-
posed layered PS to only reconstruct the lower band audio
signals, whereas the fullband PS should generate audio sig-
nals with the full frequency band prior to sampling rate con-
version. Consequently, compared to the fullband PS, the
layered PS could achieve the complexity reduction of 8.39
weighted million operations per second (WMOPS) [12].
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5. Conclusion

In this paper, we proposed a bandwidth-scalable stereo au-
dio coding method based on a layered structure. The pro-
posed stereo coding (PS) method could encode full band-
width stereo signals but was only able to reconstruct ei-
ther the whole bandwidth stereo signal or lower bandwidth
stereo signal to be decoded, depending on network conges-
tion. To measure the performance, we implemented an au-
dio codec, which operated at 64 kbit/s, by using the pro-
posed PS method based on a two-layer model and then com-
pared its performance with an audio codec by using the con-
ventional PS method. It was shown from the experiments
that the audio quality of the proposed PS method was signif-
icantly better than that of the conventional PS method with
lower computational complexity and shorter algorithmic de-
lay.
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