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X'/ Abstract

Audio Video Coding Standard (AVS) is a second - generation
source coding standard and the first standard for audio and
video coding in China with independent intellectual property
rights. Its performance has reached the international standard.
Its coding efficiency is 2 to 3 times greater than that of MPEG
-2. This technical solution is more simple, and it can greatly
save channel resource. After more than ten years’ develop-
ment, AVS has achieved great success. The latest version of
the AVS audio coding standard is ongoing and mainly aims at
the increasing demand for low bitrate and high quality audio
services. The paper reviews the history and recent develop-
ment of AVS audio coding standard in terms of basic fea-
tures, key techniques and performance. Finally, the future de-
velopment of AVS audio coding standard is discussed.
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1 Introduction

he Audio Video Coding Standard (AVS) workgroup

of China was approved by the Science and Technol-

ogy Department under the former Ministry of Indus-

try and Information Technology of People’s Repub-
lic of China in June, 2002 [1]. The goal of the AVS workgroup
is to establish the generic technical standards for high-quality
compression, decompression, processing and representation of
digital audio and video. The AVS workgroup also aims to pro-
vide the digital audio-video equipment and systems with high-
efficient and economical coding/decoding technologies [2]. The
formal name of AVS is “Information Technology-Advanced Au-
dio and Video Coding”, including four main technical stan-
dards: system, video, audio, digital rights management and the
supporting standards, such as conformance testing. The mem-
bers of AVS workgroup are domestic and international institu-
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tions and enterprises that focus on the research of digital audio
and video coding technology and the development of related
products.

Since 2002, the AVS audio subgroup has drafted a series of
audio coding standards, including AVS1-P3, AVS1-P10 and
AVS - Lossless. Since 2009, the AVS audio subgroup started
drafting the next generation audio coding standards. To identi-
fy the difference between these two series, the former serial is
called AVSI audio coding standards and the later one is called
AVS2 audio coding standards. The AVSI audio coding stan-
dards has been finished and widely used in various applica-
tions so far. The AVS2 audio coding standards is still under de-
velopment and will be released soon.

This paper reviews AVS audio coding standards. It is orga-
nized as follows. In section 2, the series standards of AVSI au-
dio including AVS1-P3, AVS1-P10 and AVS-Lossless will be
introduced. AVS2 audio coding scheme are presented in sec-
tion 3. At last, the conclusion is given in section 4.

2 The Development of AVS1 Audio Coding

Standards

The AVS audio subgroup started drafting the first generation
AVS audio standard in 2003. The prime goal of the AVS audio
subgroup is to establish an advanced audio codec standard
with general performance equivalent or superior to MPEG
AAC, on the premise of developing our own intellect property
[2]. The first generation of AVS audio codec standard includes
three parts: Information Technology—Advanced Audio Video
Coding Part 3: Audio (AVSI1-P3), Information Technology—
Advanced Audio Video Coding Part 10: Mobile Voice and Au-
dio (AVS1-P10 or AVS1-P10 audio), and AVS Lossless Audio
Coding Standard (AVS-LS). Tables 1 and 2 show the develop-
ment of AVS1 audio coding standards [3].

2.1 AVS1-P3

After three years of effort, in 2005 the AVS working group
finished the first AVS audio standard. The audio codec sup-
ports the scalable audio coding and is applied in mass informa-
tion industries such as digital broadcasting of high resolution,
intense laser digital storage media, wireless wideband multime-
dia communication, wideband stream media on the Internet
and other related applications [1].

The AVS1-P3 encoder supports mono, dual and multichan-
nel PCM audio signal. One frame audio signal includes 1024
samples. It is separated into 16 blocks, every 128-point block
with 50% overlap is hanning windowed. The transform length
is determined by the long/short window switching module:
2048 for long and 256 for short in order to accommodate both
stationary and transient signals. The sampling rate ranges from
8 kHz to 96 kHz for the input signal. The output bitrate ranges
from 16 kbps to 96 kbps per channel. The transparent audio
quality could be provided at 64 kbps per channel. The com-
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VTable 1. History of AVS1 audio plied. Otherwise, it judges

the window type by analyz-

Project No. Working ~ Committee  Final Committee Final Draft ~ Final Draft for ~ Standard

IRt (national standard) Draft (WD) Draft (CD)  Draft (fCD)  PUPHEY " on ™ Qundard (°DS)  (GB)  1ng signal characteristics in
the time domain and fre-
AVSL-P3 (Dual Track) ~ 20051305-T-339 200412 20053 2005.12 2006.4 20093 domain. ENUPM
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AVSI-P3 (5.1) 20051305-T-339 20059  2005.12  2005.12 2006.4 2009.3 WSD has the merits of low
AVS1-P3 (lossless) 20106 20107 2011.9 complexity and high accura-
S i cy.
AVSITIOOMobile 200805487469 20073 20089 200012 20106 20109 0116 201312
speech and audio coding) Considering the exten-

sion of lossless compression
for the future, AVS audio
subgroup adopted Integer MDCT as

VTable 2. Review of AVS1 audio

Time Standard Application and major coding tools the time -frequency mapping module
Dec. 2003 AVSI-P3 High quality application; multi-resulu_ﬁun analysis ]in}ear prediction, vector quantization, fine instead of traditional DCT [2] IntM-
S DCT can be used in lossless audio

Aug. 2005 AVSI-P10 Wireless network and mobile equipment; sampling rate conversion filter, ACELP/TVC mixed COdil’lg or combined perceptual and

Dec. 2009 AVS-Lossless

encoding, ISF vector quantization, Mono-signal High-Band Encoding (BWE), parametric stereo coding

Reconstruction of original digital audio, data archive; lifting wavelet analysis, linear prediction

lossless audio coding. The advantag-
es of MDCT, such as a good spectral

pression ratio is 10-16 [2].

2.1.1 Basic Encoding Process

Fig. 1 shows the framework of the AVS1-P3 audio codec [2].
Audio input PCM signals are analyzed by a psychoacoustic
model. Then long/short window switch module determines the
length of the analysis block depending on the transients. The
signals are transformed to frequency domain by integer Modi-
fied Discrete Cosine Transform (intMDCT). For stereo signals,
Square Polar Stereo Coding (SPSC) may be applied to the en-
coder if there are strong correlations between the channel pair.
After that, frequency domain signals undergo nonlinear quanti-
zation. Context-Dependent Bitplane Coding (CBC) is used for
entropy coding of quantized spectrum data. Finally the coded
bits are written to the output bitstream based on the format de-

fined in AVS1-P3 standard.

2.1.2 Key Technologies in AVS1-P3

The structure of the encoder in the AVSI-P3 standard is
similar to that in Advanced Audio Coding - Low Complexity
(AAC-LC). It has higher coding efficiency and better sound
quality as a result of the use of new coding technologies, such
as multi-resolution analysis, linear prediction in frequency do-
main, vector quantization and fine granularity scalable coding
(FGSC).

Window switching is applied to reduce pre-echoes. A two-
stage window switch decision is recommended in the AVS au-
dio coding standard, which is called Energy and Unpredictabil-
ity Measure Based Window Switching Decision (ENUPM -
WSD) [2]. In the first stage, one frame audio signal is separat-
ed into 16 blocks, and then the energy variation of every sub-
block is analyzed. If the maximum energy variation of a sub-
block meets a given condition, the second stage based on un-
predictability measurement in the frequency domain is ap-
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representation of the audio signal,
critical sampling and overlapping of
blocks are all reserved.

SPSC is applied as an efficient stereo coding scheme in
AVS. Compared with Mid/Side stereo coding in AAC, its cod-
ing efficiency is higher. When SPSC is applied, one channel
transmits the bigger value of the channel pair, and the other
transmits the difference. In terms of quantization noise, the fi-
nal decoded audio noise is smaller in SPSC than in M/S. Be-
cause in SPSC, noise superposition happens at only one chan-
nel at decoder end, while in Mid/Side, noise disperses to both
channels.

In entropy coding, AVS adopts Context-dependent Bit-plane
Coding (CBC). It is more efficient compared with Huffman cod-
ing. CBC entropy coding technology gets an improvement of
6% of bitrate in comparison with Huffman coding at 64 kbps/
channel. The most striking characteristic of CBC is its Fine

ffffff > control

— data
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Long/short

window switch

IntMDCT

AVS audio
encoded
Bitstream bitstream
formatter

Quantization

CBC entropy
coding

SPSC: Square Polar Stereo Coding
CBC: Context-Dependent Bitplane Coding
IntMDCT: integer Modified Discrete Cosine Transform

AFigure 1. AVS1-P3 audio encoder block diagram.

April 2016 Vol.14 No.2  ZTE COMMUNICATIONS | 57



B Rescarch Papers

Review of AVS Audio Coding Standard
ZHANG Tao, ZHANG Caixia, and ZHAO Xin

Grain Scalability (FGS). CBC coded bitstream are evenly lay-
ered (16 to 96 layers, each layer 1 kbps), and as it changes
from higher layer to lower layer, the audio quality downgrades

from high to low, but still audible [1].

2.1.3. Performance

Figs 2, 3 and 4 show the informal subjective listening tests
between AVS1-P3 and other three most popular audio compres-
sion formats, MP3 (lame 3.96), AAC (FAAC 1.24) and WMA
(WMA 10) [1]. The tests use ITU-T P.800/P.830 test basic
model. Four sequences, es02, sc02, si02, and sm02 were used
in this test. These are speech, complex mixage audio, single in-
strument sound and simple mixage audio, respectively. Bit-
streams were coded at 128 kbps.

The following conclusion could be obtained from Figs 2-4:
at 128 kbps, AVSI -P3 is superior to MP3 (lame 3.93), the
same as AAC (FAAC 1.24), but slightly worse than WMA
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ATFigure 2. AVS1-P3 128 kbps vs. MP3 128 kbps.
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AFigure 3. AVS1-P3 128 kbps vs. FAAC 128 kbps.
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(WMA 10.0) [1].

2.2 AVS1-P10

With the development of third-generation mobile communi-
cation, many challenges have arisen. There is a growing de-
mand for low bitrate and high fidelity quality audio codec. At
present, there have been many international audio standards
for mobile applications such as G.XXX series standard (ITU-T)
and AMR series standard (3GPP).

In order to provide a mobile audio standard with indepen-
dent intellectual property rights for the quickly developing mo-
bile communication system, the AVS Audio Subgroup started
drafting the AVS1-P10 in August 2005. The AVS1-P10 Final
Committee Draft (FCD) was completed in December 2009. It is
approved as the national standard in December 2013 and has
wide applications in 3G communication, wireless broad - band
multimedia communications, broadband Internet streaming ser-
vice and more. The advantages of AVS1-P10 include high effi-
ciency, flexible compression quality, low complexity and
strong error prevention mechanism [4].

The encoder supports mono and stereo Pulse Code Modula-
tion (PCM) signals with sampling rate of 8 kHz, 16 kHz, 24
kHz,32 kHz,48 kHz, 11 kHz, 22 kHz and 44.1 kHz. The out-
put bitrate for mono ranges from 10.4 kbit/s to 24.0 kbit/s, and
for stereo, ranges from 12.4 kbit/s to 32.0 kbit/s.

2.2.1 Basic Encoding Process

AVS1-P10 adopts the basic framework of AMR-WB+ (Fig.
5). It firstly convert the sampling frequency of the input signal
into an internal sampling frequency F5. For mono mode, the
low frequency (LF) signal adopts Algebraic Code Excited Lin-
ear Prediction/Transform Vector Coding (ACELP/TVC) codec
mode, while the high-frequency signal is encoded using a band-
width extension (BWE) approach. For stereo mode, the same
band decomposition as in the mono case is used. The HF part
of the left channel and right channel is encoded by using para-
metric BWE on the two stereo channels. The LF part of the left
channel and right channel is down mixed to main channel and
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L HF signals folded in
Input signal AVS audio
preprocessing |___ M Mono ;:{mjod?d
Input signal érlld My ACELP/TVC|LF parameters| pjiyx | Ditstreany.
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R (L, R) s Stereo parameters
FHSL o 5 encoding
(M, S)
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ACELP/TVC: Algebraic Code Excited Linear Prediction/Transform Vector Coding
AVS: Audio Video Coding Standard

AFigure 4. AVS1-P3 128 kbps vs WMA 128 kbps.
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AFigure 5. AVS1-P10 encoder block diagram.



side channel (M/S). The main channel is encoded by ACELP/
TVC module. The stereo encoding module processes the M/S
channel and produces the stereo parameters [5].

2.2.2 Key Technologies in AVS1-P10
1) ACELP/TVC Mixed Encoding Module

The core codec module in AVS1-P10 is ACELP/TVC mixed
encoding module. AVS1-P10 codec integrates ACELP coding
and the Transform Vector Coding (TVC) into a mixed orthogo-
nal encoder. Tt can choose the best encoding mode between
two coding modes according to the signal type. ACELP mode is
based on time-domain linear prediction, so it is suitable for en-
coding speech signals and transient signals [6]. On the other
hand, TVC mode is based on transform domain coding, so it is
suitable for encoding music signals. Thus it can encode a vari-
ety of complex audio signals.

Several coding methods, such as ACELP256, TVC256,
TVC512, and TVC1024, can be applied to one superframe.
There are 26 mode combinations of ACELP/TVC for each su-
perframe [7]. The mode can be selected by adopting the closed-
loop search algorithm or the open-loop search algorithm. The
latter is relatively simple, but the mode selected may be not op-
timum.

2) High-Band Encoding

AVS1-P10 adopts BWE approach to code HF signal with
the frequency components above Fs/4kHz of the input signal.
In BWE, energy information is sent to the decoder in the form
of spectral envelop and gain [5]. However, the fine structure of
the signal is extrapolated at the decoder from the decoded exci-
tation signal in the LF signal. Besides, in order to keep the con-
tinuity of the signal spectrum at the Fy/4, the HF gain needs to
be adjusted according to the correlation between the HF and
LF gain in each frame.

3) Stereo Signal Encoding

In order to support stereo signal encoding, AVS1-P10
adopts a high effective configurable parametric stereo coding
scheme in the frequency domain. This scheme provides a flexi-
ble and extensible codec structure with coding efficiency,
which is similar to that of AMR-WB+. Because it avoids the
resampling in the time domain, it reduces the complexity of en-
coder and decoder. The ability to flexibly configure the low fre-
quency bandwidth determined by the coding bit rate is also
available, which makes it a high - effective stereo coding ap-

proach [6].

2.2.3 Complexity Analysis

In order to analyze the complexity of the AVS1-P10 Codec,
the AVS1-P10 Fixed-point Codec is developed, and the func-
tions of complexity analysis are integrated into it. The Weight-
ed Million Operation per Second (WMOPS) method approved
by ITU is used to analyze the complexity of the AVS1-P10 Co-
dec. The basic operation’ s weighting is given in Table 3 [8].
The complexity of the AVS1-P10 Codec is shown in Tables 4
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and 5 [8].

2.2.4 Performance
In order to evaluate the performance of AVS1-P10 codec, ob-
jective test - perceptual evaluation of speech quality (PESQ)
and subjective test-complementary metal-oxide-semiconductor
(CMOS) methods are applied to the 20 test sequences selected
from AVS workgroup at the bit rate of 12 kbps and 24 kbps, in-
cluding pure speech, pure music, noisy speech, speech over
music and speech between music. Each of these contained two
mono audio and two stereo audio.
1) Objective Performance Evaluation of AVS1-P10 Audio
PESQ result between AVS1-P10 (AVS1-P10) and AMR -

VTable 3. Operation’s weighting

Operation Weight
16bit add 1
16bit sub 1
16bit abs 1
16bit shift 1
16bit multiply 1
16bit divide 18
32bit add 2
32bit sub 2
32bit abs 3
32bit shift 2

VTable 4. AVS1-P10 encoder complexity

Condition Command Complexity (WMOPS)
12 kbps, -rate 12 Average=56.318
mono -mono Worst=58.009
24 kbps, -rate 24 Average=79.998
mono -mono Worst=80.055
12.4 kbps, -rate 12.4 Average=72.389
stereo Worst=73.118
24 kbps, -rate 24 Average=83.138
stereo Worst=83.183

WMOPS: Weighted Million Operation per Second

VTable 5. AVS1-P10 decoder complexity

.. Complexity
Condition Command (WMOPS)
12 kbps, -mono Average=9.316
mono Worst=9.896
24 kbps, -mono Average=13.368
mono Worst=13.981
12.4 kbps, None Average=16.996
stereo Worst=17.603
24 kbps, None Average=18.698
stereo Worst=19.103

WMOPS: Weighted Million Operation per Second
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WB+ are given respectively in Figs 6 and 7 [8].
2) Subjective Performance Evaluation of AVS1-P10 Audio
CMOS result between AVS1-P10 and AMR-WB+ are given
respectively in Figs 8 and 9 [8].
It can be concluded from these figures that the performance

of AVS1-P10 is no worse than AMR-WB+ on average.

2.3 AVS Lossless Audio Coding

Nowadays, the ever-decreasing price of storage and ever-in-
creasing Internet bandwidth make storing and distributing loss-
less coded audio possible. Lossless audio coding technology is
designed to perfectly reconstruct original digital audio. After
decoding, its output sequence is same as the original audio se-
quence. There are many lossless audio coding standards, such
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AFigure 6. PESQ test result at 12 kbps.
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as MPEG-4 Audio Lossless Coding (MPEG-4 ALS), MPEG-4
Scalable to lossless standard (MPEG-4 SLS), Free Lossless Au-
dio Codec (FLAC) and so on [9]. In order to make a lossless au-
dio coding standard with independent intellectual property
rights, AVS audio subgroup started to draft lossless audio cod-
ing standard in early 2010, and the FCD and reference soft-
ware were finished in September 2010 [10].

2.3.1 Basic Encoding Process

Fig. 10 shows the the AVS lossless encoder [9]. The input
audio signal is decorrelated to remove the correlation between
different channels. Then, the de-correlated signal is filtered in-
to a high-frequency band and a low-frequency band by a lifting
the wavelet filter. After that, subband signals go through the
linear predictor to generate prediction residual signals. Then,
the residual signal is sent to the preprocessor, where it is nor-
malized. Finally, the normalized signal goes through the entro-
py codec and a bitstream is generated.

2.3.2 Key Technologies in AVS-Lossless
1) De-correlation

Evaluation result for
AVS1-P10 Audio versus AMR-WB+ Audio at 12 kbps
(Positive value means AVS-M is better than AMR-WB+)
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AFigure 8. CMOS test result at 12 kbps.

Evaluation result for
AVS1-P10 Audio versus AMR-WB+ Audio at 24 kbps
(Positive value means AVS—M is better than AMR-WB+)
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AFigure 10. Framework of AVS lossless audio encoder.

In an AVS lossless audio encoder, a sum and subtraction
coding method is used to de - correlate multichannel signals
sounds.

2) Integer Lifting Wavelet Transform

The coder of the lifting wavelet transform has two steps.
First, an input signal is processed by the lifting wavelet trans-
form to generate a high-frequency signal and a low-frequency
signal. Then, the two subband signals are processed by the
LPC algorithm. In the first step, the integer lifting wavelet is
used to avoid the rounding error [9].

3) Entropy Coding

Before entropy coding, the residual signal is normalized be-
cause there is often a few large-valued samples in the first part
of residual signal. The residual signal is coded according to the
probability distribution. The entropy coder first segregates the
input sequence, calculates the mean of each subsequence, and
then quantifies the mean value. The MSB of mean index and re-
sidual signal is coded according to the probability table, which
is generated by the probability model [9]. Gaussian-like proba-
bility distribution is used to fit the probability distribution of
predicted residuals.

2.3.3 Performance
Table 6 shows the average compression rate of AVS-LS and

VTable 6. Average compress rate of AVS1-lossless coder (%)

Coder 32 kHz/16 bit  44.1 kHz/16 bit 96 kHz/22 bit 192 kHz/22 bit
AVS-LS 51.44 47.98 46.37 35.22
Monkey EH 50.77 47.02 47.19 35.57
Monkey normal 52.23 48.32 49.08 36.31
TAK 52.29 47.95 47.97 35.01
MPEG4 ALS (RICE) 52.49 48.6 47.89 3591
MPEG4 ALS (BGMC) 51.95 48.09 47.57 35.54
FLAC 53.31 49.38 51.68 40.33
WavPack 54.39 50.64 51.38 46.03
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other popular lossless coding methods, including Monkey’ s
Audio (extra high/normal), TAK (normal), ALS RM21 (RICE/
BGMC 1024 sample), FLAC (normal), and WavPack (default)
[9]. The table shows that the average compression rates of AVS-
LS are equivalent or superior to others.

3 Progress of AVS2 Audio Coding Standard
At the end of 2008, the AVS workgroup declared the project

plan about the second gene-ration of AVS standard, called “In-
formation Technology - New Multimedia Coding Technology”.
AVS2 is an ongoing standardization effort for efficient coding
performance compared to the previous standard (AVS1). It in-
cludes two compatible compression schemes, lossless audio
coding and lossy audio coding. The later completely contains
the first generation of AVS lossless audio coding. If the bit-
stream is decoded completely the audio signals could be re-
stored nearly transparent. Now the workgroup focuses more on
surround sound encoding for super-high-definition television.

AVS1-P3 has good quality under high and medium bitrate
but is not suitable for low bit rate coding. To solve this prob-
lem, the AVS Audio Subgroup has set up the project of AVS2-
P3 in July 2013. The following three requirements are formally
proposed for the AVS2 audio coding standard in the AVS
M2845 in September 2011:

1) It is suitable for high, medium and low bit rate coding;

2) It can achieve hierarchical coding, or it can achieve the
coarse scalable coding ability to meet different network ap-
plication and the incremental download ability;

3) It has high scalability, low complexity and low decoding de-
lay.

AVS2 audio called for proposals in December 2011. A hy-
brid audio coding technology of waveform coding and parame-
ter coding proposed in the AVSM2977.AVSM2983 is adopted
as the basic structure and reference model output (RMO) of the
AVS2 audio coding (Fig. 11 [11]).

This scheme is based on the waveform coding in AVS1-P3
and uses frequency band extension technology, parameter ste-
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AFigure 11. AVS2 encoder block diagram.
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reo coding technique and surround sound coding technique.
The goal is to guarantee the quality of the medium and high bit
rate coding and, at the same time, greatly increase the quality
of the low bit rate audio coding. AVS2 codec is an initial refer-
ence release, so it will be improved for audio quality at the fi-
nal release after more optimization.

At present, the AVS workgroup is collecting and evaluating
the parametric stereo coding technology. In order to realize the
low bit rate stereo and surround sound audio coding, AVS
make full use of the inter-aural phase difference and intensity
time difference (IPD/ITD), inter - aural intensity differences
(IID), the binaural correlation, the binaural masking effect and
other psychological mechanism.

4 Conclusions

AVS standardization is an indigenous innovation of China
and has finished the transition from the development of tech-
nology to a maturing industry chain. The highly efficient and
simple implementation of the AVS standard ensures its suc-
cessful applications [12]. It fills up the current empty space in
the development of our information industry and greatly pro-
motes the development of audio-video industry in our nation.
AVS2 audio coding standardization is ongoing. Although it is
far from being a fully-fledged standard, it is moving forward
steadily. With the continuous development and improvement
of AVS standardization, it will serve better for our audio-video
industry.
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