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Foreword

ISO (the International Organization for Standardization) and IEC (the International Electrotechnical Commission
form the specialized system for worldwide standardization. National bodies that are members of ISO or(1EG
participate in the development of International Standards through technical committees established by the
respective organization to deal with particular fields of technical activity. ISO and IEC technical committeeg
collaborate in fields of mutual interest. Other international organizations, governmental and non-goveramental, in
liaison with ISO and IEC, also take part in the work.

International Standards are drafted in accordance with the rules given in the ISO/IEC Directives;Part 3.
In the field of information technology, ISO and IEC have established a joint technical cemmittee, ISO/IEC JTC 1
Draft International Standards adopted by the joint technical committee are circulated to national bodies for voting

Publication as an International Standard requires approval by at least 75 % of the national bodies casting a vote.

Attention is drawn to the possibility that some of the elements of this Amendnient may be the subject of patent
rights. ISO and IEC shall not be held responsible for identifying any or all such_patent rights.

Amendment 1 to International Standard ISO/IEC 14496-3:2000 was( prepared by Joint Technical Committeg
ISO/IEC JTC 1, Information technology, Subcommittee SC 29, «Coding of audio, picture, multimedia and
hypermedia information.

Annexes A, B, C, D, E and F of this Amendment are for information only.

Vil
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Introduction

MPEG-4 version 2 is an amendment to MPEG-4 version 1. This document contains the description of bitstream
hnd decoder extensions related to new tools defined within MPEG-4 version 2. As long as nothing else(is
mentioned, the description made in MPEG-4 version 1 is not changed but only extended.

Dverview

SO/IEC 14496-3 (MPEG-4 Audio) is a new kind of audio standard that integrates many different, types of audio
coding: natural sound with synthetic sound, low bitrate delivery with high-quality delivery, speech with music,
complex soundtracks with simple ones, and traditional content with interactive and virtual~reality content. By
standardizing  individually sophisticated coding tools as well as a novel, flexible framework for audio
Eynchronization, mixing, and downloaded post-production, the developers of the MPEG-4 Audio standard have
Created new technology for a new, interactive world of digital audio.

MPEG-4, unlike previous audio standards created by ISO/IEC and other groups, does not target a single
hpplication such as real-time telephony or high-quality audio compression. ,Rather, MPEG-4 Audio is a standard
that applies to every application requiring the use of advanced sound campression, synthesis, manipulation, or
blayback. The subparts that follow specify the state-of-the-art coding todls)in several domains; however, MPEG-4
\udio is more than just the sum of its parts. As the tools described hete“are integrated with the rest of the MPEG-4
Etandard, exciting new possibilities for object-based audio coding, interactive presentation, dynamic soundtracks,
hnd other sorts of new media, are enabled.

Bince a single set of tools is used to cover the needs of a_broad range of applications, interoperability is a natural
feature of systems that depend on the MPEG-4 Audio-standard. A system that uses a particular coder—for
bxample, a real-time voice communication system making use of the MPEG-4 speech coding toolset—can easily
bhare data and development tools with other systems, even in different domains, that use the same tool—for
pxample, a voicemail indexing and retrieval system making use of MPEG-4 speech coding.

The following subclauses give a more detailed, overview of the capabilities and functionalities provided with MPEG-
4 Audio version 2.

New concepts

Vith this extension, new tools are added to the MPEG-4 standard, while none of the existing tools of version 1 is
eplaced. Version 2 is therefare fully backward compatible to version 1.

n the area of Audio, new tools are added in MPEG-4 version 2 to provide the following new functionalities:
Error Robustriess

The error rebdstness tools provide improved performance on error-prone transmission channels. They can be
Jistinguished into codec specific error resilience tools and an common error protection tool.

mproved error robustness for AAC is provided by a set of error resilience tools. These tools reduce the perceived
jeterioration of the decoded audio signal that is caused by corrupted bits in the bitstream. The following tools are

TOVidedto TMProve the errTor TONUSINESS for SEverat parts of arm AAC frame:
Virtual CodeBook tool (VCB11)
Reversible Variable Length Coding tool (RVLC)

Huffman Codeword Reordering tool (HCR)

viii
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Improved error robustness capabilities for all coding tools are provided through the error resilient bitstream payload
syntax. It allows advanced channel coding techniques, which can be adapted to the special needs of the different
coding tools. This error resilient bitstream payload syntax is mandatory for all version 2 object types.

The error protection tool (EP tool) provides unequal error protection (UEP) for MPEG-4 Audio in conjunction with
the error resilient bitstream payload. UEP is an efficient method to improve the error robustness of source coding
schemes. 1t is used by various speech and audio coding systems operating over error-prone channels such as

mobile telephone networks or Digital Audio Broadcasting (DAB). The bits of the coded signal representation are
first grouped into different classes according to their error sensitivity. Then error protection is individually applied)to
the different classes, giving better protection to more sensitive bits.

Low-Delay Audio Coding

The MPEG-4 General Audio Coder provides very efficient coding of general audio signals at low-bitrates. However
it has an algorithmic delay of up to several 100ms and is thus not well suited for applications ‘equiring low coding
delay, such as real-time bi-directional communication. As an example, for the General Audie Coder operating at 24
kHz sampling rate and 24 kbit/s this results in an algorithmic coding delay of about 110 ms-plus up to additional 210
ms for the bit reservoir. To enable coding of general audio signals with an algorithmigzdélay not exceeding 20 ms,
MPEG-4 version 2 specifies a Low-Delay Audio Coder which is derived from MPEG:2/4 Advanced Audio Coding
(AAC). It operates at up to 48 kHz sampling rate and uses a frame length of 512 0480 samples, compared to the
1024 or 960 samples used in standard MPEG-2/4 AAC. Also the size of the window used in the analysis and
synthesis filterbank is reduced by a factor of 2. No block switching is used-te-avoid the “look-ahead™ delay due to
the block switching decision. To reduce pre-echo artefacts in case of transient signals, window shape switching is
provided instead. For non-transient parts of the signal a sine window js‘used, while a so-called low overlap window
is used in case of transient signals. Use of the bit reservoir is migimized in the encoder in order to reach the
desired target delay. As one extreme case, no bit reservoir is used-at all.

Fine Grain Scalability

Bitrate scalability, also known as embedded coding, is ayvery desirable functionality. The General Audio Coder of
version 1 supports large step scalability where a-base layer bitstream can be combined with one or more
enhancement layer bitstreams to utilize a higher bitrate and thus obtain a better audio quality. In a typical
configuration, a 24 kbit/s base layer and two 16.kbit/s enhancement layers could be used, permitting decoding at a
total bitrate of 24 kbit/s (mono), 40 kbit/s (stereo), and 56 kbit/s (stereo). Due to the side information carried in|
each layer, small bitrate enhancement layers are not efficiently supported in version 1. To address this problem
and to provide efficient small step scalahility for the General Audio Coder, the Bit-Sliced Arithmetic Coding (BSAC
tool is available in version 2. This toohis used in combination with the AAC coding tools and replaces the noiseless
coding of the quantized spectral dataand the scalefactors. BSAC provides scalability in steps of 1 kbit/s per audio
channel, i.e. 2 kbit/s steps for ,astereo signal. One base layer bitstream and many small enhancement layer
bitstreams are used. The base‘layer contains the general side information, specific side information for the first
layer and the audio data of the first layer. The enhancement streams contain only the specific side information and
audio data for the corresponding layer. To obtain fine step scalability, a bit-slicing scheme is applied to the
quantized spectral data: First the quantized spectral values are grouped into frequency bands. Each of these
groups contains the)quantized spectral values in their binary representation. Then the bits of a group are
processed in slices*according to their significance. Thus first all most significant bits (MSB) of the quantized values
in a group are processed, etc. These bit-slices are then encoded using an arithmetic coding scheme to obtain
entropy caedifg with minimal redundancy. Various arithmetic coding models are provided to cover the different
statistics of the bit-slices. The scheme used to assign the bit-slices of the different frequency bands to the
enhancement layer is constructed in a special way. This ensures that, with an increasing number of enhancement
layers utilized by the decoder, quantized spectral data is refined by providing more of the less significant bits. But
also the bandwidth is increased by providing bit-slices of the spectral data in higher frequency bands.

Parametric Audio Coding

The Parametric Audio Coding tools combine very low bitrate coding of general audio signals with the possibility of
modifying the playback speed or pitch during decoding without the need for an effects processing unit. In
combination with the speech and audio coding tools of version 1, improved overall coding efficiency is expected for
applications of object based coding allowing selection and/or switching between different coding techniques.
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Parametric Audio Coding uses the Harmonic and Individual Lines plus Noise (HILN) technique to code general
audio signals at bitrates of 4 kbit/s and above using a parametric representation of the audio signal. The basic idea
of this technique is to decompose the input signal into audio objects which are described by appropriate source
models and represented by model parameters. Object models for sinusoids, harmonic tones, and noise are utilized
in the HILN coder.

This_approach allows to _introduce a more advanced source model than just assuming a stationary signal for the

juration of a frame, which motivates the spectral decomposition used e.g. in the MPEG-4 General Audio Coder:
\s known from speech coding, where specialized source models based on the speech generation process in-the
human vocal tract are applied, advanced source models can be advantageous in particular for very low bitrate
coding schemes.

Due to the very low target bitrates, only the parameters for a small number of objects can be(transmitted.
Therefore a perception model is employed to select those objects that are most important for the perceptual quality
bf the signal.

In HILN, the frequency and amplitude parameters are quantized according to the “justynoticeable differences”
nown from psychoacoustics. The spectral envelope of the noise and the harmonic tone’is described using LPC
modeling as known from speech coding. Correlation between the parameters,of)one frame and between
consecutive frames is exploited by parameter prediction. The quantized parametefs.are finally entropy coded and
multiplexed to form a bitstream.

A\ very interesting property of this parametric coding scheme arises from\the”fact that the signal is described in
terms of frequency and amplitude parameters. This signal representation permits speed and pitch change
functionality by simple parameter modification in the decoder. The HIkN.-Parametric Audio Coder can be combined
with MPEG-4 Parametric Speech Coder (HVXC) to form an integrated parametric coder covering a wider range of
bignals and bitrates. This integrated coder supports speed and itch change. Using a speech/music classification
fool in the encoder, it is possible to automatically select theHVXC for speech signals and the HILN for music
bignals.  Such automatic HVXC/HILN switching was succéssfully demonstrated and the classification tool is
Jescribed in the informative Annex of the version 2 standard:

CELP Silence Compression

The silence compression tool reduces the average bitrate thanks to compression at a lower-bitrate for silence. In
the encoder, a voice activity detector is used-to distinguish between regions with hormal speech activity and those
vith silence or background noise. During’ normal speech activity, the CELP coding as in version 1 is used.
Dtherwise a Silence Insertion Descriptor=(SID) is transmitted at a lower bitrate. This SID enables a Comfort Noise
Senerator (CNG) in the decoder. The amplitude and the spectral shape of this comfort noise are specified by
bnergy and LPC parameters in similar methods to those in a normal CELP frame. These parameters are optionally
e-transmitted in the SID and thus can be updated as required.

Extended HVXC

In the Version 1 HVXC, variable bitrate mode of 2.0 kbit/s maximum is supported as well as 2.0 and 4.0 kbit/s fixed
pitrate modes. In-the Version 2 Error Resilient (ER) HVXC, the variable bitrate mode of 4.0 kbit/s maximum is
hdditionally suppoarted. The ER HVXC therefore provides fixed bitrate modes (2.0-4.0kbit/s) and variable bitrate
mode(<2.0kbitls, <4.0kbit/s) both in a scalable and non-scalable scheme. In the variable bitrate modes, non-speech
parts are<deétected in unvoiced signals, and a smaller number of bits is used for these non-speech parts to reduce
the average bitrate. ER HVXC provides communications-quality to near-toll-quality speech in the 100-3800 Hz
pand_at 8kHz sampling rate. When the variable bitrate mode is allowed, operation at lower average bitrate is
possible. Coded speech with variable bitrate mode at typical bitrate of 1.5kbit/s average, and at typical bitrate of

3-ORDIUS average has essentally the same quality as 2.0 KbiUS fiXed rate and 4.0 KbiUS TIXed rate respectvely. The
functionality of pitch and speed change during decoding is supported for all modes. ER HVXC has the syntax with
the error sensitivity classes to be used with the EP-Tool, and the error concealment functionality is supported for
the use for error-prone channel like mobile communication channels. The ER HVXC speech coder targets
applications from mobile and satellite communications, to Internet telephony, to packaged media and speech
databases.
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Capabilities
Overview of capabilities
MPEG-4 Audio version 2 provides the following new capabilities:

error robustness (including error resilience as well as error protection)

low delay audio coding

backchannel

fine granule scalability

parametric audio

silence compression in CELP

extended HVXC
Those new capabilities are discussed in more detail below.
Error robustness
Error resilience tools for AAC

Several tools are provided to increase the error resiliencefor~AAC. These tools improve the perceptual audig
quality of the decoded audio signal in case of corrupted bitstréams, which may occur e. g. in the presence of noisy
transmission channels.

The Virtual CodeBooks tool (VCB11) extends the-séctioning information of an AAC bitstream. This permits tg
detect serious errors within the spectral data of an"\MPEG-4 AAC bitstream. Virtual codebooks are used to limit the
largest absolute value possible within a certaifi~scalefactor band where escape values are. While referring to the
same codes as codebook 11, the sixteen virtual codebooks introduced by this tool provide sixteen different
limitations of the spectral values belonging to the corresponding section. Due to this, errors within spectral datg
resulting in spectral values exceeding.the’indicated limit can be located and appropriately concealed.

The Reversible Variable Length €oding tool (RVLC) replaces the Huffman and DPCM coding of the scalefactors in
an AAC bitstream. The RVLC uses symmetric codewords to enable both forward and backward decoding of the
scalefactor data. In ordertg-have a starting point for backward decoding, the total number of bits of the RVLC part
of the bitstream is transmitted. Because of the DPCM coding of the scalefactors, also the value of the last
scalefactor is transmitted’to enable backward DPCM decoding. Since not all nodes of the RVLC code tree are
used as codewords;.-seme error detection is also possible.

The Huffman<codeword reordering (HCR) algorithm for AAC spectral data is based on the fact that some of the
codewords ‘ean be placed at known positions so that these codewords can be decoded independent of any errof
within other codewords. Therefore, this algorithm avoids error propagation to those codewords, the so-called
priority~codewords (PCW). To achieve this, segments of known length are defined and those codewords are
placed-at the beginning of these segments. The remaining codewords (non-priority codewords, non-PCW) arg
filled |nto the gaps left by the PCWs using a speC|aI algorlthm that minimizes error propagation to the non- PCW<

algorlthm |tself a pre sortlng process is applled to the codewords It sorts aII codewords dependlng on thelr
importance, i. e. it determines the PCWs.

Error protection

The EP tool provides unequal error protection. It receives several classes of bits from the audio coding tools, and
then applies forward error correction codes (FEC) and/or cyclic redundancy codes (CRC) for each class, according
to its error sensitivity.

Xi
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The error protection tool (EP tool) provides the unequal error protection (UEP) capability to the ISO/IEC 14496-3
codecs. Main features of this tool are:

providing a set of error correcting/detecting codes with wide and small-step scalability, in performance and
in redundancy

prn\/iding a gpnprir and bandwidth-efficient error Inmfm*tinn framework which covers haoth fiypd-lpngfh

frame bitstreams and variable-length frame bitstreams

providing a UEP configuration control with low overhead

Error resilient bitstream reordering

Error resilient bitstream reordering allows the effective use of advanced channel coding techniques like unequal
error protection (UEP), that can be perfectly adapted to the needs of the different coding tools. ~Fhe basic idea is to
flearrange the audio frame content depending on its error sensitivity in one or more instances'belonging to different
error sensitivity categories (ESC). This rearrangement works either data element-wise or‘eyen bit-wise. An error
flesilient bitstream frame is build by concatenating these instances.

Low delay

The low delay coding functionality provides the ability to extend the usage ©f generic low bitrate audio coding to
applications requiring a very low delay of the encoding / decoding chain (e-g\ full-duplex real-time communications).
In contrast to traditional low delay coders based on speech coding technology, the concept of this low delay coder
is based on general perceptual audio coding and is thus suitable for,a‘wide range of audio signals. Specifically, it
is derived closely from the proven architecture of MPEG-2/4 Advarnced Audio Coding (AAC). Furthermore, all
apabilities for coding of 2 (stereo) or more sound channels (multiécchannel) are available within the low delay coder
s inherited from Advanced Audio Coding.

Upstream

To allow for user on a remote side to dynamically centrol the streaming of the server, backchannel streams carrying
yiser interaction information are defined.

Fine granule scalability in audio

BSAC provides fine grain scalability. i steps of 1 kbit/s per audio channel, i.e. 2 kbit/s steps for a stereo signal.
Dne base layer bitstream and many small enhancement layer bitstreams are used. In order to implement the fine
rain scalability efficiently in MPEG-4 system, the fine grain audio data can be divided into the large-step layers
nd the large-step layers are.concatenated from the several sub-frames. And the configuration of the payload
ansmitted over Elementary Stream (ES) can be changed dynamically depending on the environment such as the
etwork traffic or the usertinteraction. So, BSAC can allow for real-time adjustments to the quality of service.

In addition to fine.‘grain scalablity, it can improve the quality of the audio signal which is decoded from the
bitstreams transmjitted over error-prone channels such as mobile communication networks or Digital Audio
Broadcasting{DAB)

HILN: harmonic and individual lines plus noise (parametric audio coding)

MPEG:*4 parametric audio coding uses the HILN technique (Harmonic and Individual Lines plus Noise) to code
mon-speech signals like music at bitrates of 4 kbit/s and higher using a parametric representation of the audio

signal. HILN allows independent change of speed and pitch during decoding. Furthermore HILN can be combined
with MPEG-4 parametric speech coding (HVXC) to form an integrated parametric coder covering a wider range of
signals and bitrates.

Silence compression for CELP

The silence compression tool comprises a Voice Activity Detector (VAD), a Discontinuous Transmission (DTX) unit
and a Comfort Noise Generator (CNG) module. The tool encodes/decodes the input signal at a lower bitrates

Xii
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during the non-active-voice (silent) frames. During the active-voice (speech) frames, MPEG-4 CELP encoding and
decoding are used.

Extension of HVXC

The operation of maximum of 4.0 kbit/s variable bitrate mode of the MPEG-4 parametric speech coder HVXC is
provided in addition to the Versionl HVXC functionalities including 2.0-4.0 kbit/s fixed bitrate mode and 2.0 kbit/

maximum variable bitrate mode. Here extended operation of the variable bitrate mode with 4.0 kbit/s maximum-is
provided which allows higher quality variable rate coding.

Xiii
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Information technology — Coding of audio-visual objects —
Part 3:

Aucho

Amendment 1: Audio extensions

1 Scope

L=

ISO/IEC 14496-3 (MPEG-4 Audio) is a new kind of audio standard that integrates_many different types of audi
coding: natural sound with synthetic sound, low bitrate delivery with high-quality’ delivery, speech with musiq
complex soundtracks with simple ones, and traditional content with interactive and virtual-reality content. B
standardizing individually sophisticated coding tools as well as a_,novel, flexible framework for audi
synchronization, mixing, and downloaded post-production, the developets of the MPEG-4 Audio standard hav
created new technology for a new, interactive world of digital audio.

OO <<

MPEG-4, unlike previous audio standards created by ISO/IEC\ and other groups, does not target a singl
application such as real-time telephony or high-quality audio.compression. Rather, MPEG-4 Audio is a standar
that applies to every application requiring the use of advanced sound compression, synthesis, manipulation, o
playback. The subparts that follow specify the state-of-the<art coding tools in several domains; however, MPEG-/
Audio is more than just the sum of its parts. As the tools\described here are integrated with the rest of the MPEG-4
standard, exciting new possibilities for object-based audio coding, interactive presentation, dynamic soundtracks,
and other sorts of new media, are enabled.

PP

Since a single set of tools is used to cover, the*needs of a broad range of applications, interoperability is a naturg
feature of systems that depend on the MPEG-4 Audio standard. A system that uses a particular coder—fo
example, a real-time voice communication system making use of the MPEG-4 speech coding toolset—can easil
share data and development tools with other systems, even in different domains, that use the same tool—fo
example, a voicemail indexing and retrieval system making use of MPEG-4 speech coding.

=~ s —

2 Normative references

The following normative documents contain provisions which, through reference in this text, constitute provisions g
this Amendment+For dated references, subsequent amendments to, or revisions of, any of these publications d
not apply. However, parties to agreements based on this Amendment are encouraged to investigate the possibilit
of applying-the’ most recent editions of the normative documents indicated below. For undated references, th
latest edition of the normative document referred to applies. Members of ISO and IEC maintain registers @
currently valid International Standards.

—_ U~ O =

17

ISONEC 11172-3:1993, Information technology - Coding of moving pictures and associated audio for digital storagée
media at up to about 1.5 Mbit/s - Part 3: Audio.

ITU-T Rec.H.222.0(1995) | ISO/IEC 13818-1:1996, Information technology — Generic coding of moving pictures
and associated audio information: Systems.

ISO/IEC 13818-3:1998, Information technology — Generic coding of moving pictures and associated audio information -
Part 3: Audio.
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ISO/IEC 13818-7:1997, Information technology — Generic coding of moving pictures and associated audio information -
Part 7: Advanced Audio Coding (AAC).

ITU-T Recommendation H.223 (1998), Annex C, Multiplexing protocol for low bit-rate multimedia communication
over highly error-prone channels.

B3 Terms and definitions

3.1 virtual codebook — If several codebook values refer to one and the same physical codebook, these values,are
¢alled virtual codebooks.

$ee also ISO/IEC 14496-3 Subpart 1 Main.

4 Symbols and abbreviations

RVLC — Reversible Variable Length Coding

CB11 - Virtual Codebooks for codebook 11

EP — Error Protection

ER — Error Resilience or Error Resilient (as appropriate)
HCR — Huffman Codeword Reordering

HILN — Harmonic and Individual Lines plus Noise
BSAC — Bit Sliced Arithmetic Coding

$ee also ISO/IEC 14496-3 Subpart 1 Main.

5 Technical overview
5.1 Extended MPEG-4 audio object types

5.1.1 Audio object type definition

Table 1: Audio Object Type definition

[
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Audio Object | — — sl g™ o
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Null 0
AAC main X X contains 1
AAC LC
AAC LC X X 2
AAC SSR X| X 3
AAC LTP X X | X contains 4
AAC LC
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(Reserved) 5
AAC Scalable X X|X[X 6
TwinVQ X X 7
CELP X 8
HVXC 9
(Reserved) 10
(Reserved) Tt
TTSI 12
Main synthetic contains 13
WIT & Algor,
synthesis
Wavetable contains 14
synthesis General MIDI
General MIDI 15
Algorithmic 16
Synthesis and
Audio FX
ER AACLC X X X 17
(Reserved) 18
ER AAC LTP X X | X X contains 19
ER AACLC
ER AAC X X X X 20
scalable
ER TwinVQ X X 21
ER BSAC X X X 22
ER AAC LD X | X X X 23
ER CELP X X | X 24
ER HVXC X X 25
ER HILN X X 26
ER Parametric X X X 27
(Reserved) 28
(Reserved) 29
(Reserved) 30
(Reserved) 31

Note: The error-robust tool is camposed of error resilience and error protection. With respect ot the decoder it i
mandatory to equip the bit parsing function for error protection. However, it is optional to have the error detectio

and correction function.
5.1.2 Description

5.1.2.1 NULL.object type

See ISO/IEC 14496-3 Subpart 1 Main.

5.1%2:2 AAC Main object type

See ISQ/UEC 14496-3 Qllhpnrf 1 Main

o7

5.1.2.3 AAC Low Complexity (LC) Object type

See ISO/IEC 14496-3 Subpart 1 Main.
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5.1.2.4 AAC Scalable Sampling Rate (SSR) object type

See ISO/IEC 14496-3 Subpart 1 Main.

5.1.25 AAC Long Term Predictor (LTP) object type

q

q

q

q

q

q

q

q

q

[lataY
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-
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51.2.6 AAC Scalable object type

$ee ISO/IEC 14496-3 Subpart 1 Main.

$.1.2.7 TwinVQ object type

$ee ISO/IEC 14496-3 Subpart 1 Main.

5.1.2.8 CELP object type

$ee ISO/IEC 14496-3 Subpart 1 Main.

51.29 HVXC object type

$ee ISO/IEC 14496-3 Subpart 1 Main.

5.1.2.10 TTSI object type

$ee ISO/IEC 14496-3 Subpart 1 Main.

5.1.2.11 Main Synthetic object type

$ee ISO/IEC 14496-3 Subpart 1 Main.

5.1.2.12 Wavetable Synthesis object type

$ee ISO/IEC 14496-3 Subpart 1 Main,

5.1.2.13 General MIDI objectitype

$ee ISO/IEC 14496-3 Subpart 1 Main.

5.1.2.14 Algorithmi© Synthesis and Audio FX object type

$ee ISO/IEC 14496-3 Subpart 1 Main.

5.1.2.15  Error Resilient (ER) AAC Low Complexity (LC) object type

The Error Resilient (ER) MPEG-4 AAC Low Complexity object type is the counterpart to the MPEG-4 AAC Low

Complexity object, with additional error resilient functionality

5.1.2.16 Error Resilient (ER) AAC Long Term Predictor (LTP) object type

The Error Resilient (ER) MPEG-4 AAC LTP object type is the counterpart to the MPEG-4 AAC LTP object, with
additional error resilient functionality.
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5.1.2.17 Error Resilient (ER) AAC scalable object type

The Error Resilient (ER) MPEG-4 AAC scalable object type is the counterpart to the MPEG-4 AAC scalable object,
with additional error resilient functionality.

5.1.2.18 Error Resilient (ER) TwinVQ object type

The Error Resilient (ER) TwinVQ object type is the counterpart to the MPEG-4 TwinVQ object, with additional error
resilient functionality.

5.1.2.19 Error Resilient (ER) BSAC object type

The ER BSAC object is supported by the fine grain scalablility tool (BSAC: Bit-Sliced Arithmetic Coding). It provide
error resilience as well as fine step scalability in the MPEG-4 General Audio (GA) coder. It is-tsed in combinatio
with the AAC coding tools and replaces the noiseless coding and the bitstream formatting of MPEG-4 version 1 G4
coder A large number of scalable layers are available, providing 1 kbit/s/ch enhancement layer, i.e. 2 kbit/s step
for a stereo signal.

=0

5.1.2.20 Error Resilient (ER) AAC LD object type

The AAC LD object is supported by the low delay AAC coding tool. It alsa-permits combinations with the PNS tod
and the LTP tool. AAC LD object provides the ability to extend the usage-of generic low bitrate audio coding t
applications requiring a very low delay of the encoding / decoding chain (e.g. full-duplex real-time communications),

1=

5.1.2.21 Error Resilient (ER) CELP object type

The ER CELP object is supported by silence compression/and ER tools. It provides the ability to reduce th
average bitrate thanks to a lower-bitrate compression for.silence, with additional error resilient functionality.

\17

5.1.2.22 Error Resilient (ER) HVXC object type

The ER HVXC object is supported by the parametric speech coding (HVXC) tools, which provide fixed bitrat
modes (2.0-4.0 kbit/s) and variable bitrate\\nodes (< 2.0 kbit/s and < 4.0 kbit/s) both in a scalable and a non
scalable scheme, and the functionality of\pitch and speed change. The syntax to be used with the EP-Tool, an
the error concealment functionality are supported for the use for error-prone channels. Only 8 kHz sampling rat
and mono audio channel are supported.

P

5.1.2.23 Error Resilient (ER) HILN object type

The ER HILN object is(Supported by the parametric audio coding tools (HILN: Harmonic and Individual Lines plu
Noise) which provide~coding of general audio signals at very low bitrates ranging from below 4 kbit/s to abov
16 kbit/s. Bitrate scatability and the functionality of speed and pitch change are available. The ER HILN objed
supports mono@udio objects at a wide range of sampling rates.

— D O7

5.1.2.24 «Error Resilient (ER) Parametric object type

The ER' Parametric object is supported by the parametric audio coding and speech coding tools HILN and HVXQ.
This({integrated parametric coder combines the functionalities of the ER HILN and the ER HVXC objects. Only
kklz sampling rate and mono audio channel are supported.

O

5.2 Audio profiles and levels

5.2.1 Profiles

In ISO/IEC 14496-3 Amd 1, four new profiles are defined.
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The High Quality Audio Profile contains the CELP speech coder and the Low Complexity AAC coder including
Long Term Prediction. Scalable coding coding can be performed by the AAC Scalable object type. Optionally, the
new error resilient (ER) bitstream syntax may be used. The Low Delay Audio Profile contains the HVXC and
CELP speech coders (optionally using the ER bitstream syntax), the low-delay AAC coder and the Text-to-Speech
interface TTSI. The Natural Audio Profile contains all natural audio coding tools available in MPEG-4. The Mobile
Audio Internetworking Profile contains the low-delay and scalable AAC object types including TwinVQ and
BSAC. This profile is intended to extend communication applications using non-MPEG speech coding algorithms

vith high quality audio coding capabilities.
Table 2: Audio Profiles definition

High Quality Low Delay Natural Audio Inl\t/l:rtr)llelzmurg;r?g O%/epc;
Audio Object Type Audio Profile Audio Profile Profile Profile D
Null 0
AAC main X 1
AAC LC X X 2
AAC SSR X 3
AAC LTP X X 4
(reserved) 5
AAC Scalable X X 6
TwinVQ X 7
CELP X X X 8
HVXC X X 9
(reserved) 10
(reserved) 11
TTSI X X 12
Main synthetic 13
Wavetable synthesis 14
General MIDI 15
Algorithmic Synthesis and 16
Audio FX
ER AAC LC X X X 17
(reserved) 18
ER AACLTP X X 19
ER AAC Scalable X X X 20
ER TwinVQ X X 21
ER BSAC X X 22
ER AAC LD X X X 23
ER CELP X X X 24
ER HVXC X X 25
ER HILN X 26
ER Parametric X 27
(reserved) 28
(reserved) 29
(reserved) 30
(reserved) 31

5.2.2 Complexity units

Complexity units are defined to give an approximation of the decoder complexity in terms of processing power and
RAM usage required for processing MPEG-4 Audio bitstreams in dependence of specific parameters.

The approximated processing power is given in “Processor Complexity Units” (PCU), specified in integer numbers
of MOPS. The approximated RAM usage is given in “RAM Complexity Units” (RCU), specified in mostly integer
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numbers of kWords (1000 words). The RCU numbers do not include working buffers that can be shared between
different objects and/or channels.

The following Table 3 gives complexity estimates for the different object types:

Table 3: Complexity of Audio Object Types

Object Type Parameters PCU (MOPS) | RCU (kWords) | Remarks
ER AACLC fs=48kHz 3 3 3)
ER AAC SSR fs=48kHz 4 3 3)
ER AACLTP fs=48kHz 4 4 3)
ER AAC Scalable fs=48kHz 5 4 3)v4)
ER TwinVQ fs=24kHz 2 3 3)
ER BSAC fs=48kHz 4 4 3)
(input buffer size=26000bits)
fs=48kHz 4 8
(input buffer size=106000bits)
ER AAC LD fs=48kHz 3 2 3)
ER CELP fs=8kHz 2 1
fs=16kHz 3 1
ER HVXC fs=8kHz 2 1
ER HILN fs=16kHz, ns=93 15 2 2)
fs=16kHz, ns=47 8 2
ER Parametric fs=8kHz, ns=47 4 2 1), 2)

Definitions:

fs = sampling frequency

ns = max. humber of sinusoids being synthesized, see below
Notes:
1) Parametric coder in HILN mode, forHVXC mode see ER HVXC.
2) PCU depends on fs and ns,See below
3) PCU proportional to sampling frequency
4) Includes core decoder

PCU for HILN:

—

The computational complexity of HILN depends on the sampling frequency fs and the maximum number @
sinusoids \ns to be synthesized simultaneously. The value of ns for a frame is the total number of harmonic and
individual'lines synthesized in that frame, i.e. the number of starting plus continued plus ending lines. For fs in kHZ,
the'RCU in MOPS is calculated as follows:

PCU=(1+0.15*ns) *fs/16

The typical maximum values of ns are 47 for 6 kbit/s HILN and 93 for 16 kbit/s HILN bitstreams.

5.2.3 Levels within the profiles

A number of 0 stages of interleaving for the EP-tool indicates that the EP is not used in that particular level. The
notation used to specify the number of audio channels indicates the number of full bandwidth channels and the
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number of low-frequency enhancement channels. For example, “5.1” indicates 5 full bandwidth channels and one

low-frequency enhancement channel.

Table 4: Levels for the High Quality Audio Profile

OISO/IEC

A

q

f

A

A

q

f

A

Level Max. Max. Max PCU *2|Max RCU *?| EP-Tool: Max. |[EP-Tool: Max. # stages
Phnnnnle/nhjpr‘f Qnmlnling rate rpdllndanry hy of infprlna\ling per
[kHZ] class FEC ™ object
1 2 22.05 5 8 0% 0
2 2 48 10 8 0% 0
3 5.1 48 25 123 0% 0
4 5.1 48 100 423 0% 0
5 2 22.05 5 8 20% 9
6 2 48 10 8 20% 9
7 5.1 48 25 123 20% 22
8 5.1 48 100 423 20% 22

2: Level 5 to 8 do not include RAM and computational complexity for the ER:tool.

3: Sharing of work buffers between multiple objects or channel pair élements is assumed.

Table 5: Levels for the Low-Delay Audio Profile

1: This number does not cover FEC for the EP header, i. e. FEC for the EP header.is“always permitted. In case of
everal audio objects the limit is valid independently for each audio object. This value is the maximum redundancy
or the Audio object, which has the longest frame length, in each profile & level.

Level Max. Max. Max PCWU*2 | Max RCU *2 | EP-Tool: Max. EP-Tool:
channels/object | sampling rate redundancy by Max. #
[kHz] class FEC ™ | stages of
interleaving
per object
1 1 8 2 1 0 % 0
2 1 16 3 1 0 % 0
3 1 48 3 2 0 % 0
4 2 48 24 123 0 % 0
5 1 8 2 1 100% 5
6 1 16 3 1 100% 5
7 1 48 3 2 20% 5
8 2 48 24 123 20% 9

2: Level'5 to 8 do not include RAM and computational complexity for the EP tool.

1: This numberdoes not cover FEC for the EP header, i. e. FEC for the EP header is always permitted. In case of
everal audio‘ebjects the limit is valid independently for each audio object. This value is the maximum redundancy
or the Audio(object, which has the longest frame length, in each profile & level.

- CSharina of wwark huffarc hahavaan multinla ahiacts ar channal Nnailr alamantc ic accumad
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Table 6: Levels for the Natural Audio Profile

Level Max. Max PCU *2 EP-Tool: Max. redundancy | EP-Tool: Max. # stages of
sampling rate by class FEC ™ interleaving per object
[kHzZ]
1 48 20 0% 0
2 96 100 0% 0
3 48 20 20% 9
4 96 100 20% 22

*1: This number does not cover FEC for the EP header, i. e. FEC for the EP header is always permitted: In case df
several audio objects the limit is valid independently for each audio object. This value is the maximum redundanc
for the Audio object, which has the longest frame length, in each profile & level.

*2: Level 3 and 4 do not include computational complexity for the EP tool.

No RCU limitations are specified for this profile.

Table 7: Levels for the Mobile Audio Internetworking Profile

Level Max. Max. Max Max Max. EP-Tool: Max. EP-Tool:
channels/object | sampling | PCU** | RCU*™ | #audio | redundancy by Max. #
rate [kHz] objects | class FEC™ stages of
interleaving
per object
1 1 24 2.5 4 1 0% 0
2 2 48 10 8 2 0% 0
3 5.1 48 25 12 - 0% 0
4 1 24 2.5 4 1 20% 5
5 2 48 10 8 2 20% 9
6 5.1 48 25 12 - 20% 22

=0

*1: This number does not cover FEC forthe EP header, i. e. FEC for the EP header is always permitted. In case 0
several audio objects the limit is valid independently for each audio object. This value is the maximum redundanc
for the Audio object, which has thejlongest frame length, in each profile & level.

*2: The maximum RCU forsene channnel in any object in this profile is 4. For the ER BSAC, this limits the inpU
buffer size. The maximum.possible input buffer size in bits for this case is given in PCU/RCU Table 3.

—

*3: Level 4 to 6 do-netinclude RAM and computational complexity for the EP tool.

*4: Sharing of work buffers between multiple objects or channel pair elements are assumed.

6 _Extension to interface to ISO/IEC 14496-1 (MPEG-4 Systems)

621 Introduction

The header streams are transported via MPEG-4 systems. These streams contain configuration information, which
is necessary for the decoding process and parsing of the raw data streams. However, an update is only necessary
if there are changes in the configuration.

The payloads contain all information varying on a frame to frame basis and therefore carry the actual audio
information.
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6.2 Extension to syntax

6.2.1 AudioSpecificlnfo

Table 8: Syntax of AudioSpecificinfo()

OISO/IEC

if ( epConfig ==2)
ErrorProtectionSpecificConfig();

Symntax No.of bits Vieromnic
AudioSpecificlnfo ()
{
audioObjectType; 5 bslbf
samplingFrequencylindex; 4 bslbf
if ( samplingFrequencyindex==0xf)
samplingFrequency; 24 uimsbf
channelConfiguration; 4 bslbf
if ( audioObjectType == 1 || audioObjectType == 2 ||
audioObjectType == 3 || audioObjectType == 4 ||
audioObjectType == 6 || audioObjectType ==7)
GASpecificConfig();
if ( audioObjectType ==8)
CelpSpecificConfig();
if ( audioObjectType ==9)
HvxcSpecificConfig();
if ( audioObjectType == 12)
TTSSpecificConfig();
if ( audioObjectType == 13 || audioObjectType == 14|
audioObjectType == 15 || audioObjectType==16)
StructuredAudioSpecificConfig();
/* the following Objects are Amendment 1 @hjects */
if ( audioObjectType == 17 || audioObjeétType == 19 ||
audioObjectType == 20 || audioObjectType == 21 ||
audioObjectType == 22 || audio@bjectType == 23)
GASpecificConfig();
if ( audioObjectType == 24)
ErrorResilientCelpSpecificConfig();
if ( audioObjectType == 25)
ErrorResilientHvxcSpecificConfig();
if ( audioObjectType == 26 || audioObjectType == 27)
ParametricSpecificConfig();
if ( audioObjeetType == 17 || audioObjectType == 19 ||
audioQbjectType == 20 || audioObjectType == 21 ||
audioObjectType == 22 || audioObjectType == 23 ||
audioObjectType == 24 || audioObjectType == 25 ||
audioObjectType == 26 || audioObjectType == 27 ) {
epConfig; 2 bslbf

6.2.1.1  HvxcSpecificConfig

Defined in ISO/IEC 14496-3 subpart 2.

6.2.1.2  CelpSpecificConfig

Defined in ISO/IEC 14496-3 subpart 3.

10
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6.2.1.3 GASpecificConfig

Defined in subclause 8.2.1

6.2.1.4  StructuredAudioSpecificConfig

3-stbpartS:
6.2.1.5 TTSSpecificConfig

Defined in ISO/IEC 14496-3 subpart 6.

6.2.1.6  ParametricSpecificConfig

Defined in subclause 7.3.1.

6.2.1.7  ErrorProtectionSpecificConfig

Defined in subclause 9.2.1.

6.2.1.8  ErrorResilientCelpSpecificConfig

Defined in subclause 11.4.

6.2.1.9  ErrorResilientHvxcSpecificConfig

Defined in subclause 12.3.1.

6.2.2 Payloads

For the NULL object the payload shall be 16 bit\signed integer in the range from -32768 to +32767. The payload
for all other audio object types are defined indhe corresponding parts. These are the basic entities to be carried b
the systems transport layer. Note that for_all natural audio coding schemes the output is scaled for a maximum df
32767/-32768. However, the MPEG-4 System compositor expects a scaling.

o7

The following table shows an oyetview about where the Elementary Stream payloads for the error resilient Audi
Object Types can be found and where the detailed syntax is defined.

Table 9: ER Audio Object Types

ER Audio Object/Type | definition of elementary detailed syntax definition

stream payloads
ER AACLE subclause 10.5 ISO/IEC 14496-3 subpart 4 and subclause 8.5
ER AAC-LTP subclause 10.5 ISO/IEC 14496-3 subpart 4 and subclause 8.5
ER-AAC scalable subclause 10.5 ISO/IEC 14496-3 subpart 4 and subclause 8.5
ER/Twin VQ subclause 10.4 ISO/IEC 14496-3 subpart 4
ER BSAC subclause 10.7 subclause 8.3.3.1
ER AAC LD subclause 10.5 ISO/IEC 14496-3 subpart 4 and subclause 8.4
ER CELP bu'uuiauac 102 ESOIIEEC 14496'3 ou'upcut 3 al Ilj :u'uuiau:c 114
ER HVXC subclause 10.3 ISO/IEC 14496-3 subpart 2 and subclause 12.3.2
ER HILN subclause 10.6 subclause 7.3.2
ER Parametric subclause 10.6 ISO/IEC 14496-3 subpart 2 and subclause 7.3.2

11
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6.3 Semantics

6.3.1 audioObjectType

A five bit field indicating the audio object type. This is the master switch which selects the actual bitstream syntax of
the audio data. In general, different object type use a different bitstream syntax. The interpretation of this field is

+ H T alal 4
gIVCII nmr 1Tavic L

6.3.2 samplingFrequency

$ee ISO/IEC 14496-3 Subpart 1 Main.

$.3.3 samplingFrequencylndex

$ee ISO/IEC 14496-3 Subpart 1 Main.

$.3.4 channelConfiguration

$ee ISO/IEC 14496-3 Subpart 1 Main.

$.3.5 epConfig

This variable signals what kind of error robust configuration is used;i. e. how instances of error sensitivity
¢ategories are obtained on decoder site.

Table 10: epCounfig

epConfig | Description

0 All instances of all sensitivity categories-belonging to one frame are stored within one access unit.

1 Each instance of each sensitivity categery belonging to one frame is stored separately within a
single access unit, i.e. there are as.nany elementary streams existent as instances defined within
a frame.

2 The error protection decoder has to be applied. Its input is an error protected access unit and its

output are several error pretection class instances. Each instance of each sensitivity category
belonging to one frame corresponds to one of these error protection class instances.
3 Reserved

6.4 Upstream
6.4.1 Introduction

Upstreams areydefined to allow for user on a remote side to dynamically control the streaming of the server.

The need ferian up-stream channel is signaled to the client terminal by supplying an appropriate elementary stream
descriptor.declaring the parameters for that stream. The client terminal opens this up-stream channel in a similar
anner-as it opens the downstream channels. The entities (e.g. media encoders & decoders) that are connected

An up-stream can be associated to a single downstream or a group of down streams. The stream type of the
downstream to which the up-stream is associated defines the scope of the up-stream. When the up-stream is
associated to a single downstream it carries messages about the downstream it is associated to. The syntax and
semantics of messages for MPEG-4 Audio are defined in the next subclause.

12
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6.4.2 Syntax

Table 11: Syntax of AudioUpstreamPayload()

Syntax No. of bits Mnemonic
AudioUpstreamPayload()
s

Y

upStreamType; 4 uimsbf
switch (upStreamType ) {
case 0: /* scalablity control */

numOfLayer; 6 uimsbf
for (layer = 0; layer < numOfLayer; layer++ ) {
avgBitrate[layer]; 24 uimsbf
}
break;
case 1: /* BSAC frame interleaving */
numOfSubFrame; 5 uimsbf
break;
case 2: /* quality feedback */
multiLayOrSynEle; 1 uimsbf
if ( multiLayOrSynEle ) {
layOrSynEle; 6 uimsbf
}
else {
layOrSynEle = 1;
}
numFrameExp[layOrSynEle]; 4 uimsbf
lostFrames[layOrSynEle]; numFrameExp uimsbf
[layOrSynEle]
break;
case 3: /* bitrate control */
avgBitrate; 24 uimsbf
break;
default: /* reserved for future use */
break;
}
}
6.4.3 Definitions
upStreamType Al 4-bit unsigned integer value representing the type of the up-stream as defined in the

followingTable 12

Table 12: Definition of upStreamType

UpStreamType | Type of Audio up-stream
0 scalability control
1 BSAC frame interleaving
2 quality feedback
Lo} kbt + wniral
4—-15 reserved for future use
avgBitrate[layer] The average bitrate in bits per second of a large step layer, which the client requests to be

transmitted from the server.

13
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numOfSubFrame A 5-bit unsigned integer value representing the number of the frames which are grouped
and transmitted in order to reduce the transmission overhead. The transmission overhead
is decreased but the delay is increased as numOfSubFrame is increased.

multiLayOrSynEle This bit signals, whether or not a multi-channel or multi-layer configuration is used. Only in
that case a layer number or a syntactic element number needs is transmitted.

IlayOrSynEIe A 6-bit unsigned integer value representing the numer of the syntactic element (in case of
multi-channel setup) or the number of the layer (in case of multi-layer setup), to which-the
following quality feedback information belongs. This number refers to one of the layers-or
one of the syntactic elements contained within the associated Audio object. If the, Audio
object does neither support scalability nor multi-channel capabilities, this value issimplicitly
set to 1.

mumFrameExp[layOrSynEle] This value indicates the number of last recently passed frames (Z”UmF"’““E"EXp - 1)

considered in the following lostFrames value.

lostFrames[layOrSynEle] This field contains the number of lost frames with respect-to the indicated layer or
syntactic element within the last recently passed frames signalled by numFrameExp.

avgBitrate The average bitrate in bits per second of the whole Audie object, which the client requests
to be transmitted from the server.

6.4.4 Decoding process

First, upStreamType is parsed which represents the type of ¢he up-stream. The remaining decoding process
depends upon the type of the up-stream.

$.4.4.1 Decoding of scalability control

INext is the value numOfLayer. It represents the number of the data elements avgBitrate to be read. avgBitrate
follows.

$.4.4.2 Decoding of BSAC frame interfteaving

The data element to be read is num@fSubFrame. It represents the number of the sub-frames to be interleaved in

BSAC tool. BSAC can allow for rantime adjustments to the quality of service. When the content of upstream is
ansmitted from the client to the*server to implement a stream dynamically and interactively. BSAC data are split

£nd interleaved in the server&The detailed process for implementing an AU payload in the server is described in
e clause ‘informative Annex’Encoder’ of 14496-3 Amd 1.

6.4.4.3 Decodinglefquality feedback

The real frame_loss rate in percent can be derived using the following formula:

_ lostFrames|layOrSynEle]
framel ossRate]layOr SynEle] = sttt 1 100%
U.4.4.4 DC\;Ud;llU Uf b;t| Cltc CUI |t| U:

avgBitrate is parsed.

14


https://standardsiso.com/api/?name=a9ee787e3d63fbfd2f1b016282f48d62

OISO/IEC ISO/IEC 14496-3:1999/Amd.1:2000(E)

6.5 MPEG-4 Audio transport stream

6.5.1 Overview

This subclause defines a mechanism to transport ISO/IEC 14496-3 (MPEG-4 Audio) streams without using
ISO/IEC 14496-1 (MPEG-4 Systems) for audio-only applications. Figure 1 shows the concept of MPEG-4 Audio

tlal IQlJUIt. ThC tIClI IDPUIt IIICbhaII;DIII uoTo A t‘VVU :CL_YCI Cl'JlJIUaL;:-I, ||a|||c:y A |||u:t;p:c1\ :ayC| al Id A D_yllbhlUll;LClt;U
layer. The multiplex layer (Low-overhead MPEG-4 Audio Transport Multiplex: LATM) manages multiplexing. d
several MPEG-4 Audio payloads and AudioSpecificinfo() elements. The synchronization layer specifies @\ self
synchronized syntax of the MPEG-4 Audio transport stream which is called Low Overhead Audio Stream.(LOAS).
The Interface format to a transmission layer depends on the conditions of the underlying transmission*layer a
follows:

=0

o

LOAS shall be used for the transmission over channels where no frame synchronization is available.
LOAS may be used for the transmission over channels with fixed frame synchronization:
A multiplexed element (AudioMuxElement()/EPMuxElement()) without synchronization shall be used only fo

transmission channels where an underlying transport layer already provides \frame synchronization that can
handle arbitrary frame size.

=

The details in the LOAS format and the AudioMuxElement() format are described in subclauses 6.5.2 and 6.5.3,
respectively.

MPEG-4 Audio Payl oads AudioSpecificConfig Elements

:QQQ ¢ ¢000¢

Multiplex Layer (Low-overhead MPEG-4 Audio Transport Multiplex: LATM)

EPMUuxElement() ¢

AudioMuxElement() Synchronization Layer

T Low Overhead Audio Sream (LOAS)

Underlying Transmission Layer

Figure 1: Concept of MPEG-4 Audio Transport

6.5.2 Synchronization Layer

\17

The'synchronization layer provides the multiplexed element with a self-synchronized mechanism to generats
LOAS. The LOAS has three different types of format, namely AudioSyncStream(), EPAudioSyncStream() an

1=

AudioPointerStream(). The choice for one of the three formats is dependent on the underlying transmission layer.
AudioSyncStream()
AudioSyncStream() consists of a syncword, the multiplexed element with byte alignment, and its length information.

The maximum byte-distance between two syncwords is 8192 bytes. This self-synchronized stream shall be used
for the case that the underlying transmission layer comes without any frame synchronization.

15
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EPAudioSyncStream()

For error prone channels, an alternative version to AudioSyncStream() is provided. This format has the same basic
functionality as the previously described AudioSyncStream(). However, it additionally provides a longer syncword
and a frame counter to detect lost frames. The length information and the frame counter are additionally protected
by a FEC code.

AudioPointerStream()

AudioPointerStream() shall be used for applications using a underlying transmission layer with fixed ‘frame
synchronization, where transmission framing can not be synchronized with the variable length multiplexed element.
Figure 2 shows synchronization in AudioPointerStream(). This format utilizes a pointer indicating the start of the
mext multiplex element in order to synchronize the variable length payload with the constant transmission frame.

constant length Sync Frame

Variable Length AudioMuxEIementq/<

audioMuxElementStartPointer

constant length Sync Frame

|
_ [\E™ [ ] F
\audioMuxEIementStartPointer

Figure 2: Synchronization in AudioPointerStream()

16
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6.5.2.1 Syntax

Table 13: Syntax of AudioSyncStream()

Syntax No. of bits Mnemonic
IAudioSyncStream()
while (nextbits() == 0x2B7 ) { /* syncword */ 11 bslbf
audioMuxLengthByteslL ast; 13 uimsbf

AudioMuxElement( 1 );

ByteAlign();
Table 14: Syntax of EPAudioSyncStream()
Syntax No. of bits  Mnemonic
EPAudioSyncStream()
while (nextbits() == Ox4del) { /* syncword */ 16 bslbf
futureUse; 4 uimsbf
audioMuxLengthBytes; 13 uimsbf
frameCounter; 5 uimsbf
headerParity; 18 bslbf
EPMuxElement( 1, 1);
}
Tablé15: Syntax of AudioPointerStream()
Syntax No. of bits Mnemonic

IAudioPointerStream( length))
ByteAlign();
audioMuxElementStartPointer; ceil(ld(length)) uimsbf

AudioMuxElement( 1);

6.5.2:2~Y Semantics

audioMuxLengthBytesLast A 13-bit field indicating the byte length of the multiplexed element with byte

Lanmant
UIIHI mrrcTiIt.
futureUse A 4-bit field for future use.
audioMuxLengthBytes A 13-bit field indicating the byte length of the multiplexed element.
frameCounter A 5-bit field indicating a sequential number which is used to detect lost frames. The
number is continuously incremented for each multiplexed element as a modulo
counter.

17
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headerParity A 18-bit field which contains a BCH (36,18) code shortened from BCH (63,45) code
for the elements audioMuxLengthBytes and frameCounter. The generator
polynomial is x™8+x 7 +x C+x 2 +x +x +x%+x*+x%+x+1. The value is calculated with this
generation polynomial as described in subclause 9.4.3.

audioMuxElementStartPointer A field indicating the start point of the multiplexed element. The number of bits
required for this field is calculated as nbits = ceil(log2( the transmission frame

length )). The transmission frame length should be provided from the transmission

layer.
AudioMuxElement() A multiplexed element as specified in subclause 6.5.3.
EPMuxElement() An error resilient multiplexed element as specified in subclause 6.5.3.

$.5.3 Multiplex Layer

The LATM layer multiplexes several MPEG-4 Audio payloads and AudioSpecificinfo() syntax elements into one
ultiplexed element. The multiplexed element format is selected between (GAudioMuxElement() and
PMuxElement() depending on whether error resilience is required in the multiplexed element itself, or not.
PMuxElement() is an error resilient version of AudioMuxElement() and may be used:for error prone channels.

he multiplexed elements can be directly conveyed on transmission layers wijth\frame synchronization. In this case,

e first bit of the multiplexed element shall be located at the first bit of a\transmission payload in the underlying

ansmission layer. If the transmission payload allows only byte-aligned payload, zero-padding bits for byte

lignment shall follow the multiplexed element. The number of the ‘padding bits should be less than 8. These

adding bits should be removed when the multiplexed element is de-multiplexed into the MPEG-4 Audio payloads.
Then, the MPEG-4 Audio payloads are forwarded to the correspanding MPEG-4 Audio decoder tool.

6.5.3.1  Syntax

Table 16: Syntax’ of EPMuxElement()

Syntax No. of bitsMnemonic
EPMuxElement( epDataPresent , muxConfigPresent )

{

if( epDataPresent ) {

epUsePreviousMuxConfig; 1 bslbf
epUsePreviousMuxConfigParity; 2 bslbf
if( lepUsePreviousMuxConfig) {
epSpecificConfigLength; 10 bslbf
epSpecificConfigLengthParity; 11 bslbf

ErrarPratectionSpecificConfig();
ErrorProtectionSpecificConfigParity();
}
ByteAlign();
EPAudioMuxElement( muxConfigPresent );
Yelse {
AudioMuxElement( muxConfigPresent );

ByteAlign();

18
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Table 17: Syntax of AudioMuxElement()

Syntax

No. of bitsMnemonic

AudioMuxElement( muxConfigPresent )

if( muxConfigPresent ) {
useSameStreamMux;

1 bslIbf

It (TuseSameStreamMuXx)
StreamMuxConfig();

}

for(i=0; iknumSubFrames; i++ ) {
PayloadLengthinfo();
PayloadMux();

}

if( otherDataPresent ) {
for( i=0; i<otherDataLenBits; i++ ) {
otherDataBit;
}

s bsIbf

19
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Table 18: Syntax of StreamMuxConfig()

OISO/IEC

Syntax No. of bits Mnemonic
StreamMuxConfig()
{
streamCnt = 0;
allStreamsSameTimeFraming; 1 uimsbf
numsSubFrames, 3 aimsbt
numProgram; 4 uimsbf
for ( prog = 0; prog < numProgram; prog++ ) {
numLayer; 3 uimsbf
for (lay = 0; lay < numLayer; lay++) {
progSindx[streamCnt]=prog; laySIndx[streamCnt]=lay;
streamlD [ prog][ lay] = streamCnt++;
if (prog==0&Ilay==0){
AudioSpecificinfo();
lelse {
useSameConfig; 1 uimsbf
if (luseSameConfig )
AudioSpecificlnfo();
}
frameLengthType[streamID[prog][ lay]]; 3 uimsbf
if (frameLengthType[streamID[prog][lay] == 0) {
blockDelay[streamID[prog][ lay]]; 5 uimsbf
fractionalDelayPresent[streamID[prog][ lay]]; 1 uimsbf
if (fractionalDelayPresent[streamID[prog][ lay]])
fractionalDelay[streamID[prog][ lay]; 8 uimsbf
} else if( frameLengthType[streamID[prog][tay]] == 1) {
frameLength[streamID[prog][lay]]; 9 uimsbf
}elseif ( frameLengthType[streamIDfprog][ lay]] ==
frameLengthType[streamiD[prog][ lay]] ==
frameLengthType[streamID[prog][ lay]] == 3 ) {
CELPframeLengthTablelndex[streamID[prog][lay]]; 6 uimsbf
}elseif ( frameLengthType[streamID[prog][ lay]] ==
frameLengthType[streamID[prog][ lay]] == 7 ) {
HVXCframeLengthTablelndex[streamID[prog][ lay]]; 1 uimsbf
}
}
}
otherDataPresent; 1 uimsbf
if( otherDataPresent ) otherDatalLenBits; 8 uimsbf
crcCheckPRresent; 1
if( crcCheckPresent ) crcCheckSum; 8 uimsbf

20
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Table 19: Syntax of PayloadLengthinfo()

Syntax

No. of bits Mnemonic

PayloadLengthinfo()

if( allStreamsSameTimeFraming ) {
for ( prog = 0; prog < numProgram; prog++ ) {

for (lay = U; lay < numLayer; lay++ ) {
if( frameLengthType[streamID[prog][ lay]] == 0) {
do { /* always one complete access unit */
tmp;
MuxSlotLengthBytes[streamID[prog][ lay]] += tmp;
} while( tmp==255);
} else {
if ( frameLengthType[streamID[prog][ lay]] == 5 ||
frameLengthType[streamID[prog][ lay]] == 7 ||
frameLengthType[streamID[prog][ lay]] == 3) {
MuxSlotLengthCoded[streamID[prog][ lay]];

} else {
numChunk;
for (cnt=0; cnt < numChunk; cnt++) {
streamindx;
prog = progClndx[chunkCnt] = progSIndx[stréeamIndx];
lay =layClndx[chunkCnt] = laySIndx Astreamindx];
if( frameLengthType[streamID[prog][lay]]==0) {
do { /* not necessarily a complete access unit */
tmp;
MuxSlotLengthBytes[strgamID[prog][lay]] += tmp;
} while (tmp == 255);
AuEndFlag[streamID[prog][lay]];
}else {
if ( frameLengthType[streamID[prog][lay]] == 5 ||
frameLengthType[streamID[prog][lay]] == 7 ||
framelLengthType[streamID[prog][lay]] == 3) {
MuxSloetLengthCoded[streamID[prog][lay]];

8 uimsbf
2 uimsbf
4 uimsbf
4 uimsbf
8 uimsbf
1 bslbf

2 uimsbf

21
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Table 20: Syntax of PayloadMux()

Syntax No. of bits Mnemonic
PayloadMux()

if( allStreamsSameTimeFraming ) {
for ( prog = 0; prog < numProgram; prog++ ) {

for (lay = U, lay < numLayer, lay++ ) {
payload [streamID[prog][ lay]];
}

} else {
for (chunkCnt=0; chunkCnt < numChunk; chunkCnt++) {
prog = progCindx[chunkCnt];
lay =layClndx [chunkCnt];
payload [streamID[prog][ lay]];

$.5.3.2 Semantics

In order to parse an AudioMuxElement(), a muxConfigPresent flag.shall be set at the underlying layer. If
uxConfigPresent is set to 1, this indicates multiplexing configuration)(StreamMuxConfig()) is multiplexed into
udioMuxElement(), i.e. in-band transmission. If not, StreamMuxConfig() should be conveyed through out-band
eans, such as session announcement/description/control protocols. For parsing of EPMuxElement(), an
pDataPresent flag shall be additionally set at the underlying_layer. If epDataPresent() is set to 1, this indicates
PMuxElement() has error resiliency. If not, the format of ERMuxElement() is identical to AudioMuxElement(). The
efault for both flags is 1.

muxConfigPresent | Description

0 out-band transmission of StreamMuxConfig()

1 in-band transmission of StreamMuxConfig()
epDataPresent Description

0 EPMuxElement() is identical to AudioMuxElement()
1 EPMuxElement() has error resiliency

epUsePreviousMuxConfig A flag indicating whether the configuration for the MPEG-4 Audio EP tool in the
previous frame is applied in the current frame.

epUsePreviousMuxConfig Description

0 The configuration for the MPEG-4 Audio EP tool
is present

1 The configuration for the MPEG-4 Audio EP tool
is not present. The previous configuration should
be applied

epUsePreviousMuxConfigParity A 2-bits element which contains the parity for epUsePreviousMuxConfig.
Each bit is a repetition of epUsePreviousMuxConfig. Majority decides.

epHeaderLength A 10-bit field to indicate the size of ErrorProtectionSpecificConfig()

epHeaderLengthParity: A 11-bit field for epHeaderLength, calculated as described in subclause 9.4.3 with
“1)Basic set of FEC codes”.
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Note: This means shortened Golay(23,12) is used

ErrorProtectionSpecificConfig() Configuration information for the EP tool which is applied to

AudioMuxElement() as defined in subclause 9.2.1.

ErrorProtectionSpecificConfigParity() The parity bits for ErrorProtectionSpecificConfig(), calculated as

described in subclause 9.4.3 with “1) Basic Set of FEC codes”.

EPAudioMuxElement()

useSameStreamMux

otherDataBit

allStreamsSameTimeFraming A flag indicating whether all payloads, which are multiplexed in PayloadMux(),

A SubFErames

Error resilient multiplexed element that is generated by applying the EP tool to
AudioMuxElement() as specified by ErrorProtectionSpecificConfig(). Therefore’dat
elements in AudioMuxElement() are subdivided into different categories depending
on their error sensitivity and collected in instances of these categories. Following
sensitivity categories are defined:

;=3

elements error sensitivity category
useSameStreamMux + 0
StreamMuxConfig()
PayloadLengthinfo() 1
PayloadMux() 2
otherDataBits 3

Figure 3: Instance arder in EPAudioMuxElement()

Note 1: There might be more than one instance of error sensitivity category 1 and 2
depending on the value of the variable(humSubFrames defined in
StreamMuxConfig(). Figure 3 showsZn example for the order of the instances
assuming numSubFrames is two (2).

—» 0 » la (P 2a» 1b —» 2b —» 3 >

Note 2: ERAudioMuxElement() has to be byte aligned, therefore bit_stuffing in
ErrorProtectionSpecificConfig() should be always on.

Adlag indicating whether the multiplexing configuration in the previous frame is
applied in the current frame.

useSameStreamMux Description

0 The multiplexing configuration is present.

1 The multiplexing configuration is not present.
The previous configuration should be applied.

A 1-bit field indicating the other data information.

share a common time base.

A _fiald |nr||r~:\f|nﬂ hows many DQ\JI'!‘\Q!‘“\AIIV/\ frames-afre mlllflnlnvnd fmore-than-one

numProgram

numLayer

PayloadMux() frame are multiplexed, all PayloadMux() share a common
StreamMuxConfig(). The minimum value is 1.

A field indicating how many programs are multiplexed. The minimum value is 1.

A field indicating how many scalable layers are multiplexed. The minimum value is 1.
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useSameConfig

A flag indicating whether AudioSpecificinfo() for the payload in the previous layer or
program is applied for the payload in the current layer or program.

useSameConfig Description
0 AudioSpecificlnfo() is present.
1 AudioSpecificlnfo() is not present.

AudioSpecificinfa() in the previous layer or

fractionalDelay

framelLength

24

program should be applied.
frameLengthType A field indicating the frame length type of the payload. For CELP and HVXC
objects, the frame length (bits/frame) is stored in tables and only the indexes to
point out the frame length of the current payload is transmitted instead ‘of sending
the frame length value directly.

framelLengthType | Description

0 Payload with variable frame length. The.payload length in
bytes is directly specified with 8-bit;eddes in
PayloadLengthinfo().

1 Payload with fixed frame length. The payload length in bits
is specified with frameLength‘in StreamMuxConfig().

2 Reserved

3 Payload for a CELP_object with one of 2 kinds of frame
length. The payload.length is specified by two table-
indexes, hamely~CELPframeLengthTablelndex and
MuxSlotLengthCoded.

4 Payload for/a CELP or ER_CELP object with fixed frame
length.,CELPframeLengthTablelndex specifies the
paylead length.

5 Paylead for an ER_CELP object with one of 4 kinds of
frame length. The payload length is specified by two table-
indexes, namely CELPframeLengthTablelndex and
MuxSlotLengthCoded.

6 Payload for a HVXC or ER_HVXC object with fixed frame
length. HYXCframeLengthTablelndex specifies the
payload length.

7 Payload for an HVXC or ER_HVXC object with one of 4
kinds of frame length. The payload length is specified by
two table-indexes, namely HVXCframeLengthTablelndex
and MuxSlotLengthCoded.

blockDelay A field indicating the time base of the payload with frameLengthType of 0. The time
base is specified by a two-layer scheme. blockDelay provides a coarse time base
in multiples of tbl = frame_length_samples / sampling_rate. If enhanced time
resolution is desired, fractionalDelay may specify an additional fractional value.
fractionalDelayPresent A flag indicating the presence of fractionalDelay in the current payload.
fractionalDelayPresent Description
0 fractionalDelay is not present.
T fractionalDelay 1S present.

A field indicating the enhanced time resolution for the time base of the payload with
frameLengthType of 0.

A field indicating the frame length of the payload with frameLengthType of 1. The
payload length in bits is specified as 8 * (frameLength + 20).
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CELPframeLengthTablelndex A field indicating one of two indexes for pointing out the frame length for a CELP or

ER_CELP object. (Table 22and Table 23)

HVXCframeLengthTablelndex A field indicating one of two indexes for pointing out the frame length for a HVXC or

otherDataPresent

ER_HVXC object. (Table 21)

A flag indicating the presence of the other data than audio payloads.

otherDatalLenBits

crcCheckPresent

crcCheckSum

tmp

MuxSlotLengthCoded

numChunk

streamIndx
chunkCnt
progSindx,laySindx
progCindx,layClndx

AuEndFlag

otherDataPresent Description

0 The other data than audio payload otherData is not
multiplexed.

1 The other data than audio payload otherData is
multiplexed.

A field indicating the length of the other data.

A flag indicating the presence of CRC check bits for StreamMuxConfig() elements.

crcCheckPresent Description
0 CRC check bits are not present.
1 CRC check bits are-present.

A field indicating the CRC check bits,
A field indicating the payload length of the payload with frameLengthType of 0. Thg
value 255 is used as an escapge value and indicates that at least one more tmp
value is following. The oveérall'length of the transmitted payload is calculated by
summing up the partial values.

A field indicating ong of two indexes for pointing out the payload length for CELP,
HVXC, ER_CELPyand ER_HVXC objects.

A field indicating the number of payload chunks. Each chunk may belong to an
access unit with a different time base; only used if allStreamsSameTimeFraming is
set tozero. The minimum value is 1.

A field indicating the stream. Used if payloads are splitted into chunks.

Helper variable to count number of chunks.

Helper variables to identify program and layer number from streamIndx.

Helper variables to identify program and layer number from chunkCnt.

A flag indicating whether the payload is the last fragment, in the case that an
access unit is transmitted in pieces.

AuEndFlag Description
0 The fragmented piece is not the last one.
1 The fragmented piece is the last one.
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Table 21: Frame length of HVXC [bits]

OISO/IEC
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MuxSlotLengthCoded
frameLengthType[] [HVXCframeLengthTablelndex]] 00 | 01 | 10 | 11
6 0 40
6 1 80
7 0 40 28 2 0
7 1 80 40 25 3
Table 22: Frame Length of CELP Layer 0 [bits]
Fixed-Rate 1-of-4 Rates (Silence 1-of-2 Rates (FRC)
frameLengthType]] Compression) frameLengthType[]=3
=4 frameLengthType[]=5
MuxSlotLengthCoded MuxSlotLengthCoded
CELPframeLenghTable 00 01 10 11 00 01
Index

0 154 156 23 8 2 156 134
1 170 172 23 8 2 172 150
2 186 188 23 8 2 188 166
3 147 149 23 8 2 149 127
4 156 158 23 8 2 158 136
5 165 167 23 8 2 167 145
6 114 116 23 8 2 116 94
7 120 122 23 8 2 122 100
8 126 128 23 8 2 128 106
9 132 134 23 8 2 134 112
10 138 140 23 8 2 140 118
11 142 144 23 8 2 144 122
12 146 148 23 8 2 148 126
13 154 156 23 8 2 156 134
14 166 168 23 8 2 168 146
15 174 176 23 8 2 176 154
16 182 184 23 8 2 184 162
17 190 192 23 8 2 192 170
18 198 200 23 8 2 200 178
19 206 208 23 8 2 208 186
20 210 212 23 8 2 212 190
21 214 216 23 8 2 216 194
22 110 112 23 8 2 112 90
23 114 116 23 8 2 116 94
24 118 120 23 8 2 120 98
25 120 122 23 8 2 122 100
26 122 124 23 8 2 124 102
27 186 188 23 8 2 188 166
28 218 220 40 8 2 220 174
29 230 232 40 8 2 232 186
30 242 244 40 8 2 244 198
31 254 256 40 8 2 256 210
32 266 268 40 8 2 268 222
33 278 280 40 8 2 280 23%
34 286 288 40 8 2 288 242
35 294 296 40 8 2 296 250
36 318 320 40 8 2 320 276
37 342 344 40 8 2 344 298
38 358 360 40 8 2 360 314
39 374 376 40 8 2 376 330
40 390 392 40 8 2 392 346
41 406 408 40 8 2 408 362
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42 422 424 40 8 2 424 378
43 136 138 40 8 2 138 92
44 142 144 40 8 2 144 98
45 148 150 40 8 2 150 104
46 154 156 40 8 2 156 110
47 160 162 40 8 2 162 116
48 166 168 40 8 2 168 122
49 170 172 40 8 2 172 126
50 174 176 40 8 2 176 130
51 186 188 40 8 2 188 142
52 198 200 40 8 2 200 154
53 206 208 40 8 2 208 162
54 214 216 40 8 2 216 170
55 222 224 40 8 2 224 178
56 230 232 40 8 2 232 186
57 238 240 40 8 2 240 194
58 216 218 40 8 2 218 172
59 160 162 40 8 2 162 116
60 280 282 40 8 2 282 238
61 338 340 40 8 2 340 296
62-63 reserved
Table 23: Frame Length of CELP Layer 1-5 [bits]
Fixed-Rate 1-of-4 Rates (Silence
frameLengthType Compression)
=4 frameLengthType[]=5
MuxSlotLengthCoded
CELPframelLenghTableIndex 00 01 10 11
0 80 80 0 0 0
1 60 60 0 0 0
2 40 40 0 0 0
3 20 20 0 0 0
4 368 368 21 0 0
5 416 416 21 0 0
6 464 464 21 0 0
7 496 496 21 0 0
8 284 284 21 0 0
9 320 320 21 0 0
10 356 356 21 0 0
11 380 380 21 0 0
12 200 200 21 0 0
13 224 224 21 0 0
14 248 248 21 0 0
15 264 264 21 0 0
16 116 116 21 0 0
17 128 128 21 0 0
18 140 140 21 0 0
19 148 148 21 0 0
20-63 reserved
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7 Parametric audio coding (HILN)

7.1 Overview of the tools

MPEG-4 parametric audio coding uses the HILN technique (Harmonic and Individual Lines plus Noise) to code
audio signals like music at bitrates of 4 kbit/s and higher using a scalable parametric representation of the audio

$ignar ATEN-allows Mdependent change of Speed and pitch during decoding. Furthermore HILN can be combined
vith MPEG-4 parametric speech coding (HVXC) to form an integrated parametric coder covering a wider rangecef
signals and bitrates.

HVXC Decoder
and Synthesizer
HVXC/HILN
é . .
—— 1 Combination _’O
()——» Bitstream
Decoder HILN Decoder
and Synthesizer
: I

Pitch control factor X’—
Speed control factor &———

Figure 4: Block diagram of the integrated parametric decoder

The integrated parametric coder can operate in the following modes:

Table 24: Parametric coder operation modes

PARAmMode | Description

0 HVXC only

1 HILN only

2 switched HVXC / HILN
3 mixed HVXC / HILN

PARAmModes 0 and 1/represent the fixed HVXC and HILN modes. PARAmode 2 permits automatic switching
metween HVXC and”HILN depending on the current input signal type. In PARAmode 3 the HVXC and HILN
ecoders can be ysed simultaneously and their output signals are added (mixed) in the parametric decoder.

In “switched . HVXC / HILN” and “mixed HVXC / HILN” modes both HVXC and HILN decoder tools are operated

lternatively, or simultaneously according to the PARAswitchMode or PARAmixMode of the current frame. To obtain
iroper tim& alignment of both HVXC and HILN decoder output signals before they are added, a FIFO buffer
¢ompensates for the time difference between HVXC and HILN decoder delay.

IN\WAVY &) LI AL Al =

respective decoder output signals fade in and out smoothly. For the HVYXC decoder a 20 ms linear fade is applied
when it is switched on or off. The HILN decoder requires no additional fading because of the smooth synthesis
windows utilized in the HILN synthesizer. It is only necessary to reset the HILN decoder (hnumLine = 0) if the current
bitstream frame contains no HILNframe().
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7.2 Terms and definitions

For the purposes of Subclause 7 the following definitions apply:

HVXC: Harmonic Vector Excitation Coding (parametric speech coding).

HILN: Harmonic and Individual Lines plus Noise (parametric audio coding)
individual line: A spectral component described by frequency, amplitude and phase.
harmonic lines: A set of spectral components having a common fundamental frequency.
noise component: A signal component modeled as noise.

pi: The constant p = 3.14159...

A general glossary and list of symbols and abbreviations is located in clause O.
7.3 Bitstream syntax

7.3.1 Decoder configuration (ParametricSpecificConfig)

The decoder configuration information for parametric coding is transmitted'in the DecoderConfigDescriptor() of th
base layer and the optional enhancement layer Elementary Stream (see Subclause 6.2.1).

\172

Parametric Base Layer -- Configuration
For the parametric coder in unscalable mode or for thewbase layer in HILN scalable mode the following
ParametricSpecificConfig() is required:

Par amet ri cSpeci ficConfig() {
PARAconfig();
}

Parametric HILN Enhancement / Extensien’Layer -- Configuration

To use HILN as core in an “T/F scalable with core” mode, in addition to the HILN base layer an HILN enhancemen
layer is required. In HILN bitrate scalable-operation, in addition to the HILN base layer one or more HILN extensio
layers are permitted. Both the“:enhancement layer and the extension layer have the following
ParametricSpecificConfig():

- -+

Par amet ri cSpeci fi cConfig() {
HI LNenexConf i g()\
}

An MPEG-4 Natural:Audio Object using Parametric Coding is transmitted in one or more Elementary Streams: The
base layer streamy.a@n optional enhancement layer stream, and one or more optional extension layer streams.

17

The bitstream-Syntax is described in pseudo-C code.

The mnemonics LARH1, LARH2, LARH3, LARN1, LARNZ2, DIA, DIF, DHF, DFS indicate that a “viclbf’ codeword i
used=~The corresponding codebooks are given in Subclause 7.3.2.3.

o7

TFhe-mnhemonic-SPCindicates—that-a—\dclbf: codeword—is—used-which—-is—decoded h\]l the-HHILN-SubDivisionCode

described in Subclause 7.3.2.4 using the parameters for SDCdecode() as given in the bitstream syntax description.
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7.3.1.1 Parametric Audio decoder configuration
Table 25: Syntax of PARAconfig()
Syntax No. of bits  Mnemonic
PARAconfig()
i
PARAmMode; uimsbf
if (PARAmMode != 1) {
ErHVXCconfig();
}
if (PARAmode !=0) {
HILNconfig();
}
extensionFlag; uimsbf
if (extensionFlag) {
/* to be defined in MPEG-4 Phase 3 */
}
}
Table 26: PARAmode
PARAmode | framelLength Description
0 20 ms (N = 160 samples) HVXC only
1 see Subclause 7.3.1.2 and Subclause 7.5/1.4.3.3 | HILN only
2 40 ms (N = 320 samples) HVXC/HILN switching
3 40 ms (N = 320 samples) HVXC/HILN mixing
7.3.1.2 HILN decoder configuration

Table27: Syntax of HILNconfig()

30

Syntax No. of bits Mnemonic
HILNconfig()
HILNguantMode; 1 uimsbf
HILNmaxNumLine; 8 uimsbf
HILNsampleRateCode; 4 uimsbf
HILNframeLength; 12 uimsbf
HILNcantMode; 2 uimsbf
}
Table 28: Syntax of HILNenexConfig()
Syntax No. of bits Mnemonic
HILNenexConfig()
{
HILNenhalLayer; uimsbf
if (HILNenhaLayer) {
HILNenhaQuantMode; uimsbf
}
}
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Table 29: HILNsampleRateCode

HILNsampleRateCode | sampleRate | maxFIndex
0 96000 890
1 88200 876
2 64000 825
3 48000 779
4 44100 765
5 32000 714
6 24000 668
7 22050 654
8 16000 603
9 12000 557
10 11025 544
11 8000 492
12 7350 479
13 reserved reserved
14 reserved reserved
15 reserved reserved

Table 30: linebits

HILNmaxNumLine |0 |1

2.3 |4..7 |8..15

16..31

32..63 |64..127

128..255

linebits 0 |1

3 4

5

8

Table 31: HIkNcontMode

HILNcontMode | additional decoder linezcontinuation (see subclause 7.5.1.4.3.1)

0 harmonic lines <->individual lines and harmonic lines <-> harmonic lines
1 mode 0 plus individual lines <-> individual lines

2 no additional decoder line continuation

3 (reserved)

The number of frequency enhancement bits (fEnhbits[i]) in HILNenhaFrame() (see Subclause 7.3.2.2) is calculated

as follows:

individual line, see (NDlenhaPara():

f Enhbi t s[J-]="= max(0, f Enhbi t sBase[ | LFreql ndex[i]] + fEnhbitsMde[ H LNenhaQuant Mode])

harmonic(ling, see HARMenhaPara():

fEnhbi ts[i] = max(0, f Enhbi t sBase[ har nFreql ndex] + fEnhbitsMde[ H LNenhaQuant Mode]

f EnhbitsHarni])

+
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Table 32: fEnhbitsBase

ILFregindex | harmFregindex | fEnhbitsBase

0..159 0..1243 0
160..269 1244..1511 1
270..380 1512..1779 2
381..491 1780..2047 3
492..602 4
603..713 5
714..890 6

Table 33: fEnhbitsMode

w

HILNenhaQuantMode |0 |1 |2
fEnhbitsMode -3 |-2 [-1 |0

Table 34: fEnhbitsHarm

i 0 |1 |2..3 |4.7 [8..9
fEnhbitsHarm[i] |O |1 |2 3 4

Table 35: HILN constants

tmbits
atkbits
decbits
tmEnhbits
atkEnhbits
decEnhbits
phasebits

GININ(W|A (S

71.3.2 Bitstream frame (alPduPayload)

The dynamic data for parametric cading is transmitted as AL-PDU payload in the base layer and the optional
enhancement or extension layer Elementary Stream.

Parametric Base Layer -- Access Unit payload
For the parametric coder(inyunscalable mode or for the base layer in HILN scalable mode the following bitstream
frame payload is defined:

al PduPayl oad’A
PARAf rame() ;
}

Parametric’HILN Enhancement / Extension Layer -- Access Unit payload
To parsé-and decode the HILN enhancement layer, information decoded from the HILN base layer is required.

Toparse and decode an HILN extension layer, information decoded from the HILN base layver and possible lower

HILN extension layers is required. The bitstream syntax of the HILN extension layers is described in a way which
requires the HILN base and extension bitstream frames being parsed in proper order:

1. HILNbasicFrame() base bitstream frame
2. HILNextFrame(1) 1° extension bitstream frame (if base bitstream frame available)
3. HILNextFrame(2) 2" extension bitstream frame (if base and 1*' extension bitstream frame available)
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4. etc.

For the enhancement layer and the extension layer in HILN scalable mode the following bitstream frame payload is

defined:

al PduPayl oad {
H LNenexFr ane() ;

I

7.3.2.1 Parametric Audio bitstream frame

Table 36: Syntax of PARAframe()

Syntax No. of bits  Mpemonic
PARAframe()
if (PARAmMode == 0) {
ErHVXCframe(HVXCrate);
}
else if (PARAmMode == 1) {
HILNframe();
}
else if (PARAmMode == 2) {
switchFrame();
}
else if (PARAmode == 3) {
mixFrame();
}
}
Table 37: Syntax of switchFrame()
Syntax No. of bits ~ Mnemonic
switchFrame()
{
PARAswitchMogde; 1 uimsbf
if (PARAswitchMode == 0) {
ErHVXCdoubleframe(HVXCrate);
}
else {
KILNframe();
}

One of‘the following PARAswitchModes is selected in each frame:

Table 38: PARAswitchMode

PARAswitchMode | Description
0 HVXC only
1 HILN only
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Table 39: Syntax of mixFrame()

Syntax

No. of bits

Mnemonic

mixFrame()

{
PARAmMixMode;

if (PARAmMixMode == 0) {

uimsbf

OISO/IEC

HILNframe();

}

HILNframe();

}

HILNframe();
}

ErAVXCdoubleframe(HVXCraie);
}else if (PARAmMixMode == 1) {
ErHVXCdoubleframe(2000);
else if (PARAmIixMode == 2) {
ErHVXCdoubleframe(4000);

else if (PARAmixMode == 3) {

Dne of the following PARAmIixModes is selected in each frame:

Table 40: PARAmMixMode

PARAmMixMode

Description

0

HVXConly

HVYXC 2 kbit/s & HILN

HVXC 4 kbit/s & HILN

1
2
3

HILN only

Table 41: Syntax of HYXCdoubleframe()

Syntax

No. of bits

Mnemonic

ErHVXCdoubleframe(rate)
{
if (rate >= 3000).{
ErHVXCfixframe(4000);
ErHVXCfixframe(rate);

elsey
ErHVXCfixframe(2000);
ErHVXCfixframe(rate);
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Table 42: Syntax of HILNframe()

Syntax

No. of bits

Mnemonic

HILNframe()
{

Y

numLayer = 0;
HILNbasicFrameESCO();
HILNbasicFrameESCL1();
HILNbasicFrameESC2();
HILNbasicFrameESC3();
HILNbasicFrameESCA4();
layNumLine[0] = numLine;
layPrevNumLine[0] = prevNumLine;
for (k=0; k<prevNumLine; k++) {

}

layPrevLineContFlag[O][k] = prevLineContFlag[k];

Table 43: Syntax of HILNbasicFrameESCO0()

Syntax

No. of bits

Mnemonic

HILNbasicFrameESCO()

{

prevNumLine = numLine;
/* prevNumLine is set to the number of lines *
/* in the previous frame *
/* prevNumLine = 0O for the first bitstreamframe  */
numLine;
harmFlag;
noiseFlag;
envFlag;
phaseFlag;
maxAmplindexCoded;
maxAmplindex = 4*maxAmplindexCoded;
if (harmFlag) {
HARMbasicParaESCO();

}

if (noiseFlag)'{
NOISEbasicParaESCO();

}

linebits

1
1
1
1
4

uimsbf
uimsbf
uimsbf
uimsbf
uimsbf
uimsbf
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Table 44: Syntax of HILNbasicFrameESC1()

OISO/IEC

Syntax No. of bits  Mnemonic
HILNbasicFrameESC1()
if (harmFlag) {
HARMbasicParaESCL1();
J
if (noiseFlag) {
NOISEbasicParaESC1();
}
INDIbasicParaESC1();
}
Table 45: Syntax of HILNbasicFrameESC2()
Syntax No. of bits-_»Mnemonic
HILNbasicFrameESC2()
INDIbasicParaESC2 ();
}
Table 46: Syntax of HILNbasicFrameESC3()
Syntax No. of bits ~ Mnemonic
HILNbasicFrameESC3()
if (envFlag) {
envTmax; tmbits uimsbf
envRatk; atkbits uimsbf
envRdec; dechits uimsbf
}
if (harmFlag) {
HARMbasicParaESC3();
}
if (noiseFlag) {
NOISEbasicParaESC3();
}
INDIbasicParaESC3();
if (harmFlag){
harmfFreqStretch; 1.7 HFS

}
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Table 47: Syntax of HILNbasicFrameESC4()
Syntax No. of bits ~ Mnemonic
HILNbasicFrameESC4()
if (harmFlag) {
HARMbasicParaESC4();
;
if (noiseFlag) {
NOISEbasicParaESC4();
}
INDIbasicParaESCA4();
}
Table 48: Syntax of HARMbasicParaESCO()
Syntax No. of bits < Mnemonic
HARMbasicParaESCO()
{
prevHarmAmplindex = harmAmplindex;
prevHarmFregindex = harmFregindex;
harmContFlag; 1 uimsbf
harmEnvFlag; 1 uimsbf
if ("harmContFlag) {
harmAmplRel; 6 uimsbf
harmAmplindex = maxAmplindex + harmAmplRel;
harmFreqindex; 11 uimsbf
}
}
Table 49: Syntax of HARMbasicParaESC1()
Syntax No. of bits  Mnemonic
HARMbasicParaESC1()
{
numHarmParalndex; 4 uimsbf
numHarmPara =‘aumHarmParaTable[numHarmParalndex];
numHarmLinelndex; 5 uimsbf
numHarmtine = numHarmLineTable[numHarmLinelndex];
if (harmCantFlag) {
contHarmAmpl 3.8 DIA
harmAmplindex = prevHarmAmplindex +
contHarmAmpl;
contHarmFreq 2.9 DHF
harmFreglndex = prevHarmFregindex + contHarmFreq;
}
for (i=0; i<2; i++) {
harmLAR([i]; 4.19 LARH1
}

I~
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Table 50: Syntax of HARMbasicParaESC3()
Syntax No. of bits  Mnemonic
HARMbasicParaESC3()
for (i=2; i<min(7,numHarmPara); i++) {
harmLAR([i]; 3..18 LARH2
j
for (i=7; iknumHarmPara; i++) {
harmLAR([i]; 2..17 LARH3
}
}
Table 51: Syntax of HARMbasicParaESC4()
Syntax No. of bits sMnemonic
HARMbasicParaESC4()
if (phaseFlag && ! harmContFlag) {
numHarmPhase; 6 uimsbf
}
else {
numHarmPhase = 0;
}
for (i=0; iknumHarmPhase; i++) {
harmPhase[i]; phasebits uimsbf
harmPhaseAvail[i] = 1;
}
for (i=numHarmPhase; iknumHarmLine; i++){
harmPhaseAvail[i] = 0;
}
}
Table 52: numHarmParaTable
i 012 |3 (4 [516 |7 |8 |9 [10 |11 12 |13 |14 |15
numHarmParaTable[i] |23 [4 [5 [6 [7 |8 |9 |11 |13 (15 |17 |19 (21 |23 |25
Table 53: numHarmLineTable
i 0 1 2 3 4 5 6 7
numHarmLineTable[i] |3 4 5 6 7 8 9 10
i 8 9 10 |11 12 13 |14 |15
numHarmLineTable[i] |12 14 16 19 22 25 29 33
i 16 |17 (18 |19 (20 |21 |22 |23
numHarmLineTable[i] |38 |43 |49 56 64 73 83 94
i 24 125 [2g 127 |29 [20 (30 [31
numHarmLineTable[i] |107 |121 [137 [155 |[175 [197 |222 [250
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Table 54: Syntax of NOISEbasicParaESCO()
Syntax No. of bits ~ Mnemonic
NOISEbasicParaESCO()
{
prevNoiseAmplindex = noiseAmplindex;
noiseContFlag; 1 uimsbf
noiseeEnvHiag; T uimspft
if ('noiseContFlag) {
noiseAmplRel; 6 uimsbf
noiseAmplindex = maxAmplindex + noiseAmplIRel;
}
}
Table 55: Syntax of NOISEbasicParaESC1()
Syntax No. of bits < Mnemonic
NOISEbasicParaESC1()
if (noiseContFlag) {
contNoiseAmpl; 3.8 DIA
noiseAmplindex = prevNoiseAmplindex +
contNoiseAmpl;
}
numNoiseParalndex; 4 uimsbf
numNoisePara = numNoiseParaTable[numNoiselndex];
for (i=0; i<min(2,numNoisePara); i++) {
noiseLARJil; 2.17 LARN1
}
}
Table 56:Syntax of NOISEbasicParaESC3()
Syntax No. of bits ~ Mnemonic
NOISEbasicParaESC3()
for (i=2; iknumNoisePara; i++) {
noiseLARJi]; 1..18 LARN2
}
}
Table 57: Syntax of NOISEbasicParaESCA4()
Syntax No. of bits ~ Mnemonic
NOISEbasicParaESC4()
if (noiseEnvFlag) {
noiseEnvTmax; tmbits uimsbf
NoISeEENVRaiK; atkpiis urmspbf
noiseEnvRdec; dechits uimsbf
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Table 58: numNoiseParaTable
i 0 |1 (2 (3 ]4 |56 |7 |8 |9 |10 |11 |12 |13 |14 |15
numNoiseParaTable[i] |1 |2 (3 (4 |5 |6 |7 |9 |11 |13 |15 |17 |19 (21 |23 |25
Fabte-59-Syntax-oHiNBibasteParaESESHG
Syntax No. of bits ~ Mnemonic
INDIbasicParaESC1()
{
for (k=0; k<prevNumLine; k++) {
prevLineContFlag[k]; 1 uimsbf
}
i=0;
for (k=0; k<prevNumLine; k++) {
if (prevLineContFlag([K]) {
linePred[i] = k;
lineContFlag[i++] = 1;
}
while (i<numLine) {
lineContFlag[i++] = 0;
}
}
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Table 60: Syntax of INDIbasicParaESC2()

Syntax

No. of bits  Mnemonic

INDIbasicParaESC2()

lastNLFreq = O;
for (i=0; i<prevNumLine; i++) {

previCFreqindex(i] = ICFreqmdexil;

previLAmplindex[i] = ILAmplindex]i];
}
for (i=0; i<numLine; i++) {

if (envFlag) {

lineEnvFlaglil;

}

}

for (i=0; i<numLine; i++) {
if (llineContFlagli]) {
if (numLine-1-i < 7) {
ILFreqglncli];
/* SDCdecode (maxFindex-lastNLFreq,
I* sdclLFTable[numLine-1-i])  */

*/

}

else {
ILFreqglncli];
/* SDCdecode (maxFindex-lastNLFreq, */
* sdclLFTable[7]) */

}
ILFreqindex]i] = lastNLFreq + ILFreqinc{i];
lastNLFreq = ILFreqgindex]il;
if (HILNquantMode) {
ILAmplRellil;
/* SDCdecode (50, sdcltATable) */
ILAmplindex[i] = maxAmplindex + ILAmpIRe
}
else {
ILAmplRel[i};
/* SDCdecode (25, sdclLATable) */
ILAmpHndex[i] = maxAmplindex +
2*ILAmplRell[i];

uimsbf

0.14 SDC

0.14 SDC

4.10 SDC

I[i];

3.9 SDC
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Table 61: Syntax of INDIbasicParaESC3()

OISO/IEC

42

Syntax No. of bits  Mnemonic
INDIbasicParaESC3()
for (i=0; i<numLine; i++) {
if (lineContFlagli]) {
DICFreq[il; Z.10 DIF
ILFreqgindex]i] = previLFregindex[linePred[i]] +
DILFreq[i];
DILAmpl[i]; 3..8 DIA
ILAmplindex[i] = previILAmplindex[linePred[i]] +
DILAmpl[i];
}
}
}
Table 62: Syntax of INDIbasicParaESC4()
Syntax No.'of bits ~ Mnemonic
INDIbasicParaESC4()
if (phaseFlag) {
numLinePhase; linebits uimsbf
}
else {
numLinePhase = 0;
}
j=0;
for (i=0; i<numLine; i++) {
if (! linePred[i] && j<numLinePhase){
linePhasel[i]; phasebits  uimsbf
linePhaseAvail[i] = 1;
j+
}
else {
linePhaseAuvailfi} = 0;
}
}
}
Table 63: Syntax of HILNenexFrame()
Syntax No. of bits ~ Mnemonic
HIkNenexFrame()
{
/* HILNenhaLayer value in ParametricSpecificConfig() of */
/* this Elementary Stream must be used here! */
if (HILNenhaLayer) {
: “LI’“IICI |hcu':|cu||c0,
}
else {
numLayer++;
HILNextFrame(numLayer);
}
}
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Table 64: Syntax of HILNenhaFrame()
Syntax No. of bits Mnemonic
HILNenhaFrame()
if (envFlag) {
envTmaxEnha; tmEnhbits  uimsbf
envRatkEnng, atKENNDITS _ uimsDbTt
envRdecEnha; decEnhbits uimsbf
}
if (harmFlag) {
HARMenhaPara();
}
INDIenhaPara();
}
Table 65: Syntax of HARMenhaPara()
Syntax Nownof'bits ~ Mnemonic
HARMenhaPara()
for (i=0; i<min(numHarmLine,10); i++) {
harmFreqEnhalil; fEnhbits[i] uimsbf
harmPhase[il; phasebits  uimsbf
}
}
Table 66: Syntax of INDlenhaPara()
Syntax No. of bits  Mnemonic
INDlenhaPara()
for (i=0; i<numLine; i++) {
lineFregEnhali]; fEnhbits[i] uimsbf
linePhasel[i]; phasebits  uimsbf
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Table 67: Syntax of HILNextFrame()

OISO/IEC

Syntax No. of bits  Mnemonic
HILNextFrame(numLayer)
{
layPrevNumLine[numLayer] = layNumLine[numLayer];
/* layPrevNumLine[numLayer] = O for the */
T*Tirst bitstream frame T
addNumLine[numLayer]; linebits uimsbf
if (phaseFlag) {
layNumLinePhase[numLayer]; linebits uimsbf
}
layNumLine[numLayer] = layNumLine[numLayer-1] +
addNumLine[numLayer];
for (k=0; k<layPrevNumLine[numLayer-1]; k++) {
if (layPrevLineContFlag[numLayer-1][K]) {
layPrevLineContFlag[numLayer][K] = 1;
}
else {
layPrevLineContFlag[numLayer][K]; 1 uimsbf
}
for (k=layPrevNumLine[numLayer-1];
k<layPrevNumLine[numLayer]; k++) {
layPrevLineContFlag[numLayer][K]; 1 uimsbf
i = layNumLine[numLayer-1];
for (k=0; k<layPrevNumLine[numLayer-1]; k++){
if (layPrevLineContFlag[numLayer-1][k] &&
layPrevLineContFlag[numLayer}{K]) {
linePred[i] = k;
lineContFlag[i++] = 1
}
for (k=layPrevNumLine[numLayer-1];
k<layPrevNumLine[pumLayer]; k++) {
if (layPrevLineContFlagfnumLayer][K]) {
linePred[i] = k;
lineContFlag[i++] = 1;
}
while (i<layNumLine[numLayer]) {
lineContFlag[i++] = 0;
}
INDlextPara(numLayer);
if(phaseFlag) {
INDlextPhasePara(numLayer);
}
}
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Table 68: Syntax of INDlextPara()

Syntax

No. of bits

Mnemonic

INDlextPara(numLayer)

lastNLFreq = O;
for (i=layPrevNumLine[numLayer-1];

i<layPrevNumLine[numLayer[; i++) {
previLFreqgindex[i] = ILFregindex]i];
previLAmplindex[i] = ILAmplindex]i];
}
for (i=layNumLine[numLayer-1];
i<layNumLine[numLayer]; i++) {
if (envFlag) {
lineEnvFlaglil;

}
if (lineContFlagli]) {
DILFreq[il;
ILFreqgindex]i] = previLFregindex[linePred[i]] +
DILFreq[il;
DILAmpl[i];
ILAmplindex[i] = prevILAmplindex[linePred[i]] +
DILAmpl[i];
}
else {
if (layNumLine[numLayer]-1-i < 7) {
ILFreqglncli];
/* SDCdecode (maxFindex-lastNEkFreq,
/* sdcILFTable[layNumLine[numLayer]-1-i]) */
}
else {
ILFreqglncli];
/* SDCdecode (maxFindex-lastNLFreq, */
[* sdcILFTable[7]).*/

}
ILFreqgindex]i] = lastNLFreq + ILFreqInc[i];
lastNLFreq = ILFreqgindex]i];
if (HILNquantivode) {
ILAmp|Rell[il;
/* SDCdecode (50, sdclLATable) */

*/

ILAmplindex[i] = maxAmplindex + ILAmplRel[i];

}

else {
ILAmplRellil;
/* SDCdecode (25, sdclLATable) */
ILAmplindex[i] = maxAmplindex +
2*ILAmplRell[i];

2..10

38

0.14

0.14

4.10

3.9

uimspft

DIF

DIA

SDC

SDC

SDC

SDC
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Table 69: Syntax of INDlextPhasePara()

Syntax No. of bits  Mnemonic

INDlextPhasePara(numLayer)

{

OISO/IEC

1.3.2.3

1=0;
for (i=layNumLine[numLayer-1]; i<layNumLine[numLayer];
) {
if (! linePred[i] && j<layNumLinePhase[numLayer]) {
linePhasel[i]; phasebits  uimsbf
linePhaseAvail[i] = 1;
j+
}
else {
linePhaseAuvail[i] = 0;

}

HILN codebooks

Table 70: LARH1 code (harmLAR[0=1]")

46

codeword harmLAR]i] ||codeword harmLARYi]
1000000000000000100 |-6.350 0100 0.050
1000000000000000101 | -6.250 0101 0.150
1000000000000000110 |-6.150 0110 0.250
1000000000000000111 |-6.050 0111 0.350
100000000000000100 | -5.950 00100 0.450
100000000000000101 | -5.850 00101 0.550
100000000000000110 | -5.750 00110 0.650
100000000000000111 | -5.650 00111 0.750
10000000000000100 -5.550 000100 0.850
10000000000000101 5.450 000101 0.950
10000000000000110 -5.350 000110 1.050
10000000000000114 -5.250 000111 1.150
1000000000000100 -5.150 0000100 1.250
1000000000000101 -5.050 0000101 1.350
1000000000000110 -4.950 0000110 1.450
1000000000000111 -4.850 0000111 1.550
100000000000100 -4.750 00000100 1.650
100000000000101 -4.650 00000101 1.750
+00000000000110 -4.550 00000110 1.850
100000000000111 -4.450 00000111 1.950
10000000000100 -4.350 000000100 2.050
10000000000101 -4.250 000000101 2.150
10000000000110 -4.150 000000110 2.250
10000000000111 -4.050 000000111 2.350
1000000000100 -3950 0000000100 2 450
1000000000101 -3.850 0000000101 2.550
1000000000110 -3.750 0000000110 2.650
1000000000111 -3.650 0000000111 2.750
100000000100 -3.550 00000000100 2.850
100000000101 -3.450 00000000101 2.950
100000000110 -3.350 00000000110 3.050
100000000111 -3.250 00000000111 3.150
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10000000100 -3.150 000000000100 3.250
10000000101 -3.050 000000000101 3.350
10000000110 -2.950 000000000110 3.450
10000000111 -2.850 000000000111 3.550
1000000100 -2.750 0000000000100 3.650
1000000101 -2.650 0000000000101 3.750
0606000110 =2.550 0000000000110 3850
1000000111 -2.450 0000000000111 3.950
100000100 -2.350 00000000000100 4.050
100000101 -2.250 00000000000101 4,150
100000110 -2.150 00000000000110 4.250
100000111 -2.050 00000000000111 4.350
10000100 -1.950 000000000000100 4.450
10000101 -1.850 000000000000101 4,550
10000110 -1.750 000000000000110 4,650
10000111 -1.650 000000000000111 4,750
1000100 -1.550 0000000000000100 4850
1000101 -1.450 0000000000000101 4.950
1000110 -1.350 0000000000000110 5.050
1000111 -1.250 0000000000000111 5.150
100100 -1.150 000000000000001.00 5.250
100101 -1.050 00000000000000101 5.350
100110 -0.950 00000000000000110 5.450
100111 -0.850 000000000600000111 5.550
10100 -0.750 000000000000000100 5.650
10101 -0.650 006000000000000101 5.750
10110 -0.550 000000000000000110 5.850
10111 -0.450 000000000000000111 5.950
1100 -0.350 0000000000000000100 |6.050
1101 -0.250 0000000000000000101 |6.150
1110 -0.150 0000000000000000110 |6.250
1111 0,050 0000000000000000111 |6.350
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Table 71: LARH2 code (harmLAR[2..6] )

OISO/IEC
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codeword harmLAR].] ||codeword harmLARJ.]
100000000000000010 |-4.725 010 0.075
100000000000000011 [-4.575 011 0.225
10000000000000010  [-4.425 0010 0.375
10000000000000011  [-4.275 0011 0.525
1000000000000010 -4.125 00010 0.675
1000000000000011 -3.975 00011 0.825
100000000000010 -3.825 000010 0.975
100000000000011 -3.675 000011 1.125
10000000000010 -3.525 0000010 1.275
10000000000011 -3.375 0000011 1.425
1000000000010 -3.225 00000010 1.575
1000000000011 -3.075 00000011 1.725
100000000010 -2.925 000000010 1.875
100000000011 -2.775 000000011 2.025
10000000010 -2.625 0000000010 2.175
10000000011 -2.475 0000000011 2.325
1000000010 -2.325 00000000010 2.475
1000000011 -2.175 00000000011 2.625
100000010 -2.025 000000000010 2.775
100000011 -1.875 00000000001.X 2.925
10000010 -1.725 0000000000010 3.075
10000011 -1.575 0000000000011 3.225
1000010 -1.425 00000000000010 3.375
1000011 -1.275 00000000000011 3.525
100010 -1.125 ©000000000000010 3.675
100011 -0.975 000000000000011 3.825
10010 -0.825 0000000000000010 3.975
10011 -0.675 0000000000000011 4.125
1010 -0.525 00000000000000010  [4.275
1011 -0.375 00000000000000011  [4.425
110 0.225 000000000000000010 |4.575
111 -0.075 000000000000000011 [4.725
Table 72: LARH3 code (harmLAR[7..25] )
codeword harmLAR].] ||codeword harmLAR].]
10000000000000001 | -2.325 01 0.075
1000000000000001  |-2.175 001 0.225
100000000000001 -2.025 0001 0.375
10000000000001 -1.875 00001 0.525
1000000000001 -1.725 000001 0.675
100000000001 -1.575 0000001 0.825
10000000001 -1.425 00000001 0.975
1000000001 -1.275 000000001 1.125
100000001 -1.125 0000000001 1.275
10000001 -0.975 00000000001 1.425
1000001 -0.825 000000000001 1.575
100001 -0.675 0000000000001 1.725
10001 -0.525 00000000000001 1.875
1001 -0.375 000000000000001 2.025
101 -0.225 0000000000000001 | 2.175
11 -0.075 00000000000000001 | 2.325
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Table 73: LARN1 code ( noiseLAR[0,1] )

codeword noiseLARJ.] [||codeword noiseLARJ.]
10000000000000001 | -4.65 01 0.15
1000000000000001 | -4.35 001 0.45
100000000000001 -4.05 0001 0.75
10000000000001 -3.75 00001 1.05
1000000000001 -3.45 000001 1.35
100000000001 -3.15 0000001 1.65
10000000001 -2.85 00000001 1.95
1000000001 -2.55 000000001 2.25
100000001 -2.25 0000000001 2.55
10000001 -1.95 00000000001 2.85
1000001 -1.65 000000000001 3.15
100001 -1.35 0000000000001 3.45
10001 -1.05 00000000000001 3.75
1001 -0.75 000000000000001 4.05
101 -0.45 0000000000000001 | 435
11 -0.15 00000000000000001 465
Table 74: LARN2 code ( noiseLARJ2.225] )
codeword noiseLAR].] [||codeword noiseLARJ.]
110000000000000001 |-6.35 101 0.35
11000000000000001  [-5.95 100% 0.75
1100000000000001 -5.55 10001 1.15
110000000000001 -5.15 100001 1.55
11000000000001 -4.75 1000001 1.95
1100000000001 -4.35 10000001 2.35
110000000001 -3.95 100000001 2.75
11000000001 -3:55 1000000001 3.15
1100000001 23715 10000000001 3.55
110000001 -2.75 100000000001 3.95
11000001 -2.35 1000000000001 4.35
1100001 -1.95 10000000000001 4.75
110001 -1.55 100000000000001 5.15
11001 -1.15 1000000000000001 5.55
1101 -0.75 10000000000000001 | 5.95
111 -0.35 100000000000000001 |6.35
0 0.00
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Table 75: DIA code

OISO/IEC

codeword value ||codeword value
11111111 |[-25 001 1
11111110 |-24 0110 2
11111101 |-23 100 0 3
111 1 xxxx__ |-y 10100 4
11110001 |-11 10101 5
1111 0000 |-10 110 0 00 6
110111 -9 110001 7
1101 10 -8 110010 8
110101 -7 110011 9
1101 00 -6 111 00000 |10
10111 -5 11100001 |11
10110 -4 1110 xXxxx |y
100 1 -3 11101101 |23
0111 -2 11101110 |24
010 -1 11101111 |25
000 0
Table 76: DIF code
codeword value ||codeword value
1111111111 |[-42 010 1
1111111110 |[-41 1000 2
1111111101 |-40 100\1 3
1111 1 xxxxx |-y 11000 4
1111100001 |-12 110100 5
1111100000 |-11 110101 6
1110111 -X0 1110000 7
1110110 =9 1110001 8
1110101 -8 1110010 9
1110100 -7 1110011 10
110141 -6 1111 0 00000 |11
11 01820 -5 1111000001 |12
11001 -4 1111 0 XXxXxX_ |V
1011 -3 1111011101 |40
1010 -2 1111011110 |41
011 -1 1111011111 |42
00 0
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Table 77: DHF code

codeword value |[|{codeword value

111111111 |-69 010 1
111111110 |-68 10000 2
111111101 |-67 10001 3
11 1 XxXxxxx__ |-y 10010 4
111000001 |-7 10011 5
11 1 000000 |-6 11 0 000000 |6
10111 -5 11 0000001 |7
10110 -4 11 0 XXXXXX |V
10101 -3 11 0111101 |67
10100 -2 110111110 |68
011 -1 110111111 |69
00 0

Table 78: HFS code

codeword |value [Jcodeword |value
1111111 |[-17 100 1
1111110 |[-16 1010000 |2
1111101 |[-15 1010001.13
111xXxXxx |-y 101 xxxx. -y
1110001 |-3 1011401 |15
1110000 |-2 1041110 |16
110 -1 304 1111 |17
0 0

Notes on Table 75 to Table 78: The grouping ofibits within a codeword (e.g. “1 1 1 1111") is provided for easie
readability only. Codewords not explicitly listedin the codebooks (e.g. “1 1 1 xxxx") are defined by incrementing th
implicit part of the codeword “xxxx” (uimshf)<and the magnitude “y” of the corresponding value. In all cases, th
codewords and values for the two smallest and the three largest magnitudes are listed explicitly.

PP

7.3.2.4  HILN SubDivisionCode (SDC)

The SubDivisionCode (SDC). is.an algorithmically generated variable length code, based on a given table and &
given number of different codewords. The decoding process is defined below.

The idea behind thjs.coding scheme is the subdivision of the probability density function into two parts whic
represent an equalprobability. One bit is transmitted that determines the part the value to be coded is located. Thi
subdivision is repeated until the width of the part is one and then its position is equal to the value being coded. Th
positions of ¢he“boundaries are taken out of a table of 32 quantized, fixed point values. Besides this tabl
(parameter<itab”) the number of different codewords (parameter “k”) is needed too.

0=

The fallowing C function SDCDecode(k, tab) together with the 9 tables sdcILATable[32] and sdclLFTable[8][32]
describe the decoding. The function GetBit() returns the next bit in the stream.

i=nt sdcl |l ATabl n[ '2?] ={

0, 13, 27, 41, 54, 68, 82, 96, 110, 124, 138, 152, 166, 180, 195, 210,
225, 240, 255, 271, 288, 305, 323, 342, 361, 383, 406, 431, 460, 494, 538, 602
b

51


https://standardsiso.com/api/?name=a9ee787e3d63fbfd2f1b016282f48d62

ISO/IEC 14496-3:1999/Amd.1:2000(E)

OISO/IEC

int sdclLFTabl e[8][32] = {
{ 0, 53, 87, 118, 150, 181, 212, 243, 275, 306, 337, 368, 399, 431, 462, 493,
524, 555, 587, 618, 649, 680, 711, 743, 774, 805, 836, 867, 899, 930, 961, 992 },
{ 0, 34, 53, 71, 89, 106, 123, 141, 159, 177, 195, 214, 234, 254, 274, 296,
317, 340, 363, 387, 412, 438, 465, 494, 524, 556, 591, 629, 670, 718, 774, 847 },
{ 0, 26, 41, 54, 66, 78, 91, 103, 116, 128, 142, 155, 169, 184, 199, 214,
231, 247, 265, 284, 303, 324, 346, 369, 394, 422, 452, 485, 524, 570, 627, 709 },
{ 0 23 35 45 o1e) 65 75 85 96, 106, 117, 128, 139, 151, 164, 177
190, 204, 219, 235, 252, 270, 290, 311, 334, 360, 389, 422, 461, 508, 571, 665 },
0, 20, 30, 39, 48, 56, 64, 73, 81, 90, 99, 108, 118, 127, 138, 149,
160, 172, 185, 198, 213, 228, 245, 263, 284, 306, 332, 362, 398, 444, 507, 608 },
o, 18, 27, 35, 43, 50, 57, 65, 72, 79, 87, 95 104, 112, 121, 131,
141, 151, 162, 174, 187, 201, 216, 233, 251, 272, 296, 324, 357, 401, 460, 558 },
0, 16, 24, 31, 38, 45, 51, 57, 64, 70, 77, 84, 91, 99, 107, 115,
123, 132, 142, 152, 163, 175, 188, 203, 219, 237, 257, 282, 311, 349, 403, 493 };
o, 12, 19, 25, 30, 35 41, 46, 51, 56, 62, 67, 73, 79, 85, 92
99, 106, 114, 122, 132, 142, 153, 165, 179, 195, 213, 236, 264, 301, 355, 452\}
Ik
iilnt SDCDecode (int k, int *tab)
int *pp;
int g,dp, mn, max;
nm n=0;
max=Kk- 1;
pp=t ab+16;
dp=16;
while ( mn!=nax )
if (dp) g=(k*(*pp))>>10; else g=(max+nin)>>1;
dp>>=1;
if (GetBit()==0) { pp-=dp; max=g; } else-{ pp+=dp; nin=g+1; }

}

return max;

7411
Bitstream elements:
PARAmMode
eéxtensionFlag
1.4.1.2

Bitstream elements:

il Nquantl\/lndp

7.4 Bitstream semantics
T1.4.1 Decoder configuration (ParametricSpecificConfig)

Parametric Audio decoder configuration

A 2 bit field indicating parametric coder operation mode.

A flag indicating the presence of MPEG-4 version 3 data (for future use).

HIEN decoder configuration

A1 bit field indirafing the individual line nlll.qnfiwar maode

HILNmaxNumLine

HILNsampleRateCode

52

An 8 bit field indicating the maximum number of individual lines in a bitstream
frame. It also determines linebits field size (see Table 30).

A 4 bit field indicating the sampling rate used for HILN parameter decoding (see
Table 29).
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HILNframeLength A 12 bit field indicating the HILN frame length in samples at the sampling rate
indicated by HILNsampleRateCode.

HILNcontMode A 2 bit field indicating the additional decoder line continuation mode (see Table 31
).

HILNenhalL ayer A flag indicating whether this Elementary Stream contains an enhancement layer

or an extension layer.

HILNenhaQuantMode A 2 bit field indicating frequency enhancement quantizer mode (see Table 33).
7.4.2 Bitstream frame (alPduPayload)

7.4.2.1 Parametric Audio bitstream frame
Bitstream elements:

PARAswitchMode A flag indicating which coding tool is used in the currentframe of a HYXC/HILN
switching bitstream (see Table 38).

PARAmMixMode A 2 bit field indicating which coding tools areused in the current frame of a
HVXC/HILN mixing bitstream (see Table 40).

7.4.2.2 HILN bitstream frame

Bitstream elements:

numLine A field indicating the number ef individual lines in the current frame.

harmFlag A flag indicating the présence of harmonic line data in the current frame.

noiseFlag A flag indicating the presence of noise component data in the current frame.

phaseFlag A flag indicating the presence of line start phase data in the current frame.

numLinePhase A field indicating the number of individual lines with start phase in the current
frame:

maxAmplindexCoded Afield indicating the maximum amplitude of a new signal component in the current
frame.

envFlag A flag indicating the presence of envelope data in the current frame.

envTmax Coded envelope parameter: time of maximum.

envRatk Coded envelope parameter: attack rate.

envRdec Coded envelope parameter: decay rate.

prevLineContFlag[k] A flag indicating that the k-th individual line of the previous frame is continued in

the current frame.

numHarmParalndex A field indicating the number of harmonic line LPC parameters in the current frame
(see Table 52).

numHarmLinelndex A field indicating the number of harmonic lines in the current frame (see Table 53).

harmContFlag A flag indicating that the harmonic lines are continued from the previous frame.
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numHarmPhase

harmEnvFlag

A field indicating the number of harmonic lines with start phase in the current
frame.

A flag indicating that the amplitude envelope is applied to the harmonic lines.

contHarmAmpl Coded amplitude change of the harmonic lines (see Table 75).
ontHarmFreq Coded fundamental frequency change of the harmonic lines (see Table 77).
armAmplRel Coded relative amplitude of the harmonic lines.

armFreqlndex
armFreqStretch

armLAR(i]

Iarm Phaseli]

umNoiseParalndex

IoiseContFlag
oiseEnvFlag

¢ontNoiseAmpl

oiseAmplRel
oiseEnvTmax
oiseEnvRatk
oiseEnvRdec
oiseLARJi]

lineEnvFlagli]

Coded fundamental frequency of the harmonic lines.
Coded frequency stretching parameter of the harmonic lines (see Tahle 78).

Coded LAR LPC parameters of the harmonic lines (see Table 70,-Table 71,
Table 72).

Coded phase of i-th harmonic line.

A field indicating the number of noise LPC parameters in the current frame (see
Table 58).

A flag indicating that the noise is continueekfrom the previous frame.

A flag indicating that noise envelope datd is present in the current frame.
Coded amplitude change of the_ngise (see Table 75).

Coded relative amplitude of.the noise.

Coded noise envelope-parameter: time of maximum

Coded noise envelope parameter: attack rate.

Coded noise-envelope parameter: decay rate.

Coded 1AR LPC parameters of the noise (see Table 73, Table 74).

A flag indicating that the amplitude envelope is applied to the i-th individual line.

ILFreq[i] Coded frequency change of i-th individual line (see Table 76).

ILAmMplJi] Coded amplitude change of i-th individual line (see Table 75).
ILFreqincl[i] Coded frequency increment of i-th individual line (see Subclause 7.3.2.4).
[ILAmplIRelli] Coded relative amplitude of i-th individual line (see Subclause 7.3.2.4).
linePhaseli] Coded phase of i-th individual line.

nv TmaxEnha Coded envelope enhancement parameter: time of maximum.
envRatkEnha Coded envelope enhancement parameter: attack rate.
envRdecEnha Coded envelope enhancement parameter: decay rate.
harmFreqEnhali] Coded frequency enhancement of i-th harmonic line.
lineFregEnhali] Coded frequency enhancement of i-th individual line.
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A field indicating the number of individual lines in extension layer i of the current
frame.

A field indicating the number of individual lines with start phase in extension layer i
of the current frame.

A flag indicating that the k-th individual line of the previous frame is continued in

Help elements:
numLayer

layNumLine[i]

prevNumLine

layPrevNumLinel[i]

maxAmplindex

linePred[i]

lineContFlag[i]

numHarmPara
numHarmLine
harmAmplindex
harmFreqlndex
prevHarmAmplindex
prevHarmFreqglndex
harmPhaseAvaill[i]
numNoisePara
noiseAmplindéx
prevNoiseAmplindex
lastNLEreq

ILFreqindex[i]

extension layer i of the current frame.

The number of extension layers available (O if only base layer available).

The total number of individual lines in the current frame as conveyedin the base
layer and the first i extension layers.

The number of individual lines in the previous frame.

The total number of individual lines in the previous frame as conveyed in the base
layer and the first i extension layers.

The maximum amplitude of a new signal comiponent in the current frame.

Index of the predecessor in the previousframe of the i-th individual line in the
current frame.

A flag indicating that line i in the current frame is continued from the previous
frame.

The number of harmoni¢iine LPC parameters in the current frame.

The number of harmonic lines in the current frame.

Amplitude index:of the harmonic lines in the current frame.

Fundamental frequency index of the harmonic lines in the current frame.
Amplitude index of the harmonic lines in the previous frame.
Fundamental frequency index of the harmonic lines in the previous frame.
A flag indicating that start phase information is available for the i-th harmonic line.
The number of noise LPC parameters in the current frame.

Amplitude index of the noise in the current frame.

Amplitude index of the noise in the previous frame.

Individual line frequency increment accumulator.

Frequency index of the i-th individual line in the current frame.

ILAmplindex[i]
previLFreqindex[i]
previLAmplindex[i]

linePhaseAvail[i]

Amplitude index of the i-th individual line in the current frame.
Frequency index of the i-th individual line in the previous frame.
Amplitude index of the i-th individual line in the previous frame.

A flag indicating that start phase information is available for the i-th individual line.
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linebits Number of bits for numLine.

tmbits Number of bits for envTmax.

atkbits Number of bits for encRatk.

decbits Number of bits for envRdec.

MEnhbits Number of bits for envTmaxEnha.

tkEnhbits Number of bits for encRatkEnha.
ecEnhbits Number of bits for envRdecEnha.

EnhbitsJi] Number of bits for lineFregEnhal[i] and harmFregEnhali] (see Sup¢lause 7.3.1.2).
hasebits Number of bits for linePhase and harmPhase.

7.5 Parametric decoder tools

T.5.1 HILN decoder tools

The Harmonic and Individual Lines plus Noise (HILN) decoder utilizes a_set.of parameters which are encoded in
the bitstream to describe the audio signal. Three different signal models-are’supported:

Table 79: HILN signal.models

signal model description essential parameters
harmonic lines group of sinusoidal signals with commen fundamental frequency and amplitudes of the
fundamental frequency spectral lines
individual lines | sinusoidal signals frequency and amplitude of the individual
spectral lines
noise spectrally shaped noise signal spectral shape and power of the noise

'he HILN decoder first reconstructs these parameters from the bitstream with a set of decoding tools and then
synthesizes the audio signal based on'these parameters using a set of synthesizer tools:

harmonic line decoder

individual line decoder

noise decoder

harmonic and/individual line synthesizer

noise<synthesizer

[heHILN decoder tools reconstruct the parameters of the harmonic and individual lines (frequency, amplitude) and
the-noise (spectral shape) as well as possible envelope parameters from the bitstream.

The HILN synthesizer tools reconstruct one frame of the audio signal based on the parameters decoded by the
HILN decoder tools for the current bitstream frame.

The samples of the decoded audio signal have a full scale range of [-32768, 32767] and eventual outliers must be
limited (“clipped”) to these values.
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The HILN decoder supports a wide range of frame lengths and sampling frequencies. By scaling the synthesizer
frame length with an arbitrary factor, speed change functionality is available at the decoder. By scaling the line
frequencies and resampling the noise signal with an arbitrary factor, pitch change functionality is available at the
decoder.

The HILN decoder can operate in two different modes, as basic decoder and as enhanced decoder. The basic
decoder which is used for normal operation only evaluates the information available in the bitstream element

HILNbasicFrame() to reconstruct the audio signal. To allow large step scalability in combination with other code]
tools (e.g. GA scalable) the additional bitstream elements HILNenhaFrame() need to be transmitted and the HILN
decoder must operate in the enhanced mode which exploits the information of both HILNbasicFrame() an
HILNenhaFrame(). This mode reconstructs an audio signal with well defined phase relationships which-can b
combined with a residual signal coded at higher bitrates using an enhancement coder (e.g. GA scalable). If th
HILN decoder is used in this way as a core for a scalable coder no noise signal must be synthesized\for the signg
which is given to the enhancement decoder.

— (o ===

Due to the parametric signal representation utilized by the HILN parametric coder, it is well-suited for application
requiring bitrate scalable coding. HILN bitrate scalable coding is accomplished by supplementing the data encode
in an HILNbasicFrame() of the basic bitstream by data encoded in one or more HllgNextFrame() of one or mor
extension bitstreams transmitted as additional Elementary Streams. It should be neted that the coding efficiency d
a combined bitstream consisting of a basic and one or more extension bitstreams:is slightly lower than the codin
efficiency of an non-scalable basic bitstream having the same total bitrate.

O—=0—C0

75.1.1 Harmonic line decoder

7.5.1.1.1 Tool description

This tool decodes the parameters of the harmonic lines transmitted in the bitstream.

7.5.1.1.2 Definitions

prevNumHarmPara The number of harnjenic line LPC parameters in the previous frame.

harmLPCPara[i] Harmonic ling;EPC parameter i in the current frame (LARs for harmonic tone
spectrum);

prevHarmLPCPara[i] Harmonic line LPC parameter i in the previous frame (LARs for harmonic tone
spectrum).

hFreq Fundamental frequency of the harmonic lines.

hStretch Frequency stretching of the harmonic lines.

harmAmpl Harmonic tone amplitude.

harmPwr Harmonic tone power.

hLineAmpl{i] Amplitude of i-th harmonic line.

hLineFreq(i]

hlineAmplEnhli]

Frequency of i-th harmonic line (in Hz).

Enhanced amplitude of i-th harmonic line.

hLineFregEnh[i]
hLinePhaseEnh[i]
hali]

r(i]

Enhanced frequency of i-th harmonic line (in Hz).
Phase of i-th harmonic line (in rad).
Unscaled amplitude of i-th harmonic line.

LPC reflection coefficients.
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hi] LPC impulse response.

H(z) LPC system function.

7.5.1.1.3 Decoding process

i

q

(

varlable in the current frame the parameters of the harmonlc Ilnes are decoded and dequantlzed as follows

751131 Basic decoder
A harmonic tone is represented by its fundamental frequency, its power and a set of LPC-Parameters.

First the harmNumPara LAR parameters are reconstructed. Prediction from the previous frameé)is used when
harmContFlag is set.

float harnLPCvean[25] = { 5.0, -1.5, 0.0, 0.0, 0.0, ... , 0.0 };
fl oat harnPredOoeff[ZS] ={ 0.75, 0.75, 0.5 0.5, 0.5 ..., 0.51};

for (i=0; i<nunHarnPara; i++) {
if ( i<prevNunHarnPara && harnCont Fl ag )
pred = harnLPCvean[i] +
(prevHar nLPCPar a[ i ] - har mLPCMean[ i ] ) * har nPr edCoef f{i});
el se
pred = harnLPCMean[i];
harnmLPCPara[i] = pred + harnlLAR[i];
}

Parameters needed in the following frame are stored in the frame-to-frame memory:

prevNunHar nPar a = nunHar nPar a;
for (i=0; i<nunHarnPara; i++)
prevHar mLPCPara[i] = harnlLPCParali];

The fundamental frequency and stretching of the-harmonic lines are dequantized:

hFreq = 20 * exp( |0g(4000./20.)c* (harnFregl ndex+0.5) / 2048.0 );
hStretch = harnfFreqStretch / 16000. 0;

The amplitude and power of the harnionic tone is dequantized as follows:

har manpl = 32768 * pow(\10, -1.5*(har mAnpl | ndex+0.5)/20 );
har mPw = har mAnpl * liar mAnpl ;

The harmEnvFlag and-harmContFlag flags require no further dequantization; they are directly passed on to the

ynthesizer tool.

'he LPC-Parameters are transmitted in the form of “Logarithmic Area Ratios” (LAR) as described above. After

decoding the_parameters the frequencies and amplitudes of the harmNumLine partials of the harmonic tone are

alculated as follows:

Thedfrequencies of the harmonic lines are calculated:

£ yan o H ol i H \
1 UIT 1=y, 1 mmurmrar mrer mie, LI}

hLi neFreq[i] = hFreq * (i+1) * (1 + hStretch*(i+1));

The LPC-Parameters represent an IIR-Filter. The amplitudes of the sinusoids are obtained by calculating the
absolute value of this filter's system function H(z) at the corresponding frequencies.

for (i=0; i<nunHarnline; i++)
ha[i] = abs( H( exp( j * pi * (i+1)/(numHarniine+l) ) );
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with j = sqrt(-1) and

Hz) =1/ (1- h[0]*pow(z,-1) - h[1]*powmz,-2) - ... - h[nunHarnPara-1]*powz, -
nunHar nPar a) )

The impulse response hJi] is calculated from the LARs by the following algorithm:

In a first step the LARs are converted to reflection coefticients:

for (i=0; i<nunHarnPara; i++)
r(i] = ( exp(harmLPCPara[i]) - 1) / ( exp(harnLPCParali]) + 1 );

o7

After this the reflection coefficients are converted to the time response. The C function given below does thi
conversion in place (call with x[i]=r[i] and N=numHarmPara; returns with x[i]=h[i]):

void Convert_k to_h (float *x, int N)

{
inti,j;
float a,b,c;
for (i=1; i<N, i++)
{
c = x[i];
for (j=0; j<i-j-1; j++)
{
a=x[1]jl;
b = x[i-j-1];
X[j] = a-c*b;
x[i-j-1] = b-c*a;
}
if (j==i-j-1)
X[j] -=c*x[j];
}
}

After calculating the amplitudes ha[i] they must be normalized and multiplied with harmAmpl to find the harmoni¢
line amplitudes meeting the condition:

sum ( hLi neAmpl [i]*hLi neAmpli] ) = power of harnonic tone
This is realized as follows:

p = 0.0;

for (i=0; i<nunHatnline; i++)
p += ha[i]*hali];

s = sqrt( haroPw / p );

for (i=0; i&aunHarniine; i++)
hLi neAbplr[i] = ha[i] * s;

The optional’phase information is decoded as follows:

forM(i =0; i<nunHarniine; i++) {
if (harnmPhaseAvail[i]) {
hSt art Phase[i] = 2*pi *(harnPhase[i]+0.5)/ (1<<phasebits)-pi;
hSt art PhaseAvai l [i] = 1,

}

el se
hSt art PhaseAvai l [i] = O;
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7.5.1.1.3.2 Enhanced decoder

In this mode, the harmonic line parameters decoded by the basic decoder are refined and also line phases are
decoded using the information contained in HARMenhaPara() as follows:

For the first maximum 10 harmonic lines i

i =0 .. mn(nunmHarniine, 10)-1

me enhanced harmonic line parameters are calculated using the basic harmonic line parameters and the data’in
e enhancement bitstream:

hLi neAnpl Enh[i ] hLi neAnpl [i];
hLi neFreqEnh[i ] hLi neFreq[i] *
(1+((harnFreqgEnh[i]+0.5)/(1<<fEnhbits[i])-0.5)*(hFreqRel Step-1));

vhere hFreqRelStep is the ratio of two neighboring fundamental frequency quantizer steps:
hFregRel Step = exp(l og(4000/20)/2048));

For both line types the phase is decoded from the enhancement bitstream:

hLi nePhaseEnh[i] = 2*pi *(harnPhase[i]+0.5)/(1<<phasebits) - pi

1.5.1.2 Individual line decoder

7.5.1.2.1 Tool description
The individual line basic bitstream decoder reconstructs the liné parameters frequency, amplitude, and envelope

from the bitstream. The enhanced bitstream decoder recenstructs the line parameters frequency, amplitude, and
envelope with finer quantization and additionally reconstruets the line parameters phase.

1.5.1.2.2 Definitions

1 max Envelope parameter: time of maximum.
il_atk Envelope_parameter: attack rate.
i_dec Envelope parameter: decay rate.

mpl[i] Amplitude of i-th individual line.
]:eq[i] Frequency of i-th individual line (in Hz).
startPhase][i] Start phase of i-th individual line.
startPhaseAvailfi] A flag indicating that start phase information is available for the i-th individual line.
t_ maxEnh Enhanced envelope parameter: time of maximum.
iI_atkEnh Enhanced envelope parameter: attack rate.
r_decEnh Enhanced envelope parameter: decay rate.
amplEnh[i] Enhanced amplitude of i-th individual line.
freqEnh[i] Enhanced frequency of i-th individual line (in Hz).
phaseEnh[i] Phase of i-th individual line (in rad).
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7.5.1.2.3 Decoding process

7.5.1.2.3.1 Basic decoder

The basic decoder reconstructs the line parameters from the data contained in HILNbasicFrame() and
INDIbasicPara() in the following way:

For each frame, first the number of individual lines encoded in this frame is read from HILNbasicFrame():
nunili ne

Then the frame envelope flag is read from HILNbasicFrame():
envFl ag

If envFlag = 1 then the 3 envelope parameters t_max, r_atk, and r_dec are decoded from HILNbasicFrame():

t_max = (envTmax+0.5)/ (1<<tnbits);
r_atk = tan(pi/2*max(0, envRat k-0.5)/((1<<atkbits)-1))/0.2;
r_dec = tan(pi/2*max(0, envRdec-0.5)/((1l<<decbhits)-1))/0.2;

These envelope parameters are valid for the harmonic lines as well as for the individual lines. Thus the envelop
parameters envTmax, envRatk, envRdec must be dequantized if present, éven if numLine == 0.

\17

For each line k of the previous frame
k =0 .. prevNuniine-1

the previous line continuation flag is read from HILNbasicErame():
prevLi neCont Fl ag[ k]

If prevLineContFlaglk] == 1 then line k ofx;the previous frame is continued in the current frame. If
prevLineContFlag[k] == 0 then line k of the previous frame is not continued.

~

In the current frame, first the parameters ofiall continued lines are encoded followed by the parameters of the ney
lines. Therefore, the line continuation<flag and the line predecessor are determined before decoding the lin
parameters:

\17

i = 0;
for (k=0; k<prevNunli ne; k++)
i f (prevLi neConttFhag[ k]) {
l'i nePred[jd\= k;
i neCont Fhag[i ++] = 1;

}
whi | e (i <nurne)
I i neContyFl ag[i ++] = O;

The parameters of new lines are encoded with increasing frequency index, using a differential encoding schems.
Therefore the following initialization is required once for each frame:

[Past NLFreq = 0;

Eoreachline i of the current frame

i =0 .. nunLine-1
the line parameters are decoded from INDIbasicPara() now.
If envFlag == 1 then the line envelope flag is read from INDIbasicPara():

I'i neEnvFl ag[i]
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If lineContFlag[i] == 1 then the parameters of a continued line are decoded from INDIbasicPara() based on the
amplitude and frequency index of its predecessor in the previous frame:

revl LFreqgl ndex[ | inePred[i

I LFreql ndex[i] 11 + DILFreq[i];
revl LAnpl I ndex[linePred[i]] +

=p
I LAmpl I ndex[i] = p DI LAl [i];

[FHimeContFfagfit——"0themrtheparametersof amewtinearedecoded-fromHiBtbasicParat):

if (nuniine-1-i < 7)
ILFreqlnc[i] = SDCdecode (maxFi ndex-I|astNLFreq, sdclLFTabl e[ nunLine-1-i]);
el se
ILFreqlnc[i] = SDCdecode (maxFi ndex-|astNLFreq, dclLFTable[7]);
I LFreql ndex[i] = lastNLFreq + |LFreqglnc[i];
| ast NLFreq = | LFreql ndex[i];
i f (H LNquant Mbde) {
I LAmpl Rel [i] = SDCdecode (50, sdclLATabl e);
I LAmpl I ndex[i] = maxAnplIndex + | LAnpl Rel [i];

el se {

I LAmpl Rel [i] = SDCdecode (25, sdclLATable);

I LAmpl I ndex[i] = maxAnpl I ndex + 2*I LAmpl Rel [i];
}

The line parameter indices are stored for decoding of the line parameters of the’next frame:

prevNunii ne = nunLi ne;

for (i=0; i<prevNunlLine; i++) {
prevl LFreql ndex[i] = ILFreqlndex[i];
prevl LAmpl I ndex[i] = I LAl I ndex[i];

The basic decoder also handles combinations of a basic layer and one or more extension layers. If data from a total

f numLayer extension layers is available to the basic decoder, the values of layNumLine[numLayer] and
;FyPrevNumLine[numLayer] are to be used instead~of numLine and prevNumLine respectively. The values of
ILAmplindex[i], ILFreqindex[i], lineContFlagli], and:\inePred[i] as determined by the bitstream syntax description are
to be used.

The amplitudes and frequencies of the individual lines are now dequantized from the indices:

for (i=0; i<nuniine; i++) {
anpl [i] = 32768 * pow(10, -1.5*(ILAmplIndex+0.5)/20 );
if ( ILFregl ndex<160 )
freq[i] = (ILEfeqgl ndex+0.5) * 3.125;
el se
freg[i] = 500 * exp( 0.00625 * (ILFreglndex+0.5-160) );
}

The optional start phase information is decoded as follows:

for (i=0XT<nunline; i++) {
i ~(1inePhaseAvail[i]) {
startPhase[i] = 2*pi*(linePhase[i]+0.5)/(1<<phasebits)-pi;
startPhaseAvail[i] = 1;
}

el se

start PhaseAvail[1] = O;

}

If the decoding process starts with an arbitrary frame of a bitstream, all individual lines which are marked in the
bitstream as to be continued from previous frames which have not been decoded are to be muted.
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7.5.1.2.3.2 Enhanced decoder

The enhanced decoder refines the line parameters obtained from the basic decoder and also decodes the line
phases. The additional information is contained in bitstream element INDlenhaPara() and evaluated in the following
way:

First, all operations of the basic decoder have to be carried out in order to allow correct decoding of parameters f

continued lines.

If envFlag == 1 then the enhanced parameters t maxEnh, r_atkEnh, and r_decEnh are decoded using th
envelope data conveyed in HILNbasicFrame() and HILNenhaFrame():

\17

t _maxEnh = (envTnmax+(envTmaxEnh+0.5)/ (1<<tnEnhbits))/ (1l<<tnbits);
i f (envRat k==0)
r_atkEnh = 0;
el se
r_atkEnh = tan(pi/2*(envRat k- 1+( envRat kKEnh+0. 5) / ( 1<<at KEnhbi ts))/
((l<<atkbits)-1))/0.2;
if (envRdec==0)
r_decEnh = 0;
el se
r _decEnh = tan(pi/2*(envRdec- 1+(envRdecEnh+0. 5)/ ( 1<<decEnhbirts))/
((1l<<dechits)-1))/0.2;

For each line i of the current frame
i =0 .. nunLine-1

the enhanced line parameters are obtained by refining the-parameters from the basic decoder with the data in
INDIenhaPara():

ampl Enh[i] = ampl [i];
if (fEnhbits[i]!=0) {
if ( ILFreql ndex<160 )
fregenh[i] = (ILFreql ndex+0.5\+"((lineFreqEnh[i]+0.5)/(1<<fEnhbits[i])-0.5)) *

3. 125;
el se
fregEnh[i] = 500 * exp(c0.00625 * (ILFreql ndex+0.5-160 +
((lineFreqEnh[i]+0.5)/(1<<fEnhbits[i])-0.5)) );
}
el se

fregeEnh[i] = freq[i];
For both line types the phase’is decoded from the enhancement bitstream:
phaseEnh[i] =¢2¢¥pi *(1inePhase[i]+0.5)/(1l<<phasebits)-pi;
7.5.1.3 Noisedecoder
7.5.1.3.1 \~Tool description

This.teol decodes the noise parameters transmitted in the bitstream.

5132 Definitions

prevNumNoisePara The number of noise LPC parameters in the previous frame.
noiseLPCParali] Noise LPC parameter i in the current frame (LARS for noise spectrum).
prevNoiseLPCPara[i] Noise LPC parameter i in the previous frame (LARs for noise spectrum).
noiseAmpl Noise amplitude.
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noisePwr Noise power.

noiseT_max Noise envelope parameter: time of maximum.
noiseR_atk Noise envelope parameter: attack rate.
noiseR dec Noise envelope parameter: decay rate.

71.5.1.3.3 Decoding process

7.5.1.3.3.1 Basic decoder

If the noiseFlag is set and thus NOISEbasicPara() data is available in the current frame, the parameters of the
oise signal component are decoded and dequantized as follows:

The noise is represented by its power and a set of LPC-Parameters.

FFirst the noiseNumPara LAR parameters are reconstructed. Prediction from the previous frame is used when
moiseContFlag is set.

float noi seLPCMean[25] = { 2.0, -0.75, 0.0, 0.0, 0.0, ... , 0/0.};

for (i=0; i<nunNoisePara; i++) {
if ( i<prevNunNoi sePara && noi seCont Fl ag )
pred = noi seLPCMean[i] + (prevNoi seLPCPara[i]-noiseLPCMvean[i])*0.75;
el se
pred = noi seLPCMvean[i];
noi seLPCPara[i] = pred + noiselLARi];
}

Parameters needed in the following frame are stored in the)frame-to-frame memory:
pr evNumiNoi sePar a = numniNoi sePar a;
for (i=0; i<nunNoisePara; i++) {
prevNoi seLPCPara[i] = noi seLPCParali];
The amplitude and power of the noise is dequantized as follows:

noi seAnmpl = 32768 * pow( 10,.+~2. 5*( noi seAnpl | ndex+0.5)/20 );
noi sePwr = noi seAnpl *noi seAnpl ;

equantized into noiseT_max) noiseR_atk, and noiseR_dec in the same way as described for the individual line

% noiseEnvFlag == 1 then the-noise envelope parameters noiseEnvTmax, noiseEnvRatk, and noiseEnvRdec are
ecoder (see subclause 7:5!1.2.3.1).

7.5.1.3.3.2 Enhanced decoder

$ince there js\nio enhancement data for noise components, there is no specific enhanced decoding mode for noise
arameters: If noise is to be synthesized with enhancement data present for the other components, the basic noise

iarameter decoder can be used. However it has to be noted that if the HILN decoder is used as a core in a

gcalable-coder no noise sighal must be synthesized for the signal which is given to the enhancement decoder.

5. 1.4 Harmonic and mdividuat tine synthesizer

7.5.1.4.1 Tool description

This tool synthesizes the audio signal according to the harmonic and individual line parameters decoded by the
corresponding decoder tools. It includes the combination of the harmonic and individual lines, the basic synthesizer
and the enhanced synthesizer. To obtain the complete decoded audio signal, the output signal of this tool is added
to the output signal of the noise synthesizer as described in Subclause 0.
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7.5.1.4.2 Definitions

totalNumLine

sampleRate

ISO/IEC 14496-3:1999/Amd.1:2000(E)

Total number of lines in the current frame to be synthesized (individual plus
harmonic).

Sampling rate in Hz as indicated by HILNsampleRateCode (see Table 29).

synthSampleRate
speedFactor
pitchFactor

T

N

env(t)

a(t)

p(t)

x(t)

x[n]

startPhili]

phili]
previousEnvFlag
previousT_max
previousR_atk
previousR_dec
previousEnv(t)
previousTotalNumLine
previousAmpl[k]
previousFreq[K]

previousPhifk]

previousLineEnvFlag[k]

Inrp\/imqu maxEnh

Sampling rate in Hz of synthesized output signal x[n].
Synthesis speed change factor (>1 for faster than original playback speed):
Synthesis pitch change factor (>1 for higher than original playback pitch),
Synthesis frame length in seconds.

Synthesis frame length in samples.

Amplitude envelope function in the current frame.
Instantaneous amplitude of the line being synthesized.
Instantaneous phase of the line being syntheSized.
Synthesized output signal.

Sampled synthesized output signal.

Start phase of the i-th line in,thé current frame (in rad).
End phase of the i-th line.in*the current frame (in rad).
Envelope flag in the-prévious frame.

Envelope parameter t_max in the previous frame.
Envelope parameter r_atk in the previous frame.
Envelope parameter r_dec in the previous frame.
Amplitude envelope function in the previous frame.
Total number of lines in the previous frame.

Amplitude of the k-th line in the previous frame.
Frequency of the k-th line in the previous frame (in Hz).
End phase of the k-th line in the previous frame (in rad).

A flag indicating that the previous amplitude envelope is applied to the k-th line in
the previous frame.

Enhanced pn\/plnpp parametert max inthe Inrp\/inllq frame

previousR_atkEnh
previousR_decEnh
previousAmplEnhik]

previousFreqEnh[k]

Enhanced envelope parameter r_atk in the previous frame.
Enhanced envelope parameter r_dec in the previous frame.
Enhanced amplitude of the k-th line in the previous frame.

Enhanced frequency of the k-th line in the previous frame (in Hz).
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previousPhaseEnh[k] Phase of the k-th line in the previous frame (in rad).
7.5.1.4.3 Synthesis process

7.5.1.43.1 Combination of harmonic and individual lines

If no harmonic component is decoded for the following steps numHarmLine has to be set to zero.

Otherwise the parameters of the harmonic lines are appended to the list of individual line parameters as.decoded
by the individual line decoder:

for (i=0; i<nunHarnLine; i++) {

freq[nuniine+i] = hLineFreq[i];

anpl [ nunbLi ne+i] = hLineAnpl[i];

I'i neCont Fl ag[ nunli ne+i] = har nCont Fl ag;

I'i nePred[ nunLi ne+i] = prevNunili ne+i;

I i neEnvFl ag[ nunii ne+i] = harnEnvFl ag;

st art Phase[ nunli ne+i] = hStart Phase[i];

start PhaseAvai | [ nunii ne+i] = hStartPhaseAvail[i];
}

hus the total number of line parameters passed to the harmonic and individual line synthesizer is:

t ot al NunLi ne = nunili ne + nunHar nLi ne;

Depending on the value of HILNcontMode it is possible to connect lines in adjacent frames in order to avoid phase

iscontinuities in the case of transitions to and from harmeni¢ lines (HILNcontMode == 0) or additionally from
individual lines to individual lines for which the continue bit lineéContFlag in the bitstream was not set by the encoder
HILNcontMode == 1). This additional line continuation“as described below can also be completely disabled
HILNcontMode == 2).

For each line i = 0 .. totalNumLine-1 of the current frame that has no predecessor (i.e. lineContFlag[i] == 0), the
best-fitting line j of the previous frame having Mo successor and with the combination meeting the requirements
specified by HILNcontMode as described above is determined by maximizing the following measure q:

df = freq[i] / previousFreq[jls
df = max(df, 1/df);
da = anpl[i] / previousAnpL]j];
da = max(da, 1l/da);

q = (1 - (df-1)/(df Cont>"1)) * (1 - (da-1)/(daCont-1));

vhere dfCont = 1.05 and‘daCont = 4 are the maximum relative frequency and amplitude changes permitted. For
additional line continuations determined in this way, the line predecessor information is updated:

i neCont FlaglLi] = 1;
linePredfit™v=j;

If there is{not at least one possible predecessor with df < dfCont and da < daCont, lineContFlag[i] and linePred][i]
emain unchanged.

Forthe enhanced synthesizer, the enhanced harmonic (up to maximum of 10) and individual line parameters are
ombined as 10llows:

for (i=0; i<mn(10, nunHarnLine); i++) {
fregEnh[ nunLi ne+i] = hLi neFreqEnh[i];
anpl Enh[ nuniLi ne+i] = hLi neAnpl Enh[i];
I'i neCont Fl ag[ nunii ne+i] = har nCont Fl ag;
I'i nePred[ nunLi ne+i] = prevNunili ne+i;
I i neEnvFl ag[ nunii ne+i] = harnEnvFl ag;
phaseEnh[ nunLi ne+i] = hLi nePhaseEnh[i];
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Thus the total number of line parameters passed to the enhanced harmonic and individual line synthesizer, if the
HILN decoder is used as a core in a scalable coder, is:

t ot al NunLi ne = nunii ne + mi n(10, nunHar nii ne);

SINce phase mformaton 15 avaitabie for ait of these fines , no fine conunuaton 1S mroduced for the entanced
synthesizer.

7.5.1.4.3.2 Speed and pitch change

Due to the parametric signal representation utilized by the HILN coder and the phase continuation grovided by th
basic line synthesizer, the playback speed and pitch can be easily modified during the signal \synthesis in th
decoder. If playback at the original speed and pitch is desired, the corresponding control factors are set to the
default values:

S

speedFact or 1.0;
pi t chFact or 1.0

When the enhanced synthesizer is used instead of the basic synthesiser, speedFactor and pitchFactor should
always be set to their default value 1.0.

Speed change is realized by modifying the synthesis frame length~according to the desired speedFactor a
described in Subclause 7.5.1.4.3.3.

o

Pitch change is realized by modifying the frequency parameters of-the harmonic and individual lines as follows:
for (i=0; i<total NunLine; i++) {
freq[i] *= pitchFactor;

The noise synthesizer described in Subclause 7.5:1:4.3.3 also supports speed and pitch change as detailed there.

7.5.1.4.3.3 Synthesis framing

The harmonic and individual line synthesizer reconstructs one frame of the audio signal. Since the line parameter
encoded in a bitstream frame are valid for the center of the corresponding frame of the audio signal, th
synthesizer generates the one-ffame long section of the audio signal x(t) that starts at the center of the previou
frame (t = 0) and that ends at the center of the current frame (t = T).

Or— 07

As default, the HILN synthesizer operates at the sampling frequency synthSampleRate as indicated by th
samplingFrequency conveyed in the AudioSpecificinfo() (see Table 8):

\17

synt hSanpl eRate = sanpl i ngFrequency
The synthesis\frame contains N samples:
N.Z (int)(H LNfraneLength * synthSanpl eRate / sanpl eRate / speedFactor + 0.5);

Thus the duration T of the synthesis frame is:

———F—MN—synthSanpteRate;
In the following, the calculation of the synthesized output signal
x(t)
for 0 <=t < T is described. The time discrete version (i.e. the actual frame of output samples) is defined as

x[n] = x(t) witht = (n+0.5)*(T/N)
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forO<=n<N.

The noise synthesizer described in Subclause 0 uses the same synthesis framing as the harmonic and individual
line synthesizer described here.

751434 Basic-svnthesizer
Y

$ome parameters of the previous frame (names starting with “previous”) are taken out of the frame-to-frame
memory which has to be reset before decoding the first frame of a bitstream.

FFirst the envelope functions previousEnv(t) and env(t) of the previous and current frame are calculated according to
f[:e following rules:
I

envFlag == 1 then the envelope function env(t) is derived from the envelope parameters t_max;y atk, and r_dec.
\Vith T being the frame length, env(t) is calculated for -T/2 <=t < 3/2*T:

if (-1/2 <= t/T && t/T < t_max)
env(t) = max(0,1-(t_nmax-t/T)*r_atk);
if (t_max <= t/T & t/T < 3/2)
env(t) = max(0,1-(t/T-t_max)*r_dec);
If envFlag == 0 then a constant envelope function env(t) is used:
env(t) = 1,

Accordingly previousEnv(t) is calculated from the parameters previousT max, previousR_atk, previousR_dec and
previousEnvFlag.

The envelope parameters transmitted in case of envFlag:=="1 are valid for the harmonic lines as well as for the
individual lines. Thus the envelope functions always must'be generated, even if all lineEnvFlag[i] == 0.

Before the synthesis is performed, the accumulator %(t) for the synthesized audio signal is cleared for 0 <=t < T:
x(t) = 0;

The lines i continuing from the previous frame to the current frame

all i=0 .. total Nuniine-1,that have lineContFlag[i] ==

qre synthesized as follows forO<=t < T:

k = linePred[i];
ap(t) = previousAmpl [Kk];
if (previousLicheEnvFl ag[ k] == 1)

ap(t) *=r,prévi ouskEnv(t+T/2);
ac(t) = anphfk];
if (lineEnvFl ag[i] == 1)
ac(t)~*= env(t-T/2);
short\ x fade = (previousLi neEnvFl ag[ k] && !(previousR atk < 5 &&
(previousT_max > 0.5 || previousR dec < 5))) ||
(lineEnvFlag[i] && !(r_dec <5 && (t_max < 0.5 || r_atk <5)));
it (short_x_fade == 1) {

i ({'\ =t &&—% 7/1R*T)

a(t) = ap(t);
if (7/16*T <=t && t < 9/16*T)

a(t) = ap(t) + (ac(t)-ap(t))*(t/T-7/16)*8;
if (9/16*T <= t&&t < T)

a(t) = ac(t);

el se

a(t) = ap(t) + (ac(t)-ap(t))*t/T;
p(t) = previousPhi[Kk]+2*pi *previ ousFreq[ k] *t +
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2*pi*(freq[i]-previousFreq[k])/(2*T)*t*t;
x(t) += a(t)*sin(p(t));
phi[i] = p(T)
The lines i starting in the current frame

all i=0 .. total NuniLine-1 that have lineContFlag[i] ==

are synthesized as follows for 0 <=t <T:

if (lineEnvFlag[i] && !(r_dec <5 && (t_nmax < 0.5 || r_atk < 5))) {
if (0 <=1t&& t < 7/16*T)
fade_in(t) = 0;
if (7/16*T <= t&& t < 9/16*T)
fade_in(t) = 0.5 - 0.5*cos((8*t/T-7/2)*pi);
if (9/16*T <= t&& 't < T)
fade_in(t) = 1,
}
el se
fade_in(t) = 0.5-0.5*cos(t/ T*pi);
a(t) = fade_in(t)*anpl[i];
if (lineEnvFl ag[i] == 1)
a(t) *= env(t-T/2);
if (startPhaseAvail[i])
startPhi[i] = startPhase[i];
el se
startPhi[i] = random(2*pi);
p(t) = startPhi[i] + 2*pi*freq[i]*(t-T);
x(t) +=a(t)*sin(p(t));
phi[i] = p(T)

random(x) is a function returning a random number with uniform distribution in the interval
0 <= random(x) < x
The lines k ending in the previous frame

all k=0 .. previousTotal Nunii ne- I\t'hat have prevLi neCont Fl ag[ k] ==
are synthesized as follows for 0 <=t < T

if (previousLi neEnvFl agfk\* &% ! (previ ousR atk < 5 &&
(previousT_max > 075 || previousR dec < 5))) {
if (0 <=1&& t </ 16*T)
fade_out (t)=\1,;
if (7/16*T <= t&& t < 9/16*T)
fade_out(t) = 0.5 + 0.5*cos((8*t/T-7/2)*pi);
if (9/16T\<=t&& t < T)
fadeNout (t) = O;
}
el se
fade out(t) = 0.5+0.5%*cos(t/T*pi);
a(t)= fade_out (t) *previ ousAnpl [ K] ;
i$(previ ousLi neEnvFl ag[ k] == 1)
a(t) *= previousEnv(t+T/2);
p(t) = previousPhi[k]+2*pi *previ ousFreq[ k] *t;
x(t) += a(t)*sin(p(t));

In order to avoid aliasing distortion, synthesized lines are muted (i.e. a(t) = 0) while their instantaneous frequency is
above or equal half the sampling frequency, i.e.

d phi(t) / dt >= pi*NT

Parameters needed in the following frame are stored in the frame-to-frame memory:
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previ ousenvFl ag = envFl ag;

previ ousT_max = t_nax;
previ ousR atk = r_atk;
previ ousR _dec = r_dec;

previ ousTot al NunLi ne = total NunLi ne;

for (i=0; i<total NunLine; i++) {
previousFreq[i] = freq[i];
previousAnpl[i] = anpl[i];

previousPhi[i] = frod(p[i], 2*pi);
previ ousLi neEnvFl ag[i] = lineEnvFl ag[i];

}

fmod(x,2*pi) is a function returning the 2*pi modulus of x.

1.5.1.4.35 Enhanced synthesizer

The enhanced synthesizer is based on the basic synthesizer but evaluates also the line phases for reconstructing
ne frame of the audio signal. Since the line parameters encoded in a bitstream framesand the corresponding
nhancement frame are valid for the middle of the corresponding frame of the audio;signal, the harmonic and

individual line synthesizer generates the one frame long section of the audio signal thatystarts in the middle of the

revious frame and ends in the middle of the current frame.

ome parameters of the previous frame (names starting with “previous”) ,are)taken out of the frame-to-frame
emory which has to be reset before decoding the first frame of a bitstream;

irst the envelope functions previousEnv(t) and env(t) of the previous and current frame are calculated according to
e following rules:

If envFlag == 1 then the envelope function env(t) is derived_from the envelope parameters t_maxEnh, r_atkEnh,
nd r_decEnh. With T being the frame length, env(t) is calculated for -T/2 <=t < 3/2*T:

if (-1/2 <= t/T & t/T < t_maxEnh)
env(t) = max(0, 1-(t_nmaxEnh-t/T)*r_atkEnh);
if (t_maxEnh <= t/T && t/T < 3/2)
env(t) = max(0, 1-(t/T-t_maxEnh) *r ~decEnh);
If envFlag == 0 then a constant envelope function env(t) is used:
env(t) = 1,

Accordingly previousEnv(t) is, calculated from the parameters previousT_maxEnh, previousR_atkEnh,
previousR_decEnh and previgusEnvFlag.

The envelope parameters_transmitted in case of envFlag == 1 are valid for the harmonic lines as well as for the
individual lines. Thus theyenvelope functions always must be generated, even if all lineEnvFlag[i] == 0.

Before the synthesis is performed, the accumulator x(t) for the synthesized audio signal is cleared for 0 <=t < T:
x(t) =0
All linessHin‘the in the current frame

all i =0 .. total NunLine-1

are synthesized as follows for 0 <=t < T:

if (envFlag && ! (r_decEnh < 5 && (t_maxEnh < 0.5 || r_atkEnh < 5))) {
if (0 <=1t&&t < 7/16*T)

fade_in(t) = 0;
if (7/16*T <= t&& t < 9/16*T)

fade_in(t) = 0.5 - 0.5*cos((8*t/T-7/2)*pi);
if (9/16*T <= t&& 't < T

fade_in(t) = 1,
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}
el se
fade_in(t) = 0.5-0.5*cos(t/T*pi);
a(t) = fade_in(t)*anpl Enh[i];
if (envFlag[i] == 1)
a(t) *= env(t-T/2);
phi (t) = 2*pi*freqEnh[i]*(t-T)+phaseEnh[i];
X(t) += a(t)*sin(phi(t)):

The lines k in the previous frame
all k=0 .. previousTotal Nuniine-1
are synthesized as follows for 0 <=t < T:

if (previouseEnvFlag & ! (previ ousR atkEnh < 5 &&
(previousT_naxEnh > 0.5 || previousR decEnh < 5))) {
if (0 <=1t1&& t < 7/16*T)
fade_out(t) = 1;
if (7/16*T <= t&& t < 9/16*T)
fade_out(t) = 0.5 + 0.5*cos((8*t/T-7/2)*pi);
if (9/16*T <= t&& t < T)
fade_out(t) = O;
}
el se
fade_out (t) = 0.5+0.5*cos(t/T*pi);
a(t) = fade_out (t)*previ ousAnpl Enh[ k] ;
if (previouskEnvFl ag[k] == 1)
a(t) *= previousEnv(t+T/2);
phi (t) = 2*pi *previ ousFr eqEnh[ k] *t +pr evi ousPhaseEnh[i];
x(t) += a(t)*sin(phi(t));

If the instantaneous frequency of a line is above or equalhalf the sampling frequency, i.e.
d phi(t) / dt >= pi*NT

it is not synthesized to avoid aliasing distortion.

Parameters needed in the following frame, are stored in the frame-to-frame memory:

previ ousenvFl ag = envFl ag;

previ ousT_maxEnh = t _maxEnh;
previ ousR_at kKEnh = r_at KEnh;
previ ousR _decEnh = r YdecEnh;

previ ousTot al NunLimes= t ot al NunLi ne;
for (i=0; i<totalNumlLine; i++) {
previ ousFreqEnh[i] = fregEnh[i];
previ ousAnplEnh [i] = anpl Enh[i];
previ ousPhaseEnh [i] = phaseEnh [i];
}

7.5.1.5 _\Noise synthesizer

7515.1 Tool description

This toal svunthasizas tha naoica nart of tha otk cianal hacad an tha noica naramatare dacaoded hyv thae nois
HHS—EE Sy HtHesAesS—He—Hot Pett—e—tHe—-ethput—Sighet e—e—th pParatietetrs—aecotea—y—He—Hoist

oo

decoder. Finally the noise signal is added to the output signal of the harmonic and individual line synthesizer
(Subclause 7.5.1.4) to obtain the complete decoded audio signal

7.5.1.5.2 Definitions
noiseWin[n] Window for noise overlap-add.

noiseEnv[n] Envelope for noise component in the current frame.
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M Frame length in samples before resampling.
w[m] White noise with power pw.
xf[m] Filtered noise signal in the current frame.
xn[n] Synthesized noise signal in the current frame.
reviousXn[n] Synthesized noise signal in the previous frame.
reviousNoiseWin[n] Window and envelope for noise component in the previous frame.
n[i] LPC reflection coefficients.
[1] LPC impulse response.
Ilp[i] Low-pass resampling filter impulse response.

7.5.1.5.3 Synthesis process

7.5.153.1 Basic synthesizer

oise parameters decoded from the bitstream is synthesized and added to the audio signal generated by the

El; noise parameters are transmitted for the current frame, a noise signal withna spectral shape as described by the
armonic and individual line synthesizer. The synthesis framing is as,deseribed in Subclause 7.5.1.4.3.3.

The noise is represented by its power and a set of LPC-Parameéters. As described in the harmonic tone decoder
Subclause 7.5.1.1.3.1), the noise LPC parameters are conyerted to the reflection coefficients r[i] and to the time
flesponse h[i]:

0; i < nunNoi sePara; i++ )
( exp(noiseLPCParali]) - 1) Jd exp(noiselLPCParal[i]) + 1);

AMfter this the reflection coefficients r[i] are converted to the time response h[i] using the C function
void Convert_k to_h (float *x, [int N)
given in Subclause 7.5.1.1.3.1 (call with x[i]=r[i] and N=numNoisePara; returns with x[i]=h[i]).

INow the filtered noise signal xf[m] is generated by applying the LPC synthesis IIR filter to a white noise represented
y random numbers w[m]. The“power of this zero-mean white noise is denoted pw. For a noise with uniform
istribution in [-1,1] the poweris

pw = 1/3
To achieve the required noise signal power, the following scaling factor s is required:

ss = 1.9,

for (G 30; i<nunNoisePara; i++)
s& = 1-r[i]l*r[i];

s ‘= noi seAnpl * sqgrt( ss/pw);

hen the white naoise. \Al[m] is HUR-filtered to obtain the Q\J/nfhneiw:rl noise Qign:\l vf[m]

for (mestartup; mc2*M mt+) {
xf[m = s> wn; _
for (i=0; i<mn(mstartup, nunNoi sePara); i++)
xf[m += h[i]*xf[mi-1];

To ensure that the IIR filter can reach a sufficiently steady state, a startup phase is used:
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startup = -nunmNoi sePar a
If decoded with a pitch change (i.e. pitchPactor != 1.0) or with a different sample rate than the encoder (i.e.
synthSampleRate != sampleRate), a resample operation must be applied to the signal xffm] using the resampling
factor

resanpl eFactor = ( sanpleRate * pitchFactor ) / synthSanpl eRate;

17

where e.g. pitchFactor of 2 indicates that this signal is synthesized at twice its original pitch. Otherwise~the
resampleFactor is set to 1.0. Based on the resampleFactor, the framle length M before resampling is defined:

M= N * resanpl eFactor;

The resampling can be realized by applying two lowpass FIR filter operations to the signal xfim] and linearl
interpolating between these two values to obtain the final noise signal xn[n].

if ( resanpleFactor<1l )
fc = 1;

el se
fc = 1/resanpl eFactor;

The following function calculates the time response hlp[0..31] of an appropriatelowpass FIR filter with 16 taps and
an oversampling factor of 4. The cutoff frequency is fc.

void GenLPFilter (float *hlp, double fc)

{
doubl e x, f;
inti;
hl p[0] = (float) fc;
for (i=1; i<32; i++)
{
X = i*pil4.0;
hip[i] = (float) ((0.54+0.46*cos(@®. 125*x))*sin(fc*x)/x);
}

To perform the FIR filter operation the follewing C function can be used. The parameters are the signal, the tim
response (as returned by the function ‘@bove) and the position of the sampling point. The position is given as th
difference between the nearest sample position prior to the desired sample position (x[7]) and the desired sampl
position. Therefore 0 <= pos < 1-The interpolation is done between x[7] and x[8], the returned value represents
sample position of 7+pos.

D———D

float LPInterpol ate\(float *x, float *hlp, double pos)

{
long j;
doubl e st}
pos *=74.0;
j z(long) pos;
pess-= (double) j;
s =t =0.0;
o= 32-j;
if (j==32)
t = h[31]*(*x);
X++;
i-= 4
}
while (j>0)
{

s += h[j 1*(*x);
t += h[j-1]*(*x);
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X++;
i-= 4

b

=0

while (j<32-1)

{
s += h[j ]1*(*x);
t += h[j+1]*(*x):
X++;
j += 4

}

if (j<32)

s += h[j]*(*x);

return (float) (s+pos*(t-s));

}

Using the functions GenLPFilter() and LPInterpolate(), the resampling is done as described,below. xf[m] is set to
.0 for m < startup and m >= 2*M.

GenLPFilter(hlp, fc);
for (n=0; n<2*N, n++)
xn[n] = LPInterpol ate(xf+((int)n*resanpl eFactor)-7, hlp, frac{n*resanpl eFactor));

If resampleFactor == 1.0, xf[m] is simply copied to xn[n] without resampling:

for (n=0; n<2*N, n++)
xn[n] = xf[n];

For smooth cross-fade of the noise signal at the boundary between two adjacent frames, the following window is
Wised for this overlap-add operation:

for (n=0; n<N, n++) {
if (n < N3/8)
noi seW n[ n]
if (N3/8 <=n
noi seW n[ n]
if (N5/8 <= n)
noi seW n[ n] 1,
noi seWn[ 2*N-1-n] = noi seW nf'n] ;

0;
n < N¢5/8)
sin(pi/2 * (n-N-3/8+0.5)/(N*2/8));

||g||

}
INow the envelope function noiseEny|n] is calculated. If noiseEnvFlag == 1 then the envelope function
noi seEnv[n] = noi seEnv(t) with t = (n+0.5)*(T/N)-0.5

is derived from the envelope parameters noiseT_max, noiseR_atk, and noiseR_dec for -T/2 <=t < 3/2*T (i.e. 0 <=
m < 2*N):

if (-1/2 <=t/ T && t/ T < noi seT_nax)

noi seBnv(t) = max(0, 1-(noi seT_nax-t/T)*noi seR_atk);
if (noi'seT_max <= t/T && t/T < 3/2)

noi seenv(t) = max(0, 1-(t/ T-noi seT_nax) *noi seR _dec);

If noiseEnvFlag == 0 then a constant envelope function noiseEnv(t) is used:

MoTrSeEnvi—— L,

The noise signal xn[n] is windowed for overlap-add and multiplied with the envelope noiseEnv[n]. Then this signal
and the noise from the previous frame previousXn[n] are added to the signal x[n] from the harmonic and individual
line synthesizer to construct the complete synthesized signalx[n]:

for (n=0; n<N;, n++)
x[n] += xn[n] *noi seW n[ n] *noi seEnv[n] + previousXn[n];
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The second half of the generated noise signalxn[n] is stored in the frame-to-frame memory previousXn[n] for
overlap-add:

for (n=0; n<N;, n++)
previousXn[ n] = xn[ N+n] *noi seW n[ N+n] *noi seEnv[ N+n] ;

The previousXn[n] memory has to be reset to 0.0 before decoding of the first frame.

7.5.1.5.3.2 Enhanced synthesizer

Since there is no enhancement data for noise components, there is no specific enhanced synthesizer~mode fo
noise components. If noise is to be synthesized with enhancement data present for the other compenents, th
basic noise synthesizer decoder can be used. However it has to be noted that if the HILN decaderis used as

core in a scalable coder no noise signal must be synthesized for the signal which is given to tHe enhancemen
decoder.

— o=

7.5.2 Integrated parametric coder

i

The integrated parametric coder can operate in four different modes as shown in {Table 24. PARAmodes 0 and
represent the fixed HVXC and HILN modes. PARAmode 2 permits automatic switching between HVXC and HILN
depending on the current input signal type. In PARAmode 3 the HVXC and HILN coders can be used
simultaneously and their output signals are added (mixed) in the decoder.

The integrated parametric coder uses a frame length of 40 ms and-a sampling rate of 8 kHz and can operate gt
2025 bit/s or any higher bitrate. Operation at 4 kbit/s or higher is suggested.

7.5.2.1 Integrated parametric decoder
For the “HVXC only” and “HILN only” modes the parametric decoder is not modified.

In “switched HVXC / HILN” and “mixed HVXC / HIEN" modes both HVXC and HILN decoder tools are operate
alternatively or simultaneously according to the PARAswitchMode or PARAmixMode of the current frame. To obtai
proper time alignment of both HVXC and HIEN decoder output signals before they are added, the differenc
between HVXC and HILN decoder delay has-to be compensated with a FIFO buffer:

o=

If HVXC is used in the low delay-decoder mode, its output must be delayed for 100 samples (i.e. 12.5 ms).
If HVXC is used in the normal.delay decoder mode, its output must be delayed for 80 samples (i.e. 10 ms).

To avoid hard transitions~at*frame boundaries when the HVXC or HILN decoders are switched on or off, th
respective decoder output-signals are faded in and out smoothly. For the HVXC decoder a 20 ms linear fade i
applied when it is switched on or off. The HILN decoder requires no additional fading because of the smoot
synthesis windows utilized in the HILN synthesizer. It is only necessary to operate the HILN decoder with no ney
components for:thé current frame (i.e. force numLine = 0, harmFlag = 0, noiseFlag = 0) if the current bitstrean
frame contains 110 “HILNframe()”.

— = = o
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8 Extension to General Audio Coding

8.1 Encoder and decoder block diagrams
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8.2 Decoder configuration (GASpecificConfig)

8.2.1 Syntax
Table 80: Syntax of GASpecificConfig()
Symntax No.of bits VierTomnic
GASpecificConfig ( samplingFrequencylndex,
channelConfiguration,
audioObjectType )
{
frameLengthFlag; 1 bslbf
dependsOnCoreCoder; 1 bslbf
if ( dependsOnCoreCoder ) {
coreCoderDelay; 14 uimsbf
extensionFlag; 1 bslbf
if (! channelConfiguration ) {
program_config_element ();
if ( extensionFlag ) {
if (audioObjectType == 22) {
numOfSubFrame; 5 bslbf
layer_length; 11 bslbf
}
if ( audioObjectType == 17 || audioObjectType,==18 ||
audioObjectType == 19 || audioObjectType== 20 ||
audioObjectType == 21 || audioObjectType == 23 ) {
aacSectionDataResilienceFlag; 1 bslbf
aacScalefactorDataResilienceFlag) 1 bslbf
aacSpectralDataResilienceFlag; 1 bslbf
}
extensionFlag3; 1 bslbf
if ( extensionFlag3) {
/* tbd in version 3 */
}
}
}
8.2.2 Semantics
Vithin ISO/IEC 14496:3; subpart 4 (GA) chapter 5 (General Information), section 5.1 (Decoding of GA specific
¢onfiguration), sub=section 5.1.1 GA SpecificConfig has to be applied. In addition, the following data elements have
to be considered:
numOfSubFrame A 5-bit unsigned integer value representing the number of the sub-frames which
are grouped and transmitted in a super-frame.

I|ayer_length An 11-bit unsigned integer value representing the average length of the large-step
In\]/nrc in h\]/fne

aacSectionDataResilienceFlag  This flag signals a different coding scheme of AAC section data. If codebook
11 is used, this scheme transmits additional information about the maximum
absolute value for spectral lines. This allows error detection of spectral lines that
are larger than this value.

aacScalefactorDataResilienceFlag This flag signals a different coding scheme of the AAC scalefactor data,
that is more resilient against errors as the original one.
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aacSpectralDataResilienceFlag This flag signals a different coding scheme (HCR) of the AAC spectral data,
that is more resilient against errors as the original one

8.3 Fine granule audio (BSAC)

8.3.1 Overview of tools

BSAC stands for bit sliced arithmetic coding and is the name of a noiseless coding kernel that provides a fine gtai
scalability and the error resilience in the MPEG-4 General Audio(GA) coder. The BSAC noiseless coding maodule i
an alternative to the AAC coding module, with all other modules of the AAC-based coder remaining upchanged.
The BSAC noiseless coding is used to make the bitstream scalable and error-resilient and further.reduce thé

redundancy of the scalefactors and the quantized spectrum
The inputs to the BSAC decoding tool are:

The noiselessly coded bit-sliced data

The target layer information to be decoded
The outputs from the BSAC decoding tool are:

The decoded integer representation of the scalefactors

The quantized value for the spectra
8.3.2 Bitstream syntax

8.3.2.1 Bitstream payload

Table 81: Syntax of top level payloadfor audio object type ER BSAC (bsac_payload())

Syntax No. of bits Mnemonic
bsac_payload(lay)
{

for (frm=0; frim<numQfSubFrame; frm++) {
bsac_Istep_element(frm, lay);
}
/*

bsac_Istep_element(frm, lay) should be mapped to the fine
grain audio data, bsac_raw_data_block(), for the actual
decoding~See subclause “Decoding of payload for audio object
type ER.BSAC” for more detailed description.*/

}

=

o7

17
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Table 82: Syntax of bsac_Istep_element()

Syntax No. of bits

Mnemonic

bsac_Istep_element(frm, lay)

{
offset=LayerStartByte[frm][lay];

for(i=0;i<LayerLength[frm][lay];i++)

OISO/IEC

bsac_stream_byte[frm][OTiSet+]; 8
/*
bsac_stream_byte should be mapped to the fine grain audio
data, bsac_raw_data_block(), for the actual decoding. See
subclause “Decoding of payload for audio object type ER
BSAC” for more detailed description.
*
}

urmsprt

Table 83: bsac_raw_data_block()

Syntax No. of hits

Mnemonic

bsac_raw_data block()
{
bsac_base_element();
layer=slayer_size;
while(data_available() && layer<(top_layer+slayer_size)){
bsac_layer_element(nch, layer);
layer++;
}
byte alignment();

Table 84: Syntax of bsac_base_element()

Syntax No. of bits

Mnemonic

bsac_base_element()
{
frame_length; 11
bsac_header();
general_header();
byte alignment();
for (slayer(= 07 slayer < slayer_size; slayer++)
bsachlayer_element(slayer);

uimbf
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Table 85: Syntax of bsac_header()
Syntax No. of bits Mnemonic
bsac_ header()
{
header_length; 4 uimbf
sba_mode; 1 uimbf
fop_layer, B uimbt
base snf thr; 2 uimbf
for(ch=0;ch<nch;ch++)
max_scalefactor[ch]; 8 uimbf
base band,; 5 uimbf
for(ch=0;ch<nch;ch++) {
cband_si_type[ch]; 5 uimbf
bsae scf model[ch]; 3 uimbf
enh_scf_model[ch]; 3 uimbf
max_sfb_si_len[ch]; 4 uimbf
}
}
Table 86: Syntax of general: header()
Syntax No. of bits Mnemonic
general_header ()
{
reserved_bit; 1 bslbf
window_sequence; 2 uimsbf
window_shape; 1 uimsbf
if( window_sequence == EIGHT SHORT_SEQUENCE ) {
max_sfb; 4 uimsbf
scale_factor_grouping; 7 uimsbf
} else {
max_sfb; 6 uimsbf
}
pns_data_present; 1 uimbf
if (pns_data’ present)
phs_-start_sfb; 6 uimbf
ifCach ==2)
ms_mask_present; 2 bslbf
for( ch=0 ch< nch; ch++ ) {
tns_data_present[ch]; 1 bslbf
if( ths_data_present[ch] )
tns_data();
Itp_data_present[ch]; 1 bslbf
if( Itp_data_present[ch] )
Itp_data(last_max_sfb, max_sfb);
}
}

81


https://standardsiso.com/api/?name=a9ee787e3d63fbfd2f1b016282f48d62

ISO/IEC 14496-3:1999/Amd.1:2000(E)

Table 87: Syntax of bsac_layer_element()

OISO/IEC

Syntax No. of bits Mnemonic
bsac_layer_element(layer)
{
layer_cband_si(layer);
layer_sfb_si(layer);
bsac_layer spectra (layer);
if (!sba_mode) {
bsac_lower_spectra (layer)
else if (terminal_layer[layer]) {
bsac_lower_spectra (layer);
bsac_higher_spectra (layer);
}
}
Table 88: Syntax of layer_chand_si()
Syntax NO. jof bits Mnemonic
layer_cband_si (layer)
{
g = layer_group[layer];
for (ch=0; ch<nch; ch++) {
for(cband=layer_start _cband[g][layer];
cband<layer_end_cband[g][layer]; cband++) {
acode_cband_si[ch][g][cband]; 1..14 bslbf
}
}
}
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Table 89: Syntax of layer_sfb_si()
Syntax No. of bits Mnemonic
layer_sfb_si (layer)
{
g = layer_group[layer];
for (ch=0; ch<nch; ch++)
Tfor(Stb=Tayer_start_sib[layer[,stb<layer_end_sib[layer[;STh++){
if (nch==1) {
if(pns_data_present && sfb >= pns_start_sfb) {
acode_noise_flag[g][sfb]; 1 bslbf
} else if (stereo_side_info_coded|g][sfb]==0) {
if (ms_mask_present 1=2) {
if (ms_mask_present==1) {
acode_ms_used[g][sfb]; 1 Bslbf
pns_data_present = 0;
} else if (ms_mask_present==3) {
acode_stereo_info[g][sfb]; 0.4 bslbf
}
if(pns_data_present && sfb>=pns_start_sfb) {
acode_noise_flag_l[g][sfb]; 1 bslbf
acode_noise_flag_r[g][sfb]; 1 bslbf
if(ms_mask_present==3 && stereo_info==3), *{
if(noise_flag_| && noise_flag_r{
acode_noise_mode[g][sfb}; 2 bslbf
}
}
}
}
stereo_side_info_coded[g][sfb] =]
}
if (noise_flag[ch][g][sfb]) {
if (noise_pcm_flag[ch]==1)%
acode_max_noise“energy[ch]; 9 bslbf
noise_pcm_flagfch] = 0;
acode_dpcmoise_energy_index[ch][g][sfb]; 0..14 bslbf
} else if (sterea”info[g][sfb]>=2 && ch==1) {
acode_is_position_index[g][sfb]; 0..14 bslbf
} else {
acode scf _index[ch][g][sfb]; 1..14 bslbf
}
}
}
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Table 90: Syntax of bsac_layer_spectra()

OISO/IEC

Syntax No. of bits Mnemonic
bsac_layer spectra(layer)
{
g = layer_group[layer];
start_index[g] = layer_start_ index[layer];
end_ndex[g] = layer_end_ index[layerJ;
if (layer < slayer_size)
thr_snf = base_snf_thr;
else
thr_snf =0;
bsac_spectral_data (g, g+1, thr_snf, cur_snf);
}
Table 91: Syntax of bsac_lower_spectra()
Syntax No. of bits” Mnemonic
bsac_lower_spectra(layer)
for (g = 0; g < num_window_groups; g++) {
start_index[g] = 0;
end_index[g] = 0;
}
for (play = 0; play < layer; play++) {
end_index[-layer_group[play] ] = layer_end_indeXx[play];
}
bsac_spectral _data (0, hum_window_groupss0, unc_snf);
}
Table 92: Syntax of bsac_higher_spectra()
Syntax No. of bits Mnemonic

bsac_higher_spectra(layer)

for (nlay=layer+1;nlay.<-top_layer+slayer_size;nlay++) {
g = layer_groupfnlay];
start_index[g] = layer_start_index[nlay];
end_index{g] = layer_end_index[nlay];
bsac_spectral_data (g, g+1, 0, unc_snf);
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Table 93: Syntax of bsac_spectral_data ()
Syntax No. of bits Mnemonic

bsac_spectral_data(start_g, end_g, thr_snf, cur_snf)

if (layer_data_available()) return;

for (SNf=maxsnt, SNi>thr_snt, sni--)
for (g = start_g; g <end_g; g++)
for (i=start_index[g];i<end_index[q]; i++)
for(ch=0;ch<nch;ch++) {
if ( cur_snf{ch][g][i]<snf) continue;

if (Isample[ch][g][i] || sign_is_coded[ch] [g][i])
acod_sliced_bit[ch][g][i][snf]; 0..6 bslbf

if (sample[ch][g][i] && !sign_is_coded[ch] [g][i]) {
if (layer_data_available()) return;
acod_sign[ch][g]lil; 1 bslbf
sign_is_coded[ch][g][i] = 1;

}
cur_snf[ch][g][i]--;
if (layer_data_available()) return;

8.3.3 General information

8.3.3.1 Decoding of payload for audio object type"ER BSAC (bsac_ payload())

Fine grain scalability would create large overhéad if one would try to transmit fine grain layers over multipl
elementary streams (ES). So, in order to reduce overhead and implement the fine grain scalability efficiently i
current MPEG-4 system, the server can organize the fine grain audio data into the payload by dividing the fin
grain audio data into the large-step layers and concatenating the large step layers of the several sub-frames. The
the payload is transmitted over ES.

So, the payload transmitted over-ES requires the rearrangement process for the actual decoding.

8.3.3.1.1 Definitions

bsac_payload(lay)

bsac_Istepcelement(frm, lay)

bsac stream_byte[frm][offset+i] (offset+i)-th byte which is extracted from the payload. After bsac stream bytes

— (b= D

Sequnece of bsac_lIstep_element()s. Syntactic element of the payload transmitted
over Iayth layer ES. A bsac_payload(lay) basically consists of several Iayth layer
bitstream, bsac_Istep_element() of serveral sub-frames.

Syntactic element for the Iayth large-step layer bitstream of frm" sub-frame.
are extracted from all the payloads that have been transmitted to the receiver,

these data are concatenated and saved in the array bsac_stream_byte[frm][] whick
is the bitstream of frm™ sub-frame. Then, we proceed to decode the concatenated

Help elements:
data_available()

LayerStartByte[frm][lay]

stream,bsac_stream_byte[frm][] using the syntax of the BSAC fine grain scalability.

function that returns “1” as long as data is available, otherwise “0”

Start position of Iayth large-step layer in bytes which is located on frm™ sub-frame’s
bitstream. See sub-clause 8.3.3.1.2 for the calculation process of this value.
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LayerLength[frm][lay] Length of the large-step layer in bytes which is located on the payload of Iayth layer
ES and concatenated to frm™ sub-frame’s bitstream. See sub-clause 8.3.3.1.2 for
the calculation process of this value.

LayerOffset[frm][lay] Start position of the large-step layer of frm™ frame in bytes which is located on the
payload of Iayth layer ES. See sub-clause 8.3.3.1.2 for the calculation process of
this value.

frm index of frame in which bsac stream bytes are saved.

lay index of the large-step layer over which the fine granule audio data is transmitted.

mumOfSubFrame Number of the sub-frames which are grouped and transmitted in a supet-frame in

order to reduce the transmission overhead.
layer_length Average length of the large-step layers in bytes which are assempled in a payload.

numOfLayer number of the large-step layers which the fine grain audio data is divided into.

.3.3.1.2 Decoding process

n the sync layer (SL) of MPEG-4 system, an elementary stream is packetized into access units or parts thereof.
uch a packet is called SL packet. Access Unit(AU)s are the only semantic entities at the sync layer (SL) of MPEG-
system that need to be preserved from end to end. AUs are used as the basic unit for synchronization which are
ade up of one or more SL packets.

The dynamic data for the BSAC is transmitted as SL_Packet payload'in the base layer Elementary Stream(ES) and
the enhancement layer ESs. The dynamic data is made up of the)large-step layers of one or more subsequent sub-
frames.

(Vhen the SL packets of an AU arrives in the receiver, a sequence of packet is mapped into a payload which is split
hto the large step layers, bsac_Istep_layer(frm, lay)for'the subsequent sub-frames. And the split layers should be
¢oncatenated with the large-step layers which are_transmitted over the other ES.

In the receiver, BSAC data is reconstructed from the payloads as shown in Figure 7.
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Payload
(bsac_payload

~

Payload of 0" ES Payload of 1 ES| ... Payload of M ES

Spilting

|

Set of
Large Layers

LLoo | LL1LO LLN_O LLo frea | .. Jeen| ... [LLomLam| Lo (LN

A\
De-interleaving

A 4 A 4

v
BSACdata | LLOO (LLO | ... [LLO M LL1 O (LL1 | ... |LL1 M )OLLN_O LLN | ... [LLN_
(bsac_raw d

ata_block() ) 0" Sub-Frame 1% Sub-Frame N" Sub-Frame

where, LLi_k isthek-th large-step layer of thei-th sub-frame
(M+1) isthe number of the large-step layer to be tranamitted (numOfLayer)
(N+1) isthe number of the sub-frame to be grouped in an AU (numOfSubFrame)

Figure 7: Reconstruction of BSAC data

The large-step layers are split from a payload of K" layer ES that is organized as shown in Figure 8.

Payload
LLQ-_B\\V LL1 k LLN k
Lay(;rLerA\gth[O][k] LayerLength[1][K] LayerLength[N][k]
« >« > 44—
LayerOffset[0][k] LayerOffset[1][k] LayerOffset[2][k] LayerOffset[N][k] LayerOffset[N+1][K]

Figure 8: Structure of the payload

The-split large-step layers are deinterleaved and concatenated to map the entire fine grain BSAC data. And then
décode the concatenated bitstreams using the syntax (bsac_raw_data_block()) for fine grain scalability to make th
reconstructed signal.

\17

Some help variables and arrays are needed to describe the re-arranging process of the payload transmitted over
ES. These help variables depend on layer, numOfLayer, numOfSubFrame, layer_length and frame_length and

must be built up for mapping bsac_raw_data_block() of each sub-frame from the payloads. The pseudo code
shown below describes

how to calculate LayerLength[i][kA, the length of the large-step layer which is located on the fine granule audio
data, bsac_raw_data_block() of i sub-frame.
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how to caluculate LayerOffset[il[k] which indicates the start position of the large-step layer of i™ frame which is
located on the payload of the k" ES ( bsac_payload() )

how to calculate LayerStartByte[i][k] which indicates the start position of the large-step layer which is located
on the fine granule audio data, bsac_raw_data_block() of i™ sub-frame

for (k = 0; k < nunOf Layer; k ++) {
Layer StartByte[ O] [k] = O;
for (i = 0; i < nunOf SubFrane; i++) {
if (k == (nunCfLayer-1) ) {
Layer EndByte[i][k] = frame_length[i];
} else {
Layer EndByte[i][ k] =Layer StartByte[i][k] + layer_Ilength[K];
[i] < LayerEndByte[i][k])
Layer EndByte [i][k] = frane_length[i];

[
if (franme_length

}

LayerStartByte[i +1][k] = LayerEndByte[i][K];

LayerLength[i][k] = LayerEndByte[i][k] - LayerStartByte[i][K];
}

}
for (k = 0; k < nunOf Layer; k ++) {
LayerOffset[0][k] = O;
for (i = 0; i < nunXSubFrane; i++) {
LayerOffset[i+1][k] = LayerOfset[i][k] + LayerLengt'tf¥][K];
}

\here, frame_length[i] is the length of i" frame’s bitstreah which is obtained from the syntax element
rame_length and layer_length[i] is the average length of thedarge-step layers in the payload of i layer ES and is
btained from Audio DecoderSpecificinfo.

$.3.3.2 Decoding of a bsac_raw_data_block()

8.3.3.2.1 Definitions

Bitstream elements:

bsac_raw_data block() blockof raw data that contains coded audio data, related information and other
data. A bsac_raw_data_block() basically consists of bsac_base element() and

several bsac_layer_element().

bsac_base_element() Syntactic element of the base layer bitstream containing coded audio data, related
information and other data.

rame_length the length of the frame including headers in bytes.

sac_header() contains general information used for BSAC.

eaderslength the length of the headers including frame_length, bsac_header() and
general_header() in bytes. The actual length is (header_length+7) bytes. However
if header_length is 0, it represents that the actual length is smaller than or equal to

than or equal to (15+7Tbytes and should be calculated through the decoding of the
headers .

sba_mode indicates that the segmented binary arithmetic coding (SBA) scheme is used if this
element is 1. Otherwise the general binary arithmetic coding scheme is used.

top_layer top scalability layer index
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base snf thr

base band

max_scalefactor[ch]

ISO/IEC 14496-3:1999/Amd.1:2000(E)

significance threshold used for coding the bit-sliced data of the base layer.
indicates the maximum spectral line of the base layer. If the window_sequence is
SHORT_WINDOW, 4*base_band is the maximum spectral line. Otherwise,
32*base_band is the maximum spectral line.

the maximum value of the scalefactors

cband_si_type[ch]

base_scf_model[ch]

enh_scf_model[ch]

max_sfb_si_len[ch]

general_header()
reserved_bit
window_sequence

window_shape

max_sfb
scale_factor_grouping

pns_data_present

pns_start_sfb

ms_mask_present

layerseband_si()

the type of the coding band side-information(si). Using this element, the largest
value of cband_si's and the arithmetic model for decoding cband_si can bessetas
shown in Table 94.

the arithmetic model for decoding the scalefactors in the base layer.

the arithmetic model used for decoding the scalefactors in the ether enhancement
layers.

maximum length which can be used per channel for cading the scalefactor-band
side information including scalefactor and stereo-related information within a
scalefactor band. This value has a offset(5). The actual maximum length is
(max_sfb_si_len+5). This value is used for deternining the bitstream size of each
layer.

contains header data for the General Audio Coding
bit reserved for future use
indicates the sequence of windows. See ISO/IEC 14496-3 General Audio Coding.

A 1 bit field that determineswhat window is used for the trailing part of this analysis
window

number of scalefactor bands transmitted per group
A bit field that'contains information about grouping of short spectral data

the flagiindicating whether the perceptual noise substitution(pns) will be used (1) of
not (0):

the scalefactor band from which the pcns tool is started.

this two bit field (see ) indicates that the stereo mask is

00 Independent

01 1 bit mask of ms_used is located in the layer sfb side information part
(layer_sfb_si()).

10 All ms_used are ones

11 2 bit mask of stereo_info is located in the layer sfb side information part
layer_sfb_si()).

contains the coding band side information necessary for Arithmetic
encoding/decoding of the bit-sliced data within a coding band.

] £l HYAY
Tayer—Sto—SH()

bsac_layer spectra()

CUI Itclil 1S5 t: 1T oidc il IfUI LI} IClt;UII Uf [} :-\.Cl:cfabtw II.JCI.I IL: DUb:I asS t: I DtCICU', t: IT MIoS
and the scalefactor information.bsac_layer_element() Syntactic element of the
enhancement layer bitstream containing coded audio data for a time period of
1024(960) samples, related information and other data.

contains the arithmetic coded audio data of the quantized spectral coefficients

which are newly added to each layer. See subclause 8.3.3.2.5 for the new
spectral coefficients.
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bsac_lower_spectra()

bsac_higher_spectra()

bsac spectral data()

OISO/IEC

contains the arithmetic coded audio data of the quantized spectral coeffients which
are lower than the spectra added to each layer.

contains the arithmetic coded audio data of the quantized spectral coeffients which
are higher than the spectra added to each layer.

contains the arithmetic coded audio data of the quantized spectral coeffients.

iHelp elements:
Iata_available()
ch

s$calefactor window band

scalefactor band

vin
sfb
swb

mum_window_groups

vindow_group_length([g]

bit_set(bit_field,bit_num)

Ium_windows

um_swb_long_window

mum_swb_short_window

function that returns “1” as long as bitstream is available, otherwise “0”
a bitstream element that identifies the number of the channel.

term for scalefactor bands within a window. See ISO/IEC 14496-3'General Audio
Coding.

term for scalefactor band within a group. In case of EIGHT ,SHORT_SEQUENCE

and grouping a scalefactor band may contain several scalefactor window bands of
corresponding frequency. For all other window_sequences scalefactor bands and

scalefactor window bands are identical.

group index

window index within group

scalefactor band index within group

scalefactor window band index within window

number of groups of windows which share one set of scalefactors. See subclause
8.3.3.24

number of windows in each group. See subclause 8.3.3.2.4

function that returns the value of bit number bit_num of a bit_field (most right bit is
bit 0)

number of windows of the actual window sequence. See subclause 8.3.3.2.4

number of scalefactor bands for long windows. This number has to be selected
depending on the sampling frequency. See ISO/IEC 14496-3 General Audio
Coding.

number of scalefactor window bands for short windows. This number has to be
selected depending on the sampling frequency. See ISO/IEC 14496-3 General
Audio Coding.

mum_swh number of scalefactor window bands for shortwindows in case of
EIGHT_SHORT_SEQUENCE, number of scalefactor window bands for long
windows otherwise. See subclause 8.3.3.2.4
affcat lana vawnndoaalonadh] tahln ~cantainins thn tnAAy ~f tha lowvanct cnnactral aanffininnt ~f cnnlnfantar hanA ofly

ey
T O SCT IO g Wi TGOV SYv o]

table-containingtheindex-etHthelowestspeetral-coefficientof- scalefactor-band-sfb
for long windows. This table has to be selected depending on the sampling
frequency. See ISO/IEC 14496-3 General Audio Coding.

swb_offset_short_window[swb] table containing the index of the lowest spectral coefficient of scalefactor band sfb
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swhb_offset[g][swb]

layer_group[layer]
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table containing the index of the lowest spectral coefficient of scalefactor band sfb
for short windows in case of EIGHT_SHORT_SEQUENCE, otherwise for long
windows. See subclause 8.3.3.2.4

indicates the group index of the spectral data to be added newly in the scalability
layer

layer_start_sfb[layer]

layer_end_sfb[layer]

layer_start _cband[layer]
layer_end_cband[layer]

layer_start_index[layer]

layer_end_index[layer]

start_index[g]
end_index[g]

layer_data_available()

terminal_layer[layer]

8.3.3.2.2

indicates the index of the lowest scalefactor band index to be added newly in the
scalability layer

indicates the highest scalefactor band index to be added newly in the scalability
layer

indicates the lowest coding band index to be added newly in the scalability layer
indicates the highest coding band index to be added newly ifnthe scalability layer

indicates the index of the lowest spectral component to be’added newly in the
scalability layer

indicates the index of the highest spectral compenent to be added newly in the
scalability layer

indicates the index of the lowest spectrahcomponent to be coded in the group g
indicates the index of the highest spectral component to be coded in the group g

function that returns “1” as long as each layer’s bitstream is available, otherwise
“0". In other words, this fupgtien indicates whether the remaing bitstream of each
layer is available or not.

indicates whether adayer is the terminal layer of a segment which is made up of
one or more scalability layers. If the segmented binary arithmetic coding is not
activated, all these values are always set to 0 except that of the top layer.
Otherwise, these values are defined as described in subclause 8.3.4.5.3.

Decoding process

8.3.3.2.2.1 zero-stuffing

In order to do the arithmetic-decoding perfectly, 32-bit zero value should be concatenated to the bitstream. In cas
of the SBA mode, the bitstream of a frame is split into the several segments. So, zero value should b
concatenated to all segments. For the detailed description, see subclause 8.3.4.5.3. However, in case of the non
SBA mode, one zero-stuffing is good enough since the bitstream of a frame is not split.

T DD

8.3.3.2.2.2 bsac_raw_data_block

A total{BSAC stream, bsac_raw_data block has the layered structure. First, bsac_base_element is parsed an
decoded which is the bitstream for base scalability layer. Then, bsac layer element for the next enhancemen
layer is parsed and decoded. bsac _layer_element decoding routine is repeated while the decoded bitstream data i
available and layer is smaller than or equal to the top layer, top_layer.

U =

8.3.3.2.2.3 bsac_base_element
A bsac_base_element is made up of frame_length, bsac_header, general_header and bsac_layer_element().
First, frame_length is parsed from syntax. It represents the length of the frame including headers in bytes.

The syntax elements for the base layer are parsed which are composed of a bsac_header(), a general_header(), a
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layer_cband_si(), layer_sfb_si() and bsac_layer_element. bsac_base_element has several bsac_layer_element
because the base layer is split into the several sub-layers for the error resilience of the base layer. The number of
the sub-layers, slayer size is calculated using the group index and the coding band as shown in subclause
8.3.3.2.5.

8.3.3.2.2.4 Recovering a bsac_header

SAC provides a 1-kits/sec/ch fine grain scalability which has the layered structure, one base layer and several
nhancement layers. Base layer contains the general side information for all the layers, the specific_side
information for the base layer and the audio data. The general side information is transmitted in the syntax of
sac_header() and general_header().

Esac_header consists of top_layer, header_length, sha_mode, base_band, max_scalefactor, chand_si_type,
ase_scf _model and enh_scf_model. All the bitstream elements are included in the form of the unsigned integer.

fFirst, 4 bit header_length is parsed which represents the length of the headers including frame_length,
bsac_header and general _header in bytes. The length of the headers is (header ‘length+7)*8. Next, 1bit
$ba_mode is parsed which resprents whether the segmented binary arithmetic coding(SBA) is used or the binary
arithmetic coding is used.

INext, 6 bit top_layer is parsed which represents the top scalability layer/index to be encoded. Next, 2 bit
base snf thr is parsed which represents the significance threshold used forledding the bit-sliced data of the base
lpyer.

INext, 8 bit max_scalefactor is parsed which represents the maximum.value of the scalefactors. If the number of
the channel is not 1, this value is parsed one more.

INext, 5-bit base_band is parsed which represents minimum-spectral line which is coded in the base layer. If the
vindow sequence is SHORT_WINDOW, 4*base_band. indicates the minimum spectral line. Otherwise
3$2*base_band indicates the minimum spectral line.

And, 5 bit cband_si_type is parsed which represents the arithmetic model of cband_si and the largest cband_si
vhich can be decoded as shown in Table 94.53 bit base_scf _model and enh_scf_model are parsed which
:Iepresent the arithmetic model table for the \s€alefactors of the base layer and the other enhancement layers,

espectively. Next, 4 bit max_sfb_si_len is _pared which represents the maximum length of the scalefactor band
side information to be able to used in each\ayer. The maximum length is (max_sfb_si_len+5).

8.3.3.2.2.5 Recovering a general _header

The order for decoding the syntax of a bsac_header is:
get reserved_bit

get window_seguience

get window,_shape

get'max_sfb

get scale_factor_grouping if the window_sequence is EIGHT _SHORT_SEQUENCE

get pns_present
get pns_start_sfb if present
get ms_mask_present flag if the number of the channel is 2

get tns_data_present
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get TNS data if present
get Itp_data_present

get Itp data if present

H-the-rumber-efthe-channeHs-notlthe-deceding-of-anetherchanneHs-done-asfollews:
get tns_data_present
get TNS data if present
get Itp_data_present
get Itp data if present
The process of recovering tns_data and Itp_data is described in ISO/IEC 14496-3 GeneralAudio Coding.
8.3.3.2.2.6 bsac_layer_element
A bsac_layer_element is an enhancement layer bitstream and composed/of layer _cband_si(), layer_sfb_si(

bsac_layer spectra(), bsac_lower_spectra() and bsac_higher_spectra().\Decoding process of bsac_layer_elemen
is as follows:

—

Decode layer_cband_si
Decode layer_sfb_si
Decode bsac_layer_spectra
Decode bsac_lower_spectra

Decode bsac_higher_spectra

8.3.3.2.2.7 Decoding of coding band side information (layer_cband_si)

The spectral coefficients are divided into coding bands which contain 32 quantized spectral coefficients for th
noiseless coding. Coding bands(abbreviation ‘cband’) are the basic units used for the noiseless coding.

\17

=

cband_si represents the MSB plane and the probability table of the sliced bits within a coding band as shown i
Table 96. Using this cband_si, the bit-sliced data of each coding band are arithmetic-coded.

cband_si is arithmetic_coded with the model which is given in the syntax element chand_si_type as shown in
Table 94.

An overview of how to decode cband_si will be given in subclause 8.3.4.4.

8,3.3:2.2.8 Decoding of the scalefactor band side information (layer_sfb_si)

n Fr-vavn aof-howrta-decadelavar cflh cianll bha ansan bhavra lavary oflh o 1o maada
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Decoding of stereo_info, ms_used or noise_flag.

Decoding of scalefactors
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8.3.3.2.2.9 Decoding of stereo_info, noise_flag or ms_used

Decoding process of stereo_info, noise_flag or ms_used is depended on pns_data_present, number of channel,
ms_mask_present.

If pns data is not present, decoding process is as follows:

If ms_mask_present is 0, arithmetic decoding of stereo_info or ms_used is not needed.

If ms_mask_present is 2, all ms_used values are ones in this case. So, M/S stereo processing of AAC is dong at
all scalefactor band.

If ms_mask_present is 1, 1 bit mask of max_sfb bands of ms_used is conveyed in this case. So,"\ms_used is
arithmetic decoded. M/S stereo processing of AAC is done according to the decoded ms_used.

If ms_mask_present is 3, stereo_info is arithmetic decoded. stereo_info is two-bit flag 'per scalefactor band
indicating the M/S coding or Intensity coding mode. If stereo_info is not 0, M/S stereo ofintensity stereo of AAC
is done with these decoded data.

If pns data is present and the number of channel is 1, decoding process is as follows:

If the number of channel is 1 and pns data is present, noise flag of the scalgfactor bands between pns_start_sfb
to max_sfb is arithmetic decoded. Perceptual noise substitution is done-aceording to the decoded noise flag.

If pns data is present and the number of channel is 2, decoding process.is as follows:

If ms_mask_present is 0, noise flag for pns is arithmetic decoded. Perceptual noise substitution of independent
mode is done according to the decoded noise flag.

If ms_mask_present is 2, all ms_used values are ones:in this case. So, M/S stereo processing of AAC is done at
all scalefactor band. However, there is no pns processing regardless of pns_data_present flag

If ms_mask_present is 1, 1 bit mask of max .sfb bands of ms_used is conveyed in this case. So, ms_used is
arithmetic decoded. M/S stereo processing . 0fAAC is done according to the decoded ms_used. However, there
is no pns processing regardless of pns_data’ present flag

If ms_mask_present is 3, stereo_infe is arithmetic decoded. If stereo_info is 1 or 2, M/S stereo or intensity stereo
processing of AAC is done with“these decoded data and there is no pns processing. If stereo_info is 3 and
scalefactor band is smaller than pns_start_sfb, out_of phase intensity stereo processing is done. If stereo_info is
3 and scalefactor band is larger than or equal to pns_start_sfb, noise flag for pns is arithmetic decoded. And then
if the both noise flags of two ‘channel are 1, noise substitution mode is arithmetic decoded. The perceptual noise
is substituted or out_of \phase intensity stereo processing is done according to the substitution mode. Otherwise,
the perceptual noiselis)substituted only if noise flag is 1.

The detailed deseription of how to decode this side information will be given in subclause 8.3.4.2.

8.3.3.2.2.10 Decoding of scalefactors

The _spectral coefficients are divided into scalefactor bands that contain a multiple of 4 quantized spectral
¢oefficients. Each scalefactor band has a scalefactor. For all scalefactors the difference to the maximum
scalefactor value mm(_qralpfam‘nr is arithmetic-coded ||<:ing the arithmetic maodel gi\/pn in Table 95 The

arithmetic model necessary for coding the differential scalefactors in the base layer is given as a 3-bit unsigned
integer in the bitstream element, base_scf_model. The arithmetic model necessary for coding the differential
scalefactors in the other enhancement layers is given as a 3-bit unsigned integer in the bitstream element,
enh_scf _model. The maximum scalefactor value is given explicitly as a 8 bit PCM in the bitstream element
max_scalefactor.

The detailed description of how to decode this side information will be given in subclause 8.3.4.3.
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8.3.3.2.2.11 Bit-Sliced spectral data

In BSAC encoder, the absolute values of quantized spectral coefficients is mapped into a bit-sliced sequence.
These slicded bits are the symbols of the arithmetic coding. Every siliced bits are binary arithmetic coded with the
proper probability (arithmetic model) from the lowest-frequency coefficient to the highest-frequency coefficient of
the scalability layer, starting the Most Significant Bit(tMSB) plane and progressing to the Least Significant Bit(LSB)
plane, The arithmetic coding of the sign bits associated with non-zero coefficient follows that of the sliced bit whe

the sliced bit is 1 for the first time.

The probability value should be defined in order to arithmetic-code the symbols (the sliced bits). Binary probabilit)
table is made up of probability values of the symbol “0”. First of all, probability table is selected using cband_si a
shown Table 96. The probability value is selected among the several values in the selected table according to th
context such as the remaining available bit size and the sliced bits of successive non-overlapping 4 spectral data.

o=

For the case of multiple windows per block, the concatenated and possibly grouped and interleaved set of spectrg
coefficients is treated as a single set of coefficients that progress from low to high as)described in subclaus
8.3.3.2.6. This set of spectral coefficients needs to be de-interleaved after they are decoded. The set of bit-slice
sequence is divided into coding bands. The probability table index used for encoding the bit-sliced data within eac
coding band is included in the bitsteam element cband_si and transmitted starting from the lowest frequenc
coding band and progressing to the highest frequency coding band. The spectral information for all scalefacto
bands equal to or greater than max_sfb is set to zero.

— = D=

=

8.3.3.2.2.12 Decoding the sliced bits of the spectral data

The spectral bandwidth is increased in proportion to the scalabilityNayer. So, the new spectral data is added t
each layer. First of all, these new spectral data are coded in each(layer (bsac_layer_spectra()). The coding proces
is continued until the data of each layer is not available or.all’ the sliced bits of the new spectra are coded. Th
length of the available bitstream (available_len[]) is initialized at the beginning of each layer as described i
subclause 8.3.3.2.5. The estimated length of the codeword (est_cw_len) to be decoded is calculated from th
arithmetic decoding process as described in subclause)»8.3.3.2.7. After the arithmetic decoding of a symbol, th
length of the available bitstream should be updated by subtracting the estimated codeword length from it. We ca
detect whether the remaing bitstream of each layer.is available or not by checking the array available_len[].

— o PO~ 0r—C

—

From the lowest layer to the top layer, theZhew spectra are arithmetic-coded layer-by-layer in the above firg
process (bsac_layer_spectra()). Some sliced bits cannot be coded for lack of the codeword allocated to the layel.
After the first coding process is finishéd; the current significances (cur_snf) are saved for the secondary coding
processes (bsac_lower_spectra() .and~bsac_higher_spectra()). The sliced bits which remain uncoded is coded
using the saved significances(unc _;snf) in the secondary coding process.

If there remains the available\eodewords after the first coding, the next symbol to be decoded with these redundant
codewords depends on whéther the segmented binary arithmetic coding(SBA) mode is active.

\17

In case of the non-SBA mode, the uncoded symbols of the lower spectra in the layers than the current layer ar
coded in the secondary coding process (bsac_lower_spectra()).

In case of the/SBA mode for the error resilience, the next symbol is dependant upon whether the layer is th
terminal_layer of a segment or not. If the layer is not a terminal of the segment, the spectral data of the next laye
(bsac «Jayer_spectra(layer+1)) should be decoded. That is to say, the redundant length of the layer is added to th
available bitstream length (available_len[layer+1]) of the next layer in the first coding process.

P—=D

ifthe layer is a terminal of the segment, the uncoded symbols of the lower spectra in the layers than the current

layer are coded in the secondary coding process (bsac_lower_spectra()). The uncoded symbol of the spectra in the
layers higher than the current layer are coded in the secondary coding process (bsac_higher_spectra()) if the
codeword of the layer is available in spite of having coded the lower spectra. And the remaining symbols are
continuously coded in the layers whose codeword is available, starting from the lowest layer and progressing to the
top layer.
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If there are the redundant bits after the secondary coding, the size of the redundant bits is added to the available
bitstream length(available_len[layer+1]) of the next layer and the redundant bits are used in the first coding of the
next layer.

8.3.3.2.2.13 Reconstruction of the decoded sample from bit-sliced data

alues of quantized spectral coeffiecients, as specified in the following pseudo C code:

snf = the significance of the synbol (the sliced bit) to be decoded,;
sliced_bit[ch]l[g][i][snf] = the decoded synbol (the sliced bits of the quantized spectrunj;
sanmple[ch][g][i] = buffer for quantized spectral coeffients to be recontructed;

scaled_bit = sliced_bit[{ch][g][i][snf] << (snf-1);

if (sanple[ch][g][i] < 0)
sanmpl e[ch][g][i] -= scaled_bit;
el se

sanmpl e[ch][g][i] += scaled_bit;
And if the sign bit of the decoded sample is 1, the decoded sample sample[ch][g][i] has the negative value as
follows :

if (sanple[ch][g][i] '= 0) {
if (sign_bit[ch][g][i] == 1) sanple[ch][g][i] = -sanmple[ch][g][i];
}

.3.3.2.3 Windows and window sequences for BSAC

uantization and coding is done in the frequency domain: For this purpose, the time signal is mapped into the
equency domain in the encoder. Depending on the sighal; the coder may change the time/frequency resolution by
sing two different windows: LONG_WINDOW and SHORT_WINDOW. To switch between windows, the transition
indows LONG_START_WINDOW and LONG_STOP_WINDOW are used. Refer to ISO/IEC 14496-3 General
udio Coding for more detailed information about the transform and the windows since BSAC has the same
ansform and windows with AAC.

.3.3.2.4 Scalefactor bands, grouping and coding bands for BSAC

any tools of the AAC/BSAC decoder perform operations on groups of consecutive spectral values called
calefactor bands (abbreviation."sfb”). The width of the scalefactor bands is built in imitation of the critical bands of
e human auditory system. =@r*that reason the number of scalefactor bands in a spectrum and their width depend
n the transform length and-the sampling frequency. Refer to ISO/IEC 14496-3 General Audio Coding for more
etailed information abeut.the scalefactor bands and grouping because BSAC has the same process with AAC.

SAC decoding (tool” performs operations on groups of consecutive spectral values called coding bands
abbreviation “cband”). To increase the efficiency of the noiseless coding, the width of the coding bands is fixed as
2 irrespective~of the transform length and the sampling frequency. In case of sequences which contain
ONG_WINDOW, 32 spectral data are simply grouped into a coding band. Since the spectral data within a group
re interleaved in an ascending spectral order in case of SHORT_WINDOW, the interleaved spectral data are
rouped-into a coding band. Each spectral index within a group is mapped into a coding band with a mapping
nction, cband = spectral_index/32.

Since scalefactor bands and coding bands are a basic element of the BSAC coding algorithm, some help variables
and arrays are needed to describe the decoding process in all tools using scalefactor bands and coding bands.
These help variables must be defined for BSAC decoding. These help variables depend on sampling_frequency,
window_sequence, scalefactor_grouping and max_sfb and must be built up for each bsac raw_data_block.
The pseudo code shown below describes

how to determine the number of windows in a window_sequence num_windows
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how to determine the number of window_groups num_window_groups
how to determine the number of windows in each group window_group_length[g]

how to determine the total number of scalefactor window bands num_swb for the actual window type

tormina o h_aoffcatlallcvaih] tha offont Af tha fivct ~onffin cealafactar nda hand civhh Af th

w

hao todao oa nt ZoY 1A
ROW—tO—aeterfihie—Swo —OTTSCTYTSvWio i oot T O triC—hT St €oeHHeieAttH—Seareacter—WhRaOWwBahRe—SWo—o+th

window actually used

—

A long transform window is always described as a window_group containing a single window. Since the number @
scalefactor bands and their width depend on the sampling frequency, the affected variables are indexed wit
sampling_frequency_index to select the appropriate table.

=

fs_index = sanpling_frequency_i ndex;
swi tch( wi ndow_sequence ) {
case ONLY_LONG_SEQUENCE:
case LONG_START_SEQUENCE:
case LONG_STOP_SEQUENCE:
numw ndows = 1;
num w ndow_groups = 1;
wi ndow_gr oup_| engt h[ num wi ndow_gr oups-1] = 1,
num swb = num swb_| ong_w ndow fs_i ndex] ;
for( sfb=0; sfb< max_sfb+l; sfb++ ) {
swb_offset[0][sfb] = swb_offset_ | ong_wi ndow fs\inidex][sfb];
}

br eak;
case El GHT_SHORT_SEQUENCE:
num w ndows = 8;
num w ndow_groups = 1;
wi ndow_gr oup_| engt h[ num wi ndow_gr oups-1] &'%;
num swb = num swb_short_w ndow fs_i ndex]y
for( i=0; i< numw ndows-1; i++) {
if( bit_set(scale_factor_grouping,6:1)) == 0 ) {
num w ndow_groups += 1,
wi ndow_gr oup_| engt h[ num wi ndow_gr oups-1] = 1;

}
el se {

wi ndow_gr oup_| engt h[ Aum Wi ndow_gr oups-1] += 1;
}

}

for(g = 0; g < numwi.Addow groups; g++)
swb_of fset[g] (0] - = O;

for(sfb = 0; ,sfb < max_sfb; sfb++) {
for(g =.0>Q < numw ndow_groups; g++) {
swblof fset[g][sfb] = swb_of fset _short_w ndow| fs_i ndex] [ sfb];
swhb)offset[g][sfb] = swb_offset[g][sfb] * wi ndow group_l ength[g];
}
}
br.eak;

defaul't:
br eak;

8.3.3.2.5 BSAC fine grain scalability layer

BSAC provides a 1-kits/sec/ch fine grain scalability which has the layered bitstream, one BSAC base layer and
various enhancement layers. BSAC base layer is made up of the general side information for all the fine grain
layers, the specific side information for only the base layer and the audio data. BSAC enhancement layers contain
the layer side information and the audio data.
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BSAC scalable coding scheme has the scalable band-limit according to the fine grain layer. First of all, the base
band-limit is set. The base band-limit depends on the signal to be encoded and is in the syntax element,
base band. The actually limited spectral line is 4*base band if the window sequence is SHORT_WINDOW.
Otherwise, the limited spectral line is 32*base_band. In order to provide the fine grain scalability, BSAC extends the
band-limit according to the fine grain layer. The band limit of each layer depends on the base band-limit, the
transform lengths 1024(960) and 128(120) and the sampling frequencies. The spectral band is extended more and
more as the number of the enhancement layer is increased. So, the new spectral components are added to each
layer.

ome help variables and arrays are needed to describe the bit-sliced decoding process of the side information and
pectral data in each BSAC fine grain layer. These help variables depend on sampling_frequency, layét, -hch,
rame_length, top_layer, window_sequence and max_sfb and must be built up for each bsac_layer element.
The pseudo code shown below describes

how to determine slayer_size, the number of the sub-layers which the base layer is split into.

gl ayer _size = 0;
flor ( g = 0; g < numw ndow_groups; g++) {
i f (wi ndow_sequence == El GHT_SHORT_SEQUENCE) {
end_i ndex[ g] = base_band * 4 * w ndow_group_Il ength[g];
if (fs==44100 || fs==48000) {
i f (end_index[g] ¥82>=16)
end_i ndex[g] = (int)(end_index[g]/32)*32 + 20
else if ( end_index[g] %2 >= 4)
end_index[g] = (int)(end_index[g]/32)*32 + 8§;

}
else if (fs==22050 || fs==24000 || fs==32000) end‘index[g] = (int)(end_index[g]/16)*16
else if (fs==11025 || fs==12000 || fs==16000) end.index[g] = (int)(end_index[g]/32)*32
el se end_index[g] = (int)(end_index[g]/64)*64;
end_cband[g] = (end_index[g] + 31) / 32

}

el se
end_cband[ g] = base_band;

sl ayer _size += end_cband[ g];

3
how to determine layer_group[], the (@roup index of the spectral components to be added newly in the
scalability layer
lfayer = 0
flor ( g = 0; g < numw ndow’ groups; g++)
for ( w=0; w< windoew:group_|length[g]; wt+)
| ayer _group[l ayer++] = g;
flor (layer = slayer_size+8; layer < (top_l ayer+sl ayer_size); |ayer++)
| ayer _group[l ayer] = layer_group[layer-38];
how to determine layer_end_index[], the end offset of the spectral components to be added newly in each
scalability.layer
howo determine layer_end_cband[], the end coding band to be added newly in each scalability layer
how to determine layer_start_index][], the start offset of the spectral components to be added newly in each
scalability layer
how to determine layer_start _cband[], the start coding band to be added newly in each scalability layer
| ayer = 0;
for ( g =0; g < numw ndow_groups; g++) {

for (cband = 0; cband < end_cband[g]; cband++) {
| ayer _start_cband[| ayer] = cband;
end_cband[g] = layer_end_cband[| ayer] = cband+1
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| ayer _start _index[layer] = cband * 32;
end_i ndex[g] = |ayer_end_i ndex[| ayer++] = (cband+l) * 32;

if (w ndow _sequence == El GHT_SHORT_SEQUENCE)

| ast _i ndex[g] = swb_offset_short_w ndow nax_sfb] * w ndow _group_| ength[g];
el se

| ast _i ndex[g] = swb_offset_| ong_w ndow max_sfb];
1

for (layer = slayer_size; layer < (top_layer+slayer_size); l|layer++) {
g = layer_group[l| ayer];
| ayer _start_index[|layer] = end_index[qd];
if (fs==44100 || fs==48000) {
if (end_i ndex[g] ¥82==0)
end_i ndex[g] += 8;
el se
end_i ndex[ g] += 12;

}

else if (fs==22050 || fs==24000 || fs==32000)
end_i ndex[g] += 16

else if (fs==11025 || fs==12000 || fs==16000)
end_i ndex[g] += 32

el se
end_i ndex[g] += 64;

if ( end_index[g] > last_index[g] )
end_i ndex[g] = last_index[g];

| ayer _end_i ndex[ | ayer] = end_i ndex[qd];

| ayer _start_cband[g] = end_cband[g];

end_cband[ g] = |l ayer_end_cband[l ayer] = (end_i ndex[qg] *+ 31) / 32;

where, fs is the sampling frequency.

how to determine layer_end_sfbl[], the end scaléfactor band to be added newly in each scalability layer

how to determine layer_start_sfb[], the start'scalefactor band to be added newly in each scalability layer

for (g = 0; g < numw ndow_gr oupsi~ g++)
end_sf b[ g] 0;
for (layer = 0; layer < (top.layer+slayer_size); layer++) {
g = layer_group[l ayer]s
| ayer _start_sfb[layerf = end_sfb[g];
| ayer _end_sfb[ | ayer] = max_sfb;
for (sfb = 0; sfb*< nmax_sfb; sfb++) {
if ( layer—end_i ndex[layer] <= swb_offset_short_w ndow sfb] *
wi ndow_gr oup_I ength[*d] ) {
layer _end_sfb[layer] = sfb + 1;
br eak;

}
}
end_sfb[g] = layer_end_sfb[layer];

how to determine available_len[i], the available maximum size of the bitstream of the i-th layer. If the arithmeti¢

coding—was—inittatized—at—the—egmming—ofthe—tayer—t—should—subtracted—from avaiia'uihc_icn[i] since—the
additional 1 bit is required at the arithmetic coding termination. The maximum length of the 0" coding band side
information(max_cbandO_si_len) is defined as 11.

for (layer = 0; layer <(top_layer+slayer_size); layer++) {
| ayer _si_maxl en[l ayer] = 0;
for (cband = layer_start_cband[l| ayer]; cband < | ayer_end_cband[ | ayer]; cband++) {
for (ch=0; ch <nch; ch++) {
if (cband == 0)
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| ayer _si_maxl en[l ayer] += max_cbandO_si _| en;
el se
| ayer _si _maxl en[layer] += nax_cband_si_| en[cband_si_type[ch]];
}
}
for (sfb = layer_start_sfb[layer]; sfb < layer_end_sfb[layer]; sfb++)
for (ch = 0; ch < nch; ch++)
layer si maxlen[layer] += nax sfb si len[ch] + 5;

flor (layer = slayer_size; layer <= (top_layer + slayer_size); layer++) {
lfayer _bitrate = nch * ( (layer-slayer_size) * 1000 + 16000);
| ayer _bit_offset[layer] = layer_bitrate * BLOCK S|l ZE SAMPLES | N_FRAME;
| ayer_bit_offset[layer] = (int)(layer_bit_offset[layer] / SAWPLI NG FREQUENCY / 8 )~*'8;
if (layer_bit_offset[layer] > franme_| engt h*8)
| ayer _bit_offset[layer] = frame_| ength*8;

flor (layer = (top_layer + slayer_size -1); |layer >= slayer_size; layer--) ~{
bit_offset = layer_bit_offset[layer+1] — |ayer_si_maxl en[l ayer]
if ( bit_offset < layer_bit_offset[layer] )

| ayer _bit_offset[layer] = bit_offset

flor (layer = slayer_size — 1; slayer_size >= 0; slayer--)
| ayer _bit_offset[layer] = layer_bit_offset[layer+1l] — |ayer s _maxlen[layer];

overflow size = (header_length + 7) * 8 — layer_bit_offset[0];
lflayer _bit_offset[0] = (header_length + 7) * 8§;
iif (overflow size > 0) {
for ( layer = (top_l ayer+slayer_size-1); |ayer{>=/sl ayer_size; layer--) {
| ayer _bit_size = layer_bit_offset[layer+1j\—"1ayer_bit_offset[| ayer];
| ayer _bit_size -= layer_si_maxl en[| ayer };
if (layer_bit_size >= overflow size) {
| ayer _bit_size = overfl ow size;
overfl ow size = 0;
}
el se
overflow size = overflow size — layer_bit_size;
for (mel; nx=l ayer; mt+)
| ayer _bit_offset[n] +3Fayer_bit_size;
if (overflow size<=0)

br eak;
}
b
¢l se {
under fl ow_si ze =.-overfl ow_si ze;
for (mel; m < _shayer_size; m+)
| ayer _bitsoffset[n] = layer_bit_offset[m1] + |layer_si_maxlen[m1];
| ayer _hitZoffset[n] += underflow size / slayer_size;
if (Layer <= (underfl ow_size%l ayer_si ze);
layer _bit_offset[m += 1;
}
flor (Tayer=0; |ayer <(top_layer+slayer_size); |ayer++)
avail able_len[layer] = layer_bit_offset[layer+1l] — layer_bit_offset[layer];

Some help variables and arrays are needed to describe the bit-sliced decoding process of the spectral values in
each BSAC fine grain layer. cur_snf[ch][g][i] is initialized as the MSB plane (MSBplane[ch][g][cband]) allocated to
the coding band cband, where we can get MSBplane[][] from cband_si[ch][g][cband] using Table 96. And, we
start the decoding of the bit-sliced data in each layer from the maximum significance, maxsnf.

These help variables and arrays must be built up for each bsac_spectral_data(). The pseudo code shown below
describes
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how to initialize cur_snf[][][], the current significance of the spectra to be added newly due to the spectral band
extension in each enhancement scalability layer.

/* set current snf */
g = layer_group[l ayer];
for(ch = 0; ch < nch; ch++) {
for (i=layer_start_index[layer]; i<layer_end_index[layer]; i++) {

cThand =173
cur_snf[ch][g][i] = MSBplane[ch][g][cband];

}
}
how to determine maxsnf, the maximum significance of all vectors to be decoded.
maxsnf = 0;
for (g = start_g; g < end_g; g++)
for(ch = 0; ch < nch; ch++) {
for(i = start_index[g]; i< end_index[g]; i++)
if (maxsnf < cur_snf[ch][g]l[i])
maxsnf = cur_snf[ch][g][i];
}
how to store cur_snf[][][] for the secondary coding (bsac_lower_speetra() and bsac_higher_spectra()) after the
sliced bits of the new spectra has been coded in each layer (bsacayer_spectra()).
[* store current snf */
for (g = 0; g <no_wi ndow_groups; g++)
for(ch = 0; ch < nch; ch++) {
for (i=layer_start_index[layer]; i<layer_cend index[layer]; i++) {
unc_snf[ch][g]l[i] = cur_snf[ch][a]l[iZd;
}
}

8.3.3.2.6  Order of spectral coefficients in spectral_data

For ONLY_LONG_SEQUENCE windows (num_window_groups = 1, window_group_length[0] = 1) the spectral dat
is in ascending spectral order, as-shown in Figure 9.

1=

spectral coefficients

sfb 0 |sfb 2 |sfb 2 . . . sfb (num_sfb-1)

Order of scalefactor bands for ONLY_LONG_SEQUENCE

Figure 9: Order of scalefactor bands for ONLY_LONG_SEQUENCE

For the EIGHT_SHORT_SEQUENCE window, each 4 spectral coefficients of blocks within each group are
interleaved in ascending spectral order and the interleaved spectral coefficients are interleaved in ascending group
number, as shown in Figure 10.
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spectral coefficients >
spectral coefficients of|spectral coefficients of| spectral coefficients of
group 0 group 1 group num_win_groups-1

spectral coefficients of group’ >
WS WE WS WE WS WE
0...3 .. 0...3 4.7 |+ + 4.7 « .+ |80..83} . . 80...83

where, WS is the start window index and WE is the end window index of group g

Order of spectral data for EIGHT_SHORT_SEQUENCE

Figure 10: Order of spectral data for EIGHT_SHORT_SEQUENCE

8.3.3.2.7 Arithmetic coding procedure

Arithmetic Coding consists of the following 2 steps:

Initialization which is performed prior to the coding of the first symbol

Coding of the symbol themselves.

8$.3.3.2.7.1 Registers, symbols and constants

Peveral registers, symbols and constants are defined to describe thetarithmetic decoder.

half[] : 32-bit fixed point array equal to ¥2

range: 32-bit fixed point register. Contains the range of\the interval.

value: 32-bit fixed point register. Contains the valug’of the arithmetic code.

est_cw_len: 16-bit fixed point register. Contains the estimated length of the arithmetic codeword to be decoded.
p0: 16-bit fixed point register (Upper 6:MSBs are available, Other LSBs are 0). Probability of the “0” symbol.
pl: 16-bit fixed point register(Uppert MSBs are available, Other LSBs are 0). Probability of the “1” symbol.

cum_freq : 16-bit fixed pointregisters. Cummulative Probabilities of the symbols.

$.3.3.2.7.2 Initialization

The bitstreams of each segment are read in the buffer of each segment. And 32-bit zero is concatenated to the
&uffer of each segment. If the segmented arithmetic coding is not, all the bitstreams of a frame is a segment and
e zero stuffinghis' used. See subclause 8.3.4.5.3 for the detailed description of the segment.

The register value is set to 0, range to 1 and est_cw_len to 30. Using these initialized regiters, the 30 bits are read
in registervalue and registers are updated when the first symbol is decoded.

$.8:3.2.7.3 Decoding a symbol

Arithmetic decoding procedure varies on the symbol to be decoded. If the symbol is the sliced bit of the spectral
data, the binary arithmetic decoding is used. Otherwise, the general arithmetic decoding is used.

When a symbol is binary arithmetic-decoded, the probability pO of the “0” symbol is provided according to the
context computed properly and using the probability table. p0O uses a 6-bit fixed-point number representation. Since
the decoder is binary, the probability of the “1” symbol is defined to be 1 minus the probability of the “0” symboal, i.e.
pl = 1-p0.
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When a symbol is arithmetic-decoded, the cummulative probability values of multiple symbols are provided. The
probability values are regarded as the arithmetic model. The arithmetic model for decoding a symbol is given in the
bitstream elements. For example, arithmetic models of scalefactor and cband_si are given in the bitstream
elements, base_scf _model, enh_scf _model and cband_si_type. Each value of the arithmetic model uses a 14-
bit fixed-point representation.

Q229 7 A Saoftwiara
\>rie e oy —ry po o oTrtvvyare

unsi gned long hal f[16] =

{
0x20000000, 0x10000000, 0x08000000, 0x04000000,
0x02000000, 0x01000000, 0x00800000, 0x00400000,
0x00200000, 0x00100000, 0x00080000, 0x00040000,
0x00020000, 0x00010000, 0x00008000, 0x00004000
b

/* Initialize the Parameteres of the Arithnetic Decoder */
voi d initArDecode()
{

val ue 0;

range 1;

est_cw_len = 30;

}
/* GENEARL ARI THVETI C DECODE */
int decode_synbol (buf_idx, cumfreq, synbol)

i nt buf _i dx; /* buffer index to save the arithnetic ‘code word */
int cumfreq[]; /* Cunulative synbol fregencies */

int *synbol; /* Synmbol decoded */

{

if (est_cw.len) {
range = (range<<est_cw_|en);
val ue = (val ue<<est _cw_|len) | readBitstbuf _idx, est_cw.len);
/* read bitstreamfromthe buffer>*/

}
range >>= 14,
cum = val ue/ range; /[* FEi\nd cumfreq */

/* Find synbol */
for (sym=0; cumfreq[sym>cun symt+);
*synbol = sym

/* Narrow the code region to that allotted to this synbol. */
value -= (range * s.cumfreq[syn);

if (sym> 0) {
range = range * (cumfreq[sym1l]-cumfreq[synm);

el se {
range.= range * (16384-cumfreq[synm);
}

fen(est_cwlen = 0; range < half[est_cw len]; est_cw.l|en++) ;
peturn est_cw | en;

}

/* BI NARY ARI THVETI C- DECOCDE THE NEXT SYMBOL. */
int decode_synbol 2 (buf _idx, freqgO, synbol)
int buf_idx; /* buffer index to save the arithnetic code word */
int po; /* Normalized probability of synbol 0 */
int *synbol; /* Synbol decoded */
{
if (est_cw.len) {
range = (range<<est_cw_ | en);
val ue (val ue<<est _cw_len) | readBits(buf_idx, est_cw.len);
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/* read bitstreamfromthe buffer */

}
range >>= 14,
/* Find synbol */

if ( (p0 * range) <= value ) {
*synbol = 1;

/* Narrow the code region to that allotted to this synbol. */

val ue -= range * po0;

pl = 16384 — pO;

range = range * pl,;
el se {

*synbol = O;

/* Narrow the code region to that allotted to this synbol. */
range = range * p0;

}

for(est_cw_ | en=0; range<hal f[est_cw |en]; est_cw.|en++);
return est_cw_|en;

$.3.4 Tool description

BSAC stands for bit sliced arithmetic coding and is the name of anoiseless coder and bitstream formatter that
provides a fine grain scalability and error resilience in the MPEG:4 General Audio(GA) coder. The BSAC noiseless
¢oding module is an alternative to the AAC coding module,vwith all other modules of the AAC-based coder
emaining unchanged. The BSAC noiseless coding is used\to'make the bitstream scalable and error resilience and
i.lrther reduce the redundancy of the scalefactors and<the quantized spectrum. The BSAC noiseless decoding
rocess is split into 4 subclauses. Subclause 8.3.4.17to 8.3.4.5 describe the detailed decoding process of the
gpectral data, the stereo or pns related data, the scalefactors and the coding band side information.

8.3.4.1 Decoding of bit-sliced spectral data (bsac_spectral_data())

.3.4.1.1 Description

SAC uses the bhit-slicing scheme of'the quantized spectral coefficients in order to provide the fine grain scalability.
nd it encode the bit-sliced _data using binary arithmetic coding scheme in order to reduce the average bits
ansmitted while suffering novless of fidelity.

In BSAC scalable coding: scheme, a quantized sequence is divided into coding bands, as shown in subclause
8.3.3.2.5. And, a quantized sequence is mapped into a bit-sliced sequence within a coding band. The noiseless
¢oding of the sliced-bits relies on the probability table of the coding band, the significance and the other contexts.

The significance of the bit-sliced data is the position of the sliced bit to be coded.

The flags;*sign_is_coded[] are updated with coding the vectors from MSB to LSB. They are initialized to 0. And they
are set'to 1 when the sign of the quantized spectrum is coded.

he probability table for encoding the bit-sliced data within each coding band 15 included N the bistream elemernt
cband_si_type and transmitted starting from the lowest coding band and progressing to the highest coding band
allocated to each layer. For the detailed description of the coding band side information cband_si_type, see
subclause 8.3.4.4. Table 96 lists 23 probability tables which are used for encoding/decoding the bit-sliced data. The
BSAC probability table consists of several sub-tables. sub-tables are classified and chosen according to the
significance and the coded upper bits as shown Table 119 to Table 140. Every sliced bit is arithmetic encoded
using the probability value chosen among several possible sub-tables of BSAC probability table.
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8.3.4.1.2 Definitions
Bitstream elements:

acod_sliced_bit[ch][g]]i]

ISO/IEC 14496-3:1999/Amd.1:2000(E)

Arithmetic codeword necessary for arithmetic decoding of the sliced bit. Using this
decoded bit, we can reconstuct each bit value of the quantized spectral value. The
actually reconstructed bit-value is depentent on the significance of the sliced bit.

acod_sign[ch][g]li]

Help elements:
layer

snf

ch

nch

cur_snf [i]

maxsnf

snf

layer_data_available()

layer_group[layer]

layer_start_index[layer]

layer_end_index[layer]

start_index[g]
end_index[d]
sliced=bit

sample[ch][g]i]

Arithmetic codeword from binary arithmetic coding sign_bit. The probability ofthe
“0” symbol is defined to 0.5 which uses 8192 as a 14-bit fixed-point number:
sign_bit indicates sign bit for non-zero coefficient. A “1” indicates a negative
coefficient, a “0” a positive one. When the bit value of the quantized signal is
assigned 1 for the first time, sign bit is arithmetic coded and sent.

scalability layer index

significance of vector to be decoded.
channel index

the number of channel

current significance of the i-th vectorCeur”snf] is initialized to Abit[cband]. See
subclause 8.3.3.2.5.

maximum of current significance of the vectors to be decoded. See subclause
8.3.3.2.5.

significance index
function that returns “1” as long as each layer’s bitstream is available, otherwise
“0". In other words, it indicates whether the remaing bitstream of each layer is

available or.not.

indicatésthe group index of the spectral data to be added newly in the scalability
layer.;See subclause 8.3.3.2.5

indicates the index of the lowest spectral component to be added newly in the
scalability layer. See subclause 8.3.3.2.5

indicates the index of the highest spectral component to be added newly in the
scalability layer. See subclause 8.3.3.2.5

indicates the index of the lowest spectral component to be coded in the group g
indicates the index of the lowest spectral component to be coded in the group g
the decoded value of the sliced bits of the quantized spectrum.

guantized spectral coefficients reconstructed from the decoded bit-sliced data of

Q.9 .9

sign_is_coded[ch][g][i]

sign_bit[ch][g][i]

%+ L1 HEH la 1 o ol Hp | o laal .9
DPC\;UQI mic rnrorarimicr It ariu UIUU}J IMTUTA U LDCTC oUULIAUOST O.0.9.4.4

flag that indicates whether the sign of the i guantized spectrum is already coded
(1) or not (0) in channel ch and group index g.

sign bit for non-zero coefficient. A “1” indicates a negative coefficient, a “0” a

positive one. When the bit value of the quantized signal is assigned 1 for the first
time, sign bit is arithmetic coded and sent.

105



https://standardsiso.com/api/?name=a9ee787e3d63fbfd2f1b016282f48d62

ISO/IEC 14496-3:1999/Amd.1:2000(E) OISO/IEC

8.3.4.1.3 Decoding process

In BSAC encoder, the absolute values of quantized spectral coefficients is mapped into a bit-sliced sequence.
These slicded bits are the symbols of the arithmetic coding. Every siliced bits are binary arithmetic coded from the
lowest-frequency coefficient to the highest-frequency coefficient of the scalability layer, starting the Most Significant
B|t(MSB) plane and progressmg to the Least Slgnlflcant Blt(LSB) plane. The arlthmetlc codlng of the 5|gn blts

For the case of multiple windows per block, the concatenated and possibly grouped and interleaved set of spectral
¢oefficients is treated as a single set of coefficients that progress from low to high as described in subclause
8.3.3.2.6. This set of spectral coefficients may need to be de-interleaved after they are decoded. The)spectral
information for all scalefactor bands equal to or greater than max_sfb is set to zero.

After all MSB data are encoded from the lowest frequency line to the highest, the same encoding process is
flepeated until LSB data is encoded or the layer data is not available.

The length of the available bitstream (available_len[]) is initialized at the beginning of €ach layer as described in
subclause 8.3.3.2.5. The estimated length of the codeword (est_cw_len) to be deceded is calculated from the
rithmetic decoding process as described in subclause 8.3.3.2.7. After the arithmetic decoding of a symbol, the
length of the available bitstream should be updated by subtracting the estimated codeword length from it. We can
etect whether the remaing bitstream of each layer is available or not by checking the available_len.

he bit-sliced data is decoded with the probability which is selected among values listed Table 119 to Table 140.

he probability value should be defined in order to arithmetic-code the symbols (the sliced bits). Binary probability
ble is made up of probability values (p0) of the symbol ‘0. First.of all, probability table is selected using cband_si
s shown in Table 94. Next, the sub-table is selected in the grobability table according to the context such as the
urrent significance of the spectral coefficient and the higher bit-slices that have been decoded. All the vector of the
igher bit-slices, higher_bit_vector are initialized to O before the coding of the bit-sliced data is started. Whenever
e bit-slice is coded, the vector, higher_bit_vector is updated as follows:

i gher _bit_vector[ch][g][i]
iff (higher_bit_vector[ch][d]
hi gher _bit_vector[ch][g]

= (higher_bitivéctor[ch][g][i]<<1) + decoded_bitslice;
[i] > 15)
[i] = 15

And, the probability (p0) is selected among the several values in the sub-table. In order to select one of the several
irobability values in the sub-table}.the index of the probability should be decided. If the higher bit-slice vector is

on-zero, the index of the probability (p0) is (hgiher_bit_vector[ch][g][i] - 1). Otherwise, it relies upon the sliced bits
f successive non-overlapping4 spectral data as shown in Table 97.

However if the available.codeword size is smaller than 14, there is a constraints on the selected probability value
as follows:

if (avail abhe”len <14) {
if (pO~< m n_pO[avail able_len])
PO-"= m n_pO[avai l abl e_l en] ;
el\se if (p0 > max_pO[avail able_len])
pO = max_pO[ avai l abl e_l en];

The minimum probability min_pO[] and the maximum probability max_pO[] is listed in Table 98 and Table 99.
Detailed arithmetic decoding procedure is described in this subclause 8.3.3.2.7.

There are 23 probability tables which can be used for encoding/decoding the bit-sliced data. 23 probability table are
provided to cover the different statistics of the bit-slices. In order to transmit the probability table used in encoding
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process, the probability table is included in the syntax element, cband_si. After cband_si is decoded, the
probaiblity table is mapped from cband_si using Table 96 and the decoding of the bit-sliced data shall be started.

The current significance of the spectral coefficient represents the bit-plane of the bit-slice to be decoded. Table 96
shows the MSB plane of the decoded sample according to cband_si. Current significance, cur_snf[] of all spectral
coefficient within a coding band are initialized to the MSB plane. For the detailed initialization process, see
subclause 8.3.3.2.5

The arithmetic decoding of the sign bit associated with non-zero coefficient follows the arithmetic decoding-of th
sliced bit when the bit-value of the quantized spectral coefficient is 1 for the first time, with a 1 indicating a hegativ
coefficient and a O indicating a positive one. The flag, sign_is_coded[] represents whether the sign™hit of th
guantized spectrum has been decoded or not. Before the decoding of the bit-sliced data is started, all th
sign_is_coded flags are set to 0. The flag, sign_is_coded is set to 1 after the sign bit is decoded{ The decodin
process of the sign bit can be summarized as follows:

©C—P—P—

i =the spectral |ine index

if(sample[ch][g][i] &% !sign_is_coded[ch][g]l[i]) {
arithnetic decoding of the sign bit;
sign_is_coded[ch][g][i] = 1;

Decoded symbol need to be reconstructed to the sample. For the detailed‘reconstruction of the blt-sliced data, se¢
Reconstruction of the decoded sample from bit-sliced data part in subclause 8.3.3.2.2.

8.3.4.2 Decoding of stereo_info, ms_used and noise_flag

8.3.4.2.1 Descriptions

The BSAC scalable coding scheme includes the noiseless coding which is different from MPEG-4 AAC coding andl
further reduce the redundancy of the stereo-related data.

—

Decoding of the stereo-related data and Perceptual Noise Substitution(pns) data is depended on pns_data_presen
and stereo_info which indicates the stereo mask. Since the decoded data is the same value with MPEG-4 AAC, th¢
MPEG-4 AAC stereo-related and pns processing follows the decoding of the stereo-related data and pns data.

8.3.4.2.2 Definitions

Bitstream elements:

acode_ms_used[g][sfb] arithmetic codeword from the arithmetic coding of ms_used which is one-bit flag
per scalefactor band indicating that M/S coding is being used in window group g
and scalefactor band sfb, as follows:
0 Independent
1 ms_used

acode-stereo_info[g][sfb] arithmetic codeword from the arithmetic coding of stereo_info which is two-bit flag

per scalefactor band indicating that M/S coding or Intensity coding is being used in
window group g and scalefactor band sfb, as follows:

00 Independent

01 ms_used

10 Intensity in_phase

11 Intensity out_of phase or noise_flag_is_used

Note : If ms_mask_present is 3, noise_flag | and noise_flag_r are 0 value, then
stereo_info is interpreted as out-of-phase intensity stereo regardless the value of
pns_data_present.
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acode_noise_flag[g][sfb]

acode_noise_flag_l[g][sfb]

OISO/IEC

arithmetic codeword from the arithmetic coding of noise_flag which is 1-bit flag per
scalefactor band indicating whether the perceptual noise substitution is used(1) or
not(0) in window group g and scalefactor band sfb.

arithmetic codeword from the arithmetic coding of noise_flag_I which is 1-bit flag
per scalefactor band indicating whether the perceptual noise substitution is used(1)
or not(0) in the left channel, window group g and scalefactor band sfb .

chode_noise_flag_r[g][sfb]

acode_noise_mode[g][sfb]

iHelp elements:

¢h

g
sfb

lpyer

:I:h
s_mask_present

layer_group[layer]
lpyer_start_sfb[layer]

layer_end_sfb[layer]

$.3.4.2.3

Decoding process

arithmetic codeword from the arithmetic coding of noise_flag which is 1-bit flag pér
scalefactor band indicating whether the perceptual noise substitution is used(%) ‘er
not(0) in the right channel, window group g and scalefactor band sfb.

arithmetic codeword from the arithmetic coding of noise_mode which is‘two-bit flag
per scalefactor band indicating that which noise substitution is being used in
window group g and scalefactor band sfb, as follows:

00 Noise Subst L+R (independent)

01 Noise Subst L+R (correlated)

10 Noise Subst L+R (correlated, out-of-phase)

11 reserved

channel index

group index

scalefacotor band index within group

scalability layer index

the number of channel

this two bit field indejcates that the stereo mask is

00 Independent

01 1 bit mask @fms_used is located in the layer sfb side information part.
10 All ms_used are ones

11 2 bit mask of stereo_info is located in the layer sfb side information part.

indicates the group index of the spectral data to be added newly in the scalability
layer. See subclause 8.3.3.2.5

indicates the index of the lowest scalefactor band index to be added newly in the
scalability layer. See subclause 8.3.3.2.5

indicates the highest scalefactor band index to be added newly in the scalability
layer. See subclause 8.3.3.2.5

Decoding process of ms_mask_present, noise_flag or ms_used is depended on pns_data present, humber of
¢hannel and ms_mask_present. pns_data present flag is conveyed as a element in syntax of general_header().

pns. data present indicates whether pns tool is used or not at each frame. stereo info indeicates the stereo mask

as follows :

00 Independent

01 1 bit mask of ms_used is located in the layer sfb side information part.

10 All ms_used are ones
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11 2 bit mask of stereo_info is located in the layer sfb side information part.
Detailed arithmetic decoding procedure is described in this subclause 8.3.3.2.7.

Decoding process is classified as follows :

1 channel, no pns data

=

If the number of channel is 1 and pns data is not present, there is no bitstream elements related to“stereo o
pns.

1 channel, pns data
If the number of channel is 1 and pns data is present, noise flag of the scalefactor bands/between pns_start_sflp
to max_sfb is arithmetic decoded using model shown in Table 117. Perceptual ngise substitution is dong
according to the decoded noise flag.

2 channel, ms_mask_present=0 (Independent), No pns data

If ms_mask _present is 0 and pns data is not present, arithmetic decoding of stereo_info or ms_used is ngt
needed.

2 channel, ms_mask_present=0 (Independent), pns data

If ms_mask_present is 0 and pns data is present, noise flag<or pns is arithmetic decoded using model shown in
Table 117. Perceptual noise substitution of independentimode is done according to the decoded noise flag.

2 channel, ms_mask_present=2 (all ms_used), pns'data or no pns data

All ms_used values are ones in this case. S0,"M/S stereo processing of AAC is done at all scalefactor band.
And naturally there can be no pns processing regardless of pns_data_present flag.

2 channel, ms_mask_present=1 (optional ms_used), pns data or no pns data

\17

1 bit mask of max_sfb bands of mstused is conveyed in this case. So, ms_used is arithmetic decoded using th
ms_used model given in Table\}15. M/S stereo processing of AAC is done or not according to the decode
ms_used. And there is no pnsprocessing regardless of pns_data_present flag

1 =n

2 channel, ms_mask(present=3 (optional ms_used/intensity/pns), no pns data
At first, stereo_info Is arithmetic decoded using the stereo_info model given in Table 116.
stereo_info,is7s two-bit flag per scalefactor band indicating that M/S coding or Intensity coding is being used i
window group g and scalefactor band sfb as follows :

00 Independent

01 ms_used

10 Intensity in phase

11 Intensity_out_of phase

If stereo_info is not 0, M/S stereo or intensity stereo of AAC is done with these decoded data. Since pns data is
not present, we don_t have to process pns.

2 channel, ms_mask_present=3 (optional ms_used/intensity/pns), pns data
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stereo_info is arithmetic decoded using the stereo_info model given in Table 116.

If stereo_info is 1 or 2, M/S stereo or intensity stereo processing of AAC is done with these decoded data and
there is no pns processing.

If stereo_info is 3 and scalefactor band is larger than or equal to pns_start_sfb, noise flag for pns is arithmetic
decoded using model given in Table 117, And then if the both noise flags of two channel are 1, noise substitution

mode is arithmetic decoded using model given in Table 118. The perceptual noise is substituted or out_of phase
intensity stereo processing is done according to the substitution mode. Otherwise, the perceptual noisexis
substituted only if noise flag is 1.

If stereo_info is 3 and scalefactor band is smaller than pns_start_sfb, out_of phase intensity stereo processing is
done.

8.3.4.3 Decoding of scalefactors, noise energy and intensity stereo position

$.3.4.3.1 Description

[he BSAC scalable coding scheme includes the noiseless coding which is different from AAC and further reduce

the redundancy of the scalefactors.

The max_scalefactor is coded as an 8 bit unsigned integer. The scalefactors‘are differentially coded relative to the
imax_scalefactor value and then Arithmetic coded using the differential scalefactor model.

8.3.4.3.2 Definitions

Bitstream element:

I

code_scf[ch][g][sfb] Arithmetic codeword from the coding of the differential scalefactors.
code_max_noise_energy [ch] Arithmetic codeward from the coding of the maximum of the noise energies.

code_dpcm_noise_energy_index[ch][g][sfb};“Arithmetic codeword from the coding of the differential noise
energy index.

acode_is_position_index[g][sfb] Arithmetic codeword from the coding of the intensity stereo poistion index.

Help elements:

¢h channel index

g group index

$fb scalefacotor band index within group

layer scalability layer index

mch the number of channel

lpyer. group[layer] indicates the group index of the spectral data to be added newly in the scalability

layer. See subclause 8.3.3.2.5

layer_start_sfb[layer] indicates the index of the lowest scalefactor band index to be added newly in the

scalability layer. See subclause 8.3.3.2.5

layer_end_sfb[layer] indicates the highest scalefactor band index to be added newly in the scalability

layer. See subclause 8.3.3.2.5

scflch][g][sfb] indicates the scalefactors.
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max _noise_energy[ch] indicates the maximum of the noise energy.
dpcm_noise_energy_index[ch][g][sfb] indicates the differential noise energy index.

is_position_index[g][sfb] indicates the intensity stereo poistion index.

8.3.4.3.3 Decoding process

The spectral coefficients are divided into scalefactor bands that contain a multiple of 4 quantized. spectrd|
coefficients. Each scalefactor band has a scalefactor.

K4

The differential scalefactor index is arithmetic-decoded using the arithmetic model given in Table,95. The arithmeti
model of the scalefactor for the base layer is given as a 3 bit unsigned integerobitstream element,
base_scf_model. The arithmetic model of the scalefactor for the enhancement layers is given as a 3 bit unsigne
integer bitstream element, enh_scf_model.

1 =n

For all scalefactors the difference to the offset value is arithmetic-decoded. All scalefactors are calculated from th
difference and the offset value. The offset value is given explicitly as a 8 bit<PCM in the bitstream elemen
max_scalefactor[ch]. Detailed arithmetic decoding procedure is described in-this subclause 8.3.3.2.7.

\17

—

=

The following pseudo code describes how to decode the scalefactors\scf[ch][g][sfb] in base layer and eac
enhancement layer:

for (ch =0; ch<nch; ch++) {
g = layer_group[ch][g][sfb];

for (sfb = layer_start_sfb[layer]; sfb < layer{end_sfb[layer]; sfb++) {
di ff_scf = arithnetic_decoding();
scf[ch][g][sfb] = max_scal efactor[ch] —diff_scf;

If noise substituition coding is active for a partticular group and scalefactor band, a noise energy value is transmittegl
instead of the scalefactor of the respective channel.

Noise energies are arithmetic-coded-of differential values. For all noise energies the difference to the offset value i
arithmetic-decoded. All noise energies are calculated from the difference and the offset value. The offset valug,
max_noise_energy[ch] is arithmetic-decoded before the first differential noise energy is decoded.

o7

Noise substitution decoding process is same as the PNS part of MPEG-4 Audio General Audio. The noise energ
decoding in each layer is.defined by the following pseudo code:

for (ch =0; ch<nch; ch++) {
g = layergroup[ch][g][sfb];

for (sfb\= layer_start_sfb[layer]; sfb < layer_end_sfb[layer]; sfb++) {
i f.(noise _flag[ch][g]l[sfb]) {
dpcm noi se_energy_i ndex[ch][g][sfb] = arithnetic_decoding();
noi se_nrg[ch][g][sfb] = nmax_noi se_energy[ch] - dpcm noi se_energy[ch][g][sfb];
}
¥

The direction information for the intensity stereo decoding is represented by an “intensity stereo position” value
indicating the relation between left and right channel scaling. If intensity stereois active for a particular group and
scalefactor band, an intensity stereo position value is transmitted in stead of the scalefactor of the right channel.
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When intensity positions are arithmetic-coded, the same arithmetic model is used. The intensity decoding process
is same as the intensity stereo of MPEG-4 Audio General Audio. The intensity stereo position decoding in each
layer is defined by the following pseudo code:

g = layer_group[1][g][sfb]

for (sfb = layer_start_sfb[layer]; sfb < layer_end_sfb[layer]; sfb++) {
if (stereo_info[g][sfb] && ch==1) {
IS_position_index[ gl [ ST b] = arithnetic_decodi ng(),

if (is_position_sign[g][sfb]%%)

is_position[g][sfb] = -(int)((is_position_index[g][sfb]+1)/2);
el se

is_position[g][sfb] = (int)(is_position_index[g][sfb]/2);

$.3.4.4 Decoding of coding band side information

$.3.4.4.1 Descriptions

In BSAC scalable coding scheme, the spectral coefficients are divided into eoding bands which contain 32
guantized spectral coefficients for the noiseless coding. Coding bands are thebasic units used for the noiseless
¢oding. The set of bit-sliced sequence is divided into coding bands. The MSB plane and the probability table of
g¢ach coding band are included in this layer coding band side information,\cband_si as shown in Table 96. The
¢oding band side informations of each layer are transmitted ¢starting from the lowest coding band
layer_start_cband[layer]) and progressing to the highest coding band (layer_end_cbandllayer]). For all cband_si, it
is arithmetic-coded using the arithmetic model as given in Table 94.

8.3.4.4.2 Definitions
Bitstream element:

acode_cband_si[ch][g][cband] Arithmetic codeword from the arithmetic coding of cband_si for each coding-

band.
Help elements:
g group. index
¢band coding band index within group
¢h channel index
mch the number of channel
lpyer_group[layer] indicates the group index of the spectral data to be added newly in the scalability

layer. See subclause 8.3.3.2.5

layer_start_cband[layer] indicates the lowest coding band index to be added newly in the scalability layer.
See subclause 8.3.3.2.5

layer_end cband[layer] indicates the highest coding band index to be added newly in the scalability layer.

See subclause 6.5.3.2.5

8.3.4.4.3 Decoding process
cband_si is arithmetic-coded using the arithmetic model as given in Table 94. The arithmetic model used for coding

cband_si is dependent on a 5-bit unsigned integer in the bitstream element, cband_si_type as shown in Table 94.
And, the largest value of the decodable cband_si is given in Table 94. If the decoded cband_si larger than this
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value, it can be considered that there was a bit-error in the bitream.Detailed arithmetic decoding procedure is
described in this subclause 8.3.3.2.7.

The following pseudo code describes how to decode the cband_si cband_si[ch][g][cband] in base layer and each
enhancement layer:

= |layer group[layer];

g
for ( ch=0; ch<nch; ch++ ) {
for ( cband=l ayer_start_cband[g][layer]; cband<layer_cband[g][| ayer+1]; cband++ ) {
cband_si[ch][g][cband] = arithnetic_decoding();
if (cband_si[ch][g][cband] > | argest_cband_si)
bit_error_i s_generated;

}

where, layer_cband[g][layer] is the start coding band and layer_cband[g][layer+1] is the end coding band fo
decoding the arithmetic model index in each layer.

=

8.3.45 Segmented binary arithmetic coding (SBA)

8.3.45.1 Tool description

—

Segmented Binary Arithmetic Coding (SBA) is based on the fact that the arithmetic codewords can be partitioned &
known positions so that these codewords can be decoded independent of any error within other sectiong.
Therefore, this tool avoids error propagation to those sections. The,arithmetic coding should initialized at th
beginning of these segments and terminated at the end of these“segments in order to localize the arithmeti
codewords. This tool is activated if the syntax element, sha_mede’is 1. And this flag should be set to 1 if the BSAC
is used in the error-prone environment.

7 (D

8.3.4.5.2 Definitions

\17

There is no definition because only the initializatiefi~and termination process are added at the beginning and th
end of the segments in order to localize the arithmetic codewords.

8.3.4.5.3 Decoding process

—

The arithmetic coding is terminated~at the end of the segments, and re-initialized at the beginning of the nex
segment. The segment is made up-ef the scalability layers. terminal_layer[layer] indicates whether each layer is th
last layer of the segment, which is“set as follows :

\17

for (layer = 0; layer/ s (top_|l ayer+sl ayer_size-1); layer++) {

if (layer_start (Chand[layer] != layer_start_cband[| ayer+1])
term nal _|ayer|layer] = 1;

el se
t erm nal\tayer[l ayer] = 0;

}

where, toplayer is the top layer to be encoded, layer max_cband[] are the maximum coding band limit to b
eficoded and slayer_size is the sub-layer size of the base layer. Figure 11 shows an example of the segmente
bistream to be made in the encoder.

\17

1 =n
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r Layer O Layer 1 Layer 2 Layer 3 Layer 4 Layer 5 Layer N

|<Segmento > Segment 1 > Segment 2 >l |<Segmentn >

Figure 11: The structure of SBA coded bitstream

In the decoder, the bitstream of each layer is split from the total bitstream. If the previous layer issthe last of the
$egment, the split bitstream is stored in the independent buffer and arithmetic decoding processyis re-initialized.
Dtherwise, the split bitstream is concatenated to that of the previous layer and used for arithmetic decoding
sequentially.

In order to do the arithmetic decoding perfectly, 32-bit zero value should be concatenated to the split bitstream if
$1e layer is the last of the segment. Figure 12 shows an example of the bitstream spliting and zero stuffing in
ecoder part.

Segment 0 Segment 1 Segment 2 Segment n
< ple ple > |« >

Layer O Layer 1 Layer 2 Layer 3 | Layer 4 Layer 5 Layer N

Layer O Oz;qufing

Layer 4 La;fér 51 ... QfSUffing

¥ v
Layer 1 Layer 2_+} Layer3 | 0stuffing ,,

...... Layer N | O stuffing

Figure 12: Decoding of SBA bitstream
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Table 94: cband_si_type parameters

chand_si_type | max_cband_si_len - Largest cband_si - Model listed in
- - — — = 0" cband Other cband 0" cband Other cband
Q (2 (2 A Tahle 114 Tahle 107
1 5 6 6 Table 114 Table 108
2 6 8 4 Table 114 Table 107
3 5 8 6 Table 114 Table 108
4 6 8 8 Table 114 Table 109
5 6 10 4 Table 114 Table 107
6 5 10 6 Table 114 Table 108
7 6 10 8 Table 114 Table 109
8 5 10 10 Table 114 Table 110
9 6 12 4 Table 114 Table 107
10 5 12 6 Table 114 Table 108
11 6 12 8 Table-114 Table 109
12 8 12 12 Table 114 Table 111
13 6 14 4 Table 114 Table 107
14 5 14 6 Table 114 Table 108
15 6 14 8 Table 114 Table 109
16 8 14 12 Table 114 Table 111
17 9 14 14 Table 114 Table 112
18 6 15 4 Table 114 Table 107
19 5 15 6 Table 114 Table 108
20 6 15 8 Table 114 Table 109
21 8 15 12 Table 114 Table 111
22 10 15 15 Table 114 Table 113
23 8 16 12 Table 114 Table 111
24 10 16 16 Table 114 Table 113
25 9 17 14 Table 114 Table 112
26 10 17 17 Table 114 Table 113
27 10 18 18 Table 114 Table 113
28 12 19 19 Table 114 Table 113
29 12 20 20 Table 114 Table 113
30 12 21 21 Table 114 Table 113
31 12 22 22 Table 114 Table 113
Table 95: Scalefactor model parameters
scfimodel Largest Differential ArModel Model listed in

0 0 not used

1 3 Table 100

2 7 Table 101

3 15 Table 102

4 15 Table 103

5 31 Table 104

o} 21 Tahle 105

7 63 Table 106
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Table 96: BSAC cband_si parameters

OISO/IEC

chand_si MSB plane Table listed in chand_si MSB plane Table listed in
0 0 - 12 6 Table 130
1 1 Table 119 13 7 Table 131
2 1 Table 120 14 7 Table 132
3 2 Table 121 15 8 Table 133
4 2 Table 122 16 9 Table 134
5 3 Table 123 17 10 Table 135
6 3 Table 124 18 11 Table 136
7 4 Table 125 19 12 Tabler 37
8 4 Table 126 20 13 Tahle 138
9 5 Table 127 21 14 Table 139
10 5 Table 128 22 15 Table 140
11 6 Table 129
Table 97: Position of probability value in probability table
h 0 0 0 0 0 0 0 0 1 1 1 1 1 1 1 1
g 0 0 0 0 1 1 1 1 0 0 0 0 1 1 1 1
f 0 0 1 1 0 0 1 1 0 0 1 1 0 0 1 1
e 0 1 0 1 0 1 0 1 0 1 0 1 0 1 0 1
a b c d
0 X X X 0 |15 ] 22|29 |32 |39 |42, 45
1 X X 0 1 116 |23 |30 46 | 53 | 56 | 59
X X 1 2 |17 124 ] 31 46 | 53 | 56 | 59
X 0 0 3 |18 33 | 40 47 | 54 60 | 63
5 X 0 1 4 |19 33 | 40 48 | 55 60 | 63
X 1 0 5 |20 341741 47 | 54 60 | 63
X 1 1 6 | 21 34| 41 48 | 55 60 | 63
0 0 0 7 25 35 43 49 57 61 64
0 0 1 8 25 36 43 50 57 62 64
0 1 0 9 26 35 43 51 58 61 64
3 0 1 1 10 26 36 43 52 58 62 64
1 0 0 11 27 37 44 49 57 61 64
1 0 1 12 27 38 44 50 57 62 64
1 1 0 13 28 37 44 51 58 61 64
1 1 1 14 28 38 44 52 58 62 64

a=i%4

vhere, i = spectral index

b =.the sliced bit of (i-3)th spectral data whose significance is same with that of i-th spectral data

¢ = the sliced bit of (i-2)th spectral data whose significance is same with that of i-th spectral data

116

d = the sliced bit of (i-1)th spectral data whose significance is same with that of i-th spectral data

e = whether the higher bits of the (i-a+3)th spectral data whose sigificance is larger than that of i-th spectral

data is nonzero (1) or zero(0)

f = whether the higher bits of the (i-a+2)th spectral data whose sigificance is larger than that of i-th spectral

data is nonzero (1) or zero(0)
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g = whether the higher bits of the (i-a+1)th spectral data whose sigificance is larger than that of i-th spectral
data is nonzero (1) or zero(0)

h = whether the higher bits of the (i-a)th spectral data whose sigificance is larger than that of i-th spectral
data is nonzero (1) or zero(0)

Tapte 987 The mimmumm propabiiity(min_pOo) i proporton o the avaitabie fengtit of the fayer
Available 1 2 3 4 5 6 7 8 9 | 10 | 11 | 12 fO13
length
min_p0 2000 | 1000 | 800 | 400 | 200 | 100 | 80 | 40 | 20 | 10 | 8 4 2
(hexadecimal)
Table 99: The maximum probability(max_p0) in proportion to the available length of the layer
Available 1 2 3 4 5 6 7 8 9 |-20 | 11 | 12 | 13
length
max_p0 2 4 8 10 | 20 | 40 | 80 | 100 | 200*| 400 | 800 | 1000 | 2000
(hexadecimal)
Table 100: Scalefactor arithmetic(model 1
size cumulative frequencies (hexadecimal)
4 752, 3cd, 14d, 0,
Table 101: Scalefactor arithmetic model 2
size cumulative frequencies (hexadecimal)
8 112f, de7, a8b, 7cl, 47a, 23a, d4, 0,
Table“102: Scalefactor arithmetic model 3
size cumulative frequencies (hexadecimal)
16 167, 1c5f, 18d8, 1555, 1215, eb4, adc, 742,
408, 1e6, df, 52, 32, 23, C, 0,
Table 103: Scalefactor arithmetic model 4
size cumulative frequencies (hexadecimal)
16 250f, 22b8, 2053, 1deb, 1b05, 186d, 15df, 12d9,
77, c01, 833, 50d, 245, 8c, 33, 0,
Table 104: Scalefactor arithmetic model 5
size cumulative frequencies (hexadecimal)
8a8, 74e, 639, 588, 48c, 3cf, 32e, 272,
32 1bc, 13e, e4, 97, 69, 43, 2f, 29,
20, 1b, 18, 15, 12, f, d, (of
al 9! 7! 6! 4! 3! 1! Ol
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Table 105: Scalefactor arithmetic model 6

size cumulative frequencies (hexadecimal)
c2a, 99f, 809, 6ec, 603, 53d, 491, 40e,
32 394, 30a, 2a5, 259, 202, lbc, 170, 133,
102, c9, 97, 73, 4f, 37, 22, 16,
f, b, 9, 7, 5, 3, 1, 0,

Table 106: Scalefactor arithmetic model 7

size cumulative frequencies (hexadecimal)

3b5e, 3a90, 39d3, 387c, 3702, 3566, 33a7, 321c,
290, 2cf2, 29fe, 26fa, 23e4, 20df, 1e0d, lac4,
1804, 159a, 131e, 10e7, e5b, c9c, b78, azi,

64 8fd, 7b7, 6b5, 62c, 55d, 416, 444, 44b,
38e, 2e2, 29d, 236, 225, 1f2, 1cf, lad,
19c, 179, 168, 157, 146, 135, 123, 112,
101, fO, df, ce, bc, ab, 9a, 89,

78, 67, 55, 44, 33, 22; 11, 0,

Table 107: cband_si arithmetic model O

size cumulative frequencies {hexadecimal)
5 3ef6, 3b59, 1b12, 12a3, 0,

Table 108: cband_si-arithmetic model 1

size cumulative frequencies (hexadecimal)
7 3d51, 33ae, 1cff, fb7, 7e4, 22b, 0,

Table'109: cband_si arithmetic model 2

size cumulative frequencies (hexadecimal)
9 3a47, 2aec, 1e05, 1336, e7d, 860, 5e0, 44a,
01

Table 110: cband_si arithmetic model 3

size cumulative frequencies (hexadecimal)
11 36be, 27ae, 2014, 1749, 14d5, d46, ads, 888,
519, 20b, 0,

Table 111: cband_si arithmetic model 4

Size cumutative frequencies (hexadecimal)
13 3983, 2e77, 2b03, lee8, 1df9, 1307, 1le4, b4d,
94c, 497, 445, 40, 0,
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Table 112: cband_si arithmetic model 5
size cumulative frequencies (hexadecimal)
15 306f, 249e, 1f56, 1843, 161a, 102d, féc, c81,
af2, 7a8, 71a, 454, 413, 16, 0,
Table 113: cband_si arithmetic model 6
size cumulative frequencies (hexadecimal)
31af, 2001, 162d, 127e, f05, c34, baf, a61,
23 955, 825, 7dd, 6a9, 688, 55b, 54b, 2f7,
198, 77, 10, c, 8, 4, 0,
Table 114: cband_si arithmetic model for 0" coding band
size cumulative frequencies (hexadecimal)
3ff8, 3ff0, 3fe8, 3fe0, 3fd7, 331, 3cd?, 3bc9,
23 3074, 2bcf, 231b, 13db, ds51, 603, 44c, 80,
30, 28, 20, 18, 10, 8, 0,
Table 115: MS_used model
size cumulative frequencies (hexadecimal)
2 2000, 0,
Table 116: stereo_info model
size cumulative frequencies(hexadecimal)
4 3666, 1000, 666, 0,
Table 117: noise_flag arithmetic model
size cumulative frequencies(hexadecimal)
2 2000, 0,
Table 118: noise_mode arithmetic model
size cumulative frequencies(hexadecimal)
4 3000, 2000, 1000, 0,
Table 119: BSAC probability table 1
(MSB plane = 1)
Significance Probability Value of symbol ,'0' (Hexadecimal)

1

3900, 3a00, 2f00, 3b00, 2f00, 3700, 2c00,
3000, 3600, 2d00, 3900, 2100, 3700, 2c00,

3b00,
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Table 120: BSAC probability table 2
(MSB plane = 1)
Significance Probability Value of symbol ,'0' (Hexadecimal)
2800, 2800, 2500, 2900, 2600, 2700, 2300, 2a00,
2700, 2800, 2400, 2800, 2500, 2600, 2200,
Table 121: BSAC probability table 3
(MSB plane = 2)
Significance Qecode_d Probability Value of symbol ,'0* (Hexadecimal)
higher bits '
5 zero 3d0o, 3d0o, 3300, 3d00, 3300, 3b00, 3300, 3d00,
3200, 3b00, 3100, 3e00, 3700, 3c08, 3300,
3700, 3a00, 2800, 3b00, 2600, 2c0Q0;, 2400, 3a00,
2500, 2b00, 2400, 3100, 2300, 2900, 2300, 3000,
2c00, 1d00, 2200, 1a00, 1c00, 1600, 2700, 2200,
1a00, 1d00, 1900, 1c00, 1e00, 2c00, 2400, 1900,
1 zero 1e00, 1f00, 1c00, 2b00, 2400, 2900, 2700, 2400,
1300, 1a00, 2000, 1800, 2300, 2500, 1f00, 2c00,
2300, 3600, 2800, 3100, 2500, 1400, 1200, 1800,
1400, 2100, 2200, 100Q0; 1e00, 3000, 2600, 1200,
2200,
non-zero 3100,
Table 122: BSAC probability table 4
(MSB plane = 2)
Significance Qecode_d Probability Value of symbol ,'0* (Hexadecimal)
higher bits '
5 zero 3900, 3a00, 2e00, 3a00, 2f00, 3400, 2a00, 3a00,
30005 3500, 2c00, 3600, 2b00, 3100, 2500,
1e00, 1d00, 1c00, 1d00, 1c00, 1d00, 1b00, 1d00,
1e00, 1e00, 1a00, 1e00, 1c00, 1d00, 1b00, 1a00,
1a00, 1800, 1800, 1800, 1700, 1700, 1800, 1a00,
1700, 1700, 1900, 1800, 1600, 1700, 1600, 1500,
1 zere 1700, 1800, 1600, 1c00, 1700, 1900, 1700, 1500,
1c00, 1500, 1600, f00, 1800, 1400, 1700, 1a00,
1a00, 1e00, 1800, 1c00, 1b00, 1500, 1300, 1500,
1400, 1600, 1500, 1700, 1600, 1b00, 1800, 1400,
1400,
non-zero 3600,
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Table 123: BSAC probability table 5
(MSB plane = 3)
Significance Qecode_d Probability Value of symbol ,'0* (Hexadecimal)
higher bits '
2 Sarn 3d0o, 3d0o, 3200, 3d0o, 3300, 3d0o, 3600, 3d0o,
3000, 3c00, 3000, 3100, 300, 100, >d00,
3c00, 3d0o, 2b00, 3d00, 2900, 3500, 2c00, 3d00;
2b00, 3400, 2b00, 3800, 2b00, 3700, 2a00, 3900,
3400, 2400, 2a00, 1c00, 1f00, 1600, 3500, 2500,
1a00, 2a00, 2200, 2b00, 2a00, 3500, 2600, 1a00,
5 zero 2600, 2500, 2700, 3500, 2d00, 3800, 3200, 2e00,
1800, 1600, 2900, 2500, 3100, 2c00, 2300, 3600,
3000, 3c00, 3300, 3b00, 3400, 1700, 1a00, 1c00,
1900, 2900, 2a00, 2400, 2700, 3c00, 3600, 1do0o,
3100,
non-zero 3100,
3400, 3800, 2700, 3900, 2700, 200, 2200, 3800,
2500, 2d00, 2000, 3300, 2000, 2900, 1e00, 2b00,
2300, 1a00, 1a00, 1b00, 1800, 1700, 1e00, 1c00,
1b00, 1c00, 1b00, 1a00, 1800, 1d0o, 1b00, 1800,
1 zero 1900, 1b00, 1a00, 1d0o0, 1e00, 1f00, 1b00, 1e00,
1200, 1400, 1a00, 1300, 1c00, 1b00, 1900, 2000,
1e00, 3000, 2900, 2d00; 2500, 1300, 1700, 1400,
1300, 1e00, 1f00, 1100, 1900, 2100, 1e00, 1500,
1a00,
non-zero 2a00, 2b00, 2800,
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Table 124: BSAC probability table 6
(MSB plane = 3)
Significance Qecode_d Probability Value of symbol ,'0* (Hexadecimal)
higher bits '
2 Sarn 3800, 3a00, 2doo, 3a00, 2doo, 3600, 2doo, 3a00,
2000, 3600, 2pb00, 3a00, 2600, 5600, 2700,
2b00, 3000, 2500, 2f00, 2600, 2doo, 2400, 3000;
2500, 2b00, 2400, 2doo, 2500, 2800, 2500, 2a00,
2900, 2300, 2200, 1e00, 1b00, 1900, 2600, 2300,
1f00, 1do0o, 2200, 1b00, 1800, 2100, 2100, 1d00,
5 zero 1d0o, 1f00, 1f00, 2900, 2600, 2a00, 21004 2300,
1800, 1a00, 1d00, 2000, 1c00, 1a00, 1e00, 2900,
2800, 2f00, 2300, 2f00, 2600, 1d00, 1700, 1d00,
1c00, 1e00, 2100, 1700, 2200, 2300, 2300, 1400,
1a00,
non-zero 3000,
1900, 1900, 1900, 1b00, 1700, 1h00, 1a00, 1000,
1900, 1600, 1800, 1e00, 1900, 1a00, 1700, 1b00,
1700, 1500, 1500, 1500, 1700, 1400, 1900, 1700,
1600, 1600, 1200, 1300, 1200, 1600, 1500, 1500,
1 zero 1300, 1600, 1600, 1c00, 1400, 1700, 1600, 1400,
1400, 1400, 1500, 1400, 1300, 1300, 1500, 1800,
1600, 1f00, 1a00, 1eQ0, 1800, 1700, 1600, 1600,
1300, 1400, 1300, 1100, 1500, 1600, 1500, 1200,
1300,
non-zero 2b00, 2800, 2700,
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Table 125: BSAC probability table 7
(MSB plane = 4)
Significance Qecode_d Probability Value of symbol ,'0* (Hexadecimal)
higher bits '
MR Sarn 3d0o, 3d0o, 3500, 3e00, 3500, 3f00, 3b00, 3e00,
3200, 3100, 3a00, 3100, 3000, o100, 3b00,
3f00, 3f00, 3200, 3f00, 3500, 3e00, 3700, 3f00;
2d00, 3c00, 3000, 3f00, 3700, 3e00, 3400, 300,
3900, 2600, 200, 1e00, 2400, 1500, 3700, 3100,
1b00, 2600, 2300, 3a00, 3900, 3e00, 2b00; 2200,
MSB-1 zero 2800, 2f00, 2500, 3e00, 3700, 3e00, 3d00; 3900,
1a00, 3300, 2500, 2800, 3c00, 3800, 2¢00, 3d0o,
3800, 3f00, 3b00, 3f00, 3a00, 1e00, 1b00, 1800,
1800, 3b00, 3a00, 1200, 200, 3f00, 3b00, 1b00,
3500,
non-zero 2100,
3c00, 3e00, 3000, 3e00, 3100, 3a00, 3100, 3d0o,
2c00, 3900, 2e00, 3c00, 2d0o, 3c00, 3100, 3d0o,
3100, 2100, 2c00, 2600, 2800, 1d0o0, 2b00, 2800,
2800, 2400, 2200, 2100, 2300, 2doo, 2500, 1f00,
MSB-2 zero 2100, 2b00, 2700, 3200, 2d00, 3400, 2a00, 3500,
1800, 1800, 1f00, 1e00, 2e00, 2a00, 2400, 3000,
2b00, 3e00, 3d0o, 3d00; 3a00, 1e00, 2b00, 2600,
1900, 3400, 3500, 1c00, 2600, 3300, 2a00, 1c00,
2b00,
non-zero 2800, 2900, 24Q0,
3500, 3b00, 2900, 3b00, 2a00, 3100, 2700, 3b00,
2600, 200, 2400, 3400, 2300, 2d00, 2000, 3300,
2700, 1c00, 2400, 1c00, 1c00, 1900, 2700, 2800,
1b00, 1d0g; 2000, 1b00, 1a00, 2300, 1d00, 1700,
Others zero 1e00, 2400, 2100, 2b00, 2100, 2800, 2000, 2300,
1b00, 1500, 1b00, 1400, 1a00, 1a00, 2000, 2a00,
2200, 3700, 2f00, 3200, 2a00, 1700, 1700, 1600,
1900, 2500, 2300, 1500, 1900, 2500, 2200, 1400,
1b00,
non-zero 2d0o, 2500, 2300, 2500, 2500, 2600, 2400,
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Table 126: BSAC probability table 8
(MSB plane = 4)

Significance h?geﬁg:jggs Probability Value of symbol ,'0' (Hexadecimal)
MR Sarn 3b00, 3c00, 3400, 3c00, 3400, 3a00, 3000, 3c00,
3200, 3a00, 3100, 3c00, 3000, 3900, 2100,
3500, 3800, 2c00, 3900, 2c00, 3400, 2b00, 3800;
2e00, 3400, 2doo, 3600, 2a00, 3300, 2800, 3100,
3100, 2600, 2900, 2000, 2300, 1f00, 2doo, 2600,
2000, 2600, 2300, 2500, 2100, 2c00, 2400, 1d00,
MSB-1 zero 2500, 2400, 2400, 3000, 2800, 3000, 29004 2200,
1e00, 1c00, 2500, 1d00, 2300, 2300, 2500, 3300,
2c00, 3700, 2b00, 3400, 2c00, 1e00, 100, 2100,
1b00, 2900, 2a00, 1d00, 2600, 3200, 2a00, 2000,
2400,
non-zero 3200,
2900, 2e00, 2600, 2f00, 2600, 2d00, 2600, 2e00,
2500, 2b00, 2600, 2f00, 2300, 2a00, 2300, 2800,
2800, 2100, 2400, 2000, 2000, 1b00, 2400, 1f00,
1c00, 2100, 2200, 1d00, 1c00, 1f00, 1c00, 1900,
MSB-2 zero 1e00, 2100, 2100, 2900, 2200, 2300, 2100, 1c00,
1a00, 1a00, 2100, 2100, 1c00, 1c00, 1f00, 2700,
2500, 2doo, 2700, 2a00; 2300, 1c00, 1d00, 1a00,
1a00, 1b00, 1d00, 1800, 2000, 2300, 1f00, 1900,
1c00,
non-zero 2b00, 2900, 2800,
1c00, 1e00, 1b00, 1e00, 1c00, 1e00, 1900, 1a00,
1f00, 1f00, 1900, 2000, 1a00, 1f00, 1700, 1b00,
1a00, 1900, 1800, 1900, 1800, 1600, 1900, 1a00,
1900, 1700, 1800, 1700, 1800, 1600, 1700, 1400,
Others zero 1600, 1800, 1a00, 1c00, 1c00, 1c00, 1700, 1700,
1500, 1500, 1600, 1600, 1500, 1400, 1700, 1b00,
1a00, 2300, 1c00, 1d00, 1a00, 1600, 1600, 1500,
1400, 1800, 1500, 1300, 1700, 1900, 1600, 1400,
1400,
non-zero 2800, 2500, 2500, 2700, 2500, 2600, 2500,
Table 127: BSAC probability table 9
(MSB plane = 5)
Significance Qecode_d Probability Value of symbol ,'0* (Hexadecimal)
higher bits '
MSB 2610 3d00, 3e00, 3300, 3e00, 3500, 3e00, 3700, 3e00,
3400, 3e00, 3500, 3f00, 3d0o, 3f00, 3c00,
zero same as BSAC probability table 8 (see Table 126)
MSB-1
non-zero 2e00,
MSB-2 ZET0 Same as BSAC probability table 8 (see Table 176)
non-zero 2900, 2a00, 2700,
MSB-3 zero same as BSAC probability table 8 (see Table 126)
non-zero 2d0o, 2500, 2400, 2500, 2400, 2500, 2300,
zero same as BSAC probability table 8 (see Table 126)
Others NON-ZEro 2800, 2500, 2300, 2300, 2200, 2200, 2200, 2200,
2200, 2200, 2200, 2100, 2000, 2200, 2100,
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Table 128: BSAC probability table 10
(MSB plane =5)
Significance Qecode_d Probability Value of symbol ,'0* (Hexadecimal)
higher bits '
MR Sarn 3b00, 3c00, 3400, 3c00, 3200, 3900, 2e00, 3doo,
3400, 3900, 2100, 3c00, 2000, 3/00, 2000,
MSB-1 zero same as BSAC probability table 8 (see Table 126)
non-zero 3100,
MSB-2 zero same as BSAC probability table 8 (see Table 126)
non-zero 2b00, 2a00, 2900,
MSB-3 zero same as BSAC probability table 8 (see Table 126)
non-zero 2700, 2600, 2500, 2500, 2500, 2200, 2200,
Others zero same as BSAC probability table 8 (see Table(1:26)
NON-ZEro 2200, 2300, 2300, 2300, 2200, 2300,

2200, 2200, 2200, 2200, 2200,

Table 129: BSAC probability table 11
same as BSAC probability table 10, but MSB’plahe = 6

Table 130: BSAC probability table 12
same as BSAC probability table/11, but MSB plane = 6

Table 131: BSAC probability table 13
same as BSAC probability table 10, but MSB plane = 7

Table 132: BSAC probability table 14
same as BSAC probability table 11, but MSB plane = 7

Table 133: BSAC probability table 15
same as BSAC probability table 10, but MSB plane = 8

Table 134: BSAC probability table 16

same as BSAC probability table 10, but MSB plane = 9

Table 135: BSAC probability table 17

same as BSAC probability table 10, but MSB plane = 10
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Table 136: BSAC probability table 18
same as BSAC probability table 10, but MSB plane = 11

Table 137: BSAC probability table 19
same as BSAC probability table 10, but MSB plane = 12

Table 138: BSAC probability table 20
same as BSAC probability table 10, but MSB plane = 13

Table 139: BSAC probability table 21
same as BSAC probability table 10, but MSB-plane = 14

Table 140: BSAC probability table 22
same as BSAC probability table 10, but MSB plane = 15

8.4 Low delay coding mode

8.4.1 Introduction

The low delay coding functionality provides‘the ability to extend the usage of generic low bitrate audio coding to
applications requiring a very low delay of:the encoding / decoding chain (e.g. full-duplex real-time communications).

This subpart specifies a low delay audio coder providing a mode with an algorithmic delay not exceeding 20 ms.

The overall algorithmic delay of a general audio coder is determined by the following factors:

Frame length
For block-based. processing, a certain amount of time has to pass to collect the samples belonging to one block

Filterbankydelay
Use of an~analysis-synthesis filterbank pair causes a certain amount of delay.

Leok-ahead for block switching decision
Due to the underlying principles of the block switching scheme, the detection of transients has to use a certain
amount of “look-ahead” in order to ensure that all transient signal parts are covered properly by short windows.

Use of bit reservoir
While the bit reservoir facilitates the use of a locally varying bitrate, this implies an additional delay depending
on the size of the bit reservoir relative to the average bitrate per block.

The overall algorithmic delay can be calculated as
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NFrrame + NFe + Niook _ ahead + Nbitres
Fs

taelay =

where Fs is the coder sampling rate, Nrrame is the frame size, NFB is the delay due to the filterbank (s), Niook_ahead
corresponds to the look-ahead delay for block switching and Nbitres is the delay due to the use of the bit reservoir.

The basic idea of the low delay coder is to make use of the tools defined in 14496-3 as far as possible. The low
delay codec is derived from the MPEG-4 AAC LTP object type, i.e. a coder consisting of the low complexity(AAC
codec plus the PNS (Perceptual Noise Substitution) and the LTP (Long Term Predictor) tools.

Figure 13 shows the overall structure of the decoder.

parcor coefficients
; — ; ; constructed
bitstream Bitsream | | [Inverse Y TNS rtir(1)1esir;nei
demultiplexer quanti zation Inverse N nthesis > Inverse | | Overlap >
— FSS yn filter bank and.add
Filter
v
TNS
adyss [ Filterbank @] P2V lg
! buffer
Filter
............................................................. 7y
. pitchlag

Legend: ___y qpectral information
----- » sideinformation

Figure 13: Decoder structure

Figure 14 shows the overall structure of the encoder.

127


https://standardsiso.com/api/?name=a9ee787e3d63fbfd2f1b016282f48d62

ISO/IEC 14496-3:1999/Amd.1:2000(E)

OISO/IEC

$.4.2.1

Bitstream syntax

Table 141: Syntax of Itp_data() for low delay codec

This part defines the syntax of the low delay codec.

The field for the LTP lag (Itp_lag)\isTeduced in size from 11 to 10 bits.

A field is added (Itp_lag_update) allowing to keep the previous Itp_lag value.
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acoustic  fee-eeee L R s
model|
Figure 14: Encoder structure
8.4.2 Syntax

The bitstream syntax for the low delay GA codec is identical to the syntax used for the AAC LTP object type as
defined in IS 14496-3 with the exception oflltp_data() which is modified as follows:

128

}

Syntax No. of bits  Mnemonic
ltp) datal()
{
Itp_lag_update; 1 uimsbf
if (Itp_lag_update ) {
Itp_lag; 10 uimsbf
} else {
ltp_lag = Itp_prev_lag;
}
Itp_coef; 3 uimsbf
for ( sfb = 0; sfb < max_sfb; sfb++) {
Itp_long_used[sfb]; 1 uimsbf
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In order to retrieve the Itp_data in case of AAC_LD, the ics_info defined in IS 14496-3 must be extended to:

Table 142: Syntax of ics_info()

Syntax No. of bits  Mnemonic
ics_info()
{
ics_reserved_bit; 1 bslbf
window_sequence; 2 uimsbf
window_shape; 1 uimsbf
if( window_sequence == EIGHT_SHORT_SEQUENCE ) {
max_sfb; 4 uimsbf
scale_factor_grouping; 7 uimsbf
}
else {
max_sfb; 6 uimsbf
predictor_data_present; 1 uimsbf
if (predictor_data_present) {
if ( (audioObjectType == 1) {
predictor_reset; 1 uimsbf
if (predictor_reset) {
predictor_reset_group_number; 5 uimsbf
for ( sfb = 0; sfb < min ( max_sfb,
PRED_SFB_MAX); sfb++) {
prediction_used[sfb]; 1 uimsbf
}
}
else {
Itp_data_present; 1 uimsbf
if (Itp_data_present) {
Itp_data();
}
if (common_window) {
Itp_data_present; 1 uimsbf
if (Itp_datalpresent) {
ltp ~data();
}
}
}
}
}
}
8.4.2.2 FErame length in GA specific configuration
The framelLengthFlag is interpreted as follows:
Table 143: Frame length depending on frameLengthFlag

frameLengthFlag | frame length in samples

0x0 512 (instead of 1024)

0x1 480 (instead of 960)
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8.4.3 General information

8.43.1

Definitions

(no additional definitions)

OISO/IEC

3441

§.4.4  Coder description

Frame size/window length

Table 144: Scalefactor bands for 44.1 and 48 kHz, N=480

fs [kHz] 44.1, 48
num_swb_long_win 35
dow
swb swb_offset_long_win swb-[-swb_offset_long_win
dow dow
0 0 18 88
1 4 19 96
2 8 20 108
3 12 21 120
4 16 22 132
5 20 23 144
6 24 24 156
7 28 25 172
8 32 26 188
9 36 27 212
10 40 28 240
11 44 29 272
12 48 30 304
13 52 31 336
14 56 32 368
15 64 33 400
16 72 34 432
17 80 480

The low delay codec is defined by the following modifications with respect to the standard algorithm (i.e. IS 14496-3
MAAC LTP object) to achieve low delay operation:

The length of the analysis window is reduced to 1024 or 960 time domain samples corresponding-to 512 and 480
g$pectral values, respectively. The latter choice enables the coder to have a frame size that is<commensurate with
videly used speech codecs (20 ms). The corresponding scalefactor band tables are shown-below:
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Table 145: Scalefactor bands for 44.1 and 48 kHz, N=512

fs [kHz] 44.1, 48
num_swb_long_ 36
window
swb swb_offset_long_ swb | swb_offset_long_
window window

0 0 19 92
1 4 20 100
2 8 21 112
3 12 22 124
4 16 23 136
5 20 24 148
6 24 25 164
7 28 26 184
8 32 27 208
9 36 28 236
10 40 29 268
11 44 30 300
12 48 31 332
13 52 32 364
14 56 33 396
15 60 34 428
16 68 35 460
17 76 512
18 84

Table 146: Scalefactor'bands for 32 kHz, N=480

fs [kHZ] 32
num_swb_long_ 37
window
Swb swb_offset_long_ Swb | swb_offset_long_
window window

0 0 19 88

1 4 20 96

2 8 21 104
3 12 22 112
4 16 23 124
5 20 24 136
6 24 25 148
7 28 26 164
8 32 27 180
9 36 28 200
10 40 29 224
11 44 30 256
12 48 31 288
13 52 32 320
14 56 33 352
15 60 34 384
16 64 35 416
17 72 36 448
18 80 480
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Table 147: Scalefactor bands for 32 kHz, N=512

OISO/IEC

fs [kHZ] 32
num_swb_long_ 37
window
Swb swb_offset_long_ swb | swb_offset_long_
window window

0 0 19 96

1 4 20 108
2 8 21 120
3 12 22 132
4 16 23 144
5 20 24 160
6 24 25 176
7 28 26 192
8 32 27 212
9 36 28 236
10 40 29 260
11 44 30 288
12 48 31 320
13 52 32 352
14 56 33 384
15 64 34 416
16 72 35 448
17 80 36 480
18 88 512

Table 148: Scalefactor bands\for 22.05 and 24 kHz, N=480.

132

fs [kHz] 24, 22:05
num_swb_long_ 30
window
swb swhb_offset_long_ swb | swb_offset_long_
window window

0 0 16 92
1 4 17 104
2 8 18 120
3 12 19 140
4 16 20 164
5 20 21 192
6 24 22 224
7 28 23 256
8 32 24 288
9 36 25 320
10 40 26 352
11 44 27 384
12 52 28 416
13 60 29 448
] 68 486
15 80
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Table 149: Scalefactor bands for 22.05 and 24 kHz, N=512

fs [kHz] 24, 22.05
num_swb_long_ 31
window
swb swb_offset_long_ swb | swb_offset_long_
window window

0 0 16 92

1 4 17 104
2 8 18 120
3 12 19 140
4 16 20 164
5 20 21 192
6 24 22 224
7 28 23 256
8 32 24 288
9 36 25 320
10 40 26 352
11 44 27 384
12 52 28 416
13 60 29 448
14 68 30 480
15 80 512

8.4.4.2 Block switching

Due to the contribution of the look-ahead time to the overalldelay, no block switching is used.

8.4.4.3 Window shape

As stated in the previous chapter, block switching is not used in the low delay coder to keep the delay as low a
possible. As an alternative tool to improve coding of transient signals, the low delay coder uses the window shap
switching feature with a slight modification compared to normal-delay AAC: The low delay coder still uses the sin
window shape, but the Kaiser-Bessel ‘derived window is replaced by a low-overlap window. As indicated by it
name, this window has a rather low©verlap with the following window, thus being optimized for the use of the TN{
tool to prevent preecho artefacts in*case of transient signals. For normal coding of non-transient signals the sin
window is used because of its advantageous frequency response.

O—— 00— —— 0

In line with normal-delay AAC, the window_shape indicates the shape of the trailing part (i.e. the second half) of th
analysis window. The ‘\shape of the leading part (i.e. the first half) of the analysis window is identical to th
window_shape of the last block.

P—®

Table 150: window depending on window_shape

window_shape window
0x0 sine
Ox1 low-overlap
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The low-overlap window is defined by:

10 i =0.3xN/16- 1
— \
-I-sinep(l BN/ +05)U 5 /16,5 /16 - 1
. B N/4 H

W(i)=i1 i = 5xN/16..11 XN/ 16 - 1
R \
.I.sin?p(' ON/I6+0.HU 1) N /16,13 /16 - 1
'8 N/4 H
lo i =13 xN/16..N - 1

vith N =1024 or N = 960.

8.4.4.4 Bitreservoir use

Use of the bit reservoir is minimized in order to reach the desired target delay. As one extreme case, no bit
fleservoir is used at all.

8.4.45 Tables for temporal noise shaping (TNS)

The following tables specify the value of TNS_MAX_BANDS for the low delay coder:

Table 151: TNS_MAX_BANDS in:¢case of 480 samples per frame

Sampling Rate ¢p, TNS MAX BANDS
48000 31
44100 32
32000 37
24000 30
22050 30

Table152: TNS_MAX_BANDS in case of 512 samples per frame

Sampling Rate | TNS MAX BANDS
48000 31
44100 32
32000 37
24000 31
22050 31

2]3.4.4.6 Further differences

Since the low delay codec is derived from the GA object, all used tools are defined already and the standard
bitstream syntax is used. In addition, the following optimizations of the LTP tool apply:

The size of the LTP delay buffer size is scaled down proportionally with the frame size. Thus, the size is 2048
and 1920 samples for frame sizes of N=512 and N=480, respectively.

Accordingly, the field for the LTP lag (Itp_lag in Iltp_data()) is reduced in size from 11 to 10 bits.
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Due to the high consistency of the LTP lag for many signals, one additional bit is introduced signaling that the
lag of the previous frame is repeated (Itp_lag_update==0). Otherwise, a new value for the Itp lag is transmitted
(Itp_lag_update==1).

8.4.4.7 Adaptation to systems using lower sampling rates

mrocrialnt appll\lallul 1o1L IIICl._y T ||cucoocuy W IIILCHIC{I.C uIrc 1Uvv UCICly Ut TLUOUUTT TTiu di't auuiv DyOLCIII IuIIIIIIIU Al 1TUvwW
sampling rates (e.g. 16 kHz) while the nomnial sampling rate of the bitstream is much higher (e.g. 48 KHz7
corresponding to an algorithmic codec delay of approx. 20 ms). In such cases, it is favorable to decode the(outpU
of the low delay codec directly at the target sampling rate rather than using an additional sampling rate conyersion
operation after decoding.

—

This can be approximated by appropriate downscaling of both, the frame size and the sampling-rate, by som
integer factor (e.g. 2, 3), resulting in the same time/frequency resolution of the codec. For_éxample, the code
output can be generated at 16 kHz sampling rate instead of the nominal 48 kHz by retaining-only the lowest thir
(i.e. 480/3=160) of the spectral coefficients prior to the synthesis filterbank and reducing the.inverse transform siz
to one third (i.e. window size 960/3=320).

o~

—

As a consequence, decoding for lower sampling rates reduces both memory and tcemputational requirements, bu
may not produce exactly the same output as a full-bandwidth decoding, followed\by band limiting and sample rat
conversion.

\17

Please note that decoding at a lower sampling rate, as described aboveydoes not affect the interpretation of levelq,
which refers to the nominal sampling rate of a low delay coder bitstream:-

8.5 AAC Error resilience

8.5.1 Overview of tools

The virtual codebooks (VCB11) tool can extend the part of the bitstream demultiplexer that decodes the sectionin
information. The VCB11 tool gives the opportunity t0 detect serious errors within the spectral data of an MPEG-{
AAC bitstream.

=

The input of the VCB11 tool is:
The encoded section data using-virtual codebooks
The output of the VCBL11 tool is:

The decoded sectioning information as described in ISO/IEC 14496-3, subpart 4 (GA)

\17

The reversible variable length coding (RVLC) tool can replace the part of the noiseless coding tool that decodes th
Huffman and DPCM coded scalefactors. The RVLC tool is used to increase the error resilience for the scalefacto
data within an-MPEG-4 AAC bitstream.

=

The inputiof'the RVLC tool is:

The noiselessly coded scalefactors using RVLC

The output of the RVLC tool is:

The decoded integer representation of the scalefactors as described in ISO/IEC 14496-3, subpart 4 (GA)

The Huffman codeword reordering (HCR) tool can extend the part of the noiseless coding tool that decodes the
Huffman coded spectral data. The HCR tool is used to increase the error resilience for the spectral data within an
MPEG-4 AAC bitstream.

The input of the HCR tool is:
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The sectioning information for the noiselessly coded spectra as described in ISO/IEC 14496-3, subpart 4 (GA)

The noiselessly coded spectral data in an error resilient reordered manner

The length of the longest codeword within spectral_data

lanath-af acteal _dato

Tha n afcn o
LI RAYS IL,IIULII JT \JHL:\;U ul_uuLu
The output of the HCR tool is:

The quantized value of the spectra as described in ISO/IEC 14496-3, subpart 4 (GA)

8.5.2 Bitstream payload

Table 153: Syntax of individual_channel_stream ()

Syntax No. of bits

Mnemonic

individual_channel_stream ( common_window, scale flag )
{
global_gain; 8
if (! common_window && ! scale_flag ) {
ics_info ();
}

section_data ();
scale_factor_data ();
pulse_data present; 1
if ( pulse_data_present ) {
pulse_data ();

}
if (!scale_flag) {
tns_data_present; 1
if (tns_data_present ) {
tns_data ();
}

gain_control_data_present; 1
if ( gain_control_data_present ) {

gain_control_data();
}

if (! aacSpectralDataResilienceFlag ) {
spectral_dataQ);
}

else {
length."of reordered_spectral_data; 14
length_of longest_codeword,; 6
reordered_spectral_data ();

uimsbf

uimsbf

uimsbf

uimsbf

uimsbf
uimsbf
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Table 154: Syntax of section_data ()

Syntax No. of bits  Mnemonic
section_data()
if (window_sequence == EIGHT_SHORT_SEQUENCE ) {
sect esc val=(1<<3)-1;
J
else {
sect esc val=(1<<5)-1;
}
for (g = 0; g < num_window_groups; g++ ) {
k=0;
i=0;
while (k <max_sfb) {
if (aacSectionDataResilienceFlag )
sect_cb[g][i]; 5 uimsbf
else {
sect_cb[g][i]; 4 uimsbf
sect_len = 0;
if (! aacSectionDataResilienceFlag ||
sect_ cbh <11 || (sect _cb> 11 && sect cb < 16)){
while (sect_len_incr == sect_esc_val) { 3/5 uimsbf
sect_len += sect_esc_val,
}
}
else {
sect_len_incr =1;
}
sect_len += sect_len_incr;
sect_start[g][i] = k;
sect_end[qg][i] = k + sect_len;
for ( sfb = k; sfb < k + seet’len; sfb++) {
sfb_cb[g][sfb] = sect cb[g][i];
k += sect_len;
i++;
}
num_sec[g]=\k
}
}
Table 155: Syntax of scalefactor_data ()
Synatax No. of bits Mnemonic
Seale_factor_data()
if (! aacScalefactorDataResilienceFlag ) {
noise pcm flag = 1:

for (g = 0; g < num_window_groups; g++ ) {
for ( sfb = 0; sfb < max_sfb; sfb++) {
if ( sect_cb[g][sfb] = ZERO_HCB) {
if (is_intensity ( g, sfb) ) {
hcod_sf[dpcm_is_position[g][sfb]l; 1..19 viclbf
}

else {
if (is_noise(g, sfb) ) {
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if ( noise_pcm_flag ) {
noise_pcm_flag = 0;

dpcm_noise_nrg[g][sfb]; 9 uimsbf
}
else {
hcod_sf[dpcm_noise_nrg[g][sfb]l; 1..19 viclbf
}
}
else {
hcod_sf[dpcm_sf[g][sfb]]; 1..19 viclbf
}
}
}
}
}
}
else {
intensity _used = 0;
noise_used = 0;
sf_concealment; 1 uimsbf
rev_global_gain; 8 uimsbf
length_of_rvlc_sf; 11/9 uimsbf

for (g = 0; g < num_window_groups; g++ ) {
for ( sfb=0; sfb < max_sfb; sfb++) {
if ( sect_cb[g][sfb] = ZERO_HCB) {
if (is_intensity ( g, sfb) ) {
intensity _used = 1;

rvic_cod_sf[dpcm_is_position[g][sfb]]; 1.9 viclbf
}
else {
if (is_noise(g,sfb) ) {
if (! noise_used)H{
noise_used =1;
dpcm_poise_nrg[g][sfb]; 9 uimsbf
}
else {
nvl¢_cod_sf[dpcm_noise_nrg[g][sfb]]; 1.9 viclbf
}
}
else {
rvic_cod_sf[dpcm_sf[g][sfb]]; 1.9 viclbf
}
1
}
}
}
if-(intensity_used ) {
rvic_cod_sf[dpcm_is_last_position]; 1.9 viclbf
}
sf_escapes_present; 1 uimsbf
if (sf_escapes_present ) {
Ipngfh_nf_r\/ln_ncr‘alnpc; o3 uimshbf

for (g = 0; g < num_window_groups; g++ ) {
for ( sfb = 0; sfb < max_sfb; sfb++) {
if ( sect_cb[g][sfb] = ZERO_HCB) {
if (is_intensity ( g, sfb ) &&
dpcm_is_position[g][sfb] == ESC_FLAG ) {
rvic_esc_sf[dpcm_is_position[g][sfb]l; 2..20 viclbf
}

else {
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if (is_noise (g, sfb) &&
dpcm_noise_nrg[g][sfb] == ESC_FLAG ) {
rvic_esc_sf[dpcm_noise_nrg[g][sfb]]; 2..20 viclbf
}
else {
if (dpcm_sflg][sfb] == ESC_FLAG ) {
rvic_esc_sf[dpcm_sf[g][sfb]]; 2..20 viclbf
}
}
}
}
}
}
if (intensity_used &&
dpcm_is_position[g][sfb] == ESC_FLAG ) {
rvic_esc_sf[dpcm_is_last_position]; 2..20 viclbf
}
if (noise_used ) {
dpcm_noise_last_position; 9 uimsbf
}
}
}
Table 156: Syntax of reordered(spectral_data ()
Syntax No. of bits Mnemonic
reordered_spectral_data ()
{
/* complex reordering, see tool description, of Huffman
codeword reordering */
}

8.5.3 Tool descriptions
8.5.3.1  Virtual codebooks for AAC section data

8.5.3.1.1 Tool descrigtion

17

Virtual codebooks are)used to limit the largest absolute value permitted within a certain scale factor band wherg
escape values areZallowed, i. e. where codebook 11 is used originally. This tool allows 17 different codeboo
indices (11, 16:281) for the escape codebook. All these codebook indices refer to codebook 11. They ar
therefore called virtual codebooks. The difference between these codebook indices is the allowed maximum @
spectral valtes belonging to the appropriate section. Due to this, errors within spectral data resulting in too large
spectral values can be located and the according spectral lines can be concealed.

\17

=)

D

8.5.3.1.2 Decoding process

Within ISO/IEC 14496-3, subpart 4 (GA), section 5 (General Information), subclause 5.2 (Decoding of the GA
bitstream payloads), sub-subclause 5.2.3 (Decoding of an individual_channel_stream (ICS) and ics_info), sub-sub-
subclause 5.2.3.2 (Decoding process) has to be applied. The paragraph (Recovering section_data ()) needs to be
extended as follows:

If the aacSectionDataResilienceFlag is set, sect_len is not transmitted but is set to one per default in case the
codebook for a section is 11 or in the range of 16 and 31.
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8.5.3.1.3 Tables

In section 6 (GA-Tool Descriptions), subclause 6.3 (Noiseless coding), sub-subclause 6.3.4 (Tables), table 6.2
(Spectrum Huffman codebooks parameters) needs to be extended as follows:

Table 157: Spectrum Huffman codebooks parameters

Codebook | unsigned_cb[i] | Dimension of LAV for codebook Codebook listed
number, i codebook in Table

0 - - 0 -

1 0 4 1 A2
2 0 4 1 A.3
3 1 4 2 A4
4 1 4 2 A5
5 0 2 4 A6
6 0 2 4 A7
7 1 2 7 A.8
8 1 2 7 A.9
9 1 2 12 A.10
10 1 2 12 All
11 1 2 16 (with ESC 8191) A.12
12 - - (reserved) -

13 - - perceptual nojse_substitution -

14 - - intensity aut-of-phase -

15 - - intensity in-phase -

16 1 2 16 (w/o ESC 15) A.12
17 1 2 16 (with ESC 31) A.12
18 1 2 16 (with ESC 47) A.12
19 1 2 16 (with ESC 63) A.12
20 1 2 16 (with ESC 95) A.12
21 1 2 16 (with ESC 127) A.12
22 1 2 16 (with ESC 159) A.12
23 1 2 16 (with ESC 191) A.12
24 1 2 16 (with ESC 223) A.12
25 1 2 16 (with ESC 255) A.12
26 1 2 16 (with ESC 319) A.12
27 1 2 16 (with ESC 383) A.12
28 1 2 16 (with ESC 511) A.12
29 1 2 16 (with ESC 767) A.12
30 1 2 16 (with ESC 1023) A.12
31 1 2 16 (with ESC 2047) A.12

$.5.3.2 RVLCfor AAC scalefactors

8.5.3.2:1VTool description

VLC (reversible varlable length codlng) is used instead of Huffman coding to achleve entropy codlng of the

the n0|seless codlng tool deflned in ISO/IEC 14496-3, subpart 4 (GA), WhICh aIIows decodlng error re5|I|ent
encoded scalefactor data.

RVLC enables additional backward decoding. Some error detection is possible in addition because not all hodes of
the coding tree are used as codewords. The error resilience performance of the RVLC is as better as smaller the
number of codewords. Therefore the RVLC table contains only values from -7 to +7, whereas the original Huffman

codebook contains values from -60 to +60. A decoded value of £7 is used as ESC_FLAG. It signals that an escape
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value exists, that has to be added to +7 or subtracted from -7 in order to find the actual scalefactor value. This
escape value is Huffman encoded.

It is necessary to transmit an additional value in order to have a starting point for backward decoding for the DPCM
encoded scalefactors. This value is called reversible global gain. If intensity stereo coding or PNS is used,
additional values are also necessary for them. The length of the RVLC bitstream part has to be troansmitted to
allow backward decoding. Furthermore the length of the bitstream part containing the escape codewords should b

transmitted to keep synchronization in case of bitstream errors.

8.5.3.2.2 Definitions
The following bitstream elements are available within the bitstream, if the GASpecificConfig enables the-RVLC tool

sf_concealment is a data field that signals whether the scalefactors of the last frame are similar to
the current ones or not. The length of this data field is 1 bit.

rev_global_gain contains the last scalefactor value as a start value for thé’hackward decoding. The
length of this data field is 8 bits.

length_of_rvic_sf is a data field that contains the length of the current RVLC data part in bits,
including the DPCM start value for PNS. The-length of this data field depends on
window_sequence: If window_sequence ==EIGHT_SHORT_SEQUENCE, the
field consists of 11 bits, otherwise it consists of 9 bits.

rvic_cod_sf RVLC word from the RVLC table usedfor coding of scalefactors, intensity position
or noise energy.

o7

sf_escapes_present is a data field that signals whether there are escapes coded in the bitstream or not
The length of this data is.1bit.

length_of_rvilc_escapes is a data field that contains the length of the current RVLC escape data part in bits.
The length of this*data is 8 bits.

rvic_esc_sf Huffman codeword from the Huffman table for RVLC-ESC-values used for coding
values larger'than +6.

dpcm_is_last_position DPCM-value allowing backward decoding of intensity stereo data part. It is the
symmetric value to dpcm_is_position.

dpcm_noise_last_positiont, DPCM value allowing backward decoding of PNS data part. The length of this data
is 9 bit. It is the symmetric value to dpcm_noise_nrg.

8.5.3.2.3 Decodingyprocess

Within ISO/IEC14496-3, subpart 4 (GA), section 6 (GA-Tool Descriptions), subclause 6.2 (Scalefactors), subclaus
6.2.3 (Decoding process), subclause 6.2.3.2 (Decoding of scalefactors) has to be applied. The following
paragraphs.-have to be added:

\17

In case" of error resilient scalefactor coding, a RVLC has been used instead of a Huffman code. The decodin
process of the RVLC words is the same as for the Huffman codewords; just another codebook has to be used. Thi
eodebook uses symmetric codewords. Due to this it is possible to detect errors, because asymmetric codeword

0

are 1legal. Furthermore, decoding can be started at both sides. 10 allow backward decoding, an addiional value 1s
available within the bitstream, which contains the last scalefactor value. In case of intensity an additional codeword
is available, which allows backwards decoding. In case of PNS an additional DPCM value is available for the same
reason.

A decoded value of +7 is used as ESC_FLAG. It signals that an escape value exists, that has to be added to +7 or
subtracted from -7 in order to find the actual scalefactor value. This escape value is Huffman encoded.
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8.5.3.24

Tables

Table 158: RVLC codebook

OISO/IEC

index| length| codeword
-7 7 65
-5 8 129
-4 6 33
-3 5 17
-2 4 9
-1 3 5
0 1 0
1 3 7
2 5 27
3 6 51
4 7 107
5 8 195
6 9 427
7 7 99

Table 159: Asymmetric (forbidden).codewords

length | codewaord
6 50

96
256
194
98
52
426
212

[ec] [{eR N} &N Fo o) [{e ] LN
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Table 160: Huffman codebook for RVLC escape values

index length| codeword index length| codeword
0 2 2 27 20 473482
1 2 0 28 20 473483
2 3 6 29 20 473484
3 3 2 30 20 473485
4 4 14 31 20 473486
5 5 31 32 20 473487
6 5 15 33 20 473488
7 5 13 34 20 473489
8 6 61 35 20 473490
9 6 29 36 20 473491
10 6 25 37 20 473492
11 6 24 38 20 473493
12 7 120 39 20 473494
13 7 56 40 20 473495
14 8 242 41 20 473496
15 8 114 42 20 473497
16 9 486 43 20 473498
17 9 230 44 20 473499
18 10 974 45 20 473500
19 10 463 46 20 473501
20 11 1950 47 20 473502
21 11 1951 48 20 473503
22 11 925 49 19 236736
23 12 1848 50 19 236737
24 14 7399 51 19 236738
25 13 3698 52 19 236739
26 15 14797 53 19 236740

8.5.3.3 Huffman Codeword Reordering for AAC spectral data

8.5.3.3.1 Tool description

The Huffman codeword reordering.(HCR) algorithm for AAC spectral data is based on the fact that some of th
codewords can be placed at known positions so that these codewords can be decoded independent of any errg
within other codewords. Therefore, this algorithm avoids error propagation to those codewords, the so-calle
priority codewords (PCW).)*To achieve this, segments of known length are defined and those codewords ar
placed at the beginning.of these segments.

—C—®

1=

The remaining codewords (non-priority codewords, non-PCW) are filled into the gaps left by the PCWs using
special algorithrthat minimizes error propagation to the non-PCWs codewords.

This reordering algorithm does not increase the size of spectral data.

Before “applying the reordering algorithm itself, a pre-sorting process is applied to the codewords. It sorts all
codewords depending on their importance, i. e. it determines the PCWSs.

8.5.3.3.2 Definitions
The following bitstream elements are available within the bitstream, if the GASpecificConfig enables the HCR tool.
length_of_reordered_spectral_data is a 14-bit data field that contains the length of spectral data in bits. The

maximum value is 6144 in case of a single_channel_element, a
coupling_channel_element and a Ife_channel_element and 12288 in case of a

143


https://standardsiso.com/api/?name=a9ee787e3d63fbfd2f1b016282f48d62

ISO/IEC 14496-3:1999/Amd.1:2000(E) OISO/IEC

channel_pair_element. Larger values are reserved for future use. If those values
occur, current decoders have to replace them by the valid maximum value.

length_of_longest_codeword is a 6-bit data field that contains the length of the longest codeword available within
the current spectral data in bits. This field is used to decrease the distance
between protected codewords. Valid values are between 0 and 49. Values
between 50 and 63 are reserved for future use. If those values occur, current

decoders have to replace them by 49.

.5.3.3.3 Bitstream structure

.5.3.3.31 Pre-sorting

ithin ISO/IEC 14496-3, subpart 4 (GA), clause 5 (General Information), subclause 5.2 (Decoding of the GA
itstream Payloads), subclause 5.2.3 (Decoding of an individual_channel_stream (ICS) and cgs’ info), subclause
.2.3.5 (Order of spectral coefficients in spectral data), is not valid if this tool is used. Instéad, the procedure
escribed in the following paragraphs has to be applied:

For explanation of the pre-sorting steps the term “unit” is introduced. A unit covers four spectral lines, i. e. two two-
dimensional codewords or one four-dimensional codeword.

In case of one long window (1024 spectral lines per long block, one long bleck per frame), each window contains
256 units.

In case of eight short windows (128 spectral lines per short blocks eight short blocks per frame), each window
¢ontains 32 units.

fFirst pre-sorting step:

Units representing the same part of the spectrumiare collected together in temporal order and denoted as
unit group. In case of one long window, each unit group contains one unit. In case of eight short windows,
each unit group contains eight units.

Unit groups are collected ascending invspectral direction. For one long window, that gives the original
codeword order, but for eight short windows a unit based window interleaving has been applied.

Using this scheme, the codewords representing the lowest frequencies are the first codewords within
spectral data for both, long and'short blocks.

Table 161 shows an example output of the first pre-sorting step for short blocks, assuming two-dimensional
codebooks for windew-0, 1, 6, and 7 and four-dimensional codebooks for window 2, 3, 4, and 5.

$econd pre-sorting step:

The more“enérgy a spectral line contains, the more audible is its distortion. The energy within spectral lines
is relatéd-to the used codebook. Codebooks with low numbers can represent only low values and allow only
small. errors, while codebooks with high numbers can represent high values and allow large errors.

TPherefore, the codewords are pre-sorted depending on the used codebook. If the error resilient section data
is used, the order is 11, 31, 30, 29, 28, 27, 26, 25, 24, 23, 22, 21, 20, 19, 18, 17, 16, 9/10, 7/8, 5/6, 3/4, 1/2.
If the normal section.data-is ||Qnd1 the order is 11, /1 Q, 7/91 '—'\/R’ Q/A, 1/2. _This order is based on the I:\rgncf

absolute value of the tables. This second pre-sorting step is done on the described unit by unit base used in
the first pre-sorting step. The output of the first pre-sorting step is scanned in a consecutive way for each
codebook.

Assigning numbers to units according the following metric can perform these two pre-sorting steps:

codebookPriority[32] = {x,0,0,1,1,2,2,3,3,4,4,21,X,X,X,X,5,6,7,8,9,10,11,12,13,14,15,16,17,18,19,20}
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assignedUnitNr = ( codebookPriority[cb] * maxNrOfLinesInWindow
+ nrOfFirstLinelnUnit ) * MaxNrOfwindows + window

with:

codebookPriority[cb] codebook priority according the second pre-sorting step.

maxNrOfLinesInWindow constant number: 1024 in case of one long window and 128 in case of eight short
windows

nrOfFirstLinelnUnit a number between 0 and 1020 in case of one long window and between 0.and 124
in case of eight short windows (this number is always a multiple of four)

maxNrOfWindows constant number: 1 in case of one long window and 8 in case of gight short
windows

window always 0 in case of one long window, a number between-0 and 7 in case of eight

short windows
and sort the units in ascending order using these assigned unit numbers.

Encoder note: In order to reduce audible artifacts in case of errors within spectral data it is strongly recommended
to use codebook 11 only if necessary!

8.5.3.3.3.2 Derivation of segment width

The segment widths depend on the Huffman codebook used.<Fhey are derived as the minimums of the (codeboo
dependent) maximum codeword length and the transmitted-longest codeword length:

segnentWdth = min ( maxOwlen, |ength_of _| ongest_codeword )

Table 162 shows the values of maxCwLen depending on the Huffman codebook.

8.5.3.3.3.3 Order of Huffman codewords in spectral data

17

Figure 15 shows the general scheme;of the segmentation and the arrangement of the PCWs. In this Figure 15, five
segments can be provided to protect codewords from section 0 and section 1 against error propagation. Segmen
widths are different, because the length of the longest possible codeword depends on the current codebook.

—

The writing scheme for the non-PCWs is as follows (PCWs have been written already):

The proposed scheme introduces the term set. A set contains a certain number of codewords. Assuming N is th
number of segments; all sets except the last one contain N codewords. Non-PCWs are written consecutively int
these sets. Dueto the pre-sorting algorithm set one contains the most important non-PCWSs. The importance
the codewards-stored within a set is the smaller the higher the set number.

= o

Sets ate written consecutively. Writing of a set might need several trials.

First trial: The first codeword of the current set is written into the remaining part of the first segment, the second
codeword into the remaining part of the second segment and so on. The last codeword of the current set is written

into the remaining part of the last segment.

Second trial: The remaining part of the first codeword (if any) is written into the remaining part of the second
segment, the remaining part of the second codeword (if any) into the remaining part of the third segment and so on.
The remaining part of the last codeword (if any) is written into the remaining part of the first segment (modulo shift).

If a codeword does not fit into the remaining part of a segment, it is only partly written and its remaining part is
stored. At least after a maximum of N trials all codewords are completely written into segments.

145


https://standardsiso.com/api/?name=a9ee787e3d63fbfd2f1b016282f48d62

ISO/IEC 14496-3:1999/Amd.1:2000(E) OISO/IEC

If one set was written completely, writing of the next set starts. To improve the error propagation behavior between
consecutive sets, the writing direction within segments changes from set to set. While PCWs are written from left
to right, codewords of set one are written from right to left, codewords of set two are again written from left to right
and so on.

8.5.3.3.34 Encoding process

The structure of the reordered spectral data cannot be described within the C like syntax commonly used.
Therefore, Figure 16 shows an example and the following c-like description is provided:

* hel per functions */

oi d I nitReordering(void);

/* Initializes variables used by the reordering functions |ike the segnment
wi dths and the used offsets in segnments and codewords. */

oi d | nitRemai ni ngBi t sl nCodewor d(voi d);
/* Initializes remainingBitslnCodeword[] array for each codeword with
the total size of the codeword. */

iilnt  WiteCodewordToSegnent (codewor dNr, segnment Nr, direction);

/* Wites a codeword or only a part of a codeword indexed by codewordNr
to the segnment indexed by segnentNr with a given direction.
Wite offsets for each segnent are handled internally.
The function returns the nunber of bits witten to the seghent.
This nunber may be | ower than the codeword | ength.
Wit eCodewor dToSegnent handl es already witten parts of~the codeword
internally. */

oid Toggl eWiteDirection(void);
/* Toggles the wite direction in the segnents between forward and backward. */

* (input) variables */
Eun’oerd@odev\nrds; /* 15 in the exanple */

urmber OF Segnent s; /* 6 in the exanple */
urmber OF Set s; /* 3 in the exanple *¥

Reor der Spect ral Dat a()

I ni t Reordering();
I ni t Renai ni ngBi t sl nCodewor d() ;

/* first step: wite PCW (set 0) */

witeDirection = forward;

for (codeword = 0; codeword < nunber O Segnents; codeword ++) {
Wit eCodewor dToSegnent'(codeword, codeword, writeDirection);

}

/* second step:Cwrite nonPCW */
for (set = 1,56t < nunberF Sets; set++) {
Toggl eWidgebi'rection();
for (trifal¥= 0; trial < nunmberO Segrments; trial++) {
for_Ceodewor dBase = 0; codewordBase < nunber Of Segnents; codewor dBase++) {
segnent (trial + codewordBase) % nunber O Segrents;
codewor d codewor dBase + set *nunber O Segnent s;

if (remaini ngBi t sl nCodewor d[ codewor d] > 0) {

remaininalB

segnent ,
writeDi rection);
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8.5.3.3.4 Decoding process

Within ISO/IEC 14496-3, subpart 4 (GA), section 5 (General Information), subclause 5.2 (Decoding of the GA
Bitstream Payloads), subclause 5.2.3 (Decoding of an individual_channel_stream (ICS) and ics_info), subclause
5.2.3.2 (Decoding process), has to be applied. The paragraph (Decoding an individual_channel_stream (ICS))
needs to be extended as follows:

In the individual_channel_stream, the order of decoding is:
get global_gain
get ics_info (parse bitstream if common information is not present)
get section_data, if present
get scalefactor_data, if present
get pulse_data, if present
get tns_data, if present
get gain control data, if present
get length_of reordered_spectral_data, if present
get length_of longest_codeword, if present
get reordered_spectral_data, if present.
Within ISO/IEC 14496-3, subpart 4 (GA), section 5 (General Information), subclause 5.2 (Decoding of the GA
Bitstream Payloads), subclause 5.2.3 (Decoding.of-an individual_channel_stream (ICS) and ics_info), subclaus

5.2.3.2 (Decoding process) has to be applied. The paragraph (spectral_data () parsing and decoding) needs to b
extended as follows:

——=>

If the HCR tool is used, spectral data dées not consist of consecutive codewords anymore. Concerning HCR, th¢
whole data necessary to decode two or four lines are referred as codeword. This includes Huffman codeword, sig
bits, and escape sequences.

=

Within ISO/IEC 14496-3, subpart 4 (GA), section 6 (GA-Tool Descriptions), subclause 6.3 (Noiseless coding), sub
subclause 6.3.3 (Decoding process) has to be applied. The following paragraphs have to be added:

\17

Decoding of reordered ‘spectral data cannot be done straightforward. The following c-like description shows th
decoding process!

/* hel per flunctions */
voi d | ni t Reordering(void);
/* lpikializes variables used by the reordering functions |ike the segnment
windt hs and the used offsets in segnents and codewords */

v0i.d | ni t Remai ni ngBi t sl nSegnent (voi d);
/* Initializes remainingBitslnSegnment[] array for each segnment with the

total si1ze or the segnent */

int DecodeCodeword(codewordNr, segnent Nr, direction);
/* Try to decode the codeword i ndexed by codewordNr using data al ready read
for this codeword and using data fromthe segnent index by segment Nr.
The read direction in the segnent is given by direction.
DecodeCodeword returns the nunber of bits read fromthe i ndexed segnent. */

voi d MoveFr onSegrent ToCodewor d( codewor dNr, segnent Nr, bitlLen, direction);
/* Move bitLen bits fromthe segnent indexed by segmentNr to the codeword
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i ndexed by codewordNr using direction as read direction in the segnent.
The bits are appended to existing bits for the codeword and the codeword
length is adjusted. */

voi d Adj ust O f set sl nSegnent (segnent Nr, bitLen, direction);
/* Li ke MoveFronSegnment ToCodeword(), but no bits are noved. Only the offsets
for the segnent indexed by segmentNr are adjusted according bitLen and
direction, */

oi d Mar kCodewor dAsDecoded( codewor dNr) ;
/* Marks the codeword i ndexed by codewordNr as decoded. */

hool Codewor dl sNot Decoded( codewor dNr) ;
/* Returns TRUE if the codeword indexed by codewordNr is not decoded. */

oi d Toggl eReadDi recti on(void);
/* Toggles the read direction in the segnents between forward and backward. *{

* (input) variables */
Eun’oerd@odev\or ds;

urber OF Segnent s;
urber OF Set s;

DecodeReor der edSpect r al Dat a()

I ni t Reordering();
I ni t Renai ni ngBi t sl nSegnent () ;

/* first step: decode PCW (set 0) */
readDirection = forward;
for (codeword = 0; codeword < nunber O Segnents; codeword++) {
cwLen = DecodeCodewor d(codeword, codeword, readDirection);
if (cwLen <= remaini ngBitslnSegment [ codewor d}.) {
Adj ust O f set sl nSegnent (codeword, cwLen, readDi rection);
Mar kCodewor dAsDecoded( codewor d) ;

remai ni ngBi t sl nSegnent [ codewor d] -= ewle@n;
el se {
/* error !l (PCW do always fitsinto segnents) */

}
}

/* second step: decode nonPQ&-*/
for (set = 1; set < nunber® Sets; set++) {
Toggl eReadDi rection();
for (trial = 0; trials nunberOf Segrents; trial ++) {
for (codewordBase. = 0; codewordBase < nunber O Segrnents; codewor dBase++) {
segnent (txiJal + codewordBase) % nunber Of Segnents;
codewor d codewor dBase + set *nunber O Segnent s;

i f (Codewordl sNot Decoded( codeword) &&
(¢ emai ni ngBi t sl nSegnent [ segnent] > 0)) {
cwktenl nSegment = DecodeCodewor d( codeword, segment, readDirection);
if~ (cwLenl nSegnent <= remnai ni ngBi t sl nSegnent [ segrment]) {
Adj ust O f set sl nSegnent (segnent, cwlLenl nSegnent, readDirection);
Mar k Codewor dAsDecoded( codewor d) ;

remai ni ngBi t sl nSegnment [ segnent] -= cwLenl nSegmnent ;
}
erse /" onty part of Ccodewor a1 1T Segment 7
MoveFr onSegnment ToCodewor d( codewor d,
segnent,

remai ni ngBi t sl nSegnent [ segnent |,
readDirection);
remai ni ngBi t sl nSegnent [ segnent] = O;

}
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}
}

8.5.3.3.5 Tables

ISO/IEC 14496-3:1999/Amd.1:2000(E)

Table 161: Example output of the first pre-sorting step for short blocks, assuming two-dimensional
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Table 162: Values of maxCwLen depending on the Huffman codebook
codebook maximum codeword length
(maxCwLen)
0 0
1 11
2 9
3 20
4 16 QQ
5 13 (19
6 11 N
7 14 O
8 12 ((\
9 17 O)\?‘
10 14 QQ)
11 49 N
16 14 o X
17 17 QQD
18 21 W
19 21 r\b‘
20 25 ne
21 25 R\
22 29 O
23 29
24 29 0‘\ B
25 29,
26 33"
27 {33
28 SO 33
29 ~ 37
30 N 37
31 RS i 41
N
O
$.5.3.3.6 Figures X
\’\\\\E
original spectral_dag()
| section : section 1 section 2 section 3

spectral_data()

section 0, table n is used

segment width
for section 0

section 1, table m is used———>}

segment width
for section 1

- codewords not infiluenceda Dy errors within otner codeworas (FCWS)

D Remaining codewords (non-PCWs)
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set0 setl set 2
1 2 | 3 | 4 | 5 |6 7 |8|9|10|11| 12 13 14 15
write PCWs (set 0)
1 2 3 A [~ I~
1 2 3 | 4 5 E‘
> —> > > > .

set 1, trial O (writingcw 7 in seg 1, cw 8 in seg 2, cw 9 in seg 3, cw 10 in seg 4, cw 11 in seg 5, cw 12 in seg 6); store cw 7h

1 2 3 4 5 6
1 7a 2 | | 8 3 | | 9| 4 | | 10 5 | |11 6 | 12 '
> > «——» - - . -

set 1, trial 1 (writing cw 7 in seg 2)

1 2 3 4 5 6
1 7a 2 |7b|8 3 | |9 4 | |1o 5 | |11 6| 12 '
> > < > - - pf . -

set 2, trial O (writing cw 13 in seg 1, cw 14 in seg 2, cw 15 in seg 3); store cw 13, cw/44) ¢w 15b

1 2 3 4 5 6
1 7a 2 |7b|8 3 |15a|9 4 | |1o 5 | |11 6| 12 '
> > < N - -— > <> -

set 2, trial 1 (writing cw 13 in seg 2, cw 14 in seg 3, cw 15 in seg 4); Store cw 13, cw 14

1 2 3 4 5 6
1 7a 2 |7b|8 3 |15a|9 4 |15b|10 5 | |11 6| 12 '
> > >4 I > - -

set 2, trial 2 (writing cw 13 in seg 3, cw 14 in seg 4),"Store cw 13, cw 14

set 2, trial 3 (writing cw 13 in seg 4, cw 14 in.§eg 5); store cw 13, cw 14b

1 2 3 4 5 6
1 7a 2 |7b|8 3 |15a|9 4 |15b| 10 5 |14a|11 6| 12
> > [ I > o> -—

set 2, trial 4 (writing cw 13%in seg 5, cw 14 in seg 6); store cw 13

1 2 3 4 5 6
1 1a 2 |7b| 8 3 |15a|9 4 |15b| 10 5 |14a|11 6 |14b| | 12
e > S S > > «—
set 2, trialh\b (writing cw 13 in seg 6)
1 2 3 4 5 6 ,
1 7a 2 |7b| 8 3 |15a|9 4 |15b| 10 5 |14a|11 6 |14b|13| 12
> > S S N N —————

Figure 16: Example for HCR encoding algorithm (only one segment width, pre-sorting has been done
before)
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9 Error protection

9.1 Overview of the tools

The error protection tool (EP tool) provides the unequal error protection (UEP) capability to the ISO/IEC 14496-3
codecs. The main features of EP tool are follows:

providing a set of error correcting/detecting codes with wide and small-step scalability, in performance and:in
redundancy

providing a generic and bandwidth-efficient error protection framework, which covers both fixed-length frame
bitstreams and variable-length frame bitstreams

providing a UEP configuration control with low overhead

The stream type ERROR_PROTECTION_STREAM is defined. This stream consists of error protection frames.

The basic idea of UEP is to divide the frame into sub-frames according to the bit grror sensitivities (these sub-
frames are referred to be as classes in the following subclauses), and to protect these sub-frames with appropriate
strength of FEC and/or CRC. If this would not be done, the decoded audio qualitynis determined by how the most
error sensitive part is corrupted, and thus the strongest FEC/CRC has to be applied to the whole frame, requiring
much more redundancy.

In order to apply UEP to audio frames, the following information is required:

Number of classes

2. Number of bits each class contains

3. The CRC code to be applied for each class, which.can be presented as a number of CRC bits

4. The FEC code to be applied for each class

This information is called as “frame configuration parameters” in the following sections. The same information is
Wised to decode the UEP encoded frames; thus they have to be transmitted. To transmit them effectively, the frame
structures of MPEG-4 audio algorithms_have been taken into account for this EP tool.

'he MPEG-4 audio frame structure can be categorized into three different approaches from the viewpoint of UEP
application:

All the frame configurations are constant while the transmission (as CELP).
2. The frame configurations are restricted to be one of the several patterns (as Twin-vVQ).

3. Most ofthe parameters are constant during the transmission, but some parameters can be different frame by
framé (as AAC).

o utilize these characteristics, the EP tool uses two paths to transmit the frame configuration parameters. One IS
the out-of-band signaling, which is the same way as the transmission of codec configuration parameters. The
parameters that are shared by the frames are transmitted through this path. In case there are several patterns of
configuration, all these patterns are transmitted with indices. The other is the in-band transmission, which is made
by defining the EP-frame structure with a header. Only the parameters that are not transmitted out-of-band are
transmitted through this path. With this parameter transmission technique, the amount of in-band information, which
is a part of the redundancy caused by the EP tool, is minimized.
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With these parameters, each class is FEC/CRC encoded and decoded. To enhance the performance of this error
protection, an interleaving technique is adopted. The objective of interleaving is to randomize burst errors within the
frames, and this is not desirable for the class that is not protected. This is because there are other error resilience
tools whose objective is to localize the effect of the errors, and randomization of errors with interleaving would have
a harmful influence on such part of bitstream.

The outline of the EP encoder and EP decoder is figured out in Figure 17 and Figure 18

Audio Codec

(as side info.

Class Information

to the bitstream)

Audio Bitstreams
(data for each class)

ErrorProtection_Specificinfo()

A A 4

Y

" CRC R v
° encoder o CRC
Control v encoieY
PR SRCPC or RS R *
. encoder ® [SRGPCorRs
7| “encoder
l Header . ¥
— Interleavér |
A
SRS
encoder
Scope of EP tool
A\

ERROR® PROTECTION_STREAM

Figure 17: Outline of EP encoder
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ErrorProtection_Specificinfo) ERROR_PROTECTION_STREAM
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A 4 A
SRS
decoder
v
— De-interleaver
l Header l
SRCPC or RS
e | decoder ®e v
hd I SRCPC or RS
Control v "|  decoder
» CRC l
. decoder ®e
Ld CRC
"|  decoder
Scope of EP tool Audio Bitstreams/
Class Error Check

AA Al

Audio Codec

Figure 18: Outline of EP decoder

9.2 Syntax

9.2.1 Error protection specific configuration

This part defines the syntax of the specific configuration for error protection.
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Table 163: Syntax of ErrorProtectionSpecificConfig()

Syntax No. of bits Mnemonic
ErrorProtectionSpecificConfig()
{
number_of_predefined_set; 8 uimsbf
interleave_type; 2 uimsbf
bit_stuiiing, 3 amsoT
number_of concatenated frame; 3 uimsbf
for (1= 0;i<number_of predefined_set; i++) {
number_of class]i]; 6 uimsbf
for (j=0;j <number_of class][i]; j++) {
length_escapelil[jl; 1 uimsbf
rate_escapeli][j]; 1 uimsbf
crclen_escape[i][j]; 1 uimsbf
if (number_of _concatenated_frame != 1) {
concatenate_flag[i][j]; 1 uimsbf
}
fec_type[il[jl; 2 uimsbf
if( fec_type]i][jl] == 0) {
termination_switch[i][j]; 1 uimsbf
}
if (interleave_type == 2) {
interleave_switch[i][j]; 2 uimsbf
}
class_optional; 1 uimsbf
if (length_escape[i]]==1){ /*ESC™¥*
number_of_bits_for_length[i][j} 4 uimsbf
}
else {
class_length[i][j]; 16 uimsbf
}
if (rate_escapeli][jl '= 1 )¥{> /* not ESC */
class_rate]i][jl; 5 uimsbf
}
if (crclen_escapefi]lj] '=1){ /* not ESC */
class_crcleni][jl; 5 uimsbf
}
class_reordered_output; 1 uimsbf
if ( class~reordered output == 1) {
for (0j = 0; j < number_of classi]; j++) {
class_output_orderJi][j]; 6 uimsbf
1
¥
¥
header_protection; 1 uimsbf
if ( header_protection == 1) {
header_rate; 5 uimsbf
header_crclen; 5 uimsbf
}
rs_fec capability; 7 uimsbf
}

9.2.2 Error protection bitstream payloads
This part defines the syntax of the stream type ERROR_PROTECTION_STREAM which consists of error

protection frames. Note that this stream is common for all algorithms. In case this stream is transported by 14496-1
Systems, one rs_ep_frame() is mapped to one access unit.
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Table 164: Syntax of rs_ep_frame ()

OISO/IEC

Syntax No. of bits ~ Mnemonic
rs_ep frame()
ep_frame();
rs_parity_bits; Nrsparity  bslbf
I
Nrsparity: see subclause 9.4.7
Table 165: Syntax of ep_frame ()
Syntax No. of bits ~ Mnemonic
ep_frame()
if (interleave_type == 0){
ep_header();
ep_encoded_classes();
}
if (interleave_type == 1){
interleaved_frame_model; 1- bslbf
}
if (interleave_type == 2){
interleaved_frame_mode2; i bslbf
}
stuffing_bits; Nstuff bslbf
}
Table 166: Syntax of ep_header ()
Syntax No. of bits ~ Mnemonic
ep_header()
choice_of_pred,; Npred uimsbf
choice_of pred _‘parity; Npred_parity bslbf
class_attrib();
class_attrib \parity; Nattrib_parity ~ DSIbf

}

Npredythe smallest integer value greater than log2 (# of pre-defined set).

Npred_parity: See subclause 9.4.3
Nattrib_parity: See subclause 9.4.3
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Table 167: Syntax of class_attrib ()

Syntax No. of bits ~ Mnemonic

class_attrib(class_count, length_escape,
rate_escape, crclen_escape, frame_pred)

{
for(j=0; j<class_count; j++){
IT_(length_escape[frame_pred]J] == LK
class_bit_count[j]; Nbitcount  uimsbf
}
if (rate_escape[frame_pred][j] == 1){
class_code_rate]j]; 3 uimsbf
}
if (crclen_escape[frame_pred][j] == 1){
class_crc_count[j]; 3 uimsbf
}
}
if (bit_stuffing == 1){
num_stuffing_bits; 3 dimsbf
}
}
class_count: number of class forthis frame
frame_pred: selected predefined set for this frame
Table 168: Syntax of ep_encoded-classes ()
Syntax No. of bits ~ Mnemonic

ep_encoded_classes(class_count)

for(j=0; j<class_count; j++){
ep_encoded_class]j]; bslbf
}

9.3 General information

9.3.1 Definitions

ErrorProtectionSpecificConfig ():

number_of_predefinedJset The number of pre-defined set.

interleave_type

bit stuffing

This variable defines the interleave type. (interleave_type == 0) means no
interleaving, (interleave_type == 1) means intra-frame interleaving and
(interleave_type == 2) enables interleaving fine tuning for each class. For details

see subclause 9.4.8. (interleave_type==3) is reserved.

Signals whether the bit stuffing to ensure the byte alignment is used with the in-

band information or not:
1 indicates the bit stuffing is used.

Error protection specific configuration that is out-of-band information.

0 Indicates the bit stutfing Is not used. This iImplies that the configuration provided

with the out-of-band information ensure the EP-frame is byte-aligned.

number_of_concatenated_frame The number of concatenated source coder frames for the constitution of one

error protected frame.
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Table 169: concatenated frames depending on number_of_concatenated_frame

Codeword

000 001 | 010 { 011 | 100 | 101 { 110 | 111

number of concatenated frame reserved 1 2 3 4 5 6 7

number of class]i]

The number of classes for i-th pre-defined set.

length_escapeli][j]

flate_escape[i][j]

¢rclen_escapeli][j]

¢oncatenate_flag[i][j]

flec_typelil[i]

termination_switch[i][j]

interleave_switch[i][j]

¢lass_optional

If 0, the length of j-th class in i-th pre-defined set is fixed value. If 1, the length is
variable. Note that in case “until the end”, this value should be 1, and the
number_of bits_for_length[i][j] value should be O.

If 0, the SRCPC code rate of j-th class in i-th pre-defined set is fixed valte. If 1, the
code rate is signaled in-band.

If 0, the CRC length of j-th class in i-th pre-defined set is fixed value. If 1, the CRC
length is signaled in-band.

This parameter defines whether j-th class of i-th pre-defined set is concatenated or
not. O indicates “not concatenated” and 1 indicates “concatenated”. (See subclause
9.4.4)

This parameter defines whether SRCPC code{*0") or RS code (“1” or “2") are used
to protect the j-th class of i-th pre-defined/set. Note that the class length which is
signaled to be protected by RS code shall be byte aligned, in either case that the
length is signaled in the out-of-band information or that the length is signaled as in-
band information. If this field is set te*2”, it indicates that this class is RS encoded
in conjunction with next class as-0ne RS code. Note that more than two succeeding
classes have the value “2” fof this field, it means these classes are concatenated
and RS encoded as one RS.code. If this field is “1”, it indicates that this class is not
concatenated with next elass. This means this class is the last class to be
concatenated before RS encoding, or this class is RS encoded independently.

This parameter défines whether j-th class of i-th pre-defined set is terminated or not
when it is SRCRPC encoded. See subclause 9.4.6.2.

This parameter defines how to interleave j-th class of i-th pre-defined set.
0 — not'interleaved

1 <interleaved without intra-interleaving

2-—interleaved with intra-interleaving

3 — concatenated

(see subclause 9.4.8.2.2)

This flag signals, whether the class is mandatory (class_optional == 0) or optional
(class_optional == 1). This flag can be used to reduce the redundancy within
ErrorProtectionSpecificConfig. Usually it would be necessary to define 2"
predefinition sets, where N equals the number of optional classes.(See subclause
9.4.2)

mumbersof_bits_for_length[i][j] = This field exists only when the length_escape[i][j] is 1. This value shows the

number of bits for the class length in-band signaling. This value should be set
considering possible maximum length of the class.

class_lengthli][j]

class_rate[i][j]
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This field exists only when the length_escape[i][j] is 0. This value shows the
length of the j-th class in i-th pre-defined set, which is the fixed value while the
transmission.

This field exists only when the rate_escapeli][j] is 0. In case fec_typeJi][j] is O,
this value shows the SRCPC code rate of the j-th class in i-th pre-defined set,
which is the fixed value while the transmission. The value from 0 to 24 corresponds
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to the code rate from 8/8 to 8/32, respectively. In case fec_typeli][j] is 1 or 2, this
value shows the number of erroneous bytes which can be corrected by RS code
(see subclause 9.4.7). All the classes which is signaled to be concatenated with
fec_typel[i][j] shall have the same value of class_rate[i][j].

This field exists only when the crclen_escapeli][j] is 0. This value shows the CRC
length of the j-th class in i-th pre-defined set, which is the fixed value while the

class_reordered_output

class_output_order[i][j]

header_protection

header_rate, header_crclen

rs_fec_capability

rs_ep_frame()
rs_parity_bits
ep_frame()
ep_header()
ep_encoded_classes()

interleaved_frame_model

interleaved_frame_maode?2

stuffing_bits

choicel{of pred

choice_of pred_parity

transmission. The value should be 0 — 18, which represents CRC length 0, 1, 2,3,
4,5,6,7,8,9, 10,11, 12, 13, 14, 15, 16, 24 or 32. (See subclause 9.4.8.2.2)

If this value is “1”, the classes output from ep decoder is re-ordered. If “O\nd such
processing is made. See subclause 9.4.9.

This field only exists when class_reordered_output is set to “1”, to, signal the order
of the class after re-ordering. The j-th class of i-th pre-defined setis output as
(class_output_order[i][j])-th class from ep decoder. See subglause 9.4.9.

This value indicates the header error protection mode,-0,indicates the use of basic
set of FEC, and 1 indicates the use of extended header’error protection, as defineg
in subclause 9.4.3. The extended header error pretection is applied only if the
length of the header exceeds 16 bits.

These values have the same semantics with.class_rate[i][j] and class_crclen[i][j[
respectively, while these error protectionis utilized for the protection of header part.

This field indicates the correction capability of SRS code to protect the whole frame
(see subclause9.4.7). This capability is given as number of erroneous bytes that
can be corrected. The value/0*indicates SRS is not used.

Reed-Solomon error protected frame that is applied Reed-Solomon code.

The Reed-Solomondparity bits for ep_frame(). See subclause 9.4.7.

error protectediframe.

EP frame. header information.

TheEP encoded audio information.

The information bits after interleaving with interleaving mode 1. See subclause
9.4.1 and subclause 9.4.8.

The information bits after interleaving with interleaving mode 2. See subclause
9.4.1 and subclause 9.4.8.

The stuffing bits for the EP frame octet alignment. The number of bits Nstuff is
signaled in class_attrib(), and should be in the range of 0...7.

The choice of pre-defined set. See subclause 9.4.2.

The parity bits for choice_of pred. See subclause 9.4.2.

1 P A MY
Cldoo__dlliTu_pJarity
class_attrib()

class_bit_count]j]

Tl ok | S £ l PRI AN a) laal o 4.2

1'TIc 'JaIILy JItS TUI blabD_ClLLIIIJ\}. DCTC oUlLIAUOT J.5.4.

Attribution information for each class

The number of information bits included in the class. This field only exists in case

the length_escape in out-of-band information is 1 (escape). The number of bits of
this parameter Nbitcount is also signaled in the out-of-band information.
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class_code_rate[j] The coding rate for the audio data belonging to the class, as defined in the table
below. This field only exists in case the rate_escape in out-of-band information is 1
(escape).

Table 170: The coding rate for the audio data belonging to the class

Codeword 000 001 010 011 100 101 110 111
Puncture 8/8 8/11 8/12 8/14 8/16 8/20 8/24 8/32
Rate

Puncture | FF,00 | FF,A8 | FF,AA | FF,EE | FF,FF | FF,FF | FF,FF | FF, FF
Pattern | 00,00 | 00,00 | 00,00 | 00,00 | 00,00 | AA,00 | FF,00 | FF,FF

¢lass_crc_count[j] The number of CRC bits for the audio data belonging to the class,@s defined in the
table below. This field only exists in case the crclen_escape in put:of-band
information is 1 (escape).

Table 171: The number of CRC bits for the audio data belonging, torthe class

Codeword | 000 | 001 | 010 | 011 | 100 | 101 | }lO*| 111
CRC bits 0 6 8 10 12 14 16 32

mum_stuffing_bits the number of stuffing bits for the EP frame octet alignment. This field only exists in
case the bit_stuffing in out-of-band_ information is 1.

ép_encoded_class[j] CRC/SRCPC encoded audio data-of j-th class.
9.4 Tool description

9.4.1 Out-of-band information

In this subclause, the content of out-of band information is described. In the real transmission environment, these
arameters should be sent during the channel configuration, using such as ObjectDescriptor.

or the class length, the length of the last class can be defined as “until the end”, which means this class lasts until
e end of this frame. In the MPEG#4 systems, the systems layer guarantees the audio frame boundary by mapping
ne audio frame to one access unit. Therefore, the length of “until the end” class can be calculated from the length
f other classes and the total ER~encoded audio frame length.

This implies the following.two aspects, which should be carefully considered while generating the out-of-band
information:

The “until the~end” definition is only allowed for the last class of each pre-defined set.

If the length of the last class is fixed, this value should be set in the pre-definition file, and should not use the
“untinthe end” definition. If the decoder knows this fixed value, the decoder can find the violation of the frame
length. This may occur when the error protected audio frame is partially dropped at the de-multiplexing, or
when the choice of the pre-defined set in the error-protected audio frame is corrupted due to channel error, and
finding these violations will enhance the error resiliency.

The text file format and examples of this information can be found in the informative part.

While the flag class_optional can reduce the redundancy within ErrorProtectionSpecificConfig, the EP tool still
works with the same number of pre-defined sets. If there are N classes with (class_optional == 1), this pre-defined
set is extended to 2" pre-defined sets. Unwrapping of the predefinition sets is described within the following
subclause.
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9.4.2 Derivation of pre-defined sets

This subclause describes the post processing, whose input is ErrorProtectionSpecificConfig() with “class_optional”
switch and whose output are pre-defined sets used for the ep_frame() parameters.

General procedure:

NCOi]

=

Each pre-defined set expands 2 pre-defined sets, where NCOJi] is the number of classes Wit
(class_optional == 1) in i-th original pre-defined set. Hereafter, any class with (class_optional == 1) is referre
to as optClass.

1=

These expanded pre-defined sets start from “all the optClasses don't exist” to “all the optClasses exists”.

Algorithm:
transPred = O;
for (i =0; i <nPred; i++ ) { /* for all predefinition sets */
for (J =0; j <pow ( 2, NJi] ); j++) { [/* unwaping */
for ( k =0; k <NCJi]; k++ ) { /* for all optional classes */
if (j & ( 0x01 <<k ) ) {
opt O assExi sts[k] = 1;
}
el se {
opt G assExi sts[k] = 0;
}
}
DefineTransPred(transPred, i, optd assExists);
transPred ++;
}
}
where,

~

optClassExists[k] signals whether k-th optClass of the pre-defined set exists (1) or not (0) in the defining ney
pre-defined set.

DefineTransPred (transPred, i, optClassExists) defines transPred-th new pre-defined set used for the
transmission.:This new pre-defined set is a copy of i-th original pre-defined set, except it don
have optClasses whose optClassExists equals to O.

—

Example

ErrorProtectionSpecificConfig() defines pre-defined sets as follows:

Table 172: The example of pre-defined set

Pred #0 Pred #1
Class A | class optional=1 | Class E | class optional =1
Class B | class optional=0 | Class F | class optional =0
Class C [ class _optional =1

Class D class_optional = 0

After the pre-processing described above, the pre-defined sets used for ep_frame() becomes as follows:
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Table 173: The example of pre-defined sets after the pre-processing

Pred #0 Pred #1 Pred #2 Pred #3 Pred #4 Pred #5
Class B Class A Class B Class A Class F Class E

Class D Class B Class C Class B Class F
Class D Class D Class C
Class D

9.4.3 In-band information

[he EP frame information, which is not included in the out-of-band information, is the in-band information. The
parameters belonging to this information are transmitted as an EP frame header. The parameters are;

The choice of pre-defined set

The number of stuffing bits for byte alignment

The class information which is not included in the out-of-band information

The EP decoder cannot decode the audio frame information without these parameters, and thus they have to be
grror protected stronger than or equal to the other parts. On this error protection, the choice of pre-defined set has

to be treated differently from the other parts. This is because the length/of\the class information can be changed
}h‘ccording to which pre-defined set is chosen. For this reason, this parameter is FEC encoded independently from

e other parts. At decoder side, the choice of pre-defined set is decoded first, and then the length of the remaining
eader part is calculated with this information, and decodes that.

The FEC applied for these parts are as follows:

Basic set of FEC codes:

Table 174: Basic set off FEC codes for in-band information

Number of bit to be protected FEC code total number of bits | Length of codeword
1-2 majerity (repeat 3 times) 3-6 3
3-4 BCH(7,4) 6-7 6-7
5-7 BCH(15,7) 13-15 13-15
8-12 Golay(23,12) 19-23 19-23
13-16 BCH(31,16) 28-31 28-31
17- RCPC 8/16 + 4-bit CRC 50 - -

Extended FEC:

If a header length’exceeds 16 bits, this header is protected in the same way as the class information. The SRCPC
ode rate and-the number of CRC bits are signaled. The encoding and decoding method for this is the same as
escribed helow within the CRC/SRCPC description.

he generation polynomials for each FEC is as follows:

BCH(7,4): x>+x+1
BCH(15,7): x®+x'+x%+x*+1
Golay(23,12): XM+ +x X+

BCH(31,16): X +x" +x %X +x+x 3+ +x+x+1
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With these polynomials, the FEC (n, k) for I-bit information encoding is made as follows:

Calculate the polynomial R(x) that satisfies

MR X = QG+ RX)
M(x): Information bits. Highest order corresponds to the first bit to be transmitted

G(x): The generation polynomial from the above definition

=

This polynomial R(x) represents parity to choice_of pred or class_attrib(), and set to choice~0f pred_parity o
class_attrib_parity respectively. The highest order corresponds to the first bit. The decoder-Can perform erro
correction using these parity bits , while it is optional operation.

=

9.4.4 Concatenation functionality

EP tool has a functionality to concatenate several source coder frames to build\up a new frame for the EP tool. |
this concatenation, the groups of bits belonging to the same class in the, different source coder frames ar
concatenated in adjacent, class by class basis. The concatenated groups’ belonging to the same class is eithe
treated as a single new one class or independent class in the same manner as before the concatenation.

= (0=

The number of frames to be concatenated is signaled as number_of concatenated frame i
ErrorProtectionSpecificConfig(), and the choice whether the concatenated groups belonging to the same class i
treated as single new one class or independent class is sighgled by concatenate_flagli][j] (1 indicate “single ney
one class”, and 0 indicates “independent class”). This process’is illustrated in Figure 19.

= U=

The same pre-defined set shall be used for all concatenated frames. No escape mechanism shall be used for an
class parameter.
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Input frame 1 Input frame 2 Input frame N

» < » < »

Class0/1|Class1/1e e |ClassM/1||Class0/2|Class1/2|e e|ClassM/2 pe|ClassO/N [Class1/N p oClassM/N

l Concatenate Class Dy Class
Frame after Concatenation

< »

Class0/1|Class0/2e ¢ |ClassO/N |Class1/1|Class1/2|e e[Class1/N pe|ClassM/1|ClassM/2 e ¢ClassM/N

< >« >« » —r /Pt —>
Treat as single Treat as independent Treat as independent
(concatenate_flag[i][0]=1) (concatenate_flag[i][1]=0) (concatenate_flag[i][M]=0)
l Class restructuring
Oclass0 Oclassl |Oclass?2 |e o[OclassN pe|Oclass |Oclass » 4Oclass(P
P[M] (P[M]+1) [MT%N-1)

P J:;,m 1if concatenate_flag[i][j,=="2
i=0 Nif concatenate_flagl[i][jJ.== 0

*Qclass: Output class to be proceed for CRC/FEC encoding

Figure 19: Concatenation procedure

945 CRC

he CRC provides error detection capability. The information bits of each class is CRC encoded as a first process.
[n this tool, the following set of the CRC is defined:

1-bit CRC CRC1:  x+1

2-bit CRC CRC2:  x*+x+1

3-bit CRC CRC3:  x*+x+1

4-bit CRC CRC4:  x*+x*+{+i

5-bit CRC CRC5:  x>+xHhx+x+1
6-bit CRC CRCE-, Ko+ X +x2+x+1
7-bit CRC CRE7 :  x'+x%+x*+1

8-bit CRC-CRC8:  x+x*+x+1
9-bit'CRC CRCY :  x*+x®+x°+x°+x+1

10-bit CRC CRC10 : X %+x°+x°+x*+x+1

11-bit CRC CRC11 : x* 4+x™ +x* +x3+x+1
12-bit CRC CRC12 : x 2 +x 3 +x%+x+1
13-bit CRC CRC13 : x ¥ +x 2 +x x5+ x°+x +x%+1

14-bit CRC CRC14 : x*+x3+x° +x3+x%+1
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15-bit CRC CRC15 : X +x * +x  4+x 0+ +x8+x%+1
16-bit CRC CRC16 : x'+x™+x°+1
24-bit CRC CRC24 : x**+x%3+x5+x°+x+1

32-hit CRC CRC32 - x®2 4% +323 432 x4y 0B TP+ 1

With these polynomials, the CRC encoding is made as follows:

Calculate the polynomial R(x) that satisfies
MEOX" = Q)G(X) + R(x)
M(x): Information bits. Highest order corresponds to the first bit to be transmitted
G(x): The generation polynomial from the above definition
k: The number of CRC bits.
With this polynomial R(x), the CRC encoded bits W(X) is represented as:

W(x) = M(X)x* + R(X)

Note that the value k should be chosen so that the number of CRC encoded bits does not exceed 2.

=

Using these CRC bits, the decoder should perform errordetection. When an error is detected through CRC, errg
concealment may be applied to reduce the quality degradation caused by the error. The error concealment methodl
depends on MPEG-4 audio algorithms. See the infarmal annex (example of error concealment).

9.4.6 Systematic rate-compatible punctured convolutional (SRCPC) codes

17

Following to the CRC encoding, FEC,&ncoding is made with the SRCPC codes. This subclause describes the
SRCPC encoding process.

The channel encoder is based an’a systematic recursive convolutional (SRC) encoder with rate R=1/4. The CR(
encoded classes are concatenated and input into this encoder. Then, with the puncturing procedure described i
the subclause later, we obtain a Rate Compatible Punctured Convolutional (RCPC) code whose code rate varie
for each class according te‘the error sensitivity.

=7

9.4.6.1 SRC code generation

The SRC code,is generated from a rational generator matrix by using a feedback loop. A shift register realization df
the encoderis shown in Figure 20.
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Figure 20: Shift register realization for systematic recursive convolutional encoder

To obtain the output vectors v; at each time instant t, one has to know the content of the shift registers me, m?,
m¢, m;* (corresponds to the state) and the input bit u; at time t.

We obtain the output v; @, v, ® and v,
vi?=m?AmiA uAd)
vi@=m?A mEA m2A A d)
vi?=m?AmEAm*A A d)
vith
d; = mt4 A mtz A mtl, mt4 = Upg A dua, mt3 = U3 A degy mtz = U A dio, mtl = Ut A dea

Finally we obtain for the output vector v, = (v\?, v & v¥) at time t depending on the input bit u; and the current
state m,= (m*, m?, m® my’):

Vt(l)zut

Vi@ =mfAmEA wAd)=mEAmZAm*A u
Vi@ =mAmEAmZA wAd)=miAmiA u
V9 =m?AmEAmA wAd)=mEAm2A u

vith m;= (mll, mlzy ml3y ml4) = (01 01 01 0) = Q

The initial state 4S'always 0, i.e. each memory cell contains a 0 before the input of the first information bit u.

4.6.2 <{Termination of SRC code

case the SRC coded class is indicated as terminated with termination_switch[i] in
rrorProtectionSpecificConfig(), or SRC code is used for the protection of in-band information, the SRC encoder

encoder shift register shall reset to be 0).

The tail bits following the information sequence u for returning to state m, = Q (termination) depends on the last
state m,.; (state after the input of the last information bit u,4.). The termination sequence for each state described
by m, s is given in Table 175. The receiver may use these tail bits (TB) for additional error detection.

The appendix (u,.3, Un2, Un1 Up) to the information sequence can be calculated with the following condition:
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foralltwithn-3£t£n: u A d=0

Hence we obtain for the tail bit vector u’=(uy.3, Un2, Un1, Uy) depending on the state_m, s :(mn_31, Mn.a2, Mn.g>s mn_34)

- — 4 2 1
Un-3 = dn—3 = Mps A Mn-3 A Mn-3

— — 4 2 1_ 3 1 _ 3 1
Un2 = dn—Z = My A Mp-2 A Mp2 = Mp3 A Mp_3 A 0= M3 A Mp_3

9.4.6.3

Puncturing of the output of the SRC encoder allows different rates for transmission. The puncturing tables are listed

Puncturing of SRC for, SREPC code

— — 4 3 2_ 2 _ 2
Upa = dn—l = Mpg A Mp-1 A Mp1 = M3 A 0 A 0= Mp-3

Uy = dp = M3 A 0A 0= m, 5"

Table 175: Tail bits for systematic recursive convolutional code

state | mp. | My | My | Mp | Un | Un- | Un- | UL
M3 34 33 32 3l 3 2 1
0 0 0 0 0 0| 0]0]O0
1 0 0 0 1 11101
2 0 0 1 0 1 (0|10
3 0 0 1 1 0|1 1|1
4 0 1 0 0 0| 1kO0-0
5 0 1 0 1 1| ONNO | 1
6 0 1 1 0 1440110
7 0 1 1 1 ON0 | 11
8 1 0 0 0 1" 0] 0|0
9 1 0 0 1 0O|l1]0(|1
10 1 0 1 0] 0/ 0]1]0
11 1 0 1 1 1] 1(1]1
12 1 1 0 0 1 (1010
13 1 1 0 1 0| 0]0]1
14 1 1 1 0 0|1]1]0
15 1 1 1 1 1101 ]1

in Table 176.
Table' 176: Puncturing tables (all values in hexadecimal representation)

Rater |8/8 | 8/9 | 8/10 | 8/11 | 8/12 | 8/13 | 8/14 | 8/15 | 8/16 | 8/17 | 8/18 | 8/19 | 8/20
P(@)FF | FF | FF FF FF FF FF FF FF FF FF FF FF
R(1) | 00 | 80 88 A8 AA EA EE FE FF FF FF FF FF
P(2) | 00 | 00 00 00 00 00 00 00 00 80 88 A8 AA
P() | 00 | 00 00 00 00 00 00 00 00 00 00 00 00

RateT 1812t 18/22 7 8/23 T 8/24 18251 8/26 1T 8/27 T 8/28 1T 8291830 T 8/3t 7832
P (0) FF FF FF FF FF FF FF FF FF FF FF FF
P (@) FF FF FF FF FF FF FF FF FF FF FF FF
P (2 EA EE FE FF FF FF FF FF FF FF FF FF
P (3) 00 00 00 00 80 88 A8 AA EA EE FE FF
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The puncturing is made with the period of 8, and each bit of Pr(i) indicates the corresponding vt(i) from the SRC
encoder is punctured (not transmitted) or not (transmitted). Each bit of Pr(i) is used from MSB to LSB, and 0/1
indicates not-punctured/punctured respectively. The code rate is a property of the class, thus the choice of the table
is made according which class the current bit belongs to. After this decision which bits from vt(i) is transmitted, they
are output in the order from vt(0) to vt(3).

9.4.7 Shortened Reed-Solomon codes

$hortened RS codes RS(255-1, 255-2k-I) defined over GF(28) is used to protect EP encoded frame or to protect
¢ach class. Here, k is the number of correctable errors in one RS codeword. | is for the shoytening.

First, the EP encoded frame is divided into N parts, so that its length is less than or_egual to (255-2k) octets. This
division is made from the beginning of the frame so that the length of the sub‘frame becomes (255-2k) octets,
except the last part. Then for each of N sub-frames, the parity digits are calculated. For the transmission, these N
parity digits are appended at the end of the EP frame. This process is illustrated in Figure 21.

A\t the decoder, the error correction should be performed using this SRCPC code, while it is the optional operation
and the decoder may extract the original information by just ignoring parity bits.

Pecoding of SRCPC can be achieved using Viterbi algorithm for the punctured convolutional coding.

N case RS code is used for EP for whole'frame, the correction capability of SRS code t is transmitted within the
£2k£254. The SRS code defined in-the Galois Field GS(2°) is generated from a generator polynomial g(x) = (x-

f a'is shown in the Table 177 below, where the MSB of the octet is transmitted first.

8(255-2K) 8(255-2K) 8(255:2K)

»a > g

\

Frame to be transmitted

@) @ (©)]

Figure 217 RS encoding of EP frame

ut-of-band information as rs_fec_capability. This value can be selected as an arbitrary integer value satisfying

)(x_—az)m(x-az"), where a denotes a-foot of the primitive polynomial m(x):x8+x4+x3+x2+1. The binary representative
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Table 177: Binary representation for a' (O£ i £ 254) over GF(2°)

a binary rep. a binary rep. a binary rep. a binary rep.
0 | 00000000 | a® | 10100001 | a™ | 11001100 | a™' | 01000001
a’ | 00000001 || a® | 01011111 || a® | 10000101 || a™° | 10000010
a’ | 00000010 || a® | 10111110 [[ a™ | 00010111 | a™ | 00011001
200000100 6110000t T 0010TH0——a 06110610
a> | 00001000 || a®” | 11000010 | a™' | 01011100 || a™> | 01100100
a’ | 00010000 || a®® | 10011001 | a™* | 10111000 | a™° | 11001000
a> | 00100000 || a®° | 00101111 [ ™ | 01101101 | a™’ | 10001101
a® | 01000000 || a” | 01011110 [ a™* | 11011010 || a™ | 00000111
a’ | 10000000 || a” | 10111100 || a™ | 10101001 | a™° | 00001110
a® | 00011101 | a | 01100101 || a™° | 01001111 | a®™ | 00011100
a’ | 00111010 | a” | 11001010 || a®" | 10011110 | a®™ | 00111600
a’® | 01110100 | a™ | 10001001 | a™® | 00100001 | & | 01110000
a’" | 11101000 | a™ | oooo1111 | a™ | 01000010 | a°® | 41100000
a | 11001101 [ a” | 00011110 | a* | 10000100 [ a®® [-471011101
a” | 10000111 [[ a” | o0o111100 | a** | 00010101 [ a*%*) 10100111
a™ | 00010011 | a”™ | 01111000 | &' | 00101010 |,a%"° | 01010011
a” | 00100110 | a”™ | 11110000 | &' | 01010100-| & | 10100110
a® | 01001100 | a® | 11111101 [ a™* | 10101000 a°® | 01010001
a’’ | 10011000 [ a* | 11100111 | a™ | 01001101 [ a°” | 10100010
a® | 00101101 | a** | 11010011 | a™® | 10012010 | 2™ | 01011001
a” | 01011010 [[ a®¥ | 10111011 | a™” | 00101001 [ a*** | 10110010
a”® | 10110100 [ a* | 01101011 | a*® [Co1010010 [ a*** | 01111001
a” | 01110101 || a® | 11010110 | a*®<| 10100100 [ a** | 11110010
a” | 11101010 [ a® | 10110001 [[<a™° | 01010101 [ a*** | 11111001
a” | 11001001 [ &® | o1111111:f a™' | 10101010 | a** | 11101111
a” | 10001111 [ a® | 11111270-] a™° | 01001001 [ a**® | 11000011
a” | 00000011 | a® | 11100001 | a™ | 10010010 | &'’ | 10011011
a”® | 00000110 [ a® | 11014111 | a™* | oo111001 [ a**® | 00101011
a”’ | 00001100 | a”* | 40100011 | a™ | 01110010 | & | 01010110
a”® | 00011000 || a J.'01011011 | a™°® | 11100100 [ a*®° | 10101100
a” | 00110000 [ a®®>| 10110110 | a™” | 11010101 || a*** | 01000101
a® | 01100000 [~a® | 01110001 | a™® | 10110111 [ a** | 10001010
a> | 11000000f"a™ | 11100010 | a™ | 01110011 | a®* | 00001001
a*” | 1001110 || a® | 11011001 | a™° | 11100110 [ a*** | 00010010
a> | 00100111 | a’ | 10101111 | a™ | 11010001 | a** | 00100100
a> | ot001110 || a® | 01000011 | a™ | 10111111 [ a*®° | 01001000
a> | 110011100 | a® | 10000110 | a™ | 01100011 | a**’ | 10010000
a>(]) 00100101 | ™ | ooo10001 | a™ | 11000110 | & | 00111101
a’~’| 01001010 | a™ | 00100010 | a™ | 10010001 | a**° | 01111010
a® | 10010100 [ a™ | 01000100 | a™® | oo111111 [ a®° | 11110100
a> | 00110101 [ a™® | 10001000 | a™” | 01111110 [ a®** | 11110101
a® | 01101010 [ a™ | 00001101 | a™® | 11111100 [ a** | 11110111
a™ | 11010100 [ a™® | 00011010 | a® | 11100101 || &** | 11110011
a®” | 10110101 [ a™ | 00110100 | &' | 11010111 | 2®** | 11111011
a® | 01110111 | a™ | 01101000 [ a'™* | 10110011 | 2 | 11101011
a1 11161110 a2 | 11016000 0111101t L o> | 11001641
a™ | 11000001 [ a™® | 10111101 | a*” | 11110110 || 2" | 10001011
a® | 10011111 [ a™ | 01100111 | &' | 11110001 || a** | 00001011
a’" | oo100011 [ a™ | 11001110 | a*” | 11111111 [ 2 | 00010110
a” | 01000110 | a™* | 10000001 | &' | 11100011 | a°*° | 00101100
a” | 10001100 || a™® | 00011111 | a*”” | 11011011 [ a** | 01011000
a® | 00000101 || a™* | 00111110 | a*”® | 10101011 [ a** | 10110000
a>* | 00001010 [ a™ | 01111100 | a*” | 01001011 [ a*® | 01111101
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a>> | 00010100 [ a™™® | 11111000 [ ™ | 10010110 | &°* | 11111010
a> | 00101000 | a™’ | 11101101 | ™ | 00110001 | a°® | 11101001
a>’ | 01010000 | a'® | 11000111 | a™ | 01100010 | a°* | 11001111
a> | 10100000 | a' | 10010011 | a™ | 11000100 | a**’ | 10000011
a® | 01011101 [ a™® | o0o111011 | a®™ | 10010101 [ a*® | 00011011
a>’ | 10111010 [ ™ | 01110110 | a™® | 00110111 [ a°® | 00110110
Ot a0t a1 OtetH a2 01161166
a> | 11010010 | a™ | 11000101 | a™" | 11011100 | &' | 11011000
a® | 10111001 [ a™* | 10010111 | a™ | 10100101 || a®* | 10101101
a® | 01101111 [ a® | 00110011 | a® | 01010111 || a®° | 01000111
a®” | 11011110 | a™® | 01100110 | a™° | 10101110 || a®* | 10001110

In case RS is used for UEP for each class, this is indicated by fec_type in ErrorProtectionSpecificConfig(). The
$RS code shall be applied for each class, as the same manner with SRCPC encoding. One limitation for SRS code
is that it can only be applied for the class whose length is known with ErrorProtectionSpecificConfig() or
ép_header(), i. e. SRS code cannot be applied to the class whose length is defined as “Untilthe End”.

If the target information bits for SRS code are not byte-aligned, bits with value ‘QVshall be added before SRS
eéncoding, and deleted before transmission. At the decoder side, if SRS decoding.is performed, same number of
‘D’s should be added before SRS decoding procedure, and deleted again after SRS decoding.

The decoder should perform error correction using these parity bytes, while this is an optional operation and the
decoder may ignore these parity bytes added.

Before the SRS encoding, the EP frame is divided into sub-frames 'so that the length is less than or equal to 255-
2k. The length of sub-frames are calculated with as follows:

L: The length of EP frame in octet

N: The number of sub-frames

li  The length of i-th sub-frame

N = minimum integer small than (L / (255-2k))

li = 255-2k, for i<N

L mod (255-2k), fori= N

For each of these sub-frames, the SRC parity digits with length of 2k octets are calculated using g(x) as follows:
u(x): polynomial representative of a sub-frame. Lowest order corresponds to the first octet.

p(x): polynomial representative of the parity digits. Lowest order corresponds to the first octet.

p(X)£ X7 xu(x) mod g(x)

Sr.4.8 Recursive interleaving

The interleaving is applied in multi-stage manner. Figure 22 shows the interleaving method.
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:l Protected bits
- Non-protected bits

Write Order

Figure 22: One stage of interleaving q(‘o

1%

In the multistage interleaving, the output of this one stage of interleaving is treﬁw as a non-protected part in thg
next stage. Figure 23 shows the example of 2 stage interleaving.
\\@

\"0

3-bit Protected Q

9-bit Protected
63-bit non-Protected

®®

\%

1-st s 2-nd stage on Channel
- I —— EOOO O e -
Q%

Q?‘ Figure 23: Example of multi-stage interleaving

By\gi'oosmg the width W of the interleave-matrix to be the same as the FEC code length (or the value 28 in case df
PC codes), the interleaving size can be optimized for all the FEC codes.

In actual case, the total number of bits for the interleaving may not allow to use such rectangular. In such case, the
matrix as shown in Figure 24 is used.
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Figure 24: Interleave matrix in non-rectangular case 6

9.4.8.1 Definition of recursive interleaver O_)
N

Two information streams are input to this interleaver, X; and Y;. "b

Xi, 0<=i<ly,

le 0<:j<|)’v C)

vhere I, and |, is the number of bits for each input streams X; and Y, resp %Iy. X is set to the interleaving matrix

from the top left to the bottom right, into the horizontal direction. T i is set into the rest place in vertical
direction. g\\
O
Vith the width of interleaver W, the size of interleaving matrix ié{own as Figure 25. Where,
D=(x+1)/W \\Q
QO
d=k+Il,-D*W ®®
Vhere ‘/’ indicates division by truncation. @
R\
O
O
o
* 0 o

Figure 25: The size of interleaving matrix
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The output bitstream Z, (0 < k <= I,+l,) is read from this matrix from top left to bottom right, column by column in
horizontal direction. Thus the bit placed m-th column, n-th row (m and n starts from 0) corresponds to Z, where:

k=m*D+ min(m, d) + n

In the matrix, X; is set to

m=imodW, n=i/W,

Thus Z, which is set by the X; becomes:
Zy = X;, where k = (imod W) * D + min(i mod W, d) +i /W

The bits which are set with X; in the interleaving matrix are shown as Figure 26 where:
D'=IL/W

d'=k-D*W

il

—>

d1

Figure 26: The bits which are set with Xiin the interleaving matrix

Thus, in the m-th row, Y; is set from the n-th row wheren'= D’ + (m < d’ ? 1 : 0) to the bottom. Thus Z, set by Y;j i
represented as follows:

o7

Set j to O;
for m=0to 1{
for k =m* D+ nmin(m d) +D +M<d ?21: 0) to (ml) * D+ mn(ml, d) - 1 {
Zy =Y,
j ot
}
}

9.4.8.2 Modes of interleaving

Two modes of interleaving, mode 1 and mode 2 are defined in the following subclauses.

9.4.8.2.1 Interleaving operation in mode 1

Multi-stagetinterleaving is processed for ep_encoded_class from the last class to first class, and then clas
attribution\’part of ep_header() (which is class_attrib() + class_attrib_parity), and the pre-defined part g
ep_header() (which is choice_of pred + choice_of pred_parity), as illustrated in Figure 27.

o7

=)
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Header

Interleaver

— Output

OISO/IEC

9.48.2.2

Class 0

Class 1

Interleaver

Interleaver

Class 2

Figure 27: Interleaving process of motel specification

Interleaving operation in mode 2

In mode 2, a flag indicates whether the class is processed with interleaver, and how it is interleaved. This flag
interleave_switch is signaled within the out-of-band infarmation. The value 0 indicates the class is not processed by
the interleaver. The value 1 indicates the class is intérleaved by the recursive interleaver, and the length of the
¢lass is used as the width of the interleaver. The*value 2 indicates the class is interleaved by the recursive
interleaver, and the width is set to be equalcto' 28. The value 3 indicates the class is concatenated but not
interleaved by the recursive interleaver. The interleaving operation for the ep_header is same as mode 1.

If the class is encoded with RS codes, this value is not used. Such class is interleaved with the recursive
interleaver, and the width is set to_be.the number of bytes in the class. The bits in the class are written into the
interleaving matrix by byte to byte far’each column. (See Figure 28)
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Figure 28: Interleaving matrix in Rsén\oded class case

N
O

The interleaving process to obtain interleaved_framei_\@dez is as follows (N: number of classes):

clear buffer BUF_NO/* Buffer for non- |nt\§@eaved part. */
cl ear buffer BUF_Y /* Buffer for Y|n 2 n the next stage */
for j =0to N1 {
if ( interleave_switch[i][]j]
concat enat e ep_encoded_cl ass[jb the end of BUF_NO;
}
}tBUFI\D't BUF_Y ‘\\j\~
se into ;
clear buffer BUF_NO C)\
for j = N1to 0 { .
if ( interleave_s [I1[i1 ==0) {
concat enat e ﬁ)@ncoded class[j] at the end of BUF_NO
}elself(lnt eave_switch[i][j] !'= 3){

if ( |nt% ive_switch[i][j] == 1) {

set size of the interleave windowto be the Iength of ep_encoded_class[j];
} elsebihf ( interleave_switch[i][j] == 2 ) {
the size of the interleave wi ndow to be 28;
}

@?ﬂt ep_encoded_class[j] into the recursive interleaver as X input;
é put BUF_Y into the recursive interleaver as Y input;
&Y set the output of the interleaver into BUFY;

concatenate BUF_NO at _the end ol BUF_Y,
input class_attrib() followed by class_attrib_parity into the recursive interleaver as X

i nput ;

input BUF_Y into the recursive interleaver as Y input;

set the output of the interleaver into BUFY;

i nput choi ce_of _pred foll owed by choice_of _pred_parity into the recursive interleaver as X
i nput ;

input BUF_Y into the recursive interleaver as Y input;

set the output of the interleaver into BUFY;

set BUF_Y into interl eaved_frame_node2;
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Interleave Switch ? (0: No interleaving, 1:Inter without Intra, 2: Inter with Intra)

Header *1} q
X Interleaver P~ Output
Header *2 > Ad
¥l Interleaver W=cod
=code
0 _ len(Header FEC)
X W=code
2| Class1 > len(Header FEC)
X Interleaver
1| Class 2 >
: v Interleaver
0 oW
W=code
3-Class 4 len(class 2
Concatenate ( Concatenate-
3| Class5 |--->
IConcatenat

*1 First part of Header :  class_attrib() followed by class_attrib_parity
*2 Second part of Header : choice_of_pred followed, by choice_of pred_parity

Figure 29: Interleave process with class*wise control of interleaving
The width of interleave matrix is chosen according to the\FEC used. In case block codes are used, i.e. In-band

information is protected with “Basic set of FEC codes” as'shown in Table 174, the length of the codeword is used
as this width (see subclause 9.4.3). In case the RCRE€ode is used, 28-bit is used as this width.

9.4.9 Class reordered output

EP tool has a function to re-order the class output to the audio decoder, in order to align the bitstream order as
efined for that codec, independently from the EP tool configuration and audio encoder to EP tool interface. Note

%at this interface is out of the scope 0f-this specification, and is up to the implementation, while the interface to the
udio decoder shall be aligned to,the’standard bitstream to avoid additional signaling from the encoder side.

The order of the class afterthis re-ordering is signaled as class_output_order]i][j] in the out-of-band information.

The ep decoder re-orders(the classes in the EP frame transmitted using i-th pre-defined set, so that the j-th class of
EP frame is output as (Ctass_output_order[i][j])-th class when output to the audio decoder.

10 Error resilient bitstream payloads

10.1 Overview of the tools

Error resilient bitstream payloads allow the effective usage of advanced channel coding techniques like unequal

arcar-prataction(JERY wvhich can ha narfacth, adantad 1o tha nande af tha diffarant codina toale Tha hacie i daa o
Crror TV TITCTT 154 TeCo rre—omrere o—to T

pProtc oo oTTT 5 Tt TP T e Tty oUgpPtCoto—trc—T1T Ot T CooTTY \>4ren ToToTC IO T T TS

to rearrange the conventional bitstream payload (as described in version 1 as well as within the tool descriptions in
the previous chapters) depending on its error sensitivity in one or more instances belonging to different error
sensitivity categories (ESC). This re-arrangement works either data element-wise or even bit-wise. The error
resilient bitstream payload is build by concatenating these instances.
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Figure 30: Basic principle of error resilient bitstream reordering

The basic principle is depicted in Figure 30. A bitstream, as defined in version 1 is reordered-according to the errg
sensitivity of single bitstream elements or even single bits. This new arranged bitstream is channel coded,
transmitted and channel decoded. Prior decoding, the bitstream is rearranged to (its” original order. Instead @
performing the reordering in the described way, the reordered syntax, that is the bitstream order prior the bitstream
formatter at the decoder site, is defined in this amendment.

=

—

In the subsequent sections, a detailed description of error resilient bitstream reordering for these tools can b
found.

\17

10.2 CELP

In order to describe the bit error sensitivity of bitstream elements, error sensitivity categories (ESC) are introduced.
To describe single bits of elements, the following notation iSused.

gain, x-y

Denotes bit x to bit y of element gain, whereby x is‘transmitted first. The LSB is bit zero and the MSB of an element
that consist of N bit is N-1. The MSB is always-the first bit in the bitstream.

=

The following syntax is a replacement~for CelpBaseFrame as defined in 14494-3 section 3. The syntax fo
enhancement layer for bitrate and bandwidth scalability is not affected.
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10.2.1 Syntax

10.2.1.1 Error resilient frame syntax

Table 178: Syntax of ER_CelpBaseFrame ()

OISO/IEC

p= " PN FEN
OYIldA INU., Ul IS
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ER_CelpBaseFrame()
{
if (ExcitationMode==MPE) {
if (SampleRateMode == 8kHz) {
MPE_NarrowBand_ESCO();
MPE_NarrowBand_ESC1();
MPE_NarrowBand_ESC2();
MPE_NarrowBand_ESC3();
MPE_NarrowBand_ESC4();
}
if (SampleRateMode == 16kHz) {
MPE_WideBand_ESCO0();
MPE_WideBand_ESC1();
MPE_WideBand_ESC2();
MPE_WideBand_ESC3();
MPE_WideBand_ESCA4();

}

if ((ExcitationMode==RPE) && (SampleRateMode==16kHz)) {
RPE_WideBand_ESCO();
RPE_WideBand_ESC1();
RPE_WideBand_ESC2();
RPE_WideBand_ESC3();
RPE_WideBand_ESC4();

10.2.1.2 MPE narrowband syntax

Table 179: Syntax of MPE_NarrowBand_ESCO0()

178

Syntax No. of bits Mnemonic
MPE_NarrowBand ESCO()
{
if (EineRateControl == ON) {
Interpolation_flag; 1 uimsbf
LPC_Present; 1 uimsbf
¥
rms_index, 5-4; 2 uimsbf
for (subframe = 0; subframe < nrof_subframes; subframe++) {
Shape_delay[subirame], 7; T amsoTt
}
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Table 180: Syntax of MPE_NarrowBand_ESC1()

Syntax No. of bits Mnemonic
MPE_NarrowBand ESC1()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices |0], 1-0; 2 urmsbft
Ipc_indices [1], O; 1 uimsbf
}
} else {
Ipc_indices [0], 1-0; 2 uimsbf
Ipc_indices [1], O; 1 uimsbf
}
signal_mode; 2 armsbf
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 6-5; 2 uimsbf
}
}
Table 181: Syntax of MPE_NarrowBand XESC2()
Syntax No. of bits Mnemonic
MPE_NarrowBand ESC2()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], O; 1 uimsbf
Ipc_indices [4]; 1 uimsbf
} else {
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], O; 1 uimsbf
Ipc_indices [4]; 1 uimsbf
}
rms_index, 3 1 uimsbf
for (subframe = Ossubframe < nrof_subframes; subframe++) {
shape_delay[subframe], 4-3; 2 uimsbf
gain_index[subframe], 1-0; 2 uimsbf
}
}
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Table 182: Syntax of MPE_NarrowBand_ESC3()

OISO/IEC

Syntax No. of bits Mnemonic
MPE_NarrowBand_ESC3()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [0], 3-2; 2 uimsbt
Ipc_indices [1], 2-1; 2 uimsbf
Ipc_indices [2], 5-1; 5 uimsbf
}
} else {
Ipc_indices [0], 3-2; 2 uimsbf
Ipc_indices [1], 2-1; 2 uimsbf
Ipc_indices [2], 5-1; 5 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 2-0; 3 uimsbf
shape_signs[subframe]; 3..12 uimsbf
gain_index[subframe], 2; 1 uimsbf
}
}
Table 183: Syntax of MPE_NarrowBand_ESC4()
Syntax No. of bits Mnemonic
MPE_NarrowBand ESC4()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [1], 3; 1 uimsbf
Ipc_indices [3]; 6 uimsbf
}
} else {
Ipc_indices [1], 3; 1 uimsbf
Ipc_indices [3]; 6 uimsbf
}
rms_index, 2-0 3 uimsbf
for (subframe = 0;subframe < nrof_subframes; subframe++) {
shape_ positions[subframe]; 13...32 uimsbf
gain Gndex[subframe], 5-3; 3 uimsbf
}
}
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10.2.1.3 MPE wideband syntax

Table 184: Syntax of MPE_WideBand_ESCO0()

Syntax No. of bits Mnemonic
MPE_WideBand_ESCO0()
L
if (FineRateControl == ON) {
Interpolation_flag; 1 uimsbf
LPC_Present; 1 uimsbf
if (LPC_Present == YES) {
Ipc_indices [O]; 5 uimsbf
Ipc_indices [1], 1-0; 2 uimspf
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], 4-0; 5 uimsbf
Ipc_indices [4]; 1 uimsbf
Ipc_indices [5], O; 1 uimsbf
} else {
Ipc_indices [O]; 5 uimsbf
Ipc_indices [1], 1-0; 2 uimsbf
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], 4-0; 5 uimsbf
Ipc_indices [4]; 1 uimsbf
Ipc_indices [5], O; 1 uimsbf
}
rms_index, 4-5; 2 uimsbf
}
Table 185: Syntax of MPE_WideBand_ESC1()
Syntax No. of bits Mnemonic
MPE_WideBand ESCI()
{
if (FineRateControl == ON){
if (LPC_Present ==\YES) {
Ipc_indices [1], 3-2; 2 uimsbf
Ipc_indices [2], 5; 1 uimsbf
Ipc_indices [5], 1; 1 uimsbf
Ipc \indices [6], 1-0; 2 uimsbf
}
} else’y{
[pC_indices [1], 3-2; 2 uimsbf
Ipc_indices [2], 5; 1 uimsbf
Ipc_indices [5], 1; 1 uimsbf
Ipc_indices [6], 1-0; 2 uimsbf
}
signhal_mode; 2 uimsbf
faor (el |hframn—ﬂ; suhframe < nrnf_ellhframnc; Sl |hframn-l--l-) {
shape_delay[subframe], 8-6; 3 uimsbf
}
}
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Table 186: Syntax of MPE_WideBand_ESC2()
Syntax No. of bits Mnemonic
MPE_WideBand ESC2()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices |1], 4; 1 urmsbft
Ipc_indices [3], 6; 1 uimsbf
Ipc_indices [3], 1; 1 uimsbf
Ipc_indices [5], 2; 1 uimsbf
Ipc_indices [6], 3; 1 uimsbf
Ipc_indices [7], 6; 1 uimsbf
Ipc_indices [7], 4; 1 uimsbf
Ipc_indices [7], 1-0; 2 uimsbf
Ipc_indices [9]; 1 Uimsbf
}
} else {
Ipc_indices [1], 4; 1 uimsbf
Ipc_indices [3], 6; 1 uimsbf
Ipc_indices [3], 1; 1 uimsbf
Ipc_indices [5], 2; 1 uimsbf
Ipc_indices [6], 3; 1 uimsbf
Ipc_indices [7], 6; 1 uimsbf
Ipc_indices [7], 4; 1 uimsbf
Ipc_indices [7], 1-0; 2 uimsbf
Ipc_indices [9]; 1 uimsbf
}
rms_index, 3; 1 uimsbf
for (subframe=0; subframe < nrof_subframes;subframe++) {
shape_delay[subframe], 5-4; 2 uimsbf
gain_index[subframe], 1-0; 2 uimsbf
}
}
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Table 187: Syntax of MPE_WideBand_ESC3()
Syntax No. of bits Mnemonic
MPE_WideBand ESC3()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices |3], 4-2; 3 urmsbft
Ipc_indices [3], O; 1 uimsbf
Ipc_indices [5], 3; 1 uimsbf
Ipc_indices [6], 2; 1 uimsbf
Ipc_indices [7], 5; 1 uimsbf
Ipc_indices [7], 3-2; 2 uimsbf
Ipc_indices [8], 4-1; 4 uimsbf
} else {
Ipc_indices [3], 4-2; 3 uimsbf
Ipc_indices [3], 0; 1 uimsbf
Ipc_indices [5], 3; 1 uimsbf
Ipc_indices [6], 2; 1 uimsbf
Ipc_indices [7], 5; 1 uimsbf
Ipc_indices [7], 3-2; 2 uimsbf
Ipc_indices [8], 4-1; 4 uimsbf
}
for (subframe=0; subframe < nrof_subframes; subframe++%){
shape_delay[subframe], 3-2; 2 uimsbf
shape_signs[subframe]; 3..12 uimsbf
gain_index[subframe], 2; 1 uimsbf
}
}
Table 188.Syntax of MPE_WideBand_ESC4()
Syntax No. of bits Mnemonic
MPE_WideBand ESC4()
{
if (FineRateControl ==_ON) {
if (LPC_Present == YES) {
Ipc_indi¢ces [3], 5; 1 uimsbf
Ipcindices [8], O; 1 uimsbf
}
} else {
[pc indices [3], 5; 1 uimsbf
Ipc_indices [8], O; 1 uimsbf
¥
rms_index, 2-0; 3 uimsbf
for (subframe=0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 1-0; 2 uimsbf
shape positions[subframe]; 14 ... 32 uimsbf
gain_index[subframe], 6-3; 4 uimsbf
}
}
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10.2.1.4 RPE wideband syntax

Table 189: Syntax of RPE_WideBand_ESCO()

Syntax No. of bits Mnemonic
RPE_WideBand_ESCO0()
{
if (FineRateControl == ON){
Interpolation_flag; 1 uimsbf
LPC_Present; 1 uimsbf
if (LPC_Present == YES) {
Ipc_indices [O]; 5 uimsbf
Ipc_indices [1], 1-0; 2 uimsbf
Ipc_indices [2], 6; 1 uimshf
Ipc_indices [2], 4-0; 5 uimsbf
Ipc_indices [4]; 1 uimsbf
Ipc_indices [5], O; 1 uimsbf
}
}else {
Ipc_indices [0]; 5 uimsbf
Ipc_indices [1], 1-0; 2 uimsbf
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], 4-0; 5 uimsbf
Ipc_indices [4]; 1 uimsbf
Ipc_indices [5], O; 1 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe++) {
gain_indices[0][subframe], 5-3; 3 uimsbf
if (subframe == 0) {
gain_indices[1][subframe], 4-3; 2 uimsbf
} elsef
gain_indices[1][subframe], 2; 1 uimsbf
}
}
}
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Table 190: Syntax of RPE_WideBand_ESCL1()

Syntax No. of bits Mnemonic
RPE_WideBand ESCL()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices |1], 3-2; 2 urmsbft
Ipc_indices [2], 5; 1 uimsbf
Ipc_indices [5], 1; 1 uimsbf
Ipc_indices [6], 1-0; 2 uimsbf
} else {
Ipc_indices [1], 3-2; 2 uimspf
Ipc_indices [2], 5; 1 aimsbf
Ipc_indices [5], 1; 1 uimsbf
Ipc_indices [6], 1-0; 2 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 7-5; 3 uimsbf
}
}

185


https://standardsiso.com/api/?name=a9ee787e3d63fbfd2f1b016282f48d62

ISO/IEC 14496-3:1999/Amd.1:2000(E) OISO/IEC
Table 191: Syntax of RPE_WideBand_ESC2()
Syntax No. of bits Mnemonic
RPE_WideBand ESC2()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices |1], 4; 1 urmsbft
Ipc_indices [3], 6; 1 uimsbf
Ipc_indices [3], 1; 1 uimsbf
Ipc_indices [5], 2; 1 uimsbf
Ipc_indices [6], 3; 1 uimsbf
Ipc_indices [7], 6; 1 uimsbf
Ipc_indices [7], 4; 1 uimsbf
Ipc_indices [7], 1-0; 2 uimsbf
Ipc_indices [9]; 1 Uimsbf
}
} else {
Ipc_indices [1], 4; 1 uimsbf
Ipc_indices [3], 6; 1 uimsbf
Ipc_indices [3], 1; 1 uimsbf
Ipc_indices [5], 2; 1 uimsbf
Ipc_indices [6], 3; 1 uimsbf
Ipc_indices [7], 6; 1 uimsbf
Ipc_indices [7], 4; 1 uimsbf
Ipc_indices [7], 1-0; 2 uimsbf
Ipc_indices [9]; 1 uimsbf
}
for (subframe = 0; subframe < nrof_subframes;subframe++) {
shape_delay[subframe], 4-3; 2 uimsbf
gain_index[0][subframe], 2; 1 uimsbf
if (subframe == 0) {
gain_indices[1][subframe],:2; 1 uimsbf
} elsef
gain_indices[1][subframe], 1; 1 uimsbf
}
}
}
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Table 192: Syntax of RPE_WideBand_ESC3()
Syntax No. of bits Mnemonic
RPE_WideBand_ESC3()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [3], 4-2; 3 uimsbt
Ipc_indices [3], 0; 1 uimsbf
Ipc_indices [5], 3; 1 uimsbf
Ipc_indices [6], 2; 1 uimsbf
Ipc_indices [7], 5; 1 uimsbf
Ipc_indices [7], 3-2; 2 uimsbf
Ipc_indices [8], 4-1; 4 uimspf
} else {
Ipc_indices [3], 4-2; 3 uimsbf
Ipc_indices [3], 0; 1 uimsbf
Ipc_indices [5], 3; 1 uimsbf
Ipc_indices [6], 2; 1 uimsbf
Ipc_indices [7], 5; 1 uimsbf
Ipc_indices [7], 3-2; 2 uimsbf
Ipc_indices [8], 4-1; 4 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe+¥) {
shape_delay[subframe], 2-1; 2 uimsbf
}
}
Table 193: Syntax of RPE_WideBand_ESC4()
Syntax No. of bits Mnemonic
RPE_WideBand_ESCA4()
{
if (FineRateControl == ON) {
if (LPC_Present ==¥ES) {
Ipc_indices 3], 5; 1 uimsbf
Ipc_indices‘[8], O; 1 uimsbf
}
} else {
Ipc_indices [3], 5; 1 uimsbf
Ipe~ndices [8], O; 1 uimsbf
}
for(subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], O; 1 uimsbf
shape_index[subframe]; 11,12 uimsbf
gain_index[0][subframe], 1-0; 2 uimsbf
if (subframe == 0) {
gain_indices[1][subframe], 1-0; 2 uimsbf
} elsef
gain_indices[1][subframe], O; 1 uimsbf
}
}
}
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10.2.2 General information

See ISO/IEC 14496-3 Subpart 3 speech coding - CELP

10.2.3 Tool description

N
| ==

[lata falmiln]
YOO TOUT | m— = |

10.3 HVXC

10.3.1 Syntax

(Vhen the HVXC tool is used with an error protection tool, such as an MPEG-4 EP Tool, the bit prder arranged in
ccordance with the error sensitivity shown below should be used. The HVXC with the error resilient syntax shown
elow and the 4.0 kbit/s variable bitrate mode described in clause 12 are called ER_HWXC. ErHVXCframe(),
rHVXCfixframe(), ErHVXCvarframe(), ErHVXCenhaframe(), ErHVXCenh_fixframe(), andrErHVXCenh_varframe()
re used in ER HVXC. Decoder configuration, ER_HvxcSpecificConfig() and Access Unit Payload of ER HVXC
bject are described in clause 12.

The same notation as in the CELP part is used to describe single bits of elements.
[Pefinitions of the parameters are the same as in ISO/IEC 14496-3 subpart 2 as’shown below.

Parameters used for 2/4 kbit/s

LSP1 LSP index 1 (5 bit)
LSP2 LSP index 2 (7 bit)
LSP3 LSP index 3 (5 bit)
LSP4 LSP index 4 (1 bit)
VUV voiced/uqvoiced flag (2 bit)
Pitch pitch parameter (7 bit)
SE_shapel speétrum index 1 (4 bit)
SE_shape2 spectrum index 2 (4 bit)
SE_gain spectrum gain index (5 bit)
VX_shapelj0] stochastic codebook index 0 (6 bit)
VX_shapel[1] stochastic codebook index 1 (6 bit)
VX_gainl[0] gain codebook index 0 (4 bit)
VX gainl[1] gain codebook index 1 (4 bit)

Parameters used onlyfor 4 kbit/s

LSP5 LSP index 5 (8 bit)
SE_shape3 4k spectrum index 3 (7 bit)
SE_shape4 4k spectrum index 4 (10 bit)
SE_shapeb 4k spectrum index 5 (9 bit)
SE_shape6 4k spectrum index 6 (6 bit)
VX —shape2{tt Ak-stochasticcodebook-intex© (5hit)
VX_shape2[1] 4k stochastic codebook index 1 (5 bit)
VX_shape2[2] 4k stochastic codebook index 2 (5 bit)
VX_shape?[3] 4k stochastic codebook index 3 (5 bit)
VX_gain2[0] 4k gain codebook index 0 (3 bit)
VX_gain2[1] 4k gain codebook index 1 (3 bit)
VX_gain2[2] 4k gain codebook index 2 (3 bit)
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VX_gain2[3] 4k gain codebook index 3 (3 bit)

Parameters used only for 4 kbit/s variable rate mode

UpdateFlag a flag to indicate update noise frame (1 bit)

Table 194: Syntax of ErHVXCframe()

Syntax

No. of bits  Mnemonie.

ErHVXCframe()

if (HVXCvarMode ==0) {

ErHVXCfixframe(HVXCrate);

}
else {
ErHVXCvarframe(HVXCrate);
}
}
Table 195: Syntax of ErHVXCenhaframe()
Syntax No. of bits ~ Mnemonic
ErHVXCenhaframe()
{
if (HVXCvarMode ==0) {
ErHVXCenh_fixframe();
}
else {
ErHVXCenh_varframe();
}
}
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10.3.1.1 Bitstream syntax of the fixed bitrate mode

Table 196: Syntax of ErHVXCfixframe ()

Syntax No. of bits

Mnemonic

ErHVXCfixframe(rate)
s

OISO/IEC

if(rate == 2000){
2k_ESCO();
if(VUV!I=0)1{
2kV_ESC1();
2kV_ESC2();
2kV_ESC3();
2kV_ESCA4();
}

else{
2kUV_ESC1();
2kUV_ESC2();
2kUV_ESC3();

}

}
else if (rate >= 3700){
4k _ESCO();
if(VUV!I=0)1{
4kV_ESCl1(rate);
4kV_ESC2(rate);
4kV_ESC3();
4kV_ESCA4();
}
else{
4kUV_ESCl1(rate);
4kUV_ESC2(rate);

}

10.3.1.1.1 2.0 kbit/s frame

Table 197: Syntax of 2k_ESCO()

Syntax No. of bits

Mnemonic

2k_ESCOQ

VoV, 1-0; 2

uimsbf
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Table 198: Syntax of 2kV_ESC1()

Syntax No. of bits ~ Mnemonic
2kv_ESC1()
i
LSP4, 0; 1 uimsbf
SE_gain, 4-0; 5 uimsbf
LSP1, 4-0; 5 uimsbf
Pitch, 6-1; 6 uimsbf
LSP2, 6; 1 uimsbf
}
Table 199: Syntax of 2kV_ESC2()
Syntax No. of bitS  Mnemonic
2kV_ESC2()
LSP3, 4; 1 uimsbf
LSP2, 5; 1 uimsbf
}
Table 200: Syntax of2kV_ESC3()
Syntax No. of bits ~ Mnemonic
2kV_ESC3()
SE_shapel, 3-0; 4 uimsbf
SE_shape2, 3-0; 4 uimsbf
}
Table 201: Syntax of 2kV_ESCA4()
Syntax No. of bits ~ Mnemonic
2kV_ESCA4()
LSP2, 4<0; 5 uimsbf
LSP3;:-3-0; 4 uimsbf
Pitch;-0; 1 uimsbf
}
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10.3.1.1.3 2.0 kbit/s unvoiced frame

Table 202: Syntax of 2kUV_ESC1()

OISO/IEC

Syntax No. of bits ~ Mnemonic
2kUV_ESC1()
i
LSP4, 0; 1 uimsbf
VX_gainl1[0], 3-0; 4 uimsbf
VX_gainl[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
}
Table 203: Syntax of 2kUV_ESC2()
Syntax No. of bits\&) Mnemonic
2kUV_ESC2()
LSP3, 4-3; 2 uimsbf
}
Table 204: Syntax of 2kUV ESC3()
Syntax No. of bits ~ Mnemonic
2kUV_ESC3()
{
LSP2, 2-0; 3 uimsbf
LSP3, 2-0; 3 uimsbf
VX_shapel[0], 5-0; 6 uimsbf
VX_shapel[1], 5-0; 6 uimsbf
}
10.3.1.1.4 4.0 kbit/s frame
Table 205: Syntax of 4k_ESCO()
Syntax No. of bits ~ Mnemonic
4k_ESCO()
VUVH,” 1-0; 2 uimsbf
}
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Table 206: Syntax of 4kV_ESC1()

Syntax No. of bits ~ Mnemonic
4kV_ESC1(rate)
s
LSP4, 0; 1 uimsbf
SE_gain, 4-0; 5 uimsbf
LSP1, 4-0; 5 uimsbf
Pitch, 6-1; 6 uimsbf
LSP2, 6-3; 4 uimsbf
SE_shape3, 6-2; 5 uimsbf
LSP3, 4; 1 uimsbf
LSP5, 7; 1 uimsbf
SE_shape4, 9; 1 uimsbf
SE_shapeb, 8; 1 uimsbf
if(rate>=4000){
SE_shapeb, 5;} 1 uimsbf
}
}
Table 207: Syntax of 4kV_ESC2()
Syntax No. of bits ~ Mnemonic
4kV_ESC2(rate)
SE_shape4, 8-0; 9 uimsbf
SE_shapeb, 7-0; 8 uimsbf
if(rate>=4000){
SE_shapeb, 4-0; 5 uimsbf
}
}
Table 208: Syntax of 4kV_ESC3()
Syntax No. of bits ~ Mnemonic
4kV_ESC3()
SE_shapel, 3-0; 4 uimsbf
SE_shape2, 3-0; 4 uimsbf
}
Table 209: Syntax of 4kV_ESC4()
Syntax No. of bits ~ Mnemonic
4kV_ESCA4()
s
L
LSP2, 2-0; 3 uimsbf
LSP3, 3-0; 4 uimsbf
LSP5, 6-0; 7 uimsbf
Pitch, 0; 1 uimsbf
SE_shape3, 1-0; 2 uimsbf
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10.3.1.1.6 4.0 kbit/s unvoiced frame

Table 210: Syntax of 4kUV_ESC1()

Syntax No. of bits ~ Mnemonic
4kUV_ESC1(rate)
s
LSP4, 0; 1 uimsbf
VX_gainl[0], 3-0; 4 uimsbf
VX_gainl[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4; 1 uimsbf
LSP5, 7; 1 uimshf
VX_gain2[0], 2-0; 3 uimsbf
VX_gain2[1], 2-0; 3 uimsbf
VX_gain2[2], 2-0; 3 uimsbf
if(rate>=4000){
VX_gain2[3], 2-0; 3 uimsbf
}
}
Table 211: Syntax of 4kUV_ESE2()
Syntax No. of bits ~ Mnemonic
4kUV_ESC2(rate)
{
LSP2, 2-0; 3 uimsbf
LSP3, 3-0; 4 uimsbf
LSP5, 6-0; 7 uimsbf
VX_shapel[0], 5-0; 6 uimsbf
VX_shapel[1], 5-0; 6 uimsbf
VX_shape?2[0], 4-0; 5 uimsbf
VX_shape?2[1], 4-0; 5 uimsbf
VX_shape?[2], 4-0; 5 uimsbf
if(rate>=4000){
VX_shape?2[3],4-0; 5 uimsbf
}
10.3.1.2 Bitstream syntax for the scalable mode
Bitstream syntax ef\the base layer for scalable mode is the same as that of ErHVXCfixframe(2000). Bitstream
syntax of enhancement layer, ErHVXCenhaFrame(), for scalable mode is shown below.
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Table 212: Syntax of ErHVXCenh_fixframe()
Syntax No. of bits  Mnemonic
ErHVXCenh_fixframe()
if(VUV!I=0Y
EnhV_ESC1();
ENAV_ESCZT);
EnhV_ESC3();
}
else{
EnhUV_ESC1();
EnhUV_ESC2();
}
}
10.3.1.2.1 Enhancement layer of voiced frame
Table 213: Syntax of EnhV_ESC1()
Syntax No. of bits ~ Mnemonic
EnhV_ESC1()
{
SE_shape3, 6-2; 5 uimsbf
LSP5, 7; 1 uimsbf
SE _shape4, 9; 1 uimsbf
SE_shapeb, 8; 1 uimsbf
SE_shapesb, 5; 1 uimsbf
}
Table 214: Syntax of EnhV_ESC2()
Syntax No. of bits ~ Mnemonic
EnhV_ESC2()
SE_shape4, 8-0; 9 uimsbf
SE_shapeb, 7-0; 8 uimsbf
SE_shape6,.4-0; 5 uimsbf
}
Table 215: Syntax of EnhV_ESC3()
Syntax No. of bits ~ Mnemonic
EnhhV_ESC3()
LSP5, 6-0; 7 uimsbf
SE_shape3, 1-0; 2 uimsbf
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10.3.1.2.2 Enhancement layer of unvoiced frame

Table 216: Syntax of EnhUV_ESCL1()

OISO/IEC

Syntax No. of bits ~ Mnemonic

EnhUV_ESC1()

s
LSP5, 7; 1 uimsbf
VX_gain2[0], 2-0; 3 uimsbf
VX_gain2[1], 2-0; 3 uimsbf
VX_gain2[2], 2-0; 3 uimsbf
VX_gain2[3], 2-0; 3 uimsbf

}

Table 217: Syntax of EnhUV_ESC2()

Syntax No. of bits\O Mnemonic

EnhUV_ESC2()

{
LSP5, 6-0; 7 uimsbf
VX_shape?2[0], 4-0; 5 uimsbf
VX_shape?2[1], 4-0; 5 uimsbf
VX_shape?[2], 4-0; 5 uimsbf
VX_shape?2[3], 4-0; 5 uimsbf

}

10.3.1.3 Bitstream syntax of variable bitrate mode
Table 218: Syntax of ErHVXCvarframe()

Syntax No. of bits Mnemonic

ErHVXCvarframe(rate)

{

if (rate == 2000) {
if(var_ScalableElag:== 1) {
BaseVar_ESCO0()
if(VUV=52 || VUV==3) {
BaseVarV_ESCL1();
BaseVarV_ESC2();
BaseVarV_ESC3();
BaseVarV_ESC4();
}else if(VUV == 0) {
BaseVarUV_ESC1();
BaseVarUV_ESC2();
BaseVarUV_ESC3();
} else {
BaseVarBGN_ESCL1();
if(UpdateFlag == 1) {
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Var2kV_ESC1();
Var2kV_ESC2();
Var2kV_ESC3();
Var2kV_ESCA4();

} else {
Var2kUV_ESC1();

\Mar2lk LU\ EQ(")O-
Vet — =)

Var2kUV_ESC3();

} else {
Var2kBGN_ESC1();
}

}

} else {

Vardk_ESCO();

if (VUV==2 || VUV==3) {
VardkV_ESC1();
VardkV_ESC2();
VardkV_ESC3();
VardkV_ESCA4();

} else if (VUV==0) {
Var4dkUV_ESC1();
VardkUV_ESC2();
VardkUV_ESC3();

} else {
Var4dkBGN_ESC1();
if (UpdateFlag == 1) {

Var4dkBGN_ESC2();
VardkBGN_ESC3()

}
}
}
}
Table 219: Syntax of Var2k_ESCO0()
Syntax No. of bits ~ Mnemonic
Var2k_ESCO0()
VUV, 1-0; 2 uimsbf
}
10.3.1.3.1 “Voiced Frame of 2.0 kbit/s maximum variable bitrate mode
Table 220: Syntax of Var2kV_ESCL1()
Syntax No. of bits ~ Mnemonic
Var2kV—ESC1()
{
LSP4, 0; 1 uimsbf
SE_gain, 4-0; 5 uimsbf
LSP1, 4-0; 5 uimsbf
Pitch, 6-1; 6 uimsbf
LSP2, 6; 1 uimsbf
}
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Table 221: Syntax of Var2kV_ESC2()

OISO/IEC

}

Syntax No. of bits ~ Mnemonic
Var2kV_ESC2()
LSP3, 4; 1 uimsbf
LSP2, 5; 1 uimsbf
I
Table 222: Syntax of Var2kV_ESC3()
Syntax No. of bits ~ Mnemonic
Var2kV_ESC3()
SE_shapel, 3-0; 4 uimsbf
SE_shape2, 3-0; 4 uimsbf
}
Table 223: Syntax of Var2kV_ESCA4()
Syntax No. of bits  Mnemonic
Var2kV_ESCA4()
LSP2, 4-0; 5 uimsbf
LSP3, 3-0; 4 uimsbf
Pitch, 0; 1 uimsbf
}
10.3.1.3.2 Unvoiced frame of 2.0 kbit/s maximum Vvariable bitrate mode
Table 224 Syntax of Var2kUV_ESC1()
Syntax No. of bits ~ Mnemonic
Var2kUV_ESC1()
{
LSP4, 0; 1 uimsbf
VX_gainl[0],-3-0; 4 uimsbf
VX_gain1[1]\.3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2:-6-3; 4 uimsbf
}
Table 225: Syntax of Var2kUV_ESC2()
Syntax No. of bits ~ Mnemonic
Var2kUV_ESC2()
[
L
LSP3, 4-3; 2 uimsbf
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Table 226: Syntax of Var2kUV_ESC3()
Syntax No. of bits ~ Mnemonic
Var2kUV_ESC3()
LSP2, 2-0; 3 uimsbf
LSP3, 2-0; 3 uimsbf
I
Table 227: Syntax of Var2kBGN_ESC1()
Syntax No. of bits  Mnemonijt
Var2kBGN_ESC1()
{
}
Table 228: Syntax of Var4kV_ESCO0()
Syntax No: of bits Mnemonic
VardkV_ESCO()
VUV,1-0; 2 uimsbf
}
10.3.1.3.3 Voiced frame of 4.0 kbit/s maximum variable bitrate mode
Table 229: Syntax of Var4kV_ESC1()
Syntax No. of bits Mnemonic
VardkV_ESCL1()
{
LSP4,0; 1 uimsbf
SE_gain,4-0; 5 uimsbf
LSP1, 4-0; 5 uimsbf
Pitch, 6-1; 6 uimsbf
LSP2, 6-3; 4 uimsbf
SE_shape3, 6-2; 5 uimsbf
LSP3, 4; 1 uimsbf
LSP5, 7; 1 uimsbf
SE_shape4, 9; 1 uimsbf
SE _shapeb, 8; 1 uimsbf
SE~shapeb, 5; 1 uimsbf
}
Table 230: Syntax of Var4kV_ESC2()
Qynf:\v No._of bits Mnemaonic
VardkV_ESC2()
SE_shape4, 8-0; 9 uimsbf
SE_shapeb, 7-0; 8 uimsbf
SE_shape6, 4-0; 5 uimsbf
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Table 231: Syntax of Var4kV_ESC3()

OISO/IEC

200

Syntax No. of bits Mnemonic
VardkV_ESC3()
SE_shapel, 3-0; 4 uimsbf
SE_shape2, 3-0; 4 uimsbf
I
Table 232: Syntax of Var4kV_ESC4()
Syntax No. of bits Mnemonic
VardkV_ESCA4()
{
LSP2, 2-0; 3 uimsbf
LSP3, 3-0; 4 uimsbf
LSP5, 6-0; 7 uimsbf
Pitch, O; 1 uimsbf
SE_shape3, 1-0; 2 uimsbf
}
10.3.1.3.4 Unvoiced frame of 4.0 kbit/s maximum variable bitrate mmode
Table 233: Syntax of Var4dkUV ESC1()
Syntax No. of bits Mnemonic
VardkUV_ESC1()
{
LSP4, 0; 1 uimsbf
VX_gainl[0], 3-0; 4 uimsbf
VX_gainl[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
}
Table 234: Syntax of Var4dkUV_ESC2()
Syntax No. of bits Mnemonic
VardkUV_ESC2()
LSP3, 4-3: 2 uimsbf
}
Table 235: Syntax of VardkUV_ESC3()
Syntax No. of bits Mnemonic
MarddNV—ESG3(
{
LSP2, 2-0; 3 uimsbf
LSP3, 2-0; 3 uimsbf
VX_shapel][0], 5-0; 6 uimsbf
VX_shapel[1], 5-0; 6 uimsbf
}
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10.3.1.3.5 Back Ground Noise (BGN) frame of 4.0 kbit/s maximum variable bitrate mode

Table 236: Syntax of VardkBGN_ESC1()

Syntax No. of bits Mnemonic
VardkBGN_ESC1()
s
UpdateFlag, O; 1 uimsbf
}
Table 237: Syntax of VardkBGN_ESC2()
Syntax No. of bits Mnemonic
VardkBGN_ESC2()
{
LSP4, 0; 1 uimsbf
VX_gainl1[0], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
}
Table 238: Syntax of VardkBGNVESC3()
Syntax No. of bits Mnemonic
VardkBGN_ESC3()
LSP3, 4-3; 2 uimsbf
LSP2, 2-0; 3 uimsbf
LSP3, 2-0; 3 uimsbf
}
10.3.1.3.6 Base Layer of the scalableimode of the variable bitrate mode
Table 239: Syntax of BaseVar_ESCO0()
Syntax No. of bits Mnemonic
BaseVar_ESCO0()
VUV, 1-Q; 2 uimsbf
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10.3.1.3.7 Base Layer of the scalable mode of the variable bitrate mode - Voiced frame

Table 240: Syntax of BaseVarV_ESC1()

Syntax No. of bits Mnemonic
BaseVarV_ESC1()
s
LSP4, 0; 1 uimsbf
SE_gain, 4-0; 5 uimsbf
LSP1, 4-0; 5 uimsbf
Pitch, 6-1; 6 uimsbf
LSP2, 6; 1 uimsbf
}
Table 241: Syntax of BaseVarV_ESC2()
Syntax No. of bits Mnemonic
BaseVarV_ESC2()
LSP3, 4; 1 uimsbf
LSP2, 5; 1 uimsbf
}
Table 242: Syntax of BaseVarV_ESC3()
Syntax No. of bits Mnemonic
BaseVarV_ESC3()
SE_shapel, 3-0; 4 uimsbf
SE_shape2, 3-0; 4 uimsbf
}
Table 243: Syntax of BaseVarV_ESCA4()
Syntax No. of bits Mnemonic
BaseVarV_ESC4()
LSP2, 4-0; 5 uimsbf
LSP3, 3-0; 4 uimsbf
Pitch, 0; 1 uimsbf
}
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10.3.1.3.8 Base Layer of the scalable mode of the variable bitrate mode - Unvoiced frame

Table 244: Syntax of BaseVarUV_ESC1()

Syntax No. of bits Mnemonic
BaseVarUV_ESC1()
s
LSP4, 0; 1 uimsbf
VX_gainl[0], 3-0; 4 uimsbf
VX_gainl[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
}
Table 245: Syntax of BaseVarUV_ESC2()
Syntax No. of bits Mnemonic
BaseVarUV_ESC2()
LSP3, 4-3; 2 uimsbf
}
Table 246: Syntax of BaseVarUV_ESC3()
Syntax No. of bits Mnemonic
BaseVarUV_ESC3()
{
LSP2, 2-0; 3 uimsbf
LSP3, 2-0; 3 uimsbf
VX_shapel[0], 5-0; 6 uimsbf
VX_shapel[1], 5-0; 6 uimsbf
}
10.3.1.3.9 Base layer of the scalable mode of the variable bitrate mode - Back Ground Noise (BGN) frame
Table 247: Syntax of BaseVarBGN_ESC1()
Syntax No. of bits Mnemonic
BaseVarBGN_ESCL1()
UpdateFlag, O; 1 uimsbf
}
Table 248: Syntax of BaseVarBGN_ESC2()
Syntax No. of bits Mnemonic
BaseVarBGN_ESC2()
{
LSP4, 0; 1 uimsbf
VX_gainl[0], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
}
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Table 249: Syntax of BaseVarBGN_ESC3()

Syntax No. of bits Mnemonic
BaseVarBGN_ESC3()

LSP3, 4-3; 2 uimsbf
LSP2, 2-0; 3 uimsbf
CSP3, 2T, 3 uimspft
}
10.3.1.4 Enhancement Layer of the scalable mode of the variable bitrate mode (only for voiced frame)
Table 250: Syntax of ErHVXCenh_varframe()
Syntax No. of bits Mnaemonic
ErHVXCenh_varframe()
if (VUV==2 || VUV==3) {
EnhVvarV_ESC1();
EnhVvarV_ESC2();
EnhVvarV_ESC3();
}
}
Table 251: Syntax of EnhVarV_SC1()
Syntax No. of bits Mnemonic
EnhVvarV_ESC1()
{
SE _shape3, 6-2; 5 uimsbf
LSP5, 7; 1 uimsbf
SE_shape4, 9; 1 uimsbf
SE_shapeb, 8; 1 uimsbf
SE_shape6, 5; 1 uimsbf
}
Table 252: Syntax of EnhVarV_SC2()
Syntax No. of bits Mnemonic
EnhVvarV_ESC2()
SE_shape4, 8-0; 9 uimsbf
SE- shapeb, 7-0; 8 uimsbf
SE _shape6, 4-0; 5 uimsbf
}
Table 253: Syntax of EnhVarV_SC3()
Syntax No. of bits Mnemonic
EnhVarV_ESC3()
LSP5, 6-0; 7 uimsbf
SE _shape3, 1-0; 2 uimsbf
}
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10.3.2 General information

See ISO/IEC 14496-3 subpart 2 speech coding — HVXC.

10.3.3 Tool description
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10.4 TwinVQ

10.4.1 Syntax

Table 254: Syntax of TVQ_frame()

Syntax No. of bits Mnemonic
TVQ_frame()
Error_Sensitivity_Category1();
Error_Sensitivity_Category2();
Error_Sensitivity Category3();
Error_Sensitivity Category4();
}
Table 255: Syntax of Error_Sensitivity Category1()
Syntax No. of bits Mnemonic
Error_Sensitivity_Category1()
{
window_sequence; 2 bslbf
window_shape; 1 bslbf
if( this_layer_stereo) {
ms_mask_present; 2 bslbf
if( ms_mask_present =5 1) {
if ( window_sequence ==
EIGHT.SHORT_SEQUENCE )
scale(factor_grouping; 7 bslbf
ms_datag();
}
}
for(,eh=0; ch< (this_layer_stereo ? 2:1); ch++) {
ltp_data_present; 1 bsblf
if (Itp_data_present)
Itp_data ();
tns_data_present; 1 bslbf
if( ths_data_present)
tns_data();
}
bandlimit_present; 1 uimsbf
if (window_sequence != EIGHT_SHORT_SEQUENCE){
ppc_present; uimsbf
postprocess_present; 1 uimsbf

if (bandlimit_present){
for (i_ch=0; i_ch<n_ch; i_ch++){
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index_blim_hl[i_ch]; 2 uimsbf
index_blim_I[i_ch]; 1 uimsbf
}
}
if (ppc_present){
for (idiv=0; idivsN_DIV_P; idiv++){
index_shape0Q_p[idiv]; 7 uimsbf
index_shapel_plidiv]; 7 uimsbf
}
for (i_ch=0; i_ch<n_ch;i_ch++){
index_pit[i_ch]; 8 uimsbf
index_pgainl[i_ch]; 7 uimsbf
}
}
for (i_ch=0; i_ch<n_ch;i_ch++){
index_gain[i_chl; 9 uimsbf
if (N_SF[b_type]>1){
for (isbm=0; isbom<N_SF[b_type]; isbm++){
index_gain_sbl[i_ch][isbm]; 4 uimsbf
}
}
}
for (i_ch=0; i_ch<n_ch;i_ch++){
index_IspO[i_ch]; 1 uimsbf
index_Ispl[i_ch]; 6 uimsbf
for (isplt=0; isplt<LSP_SPLIT; isplit++){
index_Isp2[i_ch][isplt]; 4 uimsbf
}
}
for (i_ch=0; i_ch<n_ch; i_ch++){
for (isb=0; isb<N_SF; isb++){
for (ifdiv=0; ifdivsFW_N_BIV; ifdiv++){
index_env[i_ch][isb][ifdiv]; 0,6 uimsbf
}
}
}
for (i_ch=0; i_ch<n_ch;i_ch++){
for (isbm=0;Nisbm<N_SF; isbm++){
index—fw_alf[i_ch][isbm]; 0,1 uimsbf
}
}
}
Table 256: Syntax of Error_Sensitivity Category?2()
Syntax No. of bits Mnemonic
Error_Sensitivity Category2()
for (idiv=0; idiv<N_DIV; idiv++){
index_shapeO[idiv]; 5/6 uimsbf
index_shapel[idiv]; 5/6 uimsbf
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Table 257: Syntax of Error_Sensitivity Category3()
Syntax No. of bits Mnemonic
Error_Sensitivity Category3()
if( this_layer stereo ) {
ms_mask_present; 2 bslbf
T mS_mask_present == 1) {
ms_data();
}
}
for (i_ch=0; i_ch<n_ch; i_ch++){
fb_shift[i_ch]; 2 uimsbf
}
for (i_ch=0; i_ch<n_ch; i_ch++){
index_gain[i_ch]; 8 uimsbf
if (N_SF[b_type]>1){
for (isbm=0; isbom<N_SF[b_type]; isbm++){
index_gain_sbl[i_ch][isbm]; 4 uimsbf
}
}
}
for (i_ch=0; i_ch<n_ch; i_ch++){
index_IspO[i_ch]; 1 uimsbf
index_Ispl[i_ch] 6 uimsbf
for (isplt=0; isplt<LSP_SPLIT; isplit++){
index_Isp2[i_ch][isplt]; 4 uimsbf
}
}
for (i_ch=0; i_ch<n_ch; i_ch++){
for (isb=0; isb<N_SF; isb++){
for (ifdiv=0; ifdivsFW _\N“DIV; ifdiv++){
index_env[i_ch][isb][ifdiv]; 0,6 uimsbf
}
}
}
for (i_ch=0; i_sch<n_ch; i_ch++){
for (ishm=0; isbm<N_SF; isbm++){
index_fw_alf[i_ch][isbm]; 0,1 uimsbf
}
}
}
Table 258: Syntax of Error_Sensitivity Category4()
Syntax No. of bits Mnemonic
Error Sensitivity Category4()
for (idiv=0; idiv<N_DIV; idiv++){
index_shape0Q[idiv]; 5/6 uimsbf
index_shapel[idiv]; 5/6 uimsbf
}
}
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Table 259: Syntax of Itp_data()
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Syntax No. of bits Mnemonic
ltp_data()
{
Itp_lag; 11 uimsbf
Itp_coef; 3 uimsbf
IT (Window_sequence==EIGHT_SHORT_SEQUENCE]{
for (w=0; w<num_windows; w++) {
Itp_short_used[w]; 1 uimsbf
if (Itp_short_used [w]) {
Itp_short_lag_present[w]; 1 uimsbf
}
if (Itp_short_lag_present[w]) {
Itp_short_lag[w]; 4 uimshbf
} else {
for ( sfb=0; sfb<max_sfb; sfb++) {
Itp_long_used][sfb]; 1 uimsbf
}
}
}
Table 260: Syntax of tns_data()
Syntax No. of bits Mnemonic
tns_data()
{
for (w=0; w<num_windows; w++) {
n_filt[w]; 1.2 uimsbf
if (n_filtjw])
coef _res[w]; 1 uimsbf
for (filt=0; filt<n_filt[w]; filt++)\{
length[w][filt]; {4,6} uimsbf
order[w][filt]; {3;5} uimsbf
if (order[w][filt]):{
direction]w][filt]; 1 uimsbf
coef .compress[w][filt]; 1 uimsbf
for-(i=0; i<order[w]filt]; i++)
coef[w][filt][i]; 2.4 uimsbf
}
}
}
Table 261: Syntax of ms_data()
Syntax No. of bits Mnemonic
|||o_data0
{
for( g=0; g<num_window_groups; g++ ) {
for( sfb=last_max_sfb_ms; sfo<max_sfb; sfb++) {
ms_used[g][sfb]; 1 bslbf
}
}
}
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10.4.2 General information

ISO/IEC 14496-3:1999/Amd.1:2000(E)

There are no differences to ISO/IEC 14496-3 except of the bitstream element order.

10.4.3 Tool description

PAH S

[TaYaViialal W, W.Va) 3
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10.5 AAC

10.5.1 Syntax

Table 262: Syntax of top-level payload for audio object types ER AAC LC, ER AAC LTR'and ER AAC LD

wi-af-tk khitct A lanaant-ardar
CepPrortht oSt TarT CTreThCTt OTatTs

Syntax No. of bits Mnémonic
er_raw_data_block()

if ( channelConfiguration == 0) {
/* reserved */

}

if ( channelConfiguration == 1) {
single_channel_element ();

}

if ( channelConfiguration == 2) {
channel_pair_element ();

if ( channelConfiguration == 3) {
single_channel_element ();
channel_pair_element ();

}

if ( channelConfiguration == 4) {
single_channel_element ();
channel_pair_element ():
single_channel_element¥();

}

if ( channelConfiguration == 5) {
single_channel element ();
channel_pair ‘element ();
channel_pair element ();

}

if ( channelConfiguration ==6) {
single_channel_element ();
channel_pair_element ();
channel_pair_element ();
Ife_channel_element ();

}

if ( channelConfiguration == 7)) {
single_channel_element ();
channel_pair_element ();
channel_pair_element ();
chanmetpar—eterment();
Ife_channel_element ();

}

if ( channelConfiguration >=8) {
/* reserved */

}
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cnt = bits_to_decode() / 8;
while (cnt>=1) {

cnt -= extension_payload(cnt);
}

10.5.2 General information

For AAC, two kinds of bitstream payload syntax are available: scalable and multichannel. The following changes
have to be applied to them:

Multichannel AAC: The syntax of the top-level payload has been modified. raw_data_block() is-replaced by
er_raw_data block() as described in Table 262. Please note, that due to _this' modification
coupling_channel_element (), data_stream_element (), program_config_element (), and fillzelement () are not
supported within the error resilient bitstream syntax.

Scalable AAC: The syntax of aac_scalable_main_element () is not changed for errarresilience.

INo other changes regarding syntax occur.

[Data elements are subdivided into different categories depending on its error/sensitivity and collected in instances
f these categories.

epending on epConfig, there are three ways to obtain these instances on decoder site as described in section
.3.5.

oth, the order of these instances within an error resilient AAC*frame and the order of data elements inside these

instances, are described within the next section. If sepatate access units are used, the dependency structure
etween elementary streams has to be set up according*to-the order of instances.

10.5.2.1 Error sensitivity category assignment

The following table gives an overview about the error sensitive categories used for AAC (channel_pair_element() =
CPE, individual_channel_stream() = ICS, eXtension_payload() = EPL):

Tahle,263 : Error sensitivity category assignment

category payload mandatory leads / may lead to description
one instance per
0 main yes CPE commonly used side information
1 main yes ICS channel dependent side information
2 main no ICS error resilient scale factor data
3 main no ICS TNS data
4 main yes ICS spectral data
5 extended no EPL extension type
6 extended no EPL DRC data
7 extended no EPL bit stuffing

Table 265 shows the category assignment for the main payload (supported elements are SCE, LFE, and CPE).
Within this table “-* means that this data element does not occur within this configuration.

Table 266 shows the category assignment for the extended payload.

10.5.2.2 Category instances and its dependency structure

The subdivision into instances is done on a frame basis, in case of scalable syntax in addition on a layer basis.
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The order of instances within the error resilient AAC frame/layer as well as the dependency structure in case of
several elementary streams is assigned according to the following rules:

Table 264: Dependency structure within the ER AAC payload

hierarchy level

error resilient multi-channel syntax | error resilience scalable syntax

fraonmaan [ lovay
TaTTC7T Ay CT

haoca navdaad followvand Iy avitancion aaylaod
DTS POy oG TOMOVWWC U Oy CATCTTISTOTT POy 1ot

base payload

order of syntactic elements follows commonly used side information
order stated in Table 262 followed by ICSs

extended payload

no rule regarding the order of multiple EPLs is given, the kind of extension

payload can be identified by extension type

syntactic element in base

commonly used side information -

payload followed by ICSs
ICS order in case of stereo left channel followed by right channel
ICS/EPL dependency structure according to category numbers

Figure 31 shows an example for the error resilient multi-channel syntax. The ordernof data elements inside each

instance is based on the syntax description, i. e. the logical order is kept.

Note: If the reversible variable length coding (RVLC) tool is not used (aacScalefactorDataResilienceFlag == 0), the
decoder does not expect instances of error sensitivity category 3, i. €. no.aecess unit shall contain those instances.
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10.5.3 Tables
Table 265: AAC error sensitivity category assignment for main payload
o —
I
= | =
3|3
£ | £
gl gl
§|a| ¢
E|E| @
w| | gl €
L o| o| L c
1 o o [) o
EAHE
»|O|0|3 2
1 - | 0 | max_sfb aac_scalable extension “header()
- - | 0 | ms mask present aac_scalable extensioh header()
1 - 1 | tns_data present aac_scalable extension header()
1] - [ O |ics_reserved bit aac_scalable _main_header()
1 - 1 | ltp data present aac scalable main header()
1 - | 0 | max sfb aac scalable main header()
- - | 0 | ms_mask present aac_scalable_main_header()
1 - | 0 | scale factor grouping aac.-scalable main header()
1] - [ 0 |tns_channel_mono_layer adc_scalable_main_header()
1 - 1 | tns_data present aac scalable main header()
1] - [ 0 | window_sequence aac_scalable_main_header()
1] - [ 0 | window_shape aac_scalable_main_header()
- 1 0 [ 0 | common_window channel_pair_element()
- 0 [ 0 | element instance tag channel pair element()
- 0 [ 0 | ms mask present channel pair element()
- 0 [ O | ms used channel pair element()
1| 1| 1 |diff control diff control data()
1] 1 | 1 |diff control_lIr diff_control_data_Ir()
1| 1| 0 |ics reserved hit ics_info()
1] 1|1 |Itp data-present ics_info()
1| 1|0 | maxsfb ics_info()
1 | 1 | O | predictor data present ics_info()
1| 1 | 0 |scale factor grouping ics_info()
1| 1 | Oqwindow sequence ics_info()
1| 1 |0 . window shape ics_info()
1 | 17T | gain control data present individual _channel stream()
1 | 1 | global_gain individual_channel_stream()
1.5N)1 | 1 | length of longest codeword individual _channel stream()
L. ] 1 [ 1 |length of reordered _spectral_data | individual_channel_stream()
1| 1| 1 |pulse data present individual channel stream()
1| 1| 1 |tns data present individual channel stream()
1 - - | element instance tag Ife_channel element()
1| 1|1 ]It coef Itp data()
1|11 |t lag Itp data()
1] 1|1 ]Itp lag update Itp_data()
1| 1|1 ]It long used Itp data()
1| 1|1 ]ltp short lag Itp data()
1] 1 (1 |Itp short lag present Itp_data()
1| 1|1 ]ltp short used Itp data()
- - | 0 | ms used ms_data()
1| 1| 1 |number pulse pulse data()
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@

5

© 15

[ ©

g =

pulse _amp pulse data()
pulse offset pulse data()

pulse start sfb

pulse data()

reordered spectral data

reordered spectral data@)

dpcm_noise last position

scale factor data()

dpcm_noise_nrg

scale factor data()

hcod sf

scale factor data()

length_of rvic_escapes

scale factor'‘data()

length_of rvic_sf

scale factor data()

rev_global_gain

scale \faetor data()

rvic cod sf

scale )factor data()

rvic esc sf

sCale factor data()

sf concealment

scale factor data()

sf_escapes_present

scale factor data()

sect cb

section data()

PR (RRrNN R PIR P[Pk SR |~] CPE, commén window == 0

RlR(RRrNN| R [RIR P[P R[S~ R[] CPE, commén window == 1

sect len incr

section data()

element instance tag

single channel element()

hcod

spectral _data()

Wlww|www|w|[~|SIM (DM RP|R[P(RPRIP(NIN(R|R (PR |P (k||| =] SCE, LFE

4 | 4

4 | 4 [ hcod esc y spectral _data()
4 | 4 [ hcod esc z spectral _data()
4 | 4 | pair _sign bits spectral _data()
4 | 4 | quad sign_bits spectral_data()
3 | 3 | coef tns_data()

3 | 3 | coef compress tns_data()

3 | 3 | coef.res tns_data()

3 | 3 | direction tns_data()

3 | 3~\length tns_data()

3 [ @&y n filt tns_data()
33 | order tns data()
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Table 266: AAC error sensitivity category assignment for extended payload

OISO/IEC

additional excluded chns

excluded channels()

exclude mask

excluded channels()

°

3

> =

5 5

C —

3| 5

&« 3

RS =

6 | drc_band top dynamic _range info()
6 | drc_bands incr dynamic _range info()
6 | drc_bands present dynamic _range info()
6 | drc_bands reserved bits dynamic _range info()
6 | drc_tag reserved bits dynamic _range info()
6 | dyn rng ct dynamic _range info()
6 | dyn rng_sgn dynamic _range info()
6 | excluded chns present dynamic_range_info()
6 | pce instance tag dynamic _range info()
6 | pce _tag present dynamic_range ,info()
6 | prog_ref level dynamic _range info()
6 | prog_ref level present dynamic range info()
6 | prog ref level reserved bits | dynamic) range info()
6

6

5

7

7

7

214

extension type extension_payload()
fill_byte extension payload()
fill_nibble extension_payload()
other bits extension_payload()
10.5.4 Figures
SCE CPE CPE LFE ext. payloads
L R L R DRC bit
stuffing
L] | | | [ ]
4a ab 4c 4 de 4f
L SORSE SN I S U S O S
3a 3b 3c 3d 3e 3f
S0 . S O S U Y . S . S O
2a 2b 2c 2d 2e 2f 6a Ta
0 . S O S D . S A S (. S .
la 1b 1c 1d 1e | P 1f | P 5a 5b
S I S ¥
| 0a > 0b

Figure 31: Dependency structure in case of error resilient multichannel AAC syntax
(channelConfiguration == 6)
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10.6 ER HILN

Since HILN is not included in Version 1, error sensitivity categories (ESC) are already defined in the parametric
bitstream as described in Subclause 7.3 and thus no additional bitstream reordering is required. Below, the
ordering of the different ESCx is described for the four different modes PARAmode ==0, 1, 2, 3.

PARAMOode ==0 (I—I\/Y(‘ nnl\]/)

HVXC: ESCO ESC1 ESC2 ESC3 ESC4

PARAmode ==1 (HILN only)
PARA/HILN: ESCO ESC1 ESC2 ESC3 ESC4

PARAmMode == 2 (switched HVXC / HILN)
PARA/HILN: ESCO [ESC1 ESC2 ESC3 ESCA4]
HVXC 1/double: [ESCO ESC1 ESC2 ESC3 ESC4]
HVXC 2/double: [ESCO ESC1 ESC2 ESC3 ESC4]

PARAmMode == 3 (mixed HVXC / HILN)

PARA/HILN: ESCO [ESC1 ESC2 ESC3 ESCA4]
HVXC 1/double: [ESCO ESC1 ESC2 ESC3 ESC4]
HVXC 2/double: [ESCO ESC1 ESC2 ESC3 ESC4]

17

In PARAmMode 3 for example, the ordering is PARA/HILN ESCO, ESEL, ..., ESC4, followed by HVXC 1/doubl¢
ESCO, ESC1, ..., ESC4 and HVXC 2/double ESCO, ESC1, ..., ESC4

The ESCO of “PARA/HILN" consists of the PARAswitchMode or RARAmMIixMode bitstream element in PARAframe
followed by the bitstream elements in HILNbasicFrameESCO(), The actual presence of these bitstream element
can depend on the current values of PARAmode, PARAswitchMode, and PARAmixMode. “HVXC 1/double” an
“HVXC 2/double” denote the first and second ErHVXCfixframe() within an ErHVXCdoubleframe() respectively. Th
presence of ESCs in squared brackets depends on thewalue of PARAswitchMode or PARAmixMode in the curren
frame.

— o

For the HILN enhancement and extension layér Elementary Streams, no error sensitivity classes are defined and
all bitstream elements of HILNenexFrame().are handled as “ESCO".

10.7 ER BSAC

BSAC has the layered structure.where the syntax is arranged in order of importance in order to support the fin
grain scalability and error resilience. Therefore the BSAC syntax can be channel coded effectively without th
bitstream reordering for advanced channel coding techniques like unequal error protection (UEP) since the erro
resilient syntax are included in the subclause 8.3.2. However, error sensitivity categories (ESC) of the bitstrean
elements should be defined for advanced channel coding. The bitstream element can be classfied into the erro
sensitivity categories-depending upon its error sensitivity as follows:

= = = 0D

Table 267: BSAC error sensitivity category assignment

category bitstream elements description
0 frame_length, bsac header() and general header() commonly used side information
1 bsac layer element(0) BSAC base layer except common side
2 bsac layer element(1) — 1™ quarternary enhancement layers
3 bSac_layer_element(top_tayern4+1y— 2™ quartermnary enfancement layers
4 bsac layer element(top layer/2+1) ~ 3" quarternary enhancement layers
5 basc layer element(top layer*3/4+1) ~ 4™ quarternary enhancement layers

The lower category indicates the class with the higher error sensitivity, whereas the higher category indicates the
class with the lower sensitivity.
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11 Silence Compression Tool

11.1 Overview of the silence compression tool

The silence compression tool comprises a Voice Activity Detection (VAD) module, a Discontinuous Transmission
(DTX) unlt and a Comfort Noise Generator (CNG) module The tool encodes/decodes the mput S|gnal at a Iower

3 nd decoding are used. A block dlagram of the CELP codec system with the S|Ience compressmn tool is deplcted i
Figure 32.

AD
TX_flag]
VAD_fla -
_flag ® %_t x g TX_flag
> =
— oTxflag | | Y72 >0 05 v CNG modiite
O_)Procasing =0 g g
O—> prx module || N % 5 o>
>(‘)‘ op| & o "’a M PEG-4/
MPEG-4/ CELP
o> cer |->oO O >{_Decoder
Encoder ] —

Figure 32: Block diagram of the codec system with the-silence compression tool

At the transmission side, the DTX module encodes the input speech during the non-active frames. During the
ctive-voice frames, the MPEG-4 CELP encoder is used. The veice activity flag (VAD_flag) indicating a non-active
ame (VAD_flag=0) or an active-voice frame (VAD_flag=1)\Ns determined from the input speech by the VAD
odule. During the non-active frames, the DTX module detects frames where the input characteristics change
DTX_flag=1 and 2: Change, DTX_flag=0: No Change).\When a change is detected, the DTX module encodes the
input speech to generate a SID (Silence Insertion Descriptor) information. The VAD_flag and the DTX_flag are sent
together as a TX flag to the decoder to keep synchtenization between the encoder and the decoder.

At the receive side, the CNG module generates’comfort noise based on the SID information during the non-active
frames. During the active-voice frames, the MPEG-4 CELP decoder is used instead. Either the CNG module or the
MPEG-4 CELP decoder is selected according to the TX flag.

The SID information and the TX flag.are transmitted only when a change of the input characteristics is detected.
Dtherwise only the TX_flag is transmitted during non-active frames.

11.2 Definitions

CNG: Comfort Noise.Generation

Coding mode: “Pfor'the RPE and “II” for the MPE (see ISO/IEC 14496-3:1999, Table 3.1)
PTX: Discentinuous Transmission

ILP: Linear Prediction

ILBE€s- | P Coefficients

MPE: Multi-Pulse Excitation
MPE_Configuration: see ISO/IEC 14496-3:1999, subclause 3.4
RMS: root mean square

RPE: Regular-Pulse Excitation
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RPE_Configuration: see ISO/IEC 14496-3:1999, subclause 3.4
SID: Silence Insertion Descriptor
SID frame: frame where the SID information is sent/received

signal mode: made determined based on the average pitch prediction gain (see ISO/IFC 14496-3:1999 _subclaus

3.4)

VAD: Voice Activity Detection
11.3 Specifications of the silence compression tool

11.3.1 Transmission payload

There are four types of transmission payloads depending on the VAD/DTX decision. A TX: flag indicates the type 0
transmission payload and is determined by the VAD flag and the DTX flag as shewn-in Table 268. When thg
TX_flag indicates a active-voice frame (TX_flag=1), information generated by the MPEG-4 CELP encoder and th
TX_flag are transmitted. When the TX_flag indicates a transition frame betweentan‘active-voice frame and a non
active frame, or a non-active frame in which the spectral characteristics of the“input signal changes (TX_flag=2
High-Rate (HR) SID information and the TX_flag are transmitted to update the CNG parameters. When the TX_fla
indicates a non-active frame in which the frame power of the input signal.changes (TX flag=3), Low-Rate (LR) SI
information and the TX flag are transmitted. Other non-active frames are categorized into the fourth type of th
TX_flag (TX_flag=0). In this case, only the TX_flag is transmitted. Examples of the TX_flag change according to th
VAD_flag and the DTX_flag are shown in Table 269.

T =

P—P—C—

Table 268: Relation among flags forthe silence compression tool

Flags Active-veice Non-active
VAD flag 1 0
DTX_flag *1 0 1 2

TX flag 1 0 2 3

Table 269: Examples of the TX_flag change according to the VAD_flag and the DTX_flag

Frame# | ..k-5]| k-4 K-3 k-2 k-1 k k+1 k+2 k+3 k+4 k+5 k+6 k+7

VAD flag 1 1 1 1 0 0 0 0 0 0 0 0 0...

DTX flag | ..+ | - - - 1 0 0 0 1 0 0 0o | 2.

TX flag 1 1 1 1 2 0 0 0 2 0 0 0 3...
| active-voice period | non-active period

11.3.2 Bitrates of the silence compression tool

17

During=non-active frames, the silence compression tool operates at bitrates shown in Table 270. The bitrat¢
depends on the coding mode defined in ISO/IEC 14496-3:1999, Table 3.1, the sampling rate and the frame length.

1 The DTX_flagis not determined during the active-voice frames (VAD_flag = 1).
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Table 270: Bitrates for the silence compression tool

OISO/IEC

Coding Sampling Band width Frame length Bitrate [bit/s]
mode rate [kHz] scalability [ms] TX flag HR-SID LR-SID
| (RPE) 16 - 15 133 2533 400
10 200 3800 600
Il (MPE) 8 on*2, Off 40 50 525 150
30 67 700 200
20 100 1050 300
10 200 2100 600
16 Off 20 100 1900 300
10 200 3800 600
On 40 50 1050 150
30 67 1400 200
20 100 2100 300
10 200 4200 600

11.4 Syntax

Error Resilient CELP Base Layer -- Configuration

Error Resi | i ent Cel pSpeci fi cConfignQ) {
ER_SC_Cel pHeader (sanpli ngkreguencyl ndex);

IEr r or Resil ivent Cel pSpeci fi cConfig() {
Cel pBWBenhHeader (); /* Defined in 1SQO | EC 14496-3 subpart 3.*/

11.3.3 Algorithmic delay of the silence compression tool

Error Resilient CELP Enhancement Layer -- Configuration

In the bandwidth scalable mode,

This section describes the bitstream syntax and the bitstream semantics for the silence compression tool.

The algorithmic delay is the same as that of MPEG-4 version 1 CELP, since the same frame length and the same
additional look ahead length are used.

The decoder configuration information for the ER CELP object is transmitted in the DecoderConfigDescriptor() of
the base layer and the optional enhancement layer Elementary Stream.

[he CELP core in the unscalable mode or @s the base layer in the scalable mode requires the following
ErrorResilientCelpSpecificConfig():

[he CELP core is used for both bitrate and bandwidth scalable modes. In the bitrate scalable mode, the
énhancement layer.requires no ErrorResilientCelpSpecificConfig().
enhancement layer-has the following ErrorResilientCelpSpecificConfig():

the

enhancement layer Elementary Stream.

2 This occurs when decoding from BWS bitstreams is performed.
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Error Resilient CELP Base Layer -- Access Unit payload

al PduPayl oad

ER_SC Cel pBaseFrane();
}

= o HH PR wd B o W el | A Lotk 1 <l
LITUT TXTONITITU CLLT LITTalicTITITITU Lay T == ALLTOo oS Ul Yayluau

—

To parse and decode the Error Resilient CELP enhancement layers, information decoded from the Error Resilien
CELP base layer is required. For the bitrate scalable mode, the following data for the Error Resilient/CELH
enhancement layers has to be included:

=4

al PduPayl oad

SC_Cel pBRSenhFrane() ;
}

For the bandwidth scalable mode, the following data for the Error Resilient CELP enhancement layer has to b
included:

\1%

al PduPayl oad

SC_Cel pBWsenhFrane() ;

11.4.1 Bitstream syntax
The bitstream syntax of ER_SC_CelpHeader(), ER_SC_CelpBaseFrame(), SID_LSP_VQ().

ER_SC_CelpBRSenhFrame(), ER_SC_CelpBWSenhFrame(), SID_NarrowBand_LSP(), SID_BandScalable_LSP(),
SID_WideBand_LSP() and SID_MPE_frame() are shown in Table 271 through Table 279.

Table 271: Syntax of ER_SC_CelpHeader()

Syntax No. of bits Mnemonic
ER_SC_CelpHeader (samplingkrfequencylndex)
{
ExcitationMode; 1 uimsbf
SampleRateMode; 1 uimsbf
FineRateControl; 1 uimsbf
SilenceCompression; 1 uimsbf
if (ExcitationMode == RPE) {
RPE-Configuration; 3 uimsbf
}
if (ExcitationMode == MPE) {
MPE_Configuration; 5 uimsbf
NumEnhLayers; 2 uimsbf
BandwidthScalabilityMode 1 uimsbf
}
}
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Table 272: Syntax of ER_SC_CelpBaseFrame()

OISO/IEC

Syntax No. of bits Mnemonic
ER_SC_CelpBaseFrame()
if (SilenceCompression == OFF) {
ER_CelpBaseFrame();
Telse]
TX flag; 2 uimsbf
if (TX_flag==1) {
ER_CelpBaseFrame();
}else if (TX_flag == 2) {
SID_LSP_VQ();
SID_Frame();
}else if (TX_flag == 3) {
SID_Frame();
}
}
}
Table 273: Syntax of SID_LSP_VQ()
Syntax No. of bits Mnemonic
SID_LSP_VQ()
if (SampleRateMode == 8kHz) {
SID_NarrowBand_LSP();
} else {
SID_WideBand_LSP();
}
}
Table 274: Syntax of ER_SC_CelpBRSenhFrame()
Syntax No. of bits Mnemonic

ER_SC_CelpBRSenhFrame()

if (SilenceCompression' == OFF) {
CelpBRSenhkrame();

}else if (TX_flagy==1) {
CelpBRSenhFrame();

}
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Table 275: Syntax of ER_SC_CelpBWSenhFrame()

Syntax No. of bits Mnemonic
ER_SC_CelpBWSenhFrame()

if (SilenceCompression == OFF) {

CelpBWSenhFrame();
Telse]
if (TX_flag==1) {
CelpBWSenhFrame();
}
if (TX_flag ==2) {
SID_BandScalable LSP();
}
}
}
Table 276: Syntax of SID_NarrowBand_LSP()
Syntax N0 of bits Mnemonic
SID_NarrowBand_LSP()
{
SID_Ipc_indices [0]; 4 uimsbf
SID_Ipc_indices [1]; 4 uimsbf
SID_Ipc_indices [2]; 7 uimsbf
}
Table 277 Syntax of\SID_BandScalable_LSP()
Syntax No. of bits Mnemonic
SID_BandScalable LSP()
{
SID_Ipc_indices [3]; 4 uimsbf
SID_Ipc_indices [4]; 7 uimsbf
SID_Ipc_indices [5]; 4 uimsbf
SID_Ipc_indices [6]; 6 uimsbf
}
Table 278: Syntax of SID_WideBand_LSP()
Syntax No. of bits Mnemonic
SID_WideBand_LSP()
{
SID_Ipc_indices [0]; 5 uimsbf
SID_Ipc_indices [1]; 5 uimsbf
SID_Ipc_indices [2]; 7 uimsbf
SID_Ipc_indices [3]; 7 uimsbf
SID_Ipc_indices [4]; 4 uimsbf
SID_Ipc_Indices [5; 7 armsoT
}
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Table 279: Syntax of SID_MPE_frame()
Syntax No. of bits Mnemonic
SID_frame()
SID_rms_index; 6 uimsbf
}
11.4.2 Bitstream semantics
$PilenceCompression A one bit identifier indicating whether Silence Compression is used or not
SilenceCompression SilenceCompressionID Description
0 SC OFF SilenceCompression.is’disabled
1 SC ON SilenceCompression is enabled
Bitstream semantics for the silence compression tool are shown in Table 280.
Table 280: Bitstream semantics for the silence compression tool
HR/LR- Coding Sampling Band width Parameter Description
SID mode rate scalability
[ kHZ]
HR-SID | 16 Off TX_flag Two bits indicating transmission mode
SID_rmsndex Frame energy
SID_lIpe. indices[0] 0-4" LSPs of the 1st stage VQ
SID¢lpe indices[1] 5-9" LSPs of the 1st stage VQ
SIB, Ipc_indices[2] 10-14" LSPs of the 1st stage VQ
SID_Ipc_indices[3] 15-19" LSPs of the 1st stage VQ
SID_Ipc_indices[4] 0-4" LSPs of the 2nd stage VQ
SID_Ipc_indices|[5] 5-9" LSPs of the 2nd stage VQ
1 8 On, Off TX_flag Two bits indicating transmission mode
SID_rms_index Frame energy
SID_Ipc_indices[0] 0-4" LSPs of the 1st stage VQ
SID_Ipc_indices[1] 5-9" LSPs of the 1st stage VQ
SID_Ipc_indices[2] 0-4" LSPs of the 2nd stage VQ
16 On TX_flag Two bits indicating transmission mode
SID_rms_index Frame energy
SID_Ipc_indices[3] 0-9" LSPs of 1st stage VQ
SID_Ipc_indices[4] 10-19" LSPs of 1st stage VQ
SID_Ipc_indices|[5] 0-4" LSPs of 2nd stage VQ
SID_Ipc_indices|[6] 5-9" LSPs of 2nd stage VQ
Off TX_flag Two bits indicating transmission mode
SID_rms_index Frame energy
SID_Ipc_indices[0] 0-4" LSPs of 1st stage VQ
SID_Ipc_indices[1] 5-9" LSPs of 1st stage VQ
SID_Ipc_indices[2] 10-14" LSPs of 1st stage VQ
SID_Ipc_indices[3] 15-19" LSPs of 1st stage VQ
SID_Ipc_indices[4] 0-4" LSPs of 2nd stage VQ
SID lpc_indices[5] 5-9" LSPs of 2nd stage VQ
LR-SID I 8, 16 On, Off TX _flag Two bits indicating transmission mode
SID_rms_index Frame energy
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11.4.3 LSP transmission

In case the silence compression tool is used in combination with FineRate Control enabled, a CELP frame with
LPC_present = 1 and interpolation_flag = 0 must be transmitted in the first voice-active frame following a non-active
frame. Voice-active frames are sighaled by TX flag = 1, non-active frames are signaled by TX flag =0, 2 or 3.

114 L
L L.J

Figure 33 depicts a structure of the CNG module that generates the comfort noise. The comfort noise is genefate
by filtering an excitation with an LP synthesis filter in a similar manner as with voice-active speech signals. -The pos
filter may be used to improve the coding quality. The excitation is given by adding a multi-pulse excitation or

regular pulse excitation and a random excitation, scaled by their corresponding gains. The excitations ar
generated based on a random sequence independent of the SID information. The coefficients forithe LP synthesi
filter and gains are calculated from LSPs and a RMS value (frame energy) respectively, which@re' received as th
SID information. The LSPs and the RMS are smoothed in order to improve the coding quality for the noisy inpU
speech. The CNG module uses the same frame and subframe sizes as those in active speech frames. Processin
in each part is described in the following sub-clauses.

— =

o

== 00—

TX_flag
o I ————___LPC decading_ _ _
r i
loc_current _sml] |
LSk > Subframe ) LSP-LPC [
Smoother]” | Interpolator Converter |
SID_indiced[] g ______________________________ I
0> 2 RMS | cain
c Smoother Calculator
8 SID_rms_index norm_sm[]
norm[]
175 of ar
= MP. _>[§_
Random Excitation 1 LP Synthesis Post
Generator] fch_cngf] @—) Filter |- Filter O
Random )IB A excitation[] PP_synth_signal[]
Excitation excgl] - -

Figure 33: CNG module
11.5.1 Definitions
Input
TX_flag This field contains the transmission mode.
SID_lIpc_indicesf];x~ This array contains the packed LP indices. The dimension is 3, 5 or 6 (see Table 280).
SID_rms_indéx This field contains the RMS index.

Output

PP synth_signal[] This array contains the post-filtered (enhanced) speech signal. The dimension is sbfrm_size.

The following are help elements used in the CNG module:
Ipc_order: the order of LP
sbfrm_size: the number of samples in a subframe

n_subframe: the number of subframes in a frame
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int_Q_Ipc_coefficients]]: interpolated LPCs (see ISO/IEC 14496-3:1999, subclause 3.5.8.2).

11.5.2 LSP decoder

LSP Ipc_current[] is decoded from the LSP indices SID Ipc_indices[]. The decoding process is identical to that
described in ISO/IEC 14496-3:1999, subclause 3.5.6 with the following exceptions:

1) A sub-set of the Ipc_indices[] is transmitted to the decoder. A relation between the transmitted LSP indices
$ID_Ipc_indices[] and the LSP indices for MPEG-4 CELP, Ipc_indices]] is shown in Table 281.

2) The decoding process is not carried out for the untransmitted indices.

Table 281: LSP index relation between the silence compression tool and MPEG-4 CELP

Coding mode | Sampling | Band width Silence compression tool MPEG-4CELP
rate [kHz] | scalability

| (RPE) 16 Off SID Ipc indices[0] Ipc -ihdices[0]

SID_Ipc_indices[1] IpC_indices[1]

SID_Ipc_indices[2] Ipc_indices[2]

SID_Ipc_indices[3] Ipc_indices[3]

SID Ipc indices[4] Ipc_indices[5]

SID_Ipc_indices[5] Ipc_indices[6]

Il (MPE) 8 Off SID Ipc indices[0] Ipc_indices[0]

SID_Ipc_indices[1] Ipc_indices[1]

SID_Ipcrindices[2] Ipc_indices[2]

16 On SIDAlpc indices[3] Ipc_indices[5]

SiD/Ipc_indices[4] Ipc_indices[6]

SID Ipc indices[5] Ipc_indices[7]

SID_Ipc_indices[6] Ipc_indices[8]

Off SID Ipc indices[0] Ipc_indices[0]

SID_Ipc_indices[1] Ipc_indices[1]

SID_Ipc_indices[2] Ipc_indices[2]

SID_Ipc_indices[3] Ipc_indices[3]

SID Ipc indices[4] Ipc_indices[5]

SID Ipc_indices[5] Ipc_indices[6]

11.5.3 LSP smoother

$moothed LSPs Isp_current sm[] are updated using the decoded LSPs Isp_current[] in each frame as:

0.8751sp_current_sm[i] + 0.125Isp_current[i], TX flag=2

N
current_sm[ip={
Sp_ _smii] %0.875 Isp_current_sm[i] + 0.125Isp _current_sid[i], TX flag=0or 3

vhere i=Q;..),lpc_order-1 and Isp_current_sid[] is Isp_current[] in the last SID frame. At the beginning of every non-
qctiveperiod, Isp_current_sm[] is initialized with Isp_current[] at the end of the previous active-voice period.

154 | SP intprpnlafinn and | SP-| PC conversiaon

LPCs for the LP synthesis, int_Q_lpc_coefficients[] are calculated from the smoothed LSPs Ipc_current_sm[] using
the LSP interpolation with the stabilization and the LSP-to-LPC conversion. These processes are described in
ISO/IEC 14496-3:1999, subpart 3, subclause 3.5.6. A common buffer for the previous frame Isp_previous[] is used
in both the silence compression tool and in CELP coding for active speech frames.
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11.5.5 RMS decoder

The RMS of the input speech gxnorm in each subframe is reconstructed using SID_rms_index in the same process
as described in ISO/IEC 14496-3:1999, subpart 3, subclause 3.5.7.2.3.2 with the exception that the m-law

parameters are independent of the signal mode and set as rms_max=7932 and mu_law=1024.

reflection coefficients par[] as follows and used for the gain calculation:
norm = (gxnor n¥subfrmsi ze)*(gxnorntsubfrmsize);
for (i =0; i < Ipc_order; i++)

{
}

norm*= (1 - par[i] * par[i])* as;

where par[] is calculated from the LPCs int_QlIpc_coefficients[] and a scaling factor as is 0.8.

11.5.6 RMS smoother

A smoothed RMS norm_sm is updated using norm in each subframe as follows:

0.875 norm_sm + 0.125 norm[ subnum] for TX\flag=2o0r 3

norm_sm :% .
- 1 0.875norm_sm + 0.125 norm_sid for TX flag=0

where subnum is the current subframe number ranging from-0:to n_subframe-1 and norm_sid is norm[n_subframe
1] in the last SID frame. In the first frame of every non-active’ period, nhorm_sm is set to norm. During the first 4
msec of the non-active period, norm_sm is initialized withhnrom [subnum], when TX_flag = 2 or 3 and

o

| 20l0g,,norm_sid - 20log,,normn_ subframe<’1] | > 6 dB.

11.5.7 CNG excitation generation

The CNG excitation signal excitation[] is computed from a multi-pulse excitation signal and a random excitation
signal as follows:

for (i =0; i < sbfrmsize; i++)

{
}

excitation[i] = gf %" fcb_cng[i] + gr * excqg[i];

where fcb_cngfl-and excg[] are respectively the multi-pulse (MP) or regular pulse (RP) excitation signal and

random excitation signal. gf and gr are their corresponding gains. The random excitation signal, positions and sign
of pulsessfor.the MP/RP excitation are sequentially produced from a random sequence in each subframe. In orde
to synchronise the random number CNG generator in the encoder and the decoder, the random excitation signa
excgfl—for a given subframe must be computed prior to the MP/RP Excitation generation fcb_cng[] for tha
subframe.

— — — JJ

11.5.7.1 Random sequence

Random sequence are generated by the following function and are used for generation of the multi-pulse and the
random excitation signals:

short Random (*seed)

*seed = (short) ((int)(*seed * 31821 + 13849));
return (*seed);
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with an initial seed value of 21845 and commonly used for both excitations. This generator has a periodic cycle of
16 bits. The seed is initialized with 21845 at the beginning of every non-active period.

11572 Generatiohoftherandom-excitation

The random excitation signal of each subframe is a Gaussian random sequence, which is generated as follows:
flor (i = 0; i < sbfrmsize; i++)

excg[i] = Gauss (seed);

vhere
fil oat Gauss (short *seed)

tenp = O;
for (i = 0; i < 12; i++)
tenp += (float) Random (seed);

}
temp /= (2 * 32768);
return (tenp);

11.5.7.3 Multi-pulse excitation generation

In case MPE is used for coding of the voice-active frames, a multi-pulse excitation signal is generated for each
subframe by randomly selecting the positions and.sighs of pulses. Multi-pulse structures of MPEG-4 version 1
CELP with MPE_Configuration = 24 and 31 are used for the sampling rate of 8 and 16 kbit/s, respectively.
Positions and signs of 10 pulses are generated*in a 40-sample vector. For subframe size of 80 samples, it is
¢arried out twice to generate 20 pulses in an-80-sample vector. Indices of the positions and signs, mp_pos_idx and
Mp_sign_idx, are generated in each subframe as follows:

iIf (subframe size is 40 sanpl e$)

set RandonBits (&p_pos_idx, 20, seed);

set RandonBi ts (&mp_sga.ihdx, 10, seed);

iIf (subframe size (5,80 sanpl es)

set RandonBi t's.\(&wp_pos_i dx_1st _hal f, 20, seed);
set RandonBitys” (&p_sgn_i dx_1st_hal f, 10, seed);

set RandofiBi't s ( &np_pos_i dx_2nd_hal f: 20, seed);
set RandonBi ts (&mwp_sgn_i dx_2nd_hal f, 10, seed);

vhere mp_pos_idx_1st_half and mp_sgn_idx_1st half are indices of the positions and signs of the first half of the

subframe and mp_pos_idx_2nd_half and 20 mp_sgn_idx_2nd_half are indices for the second half. The function
setRandomBits() is defined in section 11.5.7.5.

11.5.7.4 Regular Pulse Excitation

In case RPE is used for coding of the voice-active frames, a regular pulse excitation signal is generated for each
subframe. In case of non-active frames, the content of the adaptive codebook is initialised with zero. For the non-
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active frames only the fixed codebook is used. The fixed codebook excitation signal is generated by using a

random shape_index as input for the RPE decoding process.

set RandonBits (&shape_i ndex, n_bits, seed);

rpe_i ndex = shape_i ndex;

r pe_phase rpe_i ndex % D
rpe_dex = Tpe_imdex 1 5;

for (n =Np - 1, n>=0; n--)
{
rpe_anps [n] = (rpe_index %3) - 1;
rpe_i ndex = rpe_index / 3;

}
for (n = 0; n < sbfrmsize; n++)

fcb_cng[n] = 0.0F;
}

for (n =0; n < Np; n++)

fcb_cng[rpe_phase + D*n] = gn[ RPE_Configuration] * (float)(rpe_anps [n]);

nbits is set to 11 for RPE_Configurations 0 and 1 and set to 12 for RRE_Configurations 2 and 3. D is the decimatio
factor, Np is the number of pulses per subframe and sbfrm_size isithe number of samples per subframe as define

in MPEG-4 CELP version 1. The normalising factor gn is defined i’ Table 282.

Table 282: Normalizing factor gn for RPE

RPE_Configuration gn[]
0 56756 / 32768
1 56756 / 32738
2 44869 / 32768
3 40132 / 32768

11.5.7.5 Random index genefator function

A random index generator function setRandomBits() is defined for MPE and RPE as follows:

voi d set RandonBits (lbong *I, int n, short *seed)
*| = Oxffff "& Randon(seed);
if (n > 16)
*| = (oxffff & Random(seed)) << 16;
ity (n < 32)
{

*| &= ((unsigned long)l << n) - 1;

= —

11.5.7.6 Gain calculation

Gains gf and gr are calculated from the smoothed RMS of the excitation, norm_sm as follows:
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sbfrm_size-1
of =a morm_sm/J é fcb_cng(i)® /sbfrm_size.

i=0

o =[-axA +\a?xA- @%- DAA]/A,

vhere a =0.6 and
sbfrm_size- 1

A = A gf *fcb_cng[i]?
i=0

sbfrmosize-l 5
A = a excg[i]

i=0

sbfrm_size-1

A = é of xfcb_cng[il *excq[i] -
i=0

11.5.8 LP Synthesis filter

The synthesis filter is identical to LP synthesis filter in MPEG-4 CELP-described in ISO/IEC 14496-3:1999, subpart
3, subclause 3.5.8.

11.5.9 Memory update
$ince the encoder and decoder need to be kept synchronized during non-active periods, the excitation generation

is performed on both encoder and decoder sides to ypdate the corresponding buffers for the LP synthesis. The
addaptive codebook is not used and is initialized with:zero during non-active frames.

12 Extension of HVXC variable rate mode

12.1 Overview

This sub-clause describes thewsyntax and semantics of ER HVXC object including the operation of 4.0 kbit/s
ariable rate coding mode~ef-HVXC. In version-1, variable bitrate mode based on 2 kbit/s mode is already
supported. Here the operation of the variable bitrate mode of 4.0 kbit/s maximum is described.

In the fixed bitrate mode; we have 2 bit V/UV decision that is:

UVv=3: full voiced, VUV=2 : mixed voiced, VUV=1 : mixed voiced, VUV=0 : unvoiced.

(Vhen the{Ooperating mode is variable bitrate mode, VUV=1 indicates “Background noise” status instead of “mixed
oiced"s~Fhe current operating mode is defined by “HVXCconfig()” and decoder knows whether it's variable or fixed

ate<mode and can understand the meaning of VUV=1. In the “variable rate coding”, bit assignment is varied
eépending on Voiced/unvoiced decision and bitrate saving is obtained mostly by reducing the bit assignment for

“unvoiced speech” or “background noise” segments. If it is declared to be “background noise”, then VUV is
changed to 1 and bit assignment to the frame is further reduced. During the “background noise” mode, only the
mode bits or noise update frame is transmitted according to the change of the background noise characteristics.
Using this variable rate mode, average bitrate is reduced to 56-85% of the fixed bitrate mode depending on the
source items.
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12.2 Definitions

VUV V/UV(Voiced/UnVoiced) flag
VX_Shapel][0,1]: Stochastic codebook index
VX_Gain1[0,1]: Stochastic codebook gain index
HVXCvarMode: variable rate mode

LN\ CratalMada- trancmiccoinn ratn mnda
Ty 7coTratervrotts trot oo SToTr T TroteTotc

Var_ScalableFlag:  scalable flag for variable rate mode

NUM_SUBF1: the number of subframes in one frame
NUM_SHAPE LO: the number of codebook index
UpdateFlag: background noise update flag

12.3 Syntax

This section describes the bitstream syntax and the bitstream semantics for ER HVXC object-type including th
extension of HVXC variable rate mode.

\17

An MPEG-4 Natural Audio Object ER HVXC object type is transmitted in one or two Elementary Streams: The bas
layer stream and an optional enhancement layer stream.

\17

The bitstream syntax is described in pseudo-C code.

12.3.1 Decoder configuration (ER HvxcSpecificConfig)

—

The decoder configuration information for ER HVXC object type is transmitted in the DecoderConfigDescriptor() 0
the base layer and the optional enhancement layer Elementary Stream.

12.3.1.1 ER HVXC base layer -- configuration

For ER HVXC object type in unscalable modé-or as base layer in scalable mode the following
ErrorResilientHvxcSpecificConfig() is required:

ErrorResilient HvxcSpecificConfig() -
Er HVXCconfi g();
}

12.3.1.2 ER HVXC enhancement(Layer -- configuration

o

ER HVXC object type provides a 2 kbit/s base layer plus a 2 kbit/s enhancement layer scalable mode. In thi
scalable mode the basic layer configuration must be as follows:

HVXCr at eMbde = OMHVXC 2 kbit/s;

For the enhaneement layer, there is no ErrorResilientHvxcSpecificConfig() required:

ErroriResi | i ent HvxcSpeci ficConfig() {
}
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Table 283: Syntax of ErHVXCconfig()

Syntax No. of bits Mnemonic
ErHVXCconfig()
HVXCvarMode; 1 uimsbf
HVXCrateMode; 2 uimsbf
extensionrlag; T aimsoft
if(extensionFlag) {
var_ScalableFlag; 1 uimsbf
}
}

Table 284: HVXCvarMode

HVXCvarMode Description
0 HVXC fixed bitrate
1 HVXC variable bitrate

Table 285: HVXCrateMode

HVXCrateMode | HVXCrate Description

0 2000 HVXC 2 kbit/s
1 4000 HVXC 4 kbit/s
2 3700 HVXC 3.7 kbit/s

3 (reserved)

Table 286: var ScalableFlag

Var ScalableFlag Description
0 HVXC variable rate non-scalable mode
1 HVXC variable rate scalable mode

Table 287: HVXC constants

NUM_SUBF1 | NUM _SHAPE LO
2 64

12.3.2 Bitstream)frame (alPduPayload)

The dynamic data for ER HVXC object type is transmitted as AL-PDU payload in the base layer and the optional
énhancemeént layer Elementary Stream.

ERAIVXC Base Layer -- Access Unit payload

=T =S !
arPaurayroad

Er HVXCf rane() ;
}

ER HVXC Enhancement Layer -- Access Unit payload
To parse and decode the ER HVXC enhancement layer, information decoded from the ER HVXC base layer is
required.

al PduPayl oad {
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Er HVXCenhaFr anme() ;

}
Table 288: Syntax of ErHVXCframe()
Syntax No. of bits Mnemonic
ErHVXCframe()
if(HVXCvarMode == 0) {
ErHVXCfixframe(HVXCrate);
} else {
ErHVXCvarframe(HVXCrate);
}
}
Table 289: Syntax of ErHVXCenhaframe
Syntax No. of bits Mnemonic
ErHVXCenhaframe()
if(HVXCvarMode == 0) {
ErHVXCenh_fixframe();
} else {
ErHVXCenh_varframe();
}
}

The syntax of the ErHVXCfixframe(), ErHVXCvarframe(), ErHVXCenh_fixframe(), and ErHVXCenh_varframe() ar¢
described in the subcluase 10.3.

12.4 Specification of variable rate mode

Specification for the variable rate mode, is'described below.

12.4.1 Transmission payload

—

Transmission payloads withyfour different bitrates are used depending on V/UV decision and the result g
background noise detection,"VUV flag and UpdateFlag indicate the type of transmission payloads.

VUV is a parameter that has the result of V/UV decision and defined as;

1 0,~Unvoiced speech
t 1
VUV =Y )

72 Voiced speech1

f3  Voiced speech 2

Background noise interval

To indicate whether or not the frame marked “VUV=1" is noise update frame, a parameter “UpdateFlag” is
introduced. UpdateFlag is used only when VUV=1.

—10 not noiseupdateframe
UpdateHlag = 11 noiseupdateframe
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If UpdateFlag is 0, the frame is not noise update frame, and if UpdateFlag is 1, the frame is noise update frame.
The first frame of the “Background noise” mode is always classified as the noise update frame. In addition, if the
gain or spectral envelope of the background noise frame is changed, a noise update frame is inserted.

At the noise update frame, the average of LSP parameters over the last 3 frames is computed and coded as LSP
indices in the encoder. In the same manner, the average of Celp gain over the last 4 frames (8 subframes) is
computed and coded as Celp gain index

uring the background noise interval (VUV=1), LSP parameters and excitation parameters are sent only when
oise update frame is selected (UpdateFlag=1). Decoder output signals for background noise interval are
enerated using the LSP and excitation parameters transmitted at noise update frames.

If the current frame or the previous frame is “Background noise” mode, differential mode in LSP guantization is
inhibited in the encoder, because LSP parameters are not sent during “Background noise” mode.and inter frame

¢oding is not possible.

12.4.2 Bitrates of variable rate mode

Using the background noise detection method described above, variable rate coding\is-carried out based on fixed
bitrate 4 kbit/s HVXC. The bitrate at each mode is shown below.

Mode(VUV) Back Ground Noise(1) UV(Q) V(2,3)
UpdateFlag=0 | UpdateFlag=1
V/IUV 2bit/20msec 2bit/20msec 2bit/20msec 2bit/20msec
UpdateFlag 1bit/20msec 1bit/20msec Obit/20msec Obit/20msec
LSP Obit/20msec 18bit/20msec 18bit/20msec 26bit/20msec
Excitation 4bit/20msec 20bit/20msec 52bit/20msec
(gain only)
Total 3bit/20msec 25bit/20msec 40bit/20msec 80bit/20msec
0.15 kbit/s 1.25.kbit/s 2.0 kbit/s 4.0 khit/s

12.5 Decoding process of variable rate.mode

[Pecoding process for the variable rate mode’is described below.

12.5.1 Decoding process

In the decoder, voiced framey(VUV=2,3) is processed in the same manner as 4 kbit/s fixed bitrate mode, and
nvoiced frame (VUV=0) is\processed in the same manner as 2 kbit/s fixed bitrate mode. When the background
oise mode is selected-(VUJV=1), decoder output signal is generated in the same manner as unvoiced speech at
kbit/s fixed bitrate ;/mode. The decoder parameters for back ground noise interval are generated by using the
arameters transmitted at noise update frames (VUV=1, UpdateFlag=1) and sometimes at preceding unvoiced
frames (VUV=0)~The subclauses below show how to generate the decoder parameters for back ground noise
interval.

12.5.1.1-AFSP decoding

Inthe*decoder, two sets of previously transmitted LSP parameters, prevLSP1 and prevLSP2, are held.

prevLSP1: transmitted LSP parameters

prevLSP2: transmitted LSP parameters before prevLSP1

“Background noise” mode occurs only after “unvoiced” or “background noise” mode. When the “background noise”
mode is selected, LSP parameters are transmitted only when the frame is “noise update frame” (UpdateFlag=1). If

new LSP parameters are transmitted, prevLSP1 is copied to prevLSP2 and newly transmitted LSPs are copied to
prevLSP1 regardless of VUV decision.
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LSP parameters for each frame during the “background noise” mode are generated by the interpolation between
prevLSP1 and prevLSP2 using the equation:

gLsp(i) = ratioxprevLspl(i) + (1- ratio) xprevLsp2(i)---i =1..10 (12.1)

where

2Xbgnintval +rnd) +1
2xBGN _INTVL (122)

ratio =

gLsp(i) is the i-th LSP to be used for decoding operation of the current frame, prevLspl(i) is thevi-th LSP d
prevLSP1, prevLsp2(i) is the i-th LSP of prevLSP2 ( 1£i£10). In this equation, bgnintval is a counter which count
the number of consecutive background noise frames, and is reset to O at the receipt of background noise updaté
frame. BGN_INTVL(=12) is a constant, and rnd is a randomly generated integer value between -3 and 3. If
counter bgnintval reaches BGN_INTVL, bgnintvl is set to BGN_INTVL-1, and if the ratig obtained by the equatio
(12.2) is smaller than O or greater than 1, the value of rnd is set to 0 and ratio is recomputed.

D O0r——

=

12.5.1.2 Excitation generation

During the period of “background noise” mode, the Gain index (VX_gain[0])transmitted in the noise update frame i
used for all the subframes, the values of Shape index (VX _Shapel[0,1})\are randomly generated between 0 an
NUM_SHAPE LO-1. These excitation parameters are used with the(interpolated LSP parameters as describe
above to generate the signals of background noise mode.

o0

LSPindex ———pf Inverse VQ of LSP-—)‘»Interpolation for BGN — L SP Interpolation for UV

? A
UpdateFlag
V/UV/BGN
Random Number
5 Generator ———p Celp Shape Index
Celp Gain Index >

Figure 34: Additional diagram for variable rate decoder
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Annex A
(informative)

Parametric audio encoder

A.1 Overview of the encoder tools

The following Figure A.1 shows a general block diagram of a parametric encoder. First the input signal<is separated
into the two parts which are coded by HVXC and by HILN tools. This can be done manually .or ‘automatically.
Automatic switching between speech and music signals is supported (see Subclause A.3.1), allowing the use of
HVXC for speech and HILN for music. For both HVXC and HILN parameter estimation and, parameter encoding
¢an be performed. A common bitstream formatter allows operation either in HVXC only,-HILN only, or also in
¢ombined modes, i.e. switched or mixed mode.

The following description of an HILN parametric encoder is informative and also, altérnative techniques for signal
geparation and parameter estimation can be used in an encoder.

HVXC HVXC
»| parameter parameter.
estimation encoding
HVXC/ .
HILN bitstream
> ; formatting | >
L separation .
audio signal HILN HILN bitstream
»| parameter »|* parameter
estimation encoding

Figure A.1: General block-diagram of the integrated parametric encoder

A.2 HILN encoder tools

The basic principle of the “"Harmonic and Individual Lines plus Noise” (HILN) encoder is to analyze the input signal
ih order to extract parameters describing the signal. These parameters are coded and transmitted as a bitstream. In
the decoder the output(sighal is synthesized based on the parameters extracted and transmitted by the encoder.

The encoder consists of two main parts: “Parameter Extraction” and “Parameter Coding”. In the encoder, the input
signal is dividedinto consecutive frames and for each frame a set of parameters describing the signal in this frame
5 extractedtand coded. Due to this parametric description, a wide range of bitrates, sampling rates and frame
engths are Jjpossible. Typically a frame length of 32 ms is used. For input signals with 8 to 16 kHz sampling rate
ypically-a bitrate of 6 to 16 kbit/s is used.

—_ — —

[he)'Parameter Extraction” and “Parameter Coding” is described in detail in the following subclauses.

A.2.1 HILN parameter extraction

Since different parameter sets and different synthesis techniques can be applied, the input signal of the encoder
has to be split up in an appropriate way. This is performed by the Separation unit. Depending on the most
appropriate synthesis technique, a parameter set is derived for each part of the input signal in the Model Based
Parameter Estimation unit. The two units Separation and Model Based Parameter Estimation can be regarded as
the analysis stage which produces a parametric description of the input signal. The separation of the input signal is
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enhanced by feeding back the signals which are generated in the Synthesis unit from all the parameters of
previously separated parts. The Separation and the Model Based Parameter Estimation additionally receive data
from a synthesis model independent Pre-Analysis. Prior to transmission, the parameters are fed through the
Quantization and Coding unit, which is controlled by a Psychoacoustic Model. This Psychoacoustic Model
processes the input signal in order to derive information about the relevancy of synthesis parameters. In addition,
the synthesized signal is fed into the Psychoacoustic Model, which thus is allowed to assist the Model Based
Parameter Estimation.

psychoacoustic
model

e e [

| |

| synthesis |

[ [

| |

e |

[ [ J

: separation |—» model based . : quantization

_ parameter estimation and coding _

audio | | , _ : bit-
signal | L] analysis : stream

I analysisisynthesisfoop _ ~\"" |

pre-
analysis

Figure A.2: Block diagram of the HILN encoder

" ou

In the parameter extraction, the input signal-is* separated into three different parts: “harmonic lines”, “individug
lines” and “noise”.

For each of these parts parameters describing the signal are extracted. These are basically:
harmonic lines:  fundamentalfrequency and amplitudes of the harmonic components
individual lines:  frequency and amplitude of each individual line
noise: spectral shape of the noise

Additionally parameters for amplitude envelopes and for continuation of spectral lines from one frame to the next
can be determined.

The signal separation and parameter estimation is implemented in three steps: First the fundamental frequency o
the harmonic part of the signal is estimated. Then the parameters of the relevant spectral lines are estimated an
these-lines are classified as “individual lines” or “harmonic lines” depending on the frequency with respect to th
fundamental frequency. After all relevant spectral lines are extracted, the remaining residual signal is assumed t

ha noicalika and itc cnactral chana ic daceoribhad v o cat of naramatarc
ToCTkE—r et Tt

o——C——=

T O Tt SP T ttor SO Pt To UC OTHoT U0y o ST T o P e teToT

The harmonic line extraction of the HILN tools can also be utilized in an integrated parametric coder utilizing both
the HVXC speech coding tools as well as the HILN coding tools simultaneously. If the input signal is e.g. a speech
signal mixed with background music, the HILN encoder can be used to extract only those individual spectral lines
that do not belong to the harmonic part of the signal. These individual lines are encoded by the HILN tools and the
remaining signal - consisting of the harmonic signal part and noise - then is encoded by the HVXC parametric
speech codec tools. In the decoder, the audio signal is reconstructed by adding the output of the “individual line”
synthesizer and the HVXC decoder.
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