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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 me

mbers of

ISO or IEC participate in the development of International Standards through technical committees

tablished by the respecltive organizafion to deal with particular fields of technical activity. ISO
technical committees collaborate in fields of mutual interest. Other international organizations, gove

nd non-governmental, in liaison with ISO and IEC, also take part in the work. In the field\of in{
chnology, ISO and IEC have established a joint technical committee, ISO/IEC JTC 1.

—

he main task of the joint technical committee is to prepare International Standards. Draft Inte

n International Standard requires approval by at least 75 % of the national bedies casting a vote.

= >3

ghts. ISO and IEC shall not be held responsible for identifying any or.all such patent rights.

BO/IEC 14496-3 was prepared by Joint Technical Committee ISO/IEC JTC 1, Information teq
ubcommittee SC 29, Coding of audio, picture, multimedia and hypermedia information.

n =

his fourth edition cancels and replaces the third edition (ISO/IEC 14496-3:2005), which has been te

bO/IEC 14496-3:2005/Cor.2:2008, ISO/IEC-14496-3:2005/Cor.3:2008, ISO/IEC 14496-3:2005/Cq
5O/IEC 14496-3:2005/Cor.5:2008, ISO/IEC 14496-3:2005/Amd.2:2006/Co
50/IEC 14496-3:2005/Amd.2:2006/Cor:2:2008, ISO/IEC 14496-3:2005/Amd.2:2006/Co

—_—— e — — — = _

5O/IEC 14496-3:2005/Amd.3:2006/Cor:1:2008.

Q —

udio-visual objects:

—  Part 1: Systems

—+ Part 2: Visual

—+ Part 3: Audio

—+ Part4: Conformance testing

—+ Part 5: Reference software

— Part 6: Delivery Multimedia Integration Framework (DMIF)

— Part 7: Optimized reference software for coding of audio-visual objects [Technical Report]
— Part 8: Carriage of ISO/IEC 14496 contents over IP networks

— Part 9: Reference hardware description [Technical Report]

— Part 10: Advanced Video Coding
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Jtandards adopted by the joint technical committee are circulated to national bodies for voting. Publication as
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bvised. It also incorporates the Amendments ISO/IEC 14496-3:2005/Amd.1:2007,
BO/IEC 14496-3:2005/Amd.2:2006, ISO/IEC 14496-3:2005/Amd.3:2006, ISO/IEC 14496-3:2005/Am{.5:2007,
5O/IEC 14496-3:2005/Amd.8, ISO/IEC 14496=3:2005/Amd.9:2008, and the Technical Cégrrigenda

r.4:2008,
r.1:2006,
r.3:2008,

BO/IEC 14496 consists of the‘following parts, under the general title Information technology — Qoding of


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

— Part 11: Scene description and application engine

—  Part

—  Part

—  Part

—  Part

12:

13:

14:

15:

ISO base media file format
Intellectual Property Management and Protection (IPMP) extensions
MP4 file format

Advanced Video Coding (AVC) file format

—  Part
—  Part
—  Part
—  Part
—  Part
—  Part
—  Part
—  Part
—  Part
—  Part

Audio cq
respectiv

20:
21:
22:
23:
24:
25:

nformance and 3D graphics conformance, will form the subjects of the future Parts 26 and 27,
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. Animation Framework eXtension (AFX)
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0 Introduction

0.1 Overview

This part of ISO/IEC 14496 (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
StandL rrh—nng |nflnnrh |t'x!|\l onphuohnahﬂr{ cadina _toale  Ac vl Ao A nr\\lr\l flavihla 'Frnmn\ur\rll 'F)r audlo
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synchronization, mixing, and downloaded post- product|on the developers of the MPEG-4 Audio standprd 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_.nob target|a single
applicgtion 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 compression, synthésis, manipulation, or
playbgck. The subparts that follow specify the state-of-the-art coding tools in several demains; however,MPEG-4
Audio|is more than just the sum of its parts. As the tools described here are integrated with the rest of the|MPEG-4
standqrd, exciting new possibilities for object-based audio coding, interactive preséntation, dynamic soundtracks,
and other sorts of new media, are enabled.

Since [a single set of tools is used to cover the needs of a broad range ofiapplications, interoperability is |a natural
featur¢ of systems that depend on the MPEG-4 Audio standard. A _system that uses a particular coder — for
example a real-time voice communication system making use of the-MPEG-4 speech coding toolset — c@an easily
share |[data and development tools with other systems, even in diffefent domains, that use the same tgol — for
example a voicemail indexing and retrieval system making use oft MPEG-4 speech coding.

The rgmainder of this clause gives a more detailed overview of the capabilities and functioning of MPEG{4 Audio.
First g discussion of concepts, that have changed since.the MPEG-2 Audio standards, is presented. Then the
MPEGQG-4 Audio toolset is outlined.

0.2 | Concepts of MPEG-4 Audio

As with previous MPEG standards, MPEG:4 does not standardize methods for encoding sound. Thus| content
authors are left to their own decisions.as"to the best method of creating bitstream payloads. At the present time,
methods to automatically convert natural sound into synthetic or multi-object descriptions are not mature; therefore,
most |[mmediate solutions will involve interactively-authoring the content stream in some way. This pfocess is
similaf to current schemes for MIDI-based and multi-channel mixdown authoring of soundtracks.

Many |concepts in MPEG-4_Audio are different than those in previous MPEG Audio standards. For the benefit of
readefs who are familiarwith MPEG-1 and MPEG-2 we provide a brief overview here.

0.2.1 Audio-storage and transport facilities

In all ¢f the MPEG-4 tools for audio coding, the coding standard ends at the point of constructing access pnits that
contaip the compressed data. The MPEG-4 Systems (ISO/IEC 14496-1) specification describes how t¢ convert
these |ndividually coded access units into elementary streams.

There is no standard transport mechanism of these elementary streams over a channel. This is because the broad
range of applications that can make use of MPEG-4 technology have delivery requirements that are too wide to
easily characterize with a single solution. Rather, what is standardized is an interface (the Delivery Multimedia
Interface Format, or DMIF, specified in ISO/IEC 14496-6) that describes the capabilities of a transport layer and the
communication between transport, multiplex, and demultiplex functions in encoders and decoders. The use of
DMIF and the MPEG-4 Systems specification allows transmission functions that are much more sophisticated than
are possible with previous MPEG standards.
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However, LATM and LOAS were defined to provide a low overhead audio multiplex and transport mechanism for
natural audio applications, which do not require sophisticated object-based coding or other functions provided by
MPEG-4 Systems.

Table 0.1 gives an overview about the multiplex, storage and transmission formats currently available for MPEG-4
Audio within the MPEG-4 framework:

Table 0.1 — Format overview

Format Functionality defined in Functionality originally Description
MPEG=" aetineda In.
% M4Mux ISO/IEC 14496-1 - MPEG-4 Multiplex scheme
= (normative)
S | IATM ISO/IEC 14496-3 - Low Overhead Audio Transport
= (normative) Multiplex
o | ADIF ISO/IEC 14496-3 ISO/IEC 13818-7 Audio Data Interchange Format,
g (informative) (normative) (AAC only)
2o | MP4FF ISO/IEC 14496-12 - MPEG-4 File-Format
* (normative)
ADTS ISO/IEC 14496-3 ISO/IEC 13818-7 Audio DPata Transport Stream,
c (informative) (normative, exemplarily) | (AAC anly)
-% LOAS ISO/IEC 14496-3 - Low Overhead Audio Stream, basged
g (normative, exemplarily) OnLATM, three versions are
2 available:
c AudioSyncStream()
- EPAudioSyncStream()
AudioPointerStream()

To allow|for a user on the remote side of a channel to dynamically control a server streaming MPEG-4 content,
MPEG-4|defines backchannel streams that can carry user interaction information.

0.2.2 MPEG-4 Audio supports low-bitrate coding

Previous] MPEG Audio standards have focusedprimarily on transparent (undetectable) or nearly transparent poding
of high-quality audio at whatever bitrate was’required to provide it. MPEG-4 provides new and improved tdols for
this purppse, but also standardizes (and.has tested) tools that can be used for transmitting audio at the low hitrates
suitable for Internet, digital radio, or-other bandwidth-limited delivery. The new tools specified in MPEG-4 gre the
state-of-fhe-art tools that support Iow-bitrate coding of speech and other audio.

0.2.3 MPEG-4 Audio js\an object-based coding standard with multiple tools

Previous| MPEG Audio-Standards provided a single toolset, with different configurations of that toolset specified for
use in various applications. MPEG-4 provides several toolsets that have no particular relationship to each|other,
each with a different target function. The profiles of MPEG-4 Audio specify which of these tools are used together
for varioys applications.

Further, inCprevious MPEG standards, a single (perhaps multi-channel or multi-language) piece of content was
transmitted—tmcontrast, MPEG=4—supports—amuchmoreflexibte toncept of a—sourndtrackMultiptetooflsmay be
used to transmit several audio objects, and when using multiple tools together an audio composition system is
provided to create a single soundtrack from the several audio substreams. User interaction, terminal capability, and
speaker configuration may be used when determining how to produce a single soundtrack from the component
objects. This capability gives MPEG-4 significant advantages in quality and flexibility when compared to previous
audio standards.

0.24 MPEG-4 Audio provides capabilities for synthetic sound

In natural sound coding, an existing sound is compressed by a server, transmitted and decompressed at the
receiver. This type of coding is the subject of many existing standards for sound compression. In contrast, MPEG-4
standardizes a novel paradigm in which synthetic sound descriptions, including synthetic speech and synthetic
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music, are transmitted and then synthesized into sound at the receiver. Such capabilities open up new areas of
very-low-bitrate but still very-high-quality coding.

0.2.5 MPEG-4 Audio provides capabilities for error robustness

Improved error robustness capabilities for all coding tools are provided through the error resilient bitstream payload
syntax. This tool supports advanced channel coding techniques, which can be adapted to the special needs of
given coding tools and a given communications channel. This error resilient bitstream payload syntax is mandatory
for all error resilient object types.

The efror protection tool (EP tool) provides unequal error protection (UEP) for MPEG-4 Audio in conjungtion with
the erfor resilient bitstream payload. UEP is an efficient method to improve the error robustness of .sourge coding
schenjes. It is used by various speech and audio coding systems operating over error-prone channels| such as
mobilg telephone networks or Digital Audio Broadcasting (DAB). The bits of the coded signal fepresentation are
first griouped into different classes according to their error sensitivity. Then error protection is.individually gpplied to
the different classes, giving better protection to more sensitive bits.

Improyed error robustness for AAC is provided by a set of error resilience tools. These tools reduce the gerceived
degradlation of the decoded audio signal that is caused by corrupted bits in the bitstfeam payload.

0.2.6 MPEG-4 Audio provides capabilities for scalability

Previqus MPEG Audio standards provided a single bitrate, single bandwidth toolset, with different configufations of
that toplset specified for use in various applications. MPEG-4 provides.several bitrate and bandwidth optigns within
a sindle stream, providing a scalability functionality that permitsa\given stream to scale to the requirement of
different channels and applications or to be responsive to..a“given channel that has dynamic throughput
charagteristics. The tools specified in MPEG-4 are the state-of-the-art tools providing scalable comprgssion of
speech and audio signals.

0.3 | The MPEG-4 Audio tool set
0.3.1 Speech coding tools

0.3.1.1 Overview
Speedh coding tools are designed fofithe transmission and decoding of synthetic and natural speech.

Two types of speech coding tools’ are provided in MPEG-4. The natural speech tools allow the compression,
transnpission, and decoding of‘human speech, for use in telephony, personal communication, and surveillance
applications. The synthetic-speech tool provides an interface to text-to-speech synthesis systems; using [synthetic
speech provides very-low-bitrate operation and built-in connection with facial animation for use in low-bitrate video
telecopferencing applications.

0.3.1. Natural'speech coding

The MPEGs4.speech coding toolset covers the compression and decoding of natural speech sound af bitrates
ranging between 2 and 24 kbit/s. When variable bitrate coding is allowed, coding at even less than 2 kbit/s, for
example-an average bitrate of 1.2 kbit/s, is also supported. Two basic speech coding technigues are used: One is a
parametric speech coding algorithm, HVXC (Harmonic Vector eXcitation Coding), for very low bit rates; and the
other is a CELP (Code Excited Linear Prediction) coding technique. The MPEG-4 speech coders target
applications ranging from mobile and satellite communications, to Internet telephony, to packaged media and
speech databases. It meets a wide range of requirements encompassing bitrate, functionality and sound quality.

MPEG-4 HVXC operates at fixed bitrates between 2,0 kbit/s and 4,0 kbit/s using a bitrate scalability technique. It
also operates at lower bitrates, typically 1,2 - 1,7 kbit/s, using a variable bitrate technique. HVXC provides
communications-quality to near-toll-quality speech in the 100 Hz — 3 800 Hz band at 8 kHz sampling rate. HVXC
also allows independent change of speed and pitch during decoding, which is a powerful functionality for fast
access to speech databases. HVXC functionalities include 2,0 - 4,0 kbit/s fixed bitrate modes and a 2,0 kbit/s
maximum variable bitrate mode.
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Error Resilient (ER) HVXC extends operation of the variable bitrate mode to 4,0 kbit/s to allow higher quality
variable rate coding. The ER HVXC therefore provides fixed bitrate modes of 2,0 - 4,0 kbit/s and a variable bitrate
of either less than 2,0 kbit/s or less than 4,0 kbit/s, both in scalable and non-scalable modes. In the variable bitrate
modes, non-speech parts are detected in unvoiced signals, and a smaller number of bits are used for these non-
speech parts to reduce the average bitrate. ER HVXC provides communications-quality to near-toll-quality speech
in the 100 Hz - 3800 Hz band at 8 kHz sampling rate. When the variable bitrate mode is allowed, operation at lower
average bitrate is possible. Coded speech using variable bitrate mode at typical bitrates of 1,5 kbit/s average, and
at typical bitrate of 3,0 kbit/s average has essentially the same quality as 2,0 kbit/s fixed rate and 4,0 kbit/s fixed
rate respectively. The functionality of pitch and speed change during decoding is supported for all modes. ER
HVXC has a bitstream payload syntax with the error sensitivity classes to be used with the EP-Tool, and some
error co{cealment functionality is supported for use in error-prone channels such as mobile communjcation

channeld. The ER HVXC speech coder target applications range from mobile and satellite communicatigns, to
Internet telephony, to packaged media and speech databases.

MPEG-4| CELP is a well-known coding algorithm with new functionality. Conventional CELP coderg offer
compresgion at a single bit rate and are optimized for specific applications. Compression is one pf the
functionglities provided by MPEG-4 CELP, but MPEG-4 also enables the use of one, basic coder in njultiple
applicatipns. It provides scalability in bitrate and bandwidth, as well as the ability to generate bitstream payldads at
arbitrary | bitrates. The MPEG-4 CELP coder supports two sampling rates, namely;”8 kHz and 16 kHz. The
associat¢d bandwidths are 100 Hz — 3800 Hz for 8 kHz sampling and 50 Hz — 7000\Hz for 16 kHz sampling. The
silence dompression tool comprises a voice activity detector (VAD), a discontinuous transmission (DTX) unifand a
comfort poise generator (CNG) module. The tool encodes/decodes the input\signal at a lower bitrate durihg the
non-actiye-voice (silent) frames. During the active-voice (speech) frames, MPEG-4 CELP encoding and defoding
are used

The silenice compression tool reduces the average bitrate thanks to‘€ompression at a lower bitrate for silepce. In
the encofer, a voice activity detector is used to distinguish betweén regions with normal speech activity and those
with silepce or background noise. During normal speech activity, the CELP coding is used. Otherwise a silence
insertion|descriptor (SID) is transmitted at a lower bitrate. ThiS\SID enables a comfort noise generator (CNG] in the
decoder.|The amplitude and the spectral shape of this comfort noise are specified by energy and LPC parameters
in methods similar to those used in a normal CELP frame. These parameters are optionally re-transmitted|in the
SID and thus can be updated as required.

MPEG hps conducted extensive verification testing in realistic listening conditions in order to prove the effigacy of
the speerh coding toolset.

0.3.1.3 | Text-to-speech interface

Text-to-gpeech (TTS) capability is_becoming a rather common media type and plays an important role in Various
multimedia application areas. For-instance, by using TTS functionality, multimedia content with narration ¢an be
easily crpated without recording natural speech. Before MPEG-4, however, there was no way for a multmedia
content provider to easily-give instructions to an unknown TTS system. With MPEG-4 TTS Interface, a|single
common|interface for A TS systems is standardized. This interface allows speech information to be transmitted in
the interpational phongtic alphabet (IPA), or in a textual (written) form of any language.

The MPEG-4 Hybrid/Multi-Level Scalable TTS Interface is a superset of the conventional TTS framework. This
extended TTS Interface can utilize prosodic information taken from natural speech in addition to input text and can
thus gengrate much higher-quality synthetic speech. The interface and its bitstream payload format is scalable in
terms of this added information; for example, if some parameters of prosodic information are not available, a
decoder can generate the missing parameters by rule. Normative algorithms for speech synthesis and text-to-
phoneme translation are not specified in MPEG-4, but to meet the goal that underlies the MPEG-4 TTS Interface, a
decoder should fully utilize all the provided information according to the user's requirement level.

As well as an interface to text-to-speech synthesis systems, MPEG-4 specifies a joint coding method for phonemic
information and facial animation (FA) parameters and other animation parameters (AP). Using this technique, a
single bitstream payload may be used to control both the text-to-speech interface and the facial animation visual
object decoder (see ISO/IEC 14496-2, Annex C). The functionality of this extended TTS thus ranges from
conventional TTS to natural speech coding and its application areas, from simple TTS to audio presentation with
TTS and motion picture dubbing with TTS.
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0.3.2 Audio coding tools

0.3.2.1 Overview

Audio coding tools are designed for the transmission and decoding of recorded music and other audio soundtracks.

0.3.2.2 General audio coding tools

MPEG-4 standardizes the coding of natural audio at bitrates ranging from 6 kbit/s up to several hundred kbit/s per
audio channel for mono, two-channel, and multi-channel-stereo signals. General high-quality compression is
provided by incorporating the MPEG-2 AAC standard (ISO/IEC 13818-7), with certain improvements, as MPEG-4
AAC. |At 64 kbit/s/channel and higher ranges, this coder has been found in verification testing under| rigorous
conditlons to meet the criterion of “indistinguishable quality” as defined by the European Broadcasting Unign.

Genergl audio (GA) coding tools comprise the AAC tool set expanded by alternative quantization and coding
schemes (Twin-VQ and BSAC). The general audio coder uses a perceptual filterbank, a sgphisticated|masking
model} noise-shaping techniques, channel coupling, and noiseless coding and bit-allecation to prqvide the
maxinfum compression within the constraints of providing the highest possible quality»Psychoacoustic coding
standgrds developed by MPEG have represented the state-of-the-art in this technology since MPEG{1 Audio;
MPEGQG-4 General Audio coding continues this tradition.

For bijrates ranging from 6 kbit/s to 64 kbit/s per channel, the MPEG-4 standard provides extensions tp the GA
coding tools, that allow the content author to achieve the highest quality coding at the desired bitrate. Furthermore,
varioug bit rate scalability options are available within the GA coder. Tthe low-bitrate techniques and gcalability
modeg provided within this tool set have also been verified in formal tests by MPEG.

The MPEG-4 low delay coding functionality provides the ability. t0 extend the usage of generic low bitrate audio
coding to applications requiring a very low delay in the encoding/decoding chain (e.g. full-duplex |real-time
commpnications). 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
signal$. Specifically, it is derived from the proven architecture of MPEG-2/4 Advanced Audio Coding (AAC) and all
capabijlities for coding of 2 (stereo) or more sound«channels (multi-channel) are available within the lpw delay
coder.To enable coding of general audio signals with an algorithmic delay not exceeding 20 ms at 48 kHE, it uses
a frane length of 512 or 480 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
switchjng is used to avoid the “look-ahead™delay due to the block switching decision. To reduce pre-echo|artefacts
in the pase of transient signals, window. shape switching is provided instead. For non-transient portions of the signal
a sine|window is used, while a so-called low overlap window is used for transient portions. Use of the bit|reservoir
is minmized in the encoder in order)to reach the desired target delay. As one extreme case, no bit reservojr is used
at all.

The MPEG-4 BSAC is used in combination with the AAC coding tools and replaces the noiseless codipg of the
quantiged spectral dataand the scalefactors. The MPEG-4 BSAC provides fine grain scalability in steps ¢f 1 kbit/s
per audio channel, j:€\2 kbit/s steps for a stereo signal. One base layer stream and many small enhancement layer
streanps are usedsJo obtain fine step scalability, a bit-slicing scheme is applied to the quantized spectral data. First
the qyantized .spectral values are grouped into frequency bands. Each of these groups contains the quantized
spectrpl valués in their binary representation. Then the bits of a group are processed in slices according to their
signifitance X Thus all most significant bits (MSB) of the quantized values in a group are processed first. These bit-
slices jare)then encoded using an arithmetic coding scheme to obtain entropy coding with minimal redungancy. In
order t0 Implement Tine grain scalability efficiently using MPEG-4 Systems tools, the fine grain audio data can be
grouped into large-step layers and these large-step layers can be further grouped by concatenating large-step
layers from several sub-frames. Furthermore, the configuration of the payload transmitted over an Elementary
Stream (ES) can be changed dynamically (by means of the MPEG-4 backchannel capability) depending on the
environment, such as network traffic or user interaction. This means that BSAC can allow for real-time adjustments
to the quality of service. In addition to fine grain scalability, it can improve the quality of an audio signal that is
decoded from a stream transmitted over an error-prone channel, such as a mobile communication network or
Digital Audio Broadcasting (DAB) channel.

MPEG-4 SBR (Spectral Band Replication) is a bandwidth extension tool used in combination with the AAC general
audio codec. When integrated into the MPEG AAC codec, a significant improvement of the performance is
available, which can be used to lower the bitrate or improve the audio quality. This is achieved by replicating the
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highband, i.e. the high frequency part of the spectrum. A small amount of data representing a parametric
description of the highband is encoded and used in the decoding process. The data rate is by far below the data
rate required when using conventional AAC coding of the highband.

0.3.2.3 Parametric audio coding tools

The parametric audio coding tool MPEG-4 HILN (Harmonic and Individual Lines plus Noise) codes non-speech
signals like music at bitrates of 4 kbit/s and higher 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 ip the HILN coder. HILN allows independent change of speed and pitch during decoding.

The Parametric Audio Coding tools combine very low bitrate coding of general audio signals with the)pessibility of
modifying the playback speed or pitch during decoding without the need for an effects proCessing ynit. In
combination with the speech and audio coding tools in MPEG-4, improved overall coding efficiefcy is expected for
applicatipns of object based coding allowing selection and/or switching between different codingiechniques.

This appfoach allows for the introduction of a more advanced source model than just assuming a stationary|signal
for the duration of a frame, which motivates the spectral decomposition used in e.g/ the MPEG-4 General|Audio
Coder. As known from speech coding, where specialized source models based on the speech generation pfocess
in the human vocal tract are applied, advanced source models can be advantageous, especially for very low |bitrate
coding s¢themes.

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

In HILN,| the frequency and amplitude parameters are quantized according to the “just noticeable differgnces”
known from psychoacoustics. The spectral envelope of the ‘naise and the harmonic tones are described using LPC
modelind as known from speech coding. Correlation_detween the parameters of one frame and thgse of
conseculive frames is exploited by parameter predictionFinally, the quantized parameters are entropy codéed and
multiplexted to form a bitstream payload.

A very interesting property of this parametric €oding scheme arises from the fact that the signal is descriped in
terms off frequency and amplitude parameters. This signal representation permits speed and pitch dhange
functionglity by simple parameter modification in the decoder. The HILN Parametric Audio Coder can be combined
with MPEG-4 Parametric Speech Codery(HVXC) to form an integrated parametric coder covering a wider range of
signals gnd bitrates. This integrated coder supports speed and pitch change. Using a speech/music classifjcation
tool in the encoder, it is possible to automatically select the HVXC for speech signals and the HILN for|music
signals. [Such automatic HVXC/HILN switching was successfully demonstrated and the classification ool is
in the informative-Anhex of the MPEG-4 standard.

MPEG-4{SSC, (SinuSoidal Coding) is a parametric coding tool that is capable of full bandwidth high quality audio
coding. The coding toal dissects a monaural or stereo audio signal into a number of different objects so thgt each
can be pprameterized efficiently and encoded at a low bit-rate. These objects are: transients, representing dynamic
changes| in the“temporal domain; sinusoids, representing deterministic components; and noise, repregdenting
compongnts<that do not have a clear temporal or spectral localisation. The fourth object, that is only relevant for
stereo inputsignals, captures the stereo image. As the signal is represented in a parametric domain, indepgndent,
high quality pitch and tempo scaling are possible at Tow computational cost.

0.3.3 Lossless audio coding tools
MPEG-4 DST (Direct Stream Transfer) provides lossless coding of oversampled audio signals.
MPEG-4 ALS (Audio Lossless Coding) provides lossless coding of digital audio signals. Input signals can be

integer PCM data with 8- to 32-bit word length or 32-bit IEEE floating-point data. Up to 65536 channels are
supported.
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MPEG-4 SLS (Scalable Lossless Coding) is a tool used in combination with optional MPEG-4 General Audio
coding tools to provide fine-grain scalable to numerical lossless coding of digital audio waveform.

0.3.4 Synthesis tools

Synthesis tools are designed for very low bitrate description and transmission, and terminal-side synthesis, of
synthetic music and other sounds.

The MPEG-4 toolset providing general audio synthesis capability is called MPEG-4 Structured Audio, and it is
described in _subpart 5 of this part of ISO/IEC 14496. MPEG-4 Structured Audio (the SA coder) provides very
generzlal capabilities for the description of synthetic sound, and the normative creation of synthetic soupd in the
decod|ng terminal. High-quality stereo sound can be transmitted at bitrates from 0 kbit/s (no continuous'cost) to 2-3
kbit/s for extremely expressive sound using these tools.

Rathef than specify a particular method of synthesis, SA specifies a flexible language for describing me¢thods of
synthgsis. This technique allows content authors two advantages. First, the set of synthesis.techniques available is
not limited to those that were envisioned as useful by the creators of the standard; any,current or future method of
synthgsis may be used in MPEG-4 Structured Audio. Second, the creation of synthetic sound from structured
descriptions is normative in MPEG-4, so sound created with the SA coder will sound.theé same on any ternfinal.

Synthetic audio is transmitted via a set of instrument modules that can create ‘audio signals under the coptrol of a
score.| An instrument is a small network of signal-processing primitives that-control the parametric gengration of
sound| according to some algorithm. Several different instruments may,*be transmitted and used in|a single
Structyred Audio bitstream payload. A score is a time-sequenced set of commands that invokeg various
instruments at specific times to contribute their output to an overall music performance. The formgt for the
description of instruments is SAOL, the Structured Audio Orchestra Language. The format for the desgription of
scoreg is SASL, the Structured Audio Score Language.

Efficient transmission of sound samples, also called wavetables, for use in sampling synthesis is accomplished by
providjng interoperability with the MIDI Manufacturers_Association Downloaded Sounds Level 2 (DLS-2) $tandard,
which|is normatively referenced by the Structured.Audio standard. By using the DLS-2 format, the simple and
popular technique of wavetable synthesis can be used in MPEG-4 Structured Audio soundtracks, either by itself or
in confunction with other kinds of synthesis using-the more general-purpose tools. To further enable interoperability
with ekisting content and authoring tools, the-‘popular MIDI (Musical Instrument Digital Interface) control fdrmat can
be usgd instead of, or in addition to, scores\in SASL for controlling synthesis.

Through the inclusion of compatibility:with MIDI standards, MPEG-4 Structured Audio thus represents a unification
of the|current technique for synthetic sound description (MIDI-based wavetable synthesis) with that of the future
(genefal-purpose algorithmic synthesis). The resulting standard solves problems not only in very-low-bitrate coding,
but algo in virtual environmefts, video games, interactive music, karaoke systems, and many other applications.

0.3.5 Composition)tools
Comppsition toolstare designed for object-based coding, interactive functionality, and audiovisual synchrorfization.

The tdols for<audio composition, like those for visual composition, are specified in the MPEG-4 Systems|standard
(ISO/IEC 14496-1). However, since readers interested in audio functionality are likely to look here firgt, a brief
overvigw.is‘provided.

Audio composition is the use of multiple individual “audio objects” and mixing techniques to create a single
soundtrack. It is analogous to the process of recording a soundtrack in a multichannel mix, with each musical
instrument, voice actor, and sound effect on its own channel, and then “mixing down” the multiple channels to a
single channel or single stereo pair. In MPEG-4, the multichannel mix itself may be transmitted, with each audio
source using a different coding tool, and a set of instructions for mixdown also transmitted in the bitstream payload.
As the multiple audio objects are received, they are decoded separately, but not played back to the listener; rather,
the instructions for mixdown are used to prepare a single soundtrack from the “raw material” given in the objects.
This final soundtrack is then played for the listener.
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An example serves to illustrate the efficacy of this approach. Suppose, for a certain application, we wish to transmit
the sound of a person speaking in a reverberant environment over stereo background music, at very high quality. A
traditional approach to coding would demand the use of a general audio coding at 32 kbit/s/channel or above; the
sound source is too complex to be well-modeled by a simple model-based coder. However, in MPEG-4 we can
represent the soundtrack as the conjunction of several objects: a speaking person passed through a reverberator
added to a synthetic music track. We transmit the speaker's voice using the CELP tool at 16 kbit/s, the synthetic
music using the SA tool at 2 kbit/s, and allow a small amount of overhead (only a few hundreds of bytes as a fixed
cost) to describe the stereo mixdown and the reverberation. Using MPEG-4 and an object-based approach thus
allows us to describe in less than 20 kbit/s total a stream that might require 64 kbit/s to transmit with traditional
coding, at equivalent quality.

Additionally, having such structured soundtrack information present in the decoding terminal allows| more
sophisticated client-side interaction to be included. For example, the listener can be allowed (if the ¢ontent fauthor
desires) fo request that the background music be muted. This functionality would not be possible df-the mugdic and
speech Were coded into the same audio track.

With thg MPEG-4 Binary Format for Scenes (BIFS), specified in MPEG-4 Systems|xa subset tool |called
AudioBIAS allows content authors to describe sound scenes using this object-based framework. Multiple spurces
may be mixed and combined, and interactive control provided for their combination. Sample-resolution contrpl over
mixing ig§ provided in this method. Dynamic download of custom signal-processing ‘routines allows the gontent
author t@ exactly request a particular, normative, digital filter, reverberator, or'‘other effects-processing rputine.
Finally, an interface to terminal-dependent methods of 3-D audio spatialisation-is provided for the description of
virtual-replity and other 3-D sound material.

As AudigBIFS is part of the general BIFS specification, the same framework is used to synchronize audjo and
video, afidio and computer graphics, or audio with other material. “Please refer to ISO/IEC 14496-1 (MPEG-4
Systems) for more information on AudioBIFS and other topics in audiovisual synchronization.

0.3.6 Scalability tools

Scalabilify tools are designed for the creation of bitstréam payloads that can be transmitted, without recoding, at
several different bitrates.

Many of|the stream types in MPEG-4 are scalable in one manner or another. Several types of scalability|in the
standard|are discussed below.

Bitrate sgalability allows a bitstream payload to be parsed into a bitstream payload of lower bitrate such that the
combination can still be decoded into)a meaningful signal. The bitstream payload parsing can occur either |[during
transmisgion or in the decoder. Scalability is available within each of the natural audio coding schemes, gr by a
combination of different naturallaudio coding schemes.

Bandwidth scalability is a particular case of bitrate scalability, whereby part of a bitstream payload representing a
part of the frequency spectrum can be discarded during transmission or decoding. This is available for the|CELP
speech ¢oder, where~an extension layer converts the narrow band base layer speech coder into a widg band
speech goder. Also the general audio coding tools which all operate in the frequency domain offer a very flexible
bandwid{h contrelfor the different coding layers.

Encoder|camplexity scalability allows encoders of different complexity to generate valid and meaningful bitgtream
payloads. An example of this Is the avallability of a high quality and a low complexity excitation module for the
wideband CELP coder allowing to choose between significant lower encoder complexity or optimized coding
quality.

Decoder complexity scalability allows a given bitstream payload to be decoded by decoders of different levels of
complexity. A subtype of decoder complexity scalability is graceful degradation, in which a decoder dynamically
monitors the resources available, and scales down the decoding complexity (and thus the audio quality) when
resources are limited. The Structured Audio decoder allows this type of scalability; a content author may provide
(for example) several different algorithms for the synthesis of piano sounds, and the content itself decides,
depending on available resources, which one to use.
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Upstream tools are designed for the dynamic control the streaming of the server for bitrate control and quality

feedback control.

The MPEG-4 upstream or backchannel allows a user on a remote side to dynamically control the stre
MPEG-4 content from a server. Backchannel streams carry the user interaction information.

0.3.8 Error robustness facilities

aming of

0.3.8.1 Overview

Error lobustness facilities include tools for error resilience as well as for error protection.
The €

compr
resilie

rror robustness facilities provide improved performance on error-prone transmission~channels.
sed of error resilient bitstream payload reordering, a common error protection tool ahdcodec spe
nce tools.

0.3.8.2

esilient bitstream payload reordering allows the effective use of advanced channel coding techni
al error protection (UEP), which can be perfectly adapted to the needs.of)the different coding tools. 1
to rearrange the audio frame content depending on its error sensitivity in one or more instances bel
Nt error sensitivity categories (ESC). This rearrangement can bg, either data element-wise or even
br resilient bitstream payload frame is built by concatenating these instances.

Error resilient bitstream payload reordering

Error

unequ
idea is
differe
An err|

hey are
tific error

ques like
[he basic
bnging to
bit-wise.

The basic principle is depicted in Figure 0.1. A bitstream payload-is reordered according to the error sensitivity of
single|bitstream payload elements or even single bits. This new arranged bitstream payload is channgl coded,
transnpitted and channel decoded. Prior to audio decoding,the bitstream payload is rearranged to its origingl order.
Audio Bitstream Channel
Encoder :D formatter :D Coding
Channel
Audio Bitstream Channel
Decoder (,1:' unformatter K—— Decoding
Figure 0.1 — Error resilient bitstream payload reordering
0.3.8.3  Error protection
The EP¢tool provides unequal error protection. It receives several classes of bits from the audio coding tpols, and
then appliesforward-errercorrectioncodes{FEGandforeyetieredundaneyecodes{CRGCHfereaeh¢elass;-according

to its error sensitivity.

The error protection tool (EP tool) provides the unequal error protection (UEP) capability to the set of

ISO/IEC 14496-3 codecs. Main features of this tool are:

and in redundancy;

frame streams and variable-length frame streams;

providing a UEP configuration control with low overhead.
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providing a set of error correcting/detecting codes with wide and small-step scalability, both in performance

providing a generic and bandwidth-efficient error protection framework, which covers both fixed-length
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0.3.8.4

Error resilience tools for AAC

Several tools are provided to increase the error resilience for AAC. These tools improve the perceived audio quality
of the decoded audio signal in case of corrupted bitstream payloads, which may occur e. g. in the presence of noisy
transmission channels.

Xiv

The Virtual CodeBooks tool (VCB11) extends the sectioning information of an AAC bitstream payload. This
permits the detection of serious errors within the spectral data of an MPEG-4 AAC bitstream payload.
Virtual codebooks are used to limit the largest absolute value possible within any scalefactor band that
uses escape values. While all virtual codebooks use the codebook 11, the 16 virtual codebooks introduced

IL y ‘VICB11 PIUVidU 16 UlifoIGI It :illl;tdtiul 15 Uf t: 1c Dpcbtldi va:uca bG:UIIinIg tU t:lc CUITTopPUI IUI;IIS ou'ut
Therefore, errors in the transmission of spectral data that result in spectral values exceeding the.ing
IlImit can be located and appropriately concealed.

The Reversible Variable Length Coding tool (RVLC) replaces the Huffman and DPEM-coding
gcalefactors in an AAC bitstream payload. The RVLC uses symmetric codewords to @nable both f
and backward decoding of the scalefactor data. In order to have a starting point for backward decodi
tptal number of bits of the RVLC part of the bitstream payload is transmitted. Because of the DPCM
of the scalefactors, the value of the last scalefactor is also transmitted ,to_enable backward

decoding. Since not all nodes of the RVLC code tree are used as codewordsi.some error detection
possible.

he Huffman codeword reordering (HCR) algorithm for AAC spectral:data is based on the fact that s

.
t

any error within other codewords. Therefore, this algorithm avoids error propagation to those code
the so-called priority codewords (PCW). To achieve this, segments of known length are defined and
godewords are placed at the beginning of these segments. The remaining codewords (non-
g¢odewords, non-PCW) are filled into the gaps left by the ' PCWs using a special algorithm that min
grror propagation to the non-PCWs codewords. This.feordering algorithm does not increase the
gpectral data. Before applying the reordering algorithm, the PCWs are determined by sortir
g¢odewords according to their importance.

lause.
icated

of the
brward
ng, the
coding
DPCM
s also

bme of

he codewords can be placed at known positions so that these codewords can be decoded independent of

words,
those
Driority
imizes
size of
g the
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Information technology — Coding of audio-visual objects —

Part 3:
Audio

Structyre of this part of ISO/IEC 14496:

This pprt of ISO/IEC 14496 contains twelve subparts:
Subpdrt 1: Main

Subpdrt 2: Speech coding — HVXC

Subpdrt 3: Speech Coding — CELP

Subpdrt 4: General Audio Coding (GA) — AAC, TwinVQ, BSAC

Subpdrt 5: Structured Audio (SA)

Subpdrt 6: Text to Speech Interface (TTSI)

Subpdrt 7: Parametric Audio Coding — HILN

Subpdrt 8: Technical description of parametric coding for high quality audio

Subpgrt 9: MPEG-1/2 Audio in MPEG-4

Subpdrt 10: Technical description‘ef lossless coding of oversampled audio

Subpdrt 11: Audio Lossless.Coding

Subpdrt 12: Scalabledossless coding
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prt of ISO/IEC 14496 (MPEG-4 Audio) is a new kind of audio standard that integrates many differen
coding: natural sound with synthetic sound, low bitrate delivery with high-quality delivery, speeeh-wi
ex soundtracks with simple ones, and traditional content with interactive and virtual-reality "con
rdizing individually sophisticated coding tools as well as a novel, flexible framework f
onization, mixing, and downloaded post-production, the developers of the MPEG-4-Audio stand
d new technology for a new, interactive world of digital audio.

-4, unlike previous audio standards created by ISO/IEC and other groups, does not target
btion such as real-time telephony or high-quality audio compression. Rathér,,MPEG-4 Audio is a
bplies to every application requiring the use of advanced sound compression, synthesis, manipu
ck. The subparts that follow specify the state-of-the-art coding tools in-several domains; however,
is more than just the sum of its parts. As the tools described here are integrated with the rest of the
rd, exciting new possibilities for object-based audio coding, interdctive presentation, dynamic sou

a single set of tools is used to cover the needs of a broad\range of applications, interoperability is

le, a real-time voice communication system making use of the MPEG-4 speech coding toolset — ¢
data and development tools with other systems, ‘even in different domains, that use the same {g
le, a voicemail indexing and retrieval system making use of MPEG-4 speech coding. A multimedid
n decode the Natural Audio Profile of MPEG-4‘Audio has audio capabilities that cover the entire sp
functionality available today and into the future.
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ISO/IEC 13818-3:1998, Information technology — Generic coding of moving pictures and associated audio

inform

ation — Part 3: Audio

ISO/IEC 13818-7:2004, Information technology — Generic coding of moving pictures and associated audio

inform

ation — Part 7: Advanced Audio Coding (AAC)

ISO/IEC 14496-1, Information technology — Coding of audio-visual objects — Part 1: Systems

ISO/IEC 14496-11, Information technology — Coding of audio-visual objects — Part 11: Scene description and
application engine
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ISO/IEC 14496-23, Information technology — Coding of audio-visual objects — Part 23: Symbolic Music
Representation

ISO/IEC 23003-1, Information technology — MPEG audio technologies — Part 1: MPEG Surround

ITU-T RECOMMENDATION H.223/ANNEX C MULTIPLEXING PROTOCOL FOR LOW BITRATE MULTIMEDIA
COMMUNICATION OVER HIGHLY ERROR_PRONE CHANNELS, April 1998

The Complete MIDI 1.0 Detailed Specification, v. 96.2, MIDI Manufacturers Association, 1996

The MID| Downloadable Sounds Specification, v. 97.1, MIDI Manufacturers Association, 1997

The MID| Downloadable Sounds Specification, v. 98.2, MIDI Manufacturers Association, 1998

1.3 Terms and definitions

For the gurposes of this document, the following terms and definitions apply.
1.3.1. | AAC: Advanced Audio Coding.

1.3.2. AAC program: A set of main audio channels, coupling channel, Ife‘channel and associated data stfeams
intended to be decoded and played back simultaneously. A program may be defined by default, or
specifically by a program_config_element(). A given single_chatnel_element(), channel_pair_elemént(),
coupling_channel_element(), Ife_channel_element() or data_stfeam_element() may accompany ong or
more programs in any given stream.

1.3.3. Audio access unit: An individually accessible portiof”of audio data within an elementary stream.

1.3.4. Audio composition unit: An individually accessible portion of the output that an audio decoder prdduces
from audio access units.

1.3.5. Absolute time: The time at which sound Corresponding to a particular event is really created; time |n the
real-world. Contrast score time.

1.3.6. Actual parameter: The expression which, upon evaluation, is passed to an opcode as a paramete
value.

1.3.7. | A-cycle: See audio cycle:

1.3.8. Adaptive codebook: An approach to encode the long-term periodicity of the signal. The entries of the
codebook consistof overlapping segments of past excitations.

1.3.9. Alias: Mirrared spectral component resulting from sampling.

1.3.10. | Analysis filterbank: Filterbank in the encoder that transforms a broadband PCM audio signal into a set
of_spectral coefficients.

1.3.11.  Ancillary data: Part of the bitstream payload that might be used for transmission of ancillary data.
1.3.12.  API: Application Programming Interface.

1.3.13. A-rate: See audio rate.

1.3.14. Asig: The lexical tag indicating an a-rate variable.

1.3.15. Audio buffer: A buffer in the system target decoder (see ISO/IEC 13818-1) for storage of compressed
audio data.
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1.3.16.

1.3.17.

1.3.18.

1.3.19.
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Audio cycle: The sequence of processing which computes new values for all a-rate expressions in a
particular code block.

Audio rate: The rate type associated with a variable, expression or statement which may generate new
values as often as the sampling rate.

Audio sample: A short snippet or clip of digitally represented sound. Typically used in wavetable
synthesis.

AudioBIFS: The set of tools specified in ISO/IEC 14496-1 (MPEG-4 Systems) for the composition of

1.3.20

1.3.21

1.3.22

1.3.23

1.3.24

1.3.25

1.3.26

1.3.27,

1.3.28

1.3.29

1.3.30

1.3.31

1.3.32

1.3.33

audio data in interactive scenes.
Authoring: In Structured Audio, the combined processes of creatively composing music and’soynd
control scripts, creating instruments which generate and alter sound, and encoding thefinstrumerts,
control scripts, and audio samples in MPEG-4 Structured Audio format.

Backus-Naur Format: (BNF) A format for describing the syntax of programming’languages, usefl here to
specify the SAOL and SASL syntax.

Backward compatibility: A newer coding standard is backward compatible with an older coding
standard if decoders designed to operate with the older coding standard are able to continue to dperate
by decoding all or part of a bitstream payload produced according te'the newer coding standard.

Bandwidth scalability: The possibility to change the bandwidth of the signal during transmission.

Bank: A set of samples used together to define a particular sound or class of sounds with wavetable
synthesis.

Bark: The Bark is the standard unit corresponding'to one critical band width of human hearing.
Beat: The unit in which score time is measuréd.
Bitrate: The rate at which the compressed stream is delivered to the input of a decoder.

Bitrate scalability: The possihility to transmit a subset of the bitstream payload and still decode the
bitstream payload with the same decoder.

Bitstream payload verifier: A process by which it is possible to test and verify that all the requirements
specified in ISO/IEC_14496-3 are met by the bitstream payload.

Bitstream; stream: An ordered series of bits that forms the coded representation of the data.

Block companding: Normalizing of the digital representation of an audio signal within a certain {ime
period.

BNE: See Backus-Naur Format.

BSAC: Bit Sliced Arithmetic Coding

1.3.34.

1.3.35.

1.3.36.

1.3.37.

© ISO/IEC 2009 — All rights reserved

Bus: An area in memory which is used to pass the output of one instrument into the input of another.
Byte: Sequence of 8-bits.

Byte aligned: A bit in a data function is byte-aligned if its position is a multiple of 8-bits from the first bit of
this data function.

CELP: Code Excited Linear Prediction.
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1.3.38.

1.3.39.

1.3.40.

1.3.41.

1.3.42.

1.3.43.

1.3.44.

1.3.45.

1.3.46.

1.3.47.

1.3.48.

1.3.49.

1.3.50.

1.3.51.

1.3.52.

1.3.53.

1.3.54.

1.3.55.

1.3.56.

Center channel: An audio presentation channel used to stabilize the central component of the frontal
stereo image.

Channel: A sequence of data representing an audio signal intended to be reproduced at one listening
position.

Coded audio bitstream: A coded representation of an audio signal.

Coded representation: A data element as represented in its encoded form.

Composition (compositing): Usmg a SCene description 1o mixX and combine several separate audio

tracks into a single presentation.
Compression: Reduction in the number of bits used to represent an item of data.
Constant bitrate: Operation where the bitrate is constant from start to finish of the coded bitstream|.

Context: See state space.

(=

Control: An instruction used to describe how to use a particular synthesis.méthod to produce soun

EXAMPLES:

“Using the piano instrument, play middle C at medium volume for 2‘seconds.”
“Glissando the violin instrument up to middle C.”

“Turn off the reverberation for 8 seconds.”

Control cycle: The sequence of processing which computes new values for all control-rate expressgions
in a particular code block.

Control period: The length of time (typically measured in audio samples) corresponding to the confrol
rate.

Control rate: (1) The rate at which instantiation and termination of instruments, parametric control ¢f
running instrument instances, sharing-of global variables, and other non-sample-by-sample computgation
occurs in a particular orchestra. (2).The rate type of variables, expressions, and statements that can
generate new values as often as the control rate.

Core coder: The term core-coder is used to denote a base layer coder in certain scalability

configurations. A core coderdoes not code the spectral samples of the MDCT filterbank of the
subsequent AAC coding layers, but operates on a time domain signal. The output of the core decoder
has to be up-sampled-and transformed into the spectral domain, before it can be combined with the
output of the AAC coding layers. Within the MPEG-4 Audio standard only the MPEG-4 CELP coderlis a
valid core coderyHowever, in principle, another AAC coding layer, operating at a lower sampling rate,
could also be‘used on the time domain signal, and then combined with the other coding layer in exgctly
the same-way as described for the CELP coder, and would therefore be called a core coder.

CRCi>The Cyclic Redundancy Check to verify the correctness of data.

a at-1Mat-Tala S aidiat-Tala a 3 g-4 a allViTa 8XP L ahn
auditory terms, corresponding to a fixed length on the human cochlea. It is approximately equal to 100 Hz
at low frequencies and 1/3 octave at higher frequencies, above approximately 700 Hz.

Data element: An item of data as represented after encoding and before decoding.
Data function: An encapsulation of data elements forming a logic unit.
Decoded stream: The decoded reconstruction of a compressed bitstream.

Decoder: An embodiment of a decoding process.

© ISO/IEC 2009 — All rights reserved
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1.3.57. Decoding (process): The process that reads an input coded bitstream payload and outputs decoded
audio samples.

1.3.58. Demultiplexing: Splitting one bitstream into several.
1.3.59. DFT: Discrete Fourier Transform.

1.3.60. Digital storage media; DSM: A digital storage or transmission device or system.

1.3.61__ Dimension conversion: A method to convert a dimension of a vector by a combination of low pass
filtering and linear interpolation.

1.3.62. Discrete cosine transform; DCT: Either the forward discrete cosine transform or the inverse digcrete
cosine transform. The DCT is an invertible, discrete orthogonal transformation.

1.3.63 Downmix: A matrixing of n channels to obtain fewer than n channels.
1.3.64, DST: Direct Stream Transfer
1.3.65. Duration: The amount of time between instantiation and termination of.an instrument instance.

1.3.66 Editing: The process by which one or more coded bitstreams are manipulated to produce a new|coded
bitstream. Conforming edited bitstreams must meet the requiremeéents defined in ISO/IEC 14496-3.

1.3.67] Elementary stream (ES): A sequence of data that originates from a single producer in the transinitting
MPEG-4 Terminal and terminates at a single recipient,e.g. an AVObject or a Control Entity in the
receiving MPEG-4 Terminal. It flows through one FlexMux Channel.

1.3.68 ELD: Enhanced Low Delay

1.3.69. Encoder: An embodiment of an encoding pfocess.

1.3.700 Encoding (process): A process, not specified in ISO/IEC 14496, that reads a stream of input audio
samples and produces a valid coded bitstream payload as defined in ISO/IEC 14496-3.

1.3.71 Enhancement layer(s): The part(s) of the bitstream payload that is possible to drop in a transmigsion
and still decode the bitstream payload.

1.3.72  Entropy coding: Variable length lossless coding of the digital representation of a signal to redug
statistical redundancy.

[]

1.3.731 Envelope: Aloudness-shaping function applied to a sound, or more generally, any function conttolling a
parametriC/aspect of a sound

1.3.74,  EP: Ervor Protection

1.3.75 ~ER: Error resilience or Error Resilient (as appropriate)

1.3.76. Event: One control instruction.

1.3.77. Excitation: The excitation signal represents the input to the LPC module. The signal consists of
contributions that cannot be covered by the LPC model.

1.3.78. Expression: A mathematical or functional combination of variable values, symbolic constants, and
opcode calls.

1.3.79. FFT: Fast Fourier Transformation. A fast algorithm for performing a discrete Fourier transform (an
orthogonal transform).

© ISO/IEC 2009 — All rights reserved 7
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1.3.80.

1.3.81.

1.3.82.

1.3.83.

1.3.84.

1.3.85.

1.3.86.

1.3.87.

1.3.88.

1.3.89.

1.3.90.

1.3.91.

1.3.92.

1.3.93.

1.3.94.

1.3.95.

1.3.96.

1.3.97.

1.3.98.

1.3.99.

1.3.100.

1.3.101.

1.3.102.

1.3.103.

Filterbank: A set of band-pass filters covering the entire audio frequency range.

Fine rate control: The possibility to change the bitrate by, under some circumstances, skipping
transmission of the LPC indices.

Fixed codebook: The fixed codebook contains excitation vectors for the speech synthesis filter. The
contents of the codebook are non-adaptive (i.e. fixed).

Flag: A variable which can take one of only the two values defined in this specification.

N7

Formal parameter: The syntactic element that gives a name to one of the parameters of an opcods
Forward compatibility: A newer coding standard is forward compatible with an older coding)standard if
decoders designed to operate with the newer coding standard are able to decode bitstreamypayloads of
the older coding standard.

Frame: A part of the audio signal that corresponds to a certain number of audio RCM samples.

Fs: Sampling frequency.

FSS: Frequency Selective Switch. Module which selects one of two input-signals independently in gach
scalefactor band.

Fundamental frequency: A parameter which represents signalperiodicity in frequency domain.

Future wavetable: A wavetable that is declared but not defined in the SAOL orchestra; its definitiof must
arrive in the bitstream payload before it is used.

Global block: The section of the orchestra that déseribes global variables, route and send statements,
sequence rules, and global parameters.

Global context: The state space used tohold values of global variables and wavetables.

Global parameters: The sampling.rate, control rate, and number of input and output channels of alidio
associated with a particular orchestra.

Global variable: A variable that can be accessed and/or changed by several different instruments.

Grammar: A set of rules'that describes the set of allowable sequences of lexical elements comprising a
particular language:

Guard expression: The expression standing at the front of an if, while, or else statement that detefmines
whether or hFow'many times a particular block of code is executed.

Hann window: A time function applied sample-by-sample to a block of audio samples before Fourigr
transfermation.

Harmonic magnitude: Magnitude of each harmonic.

Harmonic synthesis: A method to obtain a periodic excitation from harmonic magnitudes.
Harmonics: Samples of frequency spectrum at multiples of the fundamental frequency.
HCR: Huffman codebook reordering

HILN: Harmonic and Individual Lines plus Noise (parametric audio coding).

© ISO/IEC 2009 — All rights reserved
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1.3.104.

1.3.105.

1.3.106.

1.3.107.

1.3.108.
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Huffman coding: A specific method for entropy coding.
HVXC: Harmonic Vector eXcitation Coding (parametric speech coding).

Hybrid filterbank: A serial combination of subband filterbank and MDCT. Used in MPEG-1 and MPEG-2
Audio.

I-cycle: See initialisation cycle.

IDCT: Inverse Discrete Cosine Transform.

1.3.10p.

1.3.11D.

1.3.11f1.

1.3.11p.

1.3.11B.

1.3.11%.

1.3.11p.

1.3.11p.

1.3.11f7.

1.3.11B.

1.3.11P.

1.3.120.

1.3.121.

Identifier: A sequence of characters in a textual SAOL program that denotes a symbol.
IFFT: Inverse Fast Fourier Transform.

IMDCT: Inverse Modified Discrete Cosine Transform.

Index: Number indicating the quantized value(s).

Individual line: A spectral component described by frequency, amplitude*and phase.

Informative: Aspects of a standards document that are provided:to assist implementers, but are|not
required to be implemented in order for a particular system to,bé_compliant to the standard.

Initial phase: A phase value at the onset of voiced signal invharmonic synthesis.
Initialisation cycle: See initialisation pass.

Initialisation pass: The sequence of processing.that computes new values for each i-rate exprepsion in
a particular code block.

Initialisation rate: The rate type of variables, expressions, and statements that are set once at
instrument instantiation and then do not change.

Instance: See instrument instantiation.

Instantiation: The process-of creating a new instrument instantiation based on an event in the s¢ore or
statement in the orchestra.

Instrument: An algorithm for parametric sound synthesis, described using SAOL. An instrument
encapsulates all'of the algorithms needed for one sound-generation element to be controlled with a
score.

NOTE-- An MPEG-4 Structured Audio instrument does not necessarily correspond to a real-worlg
instrument. A single instrument might be used to represent an entire violin section, or an ambien{ sound

suchras the wind. On the other hand, a single real-world instrument that produces many different|timbres
over its performance range might be represented using several SAOL instruments.

1.3.122.

1.3.123.

1.3.124.

1.3.125.

© ISO/IEC 2009 — All rights reserved

Instrument instantiation: The state space created as the result of executing a note-creation event with
respect to a SAOL orchestra.

Intensity stereo: A method of exploiting stereo irrelevance or redundancy in stereophonic audio
programs based on retaining at high frequencies only the energy envelope of the right and left channels.

Interframe prediction: A method to predict a value in the current frame from values in the previous
frames. Interframe prediction is used in VQ of LSP.

International Phonetic Alphabet; IPA : The worldwide agreed symbol set to represent various
phonemes appearing in human speech.
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1.3.126. l-pass: See initialisation pass.

1.3.127. IPQF: inverse polyphase quadrature filter
1.3.128. I-rate: See initialisation rate.

1.3.129. lvar: The lexical tag indicating an i-rate variable.

1.3.130. Joint stereo coding: Any method that exploits stereophonic irrelevance or stereophonic redundancy.

1.3.131. | Joint stereo mode: A mode of the audio coding algorithm using joint stereo coding.

1.3.132. | K-cycle: See control cycle.

1.3.133. | K-rate: See control rate.

1.3.134. | Ksig: The lexical tag indicating a k-rate variable.

1.3.135. | Lexical element: See token.

1.3.136. | Lip shape pattern : A number that specifies a particular pattern of the“preclassified lip shape.
1.3.137.| Lip synchronization : A functionality that synchronizes speech with corresponding lip shapes.
1.3.138. | Looping: A typical method of wavetable synthesis. Loop paints’in an audio sample are located and|the
sound between those endpoints is played repeatedly while.being simultaneously modified by envelgpes,

modulators, etc.

1.3.139. | Low frequency enhancement (LFE) channel: A'limited bandwidth channel for low frequency audi
effects in a multichannel system.

O

1.3.140. | LPC: Linear Predictive Coding.

1.3.141.| LPC residual signal: A signal filtered by the LPC inverse filter, which has a flattened frequency
spectrum.

1.3.142. | LPC synthesis filter: An I|Rfilter whose coefficients are LPC coefficients. This filter models the tine
varying vocal tract.

1.3.143. | LSP: Line Spectral Pairs.

1.3.144.| LTP: Long Term,Prediction.

1.3.145. | M/S stereo; A method of removing imaging artifacts as well as exploiting stereo irrelevance or
redundancy in stereophonic audio programs based on coding the sum and difference signal instead of
the Ieft-and right channels.

1.3.146.

1.3.147. Mapping: Conversion of an audio signal from time to frequency domain by subband filtering and/or by
MDCT.

1.3.148. Masking: A property of the human auditory system by which an audio signal cannot be perceived in the
presence of another audio signal.

1.3.149. Masking threshold: A function in frequency and time below which an audio signal cannot be perceived
by the human auditory system.

10 © ISO/IEC 2009 — Al rights reserved
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1.3.150.

1.3.151.

1.3.152.

1.3.153.
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MIDI: The Musical Instrument Digital Interface standards. Certain aspects of the MPEG-4 Structured
Audio tools provide interoperability with MIDI standards.

Mixed voiced frame: A speech segment which has both voiced and unvoiced components.

Modified discrete cosine transform (MDCT): A transform which has the property of time domain
aliasing cancellation.

Moving picture dubbing : A functionality that assigns synthetic speech to the corresponding moving
picture while utilizing lip shape pattern information for synchronization.

1.3.15¢.

1.3.15p.

1.3.15p.

1.3.15

1.3.158.

1.3.15.

1.3.16D.

1.3.16|1.

1.3.16P.

1.3.16.

1.3.16¢4.

1.3.16p.

1.3.16p.

N

MPE: Multi Pulse Excitation.
MPEG-4 Audio Text-to-Speech Decoder : A device that produces synthesized speech-by utilizing the

M-TTS bitstream payload while supporting all the M-TTS functionalities such as speéch synthesis for FA
and MP dubbing.

M-TTS sentence : This defines the information such as prosody, gender, and age for only the
corresponding sentence to be synthesized.

M-TTS sequence : This defines the control information which affects-all M-TTS sentences that follow this
M-TTS sequence.

Multichannel: A combination of audio channels used to creaté a spatial sound field.
Multilingual: A presentation of dialogue in more than gne‘language.
Multiplexing: Combining several bitstream payloads into one.

Natural Sound: A sound created through recording from a real acoustic space. Contrasted with gynthetic
sound.

NCC: Number of Considered Channgls:'In case of AAC, it is the number of channels represented by the
elements SCE, independently switched CCE and CPE, i.e. once the number of SCEs plus once the
number of independently switched CCEs plus twice the number of CPEs. With respect to the naming
conventions of the MPEG-AAC decoders and payloads, NCC=A+I. This number is used to derivg the
required decoder input buffer size (see subpart 4, subclause 4.5.3.1). In case of other codecs, it is the
total number of channels,

Noise component: A signal component modeled as noise.
Non-tonal component: A noise-like component of an audio signal.

Normative: Those aspects of a standard that must be implemented in order for a particular systgm to be
compliant to the standard.

Nyquist sampling: Sampling at or above twice the maximum bandwidth of a signal.

1.3.167.

1.3.168.

1.3.169.

1.3.170.

OD: Object Descriptor.

Opcode: A parametric signal-processing function that encapsulates a certain functionality so that it may
be used by several instruments.

Orchestra: The set of sound-generation and sound-processing algorithms included in an MPEG-4
bitstream payload. Includes instruments, opcodes, routing, and global parameters.

Orchestra cycle: A complete pass through the orchestra, during which new instrument instantiations are
created, expired ones are terminated, each instance receives one k-cycle and one control period worth of
a-cycles, and output is produced.

© ISO/IEC 2009 — Al rights reserved 11
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1.3.171.

1.3.172.

1.3.173.

1.3.174.

1.3.175.

1.3.176.

1.3.177.

1.3.178.

1.3.179.

1.3.180.

1.3.181.

1.3.182.
1.3.183.

1.3.184.

1.3.185.
1.3.186.
1.3.187.

1.3.188.

1.3.189.
1.3.190.
1.3.191.
1.3.192.

1.3.193.

1.3.194.

12

Padding: A method to adjust the average length of an audio frame in time to the duration of the
corresponding PCM samples, by conditionally adding a slot to the audio frame.

Parameter: A variable within the syntax of this specification which may take one of a range of values. A
variable which can take one of only two values is a flag or indicator and not a parameter.

Parameter fields: The names given to the parameters of an instrument.

Parser: Functional stage of a decoder which extracts from a coded bitstream payload a series of bits
representing coded elements.

P-fields: See parameter fields.

Phoneme/bookmark-to-FAP converter : A device that converts phoneme and bookmark’information to
FAPs.

Pi: The constant ©t = 3,14159...

Pitch: A parameter which represents signal periodicity in the time domain. ltis‘expressed in terms ¢f the
number of samples.
Pitch control: A functionality to control the pitch of the synthesizedcspéech signal without changing its
speed.

PNS: Perceptual Noise Substitution.

Polyphase filterbank: A set of equal bandwidth filters “With special phase interrelationships, allowing an
efficient implementation of the filterbank.

Postfilter: A filter to enhance the perceptual quality of the synthesized speech signal.
PQF: polyphase quadrature filter

Prediction: The use of a predictor to(provide an estimate of the sample value or data element currgntly
being decoded.

Prediction error: The difference between the actual value of a sample or data element and its predictor.
Predictor: A linear combination of previously decoded sample values or data elements.
Presentation channel: An audio channel at the output of the decoder.

Production<rule: In Backus-Naur Form grammars, a rule that describes how one syntactic elemen{ may
be expressed in terms of other lexical and syntactic elements.

PS: Parametric Stereo

| PSNR: Peak Q|gnnl to Noise Ratio

Psychoacoustic model: A mathematical model of the masking behaviour of the human auditory system.
Random access: The process of beginning to read and decode the coded stream at an arbitrary point.
Rate semantics: The set of rules describing how rate types are assigned to variables, expressions,
statements, and opcodes, and the normative restrictions that apply to a bitstream regarding combining

these elements based on their rate types.

Rate type: The “speed of execution” associated with a particular variable, expression, statement, or
opcode.

© ISO/IEC 2009 — All rights reserved
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1.3.195.

1.3.196.

1.3.197.

1.3.198.
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Rate-mismatch error: The condition that results when the rate semantics rules are violated in a
particular SAOL construction. A type of syntax error.

Reserved: The term "reserved", when used in the subclauses defining the coded bitstream payload,
indicates that the value may be used in the future for ISO/IEC defined extensions.

Route statement: A statement in the global block that describes how to place the output of a certain set
of instruments onto a bus.

RPE: Regular Pulse Excitation.

1.3.190.

1.3.20p.

1.3.20f1.

1.3.20p.

1.3.20B.

1.3.20¢.

1.3.20p.

1.3.20p.

1.3.20

1.3.20B.

1.3.20p.

1.3.21D.

1.3.21|1.

1.3.21p.

1.3.21B,

>

Run-time error: The condition that results from improper calculations or memory accesses-during
execution of a SAOL orchestra.

RVLC: Reversible Variable Length Coding
Sample: See Audio sample.

Sample Bank Format: A component format of MPEG-4 Structured Audig that allows the description of a
set of samples for use in wavetable synthesis and processing methods-{o*apply to them.

Sampling Frequency (Fs): Defines the rate in Hertz which is used\to digitize an audio signal dufing the
sampling process.

SAOL: The Structured Audio Orchestra Language, proneunced like the English word “sail”. SAOL is a
digital-signal processing language that allows for the déscription of arbitrary synthesis and contrd|
algorithms as part of the content bitstream payload.

SAOL orchestra: See orchestra.

SASBF: The MPEG-4 Structured Audio Sample Bank Format, an efficient format for the transmigsion of
blocks of wavetable (sample data) compatible with the MIDI method for the same.

SASL: The Structured Audio Score [fanguage. SASL is a simple format that allows for powerful gnd
flexible control of music and solnd synthesis.

SBA: Segmented Binary Arithmetic Coding, which is the error resilient tool for BSAC.
SBR: Spectral Band Replication.

Scalefactor: Factor by which a set of values is scaled before quantization.
Scalefactor-band: A set of spectral coefficients which are scaled by one scalefactor.

Scalefactor index: A numerical code for a scalefactor.

Scheduler: The component of MPEG-4 Structured Audio that describes the mapping from contrg
instructions to sound synthesis using the specified synthesis techniques The scheduler descriptibn

1.3.214.

1.3.215.

1.3.216.

provides normative bounds on event-dispatch times and responses.

Scope : The code within which access to a particular variable name is allowed.

Score: A description in some format of the sequence of control parameters needed to generate a desired
music composition or sound scene. In MPEG-4 Structured Audio, scores are described in SASL and/or
MIDI.

Score time: The time at which an event happens in the score, measured in beats. Score time is mapped
to absolute time by the current tempo.
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1.3.217.

1.3.218.

1.3.219.

1.3.220.

1.3.221.

1.3.222.

1.3.223.

1.3.224.

1.3.225.

1.3.226.

1.3.227.

1.3.228.

1.3.229.

1.3.230.

1.3.231.

1.3.232.

1.3.233.

1.3.234.

1.3.235.

1.3.236.

1.3.237.

1.3.238.

14

Semantics: The rules describing what a particular instruction or bitstream payload element should do.
Most aspects of bitstream payload and SAOL semantics are normative in MPEG-4.

Send statement: A statement in the global block that describes how to pass a bus on to an effect
instrument for post-processing.

Sequence rules: The set of rules, both default and explicit, given in the global block that define in what
order to execute instrument instantiations during an orchestra cycle.

SIAQ: Scalable Inverse AAC Quantization Module.

Side information: Information in the bitstream payload necessary for controlling the decoder,
Signal variable: A unit of memory, labelled with a name, that holds intermediate processing-results,.
Each signal variable in MPEG-4 Structured Audio is instantaneously representable by-ac32-bit floating
point value.

Sinusoidal synthesis: A method to obtain a time domain waveform by a sum-of amplitude modulated
sinusoidal waveforms.

SMR: Symbolic Music Representation
SLS: Audio Scalable to Lossless Coding

Spatialisation: The process of creating special sounds thata‘listener perceives as emanating from|a
particular direction.

Spectral coefficients: Discrete frequency domain data output from the analysis filterbank.
Spectral envelope: A set of harmonic magnitudes.

Speed control: A functionality to control the speed of the synthesized speech signal without chang|ng its
pitch or phonemes.

Spreading function: A function that-describes the frequency spread of masking effects.

SQ: Scalar Quantization.

SSC: SinuSoidal Coding;-parametric coder for high quality audio.

State space: A set.of variable-value associations that define the current computational state of an
icnaslit-rument instantiation or opcode call. All the “current values” of the variables in an instrument or opcode

Statement: “One line” of a SAOL orchestra.

Stereo-irrelevant: A portion of a stereophonic audio signal which does not contribute to spatial
pefception

Structured audio: Sound-description methods that make use of high-level models of sound generation
and control. Typically involving synthesis description, structured audio techniques allow for ultra-low
bitrate description of complex, high-quality sounds.

Stuffing (bits); stuffing (bytes): Code-words that may be inserted at particular locations in the coded
bitstream payload that are discarded in the decoding process. Their purpose is to increase the bitrate of
the stream, which would otherwise be lower than the desired bitrate.

Surround channel: An audio presentation channel added to the front channels (L and R or L, R, and C)
to enhance the spatial perception.
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1.3.240.

1.3.241.
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Symbol: A sequence of characters in a SAOL program, or a symbol token in an MPEG-4 Structured
Audio bitstream payload, that represents a variable name, instrument name, opcode name, table name,
bus name, etc.

Symbol table: In an MPEG-4 Structured Audio bitstream payload, a sequence of data that allows the
tokenised representation of SAOL and SASL code to be converted back to a readable textual
representation. The symbol table is an optional component.

Symbolic constant: A floating-point value explicitly represented as a sequence of characters in a textual
SAOL orchestra, or as a token in a bitstream payload.

1.3.24p.

1.3.24B.

1.3.24%.

1.3.24p.

1.3.24p.

1.3.24f.

1.3.24B.

1.3.24P.

1.3.250.

1.3.25[1.

1.3.25.

1.3.250.

1.3.25¢.

Syncword: A code embedded in audio transport streams that identifies the start of a transport erme.

Syntax: The rules describing what a particular instruction or bitstream payload elementishould Igok like.
All aspects of bitstream payload and SAOL syntax are normative in MPEG-4.

its

Syntax error: The condition that results when a bitstream payload element does’not comply with
governing rules of syntax.

Synthesis: The process of creating sound based on algorithmic descriptions.

Synthesis filterbank: Filterbank in the decoder that reconstructs, asPCM audio signal from subband
samples.

Synthetic Sound: Sound created through synthesis.
Tempo: The scaling parameter that specifies the relationship between score time and absolute time. A
tempo of 60 beats per minute means that the score’time measured in beats is equivalent to the absolute
time measured in seconds; higher numbers correspond to faster tempi, so that 120 beats per minute is
twice as fast.

Terminal: The “client side” of an MPEG.transaction; whatever hardware and software are necessary in a
particular implementation to allow the capabilities described in this document.

Termination: The process of déstroying an instrument instantiation when it is no longer needed.

Text-to-speech synthesizer : A device producing synthesized speech according to the input septence
character strings.

Timbre: The combined features of a sound that allow a listener to recognise such aspects as thg type of
instrument, manner of performance, manner of sound generation, etc. Those aspects of sound that
distinguish sounds equivalent in pitch and loudness.

TNS: Temporal Noise Shaping

Token: A lexical element of a SAOL orchestra: keyword, punctuation mark, symbol name, or symbolic
constant.

1.3.255.

1.3.256.

1.3.257.

1.3.258.

1.3.259.

Tokenisation: The process of converting an orchestra in textual SAOL format into a bitstream payload
representation consisting of a stream of tokens.

Tonal component: A sinusoid-like component of an audio signal.
Trick mode : A set of functions that enables stop, play, forward, and backward operations for users.
TTSI: Text to Speech Interface.

TwinVQ: Transform domain Weighted Interleave Vector Quantization.
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1.3.260.

1.3.261.

1.3.262.

1.3.263.

1.3.264.

Unvoiced frame: Frame containing unvoiced speech which looks like random noise with no periodicity.
V/UV decision: Decision whether the current frame is voiced or unvoiced or mixed voiced.

Variable: See signal variable.

Variable bitrate: Operation where the bitrate varies with time during the decoding of a coded stream.

Variable length code (VLC): A code word assigned by variable length encoder (See variable length
coding).

1.3.265.
1.3.266.

1.3.267.
1.3.268.
1.3.269.

1.3.270.
1.3.271.

1.3.272.

1.3.273.
1.3.274.

1.3.275.

1.3.276.

1.4 S

The mat
language

Variable length coding: A reversible procedure for coding that assigns shorter code-words to.freqlient
symbols and longer code-words to less frequent symbols.

Variable length decoder: A procedure to obtain the symbols encoded with a variable-length coding
technique.

Variable length encoder: A procedure to assign variable length codewords te"symbols.
VCB11: Virtual Codebooks for codebook 11.
Vector quantizer: Tool that quantizes several values to one index.

Virtual codebook: If several codebook values refer to one and.the same physical codebook, these
values are called virtual codebooks.

Voiced frame: A voiced speech segment is known by its.relatively high energy content, but more
importantly it contains periodicity, which is called the pitch of the voiced speech.

VQ: Vector Quantization.

VXC: Vector eXcitation Coding. It is also called CELP (Coded Excitation Linear Prediction). In HVX(C, no
adaptive codebook is used.

Wavetable synthesis: A synthesis method in which sound is created by simple manipulation of audi
samples, such as looping, pitch-shifting, enveloping, etc.

(o]

White Gaussian noise: A\noise sequence which has a Gaussian distribution.

Width: The number-of-channels of data that an expression represents.

ymbols-and abbreviations

nematical operators used in this part of ISO/IEC 14496 are similar to those used in the C programming
. However, integer division with truncation and rounding are specifically defined. The bitwise operatgrs are

defined

hssuming two's-complement representation of integers. Numbering and counting loops generally| begin

from zero.

1.4.1 Arithmetic operators

+

16

Addition.
Subtraction (as a binary operator) or negation (as a unary operator).

Increment.
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Decrement.
Multiplication.

Power.

2009(E)

Integer division with truncation of the result toward zero. For example, 7/4 and —7/-4 are truncated to 1

and -7/4 and 7/-4 are truncated to —1.

fom zero

If-integer

ment.

// Integer division with rounding {o the nearest integer I—lnlf-infngnr values are rounded away f
unless otherwise specified. For example 3//2 is rounded to 2, and —-3//2 is rounded to -2.
DIV Integer division with truncation of the result towards —co.
|| Absolute value. | x | = x when x >0
|x|=0 when x ==
[x|=-x when x <0
% Modulus operator. Defined only for positive numbers.
Sign( ) Sign. Sign(x) =1 whenx>0
Sign(x) =0 when x ==
Sign(x) = -1 whenx <0
INT ( Truncation to integer operator. Returns the integer part ofthe real-valued argument.
NINT { ) Nearest integer operator. Returns the nearest integer value to the real-valued argument. H3
values are rounded away from zero.
sin Sine.
cos Cosine.
exp Exponential.
\/ Square root.
log10 Logarithm to base ten
loge Logarithm to base e.
log2 Logarithm(fo-base 2.
ceil( )] Ceiling-operator. Returns the smallest integer that is greater than or equal to the real-valued argy
1.4.2 Logical-operators
Il Logical OR.
&& Logical AND.
! Logical NOT
1.4.3 Relational operators
> Greater than.

© ISO/IEC 2009 — All rights reserved
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>= Greater than or equal to.

< Less than.

<= Less than or equal to.

== Equal to.

1= Not equal to.

max [,...,J the maximum value in the argument list.

min [,...,]| the minimum value in the argument list.

1.4.4 Bitwise operators

A twos cpmplement number representation is assumed where the bitwise operators are used.

& AND

[ OR

>> Shift right with sign extension.
<< Shift left with zero fill.

1.4.5 Assignment

= Assignment operator.

1.4.6 Mnemonics
The following mnemonics are defined to describe the different data types used in the coded bitstream payload.
bslbf Bit string, leftsbit*first, where "left" is the order in which bit strings are written in ISO/IEC

14496. Bit-strings are written as a string of 1s and Os within single quote marks, e.g{ 1000
0001'. Blanks within a bit string are for ease of reading and have no significance.

L,C,R, LS, RS Left)center, right, left surround and right surround audio signals

rpchof Rémainder polynomial coefficients, highest order first. (Audio)

uimsbf Unsigned integer, most significant bit first.

viclbf Variable length code, left bit first, where "left" refers to the order in which the VLC|codes
are written

window Number of the actual time slot in case of block_type == 2, 0 <= window <= 2. (Audio)

The byte order of multi-byte words is most significant byte first.

1.4.7 Constants
T 3,14159265358...

e 2,71828182845...
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1.4.8 Method of describing bitstream payload syntax

The bitstream payload retrieved by the decoder is described in the syntax section of each subpart. Each data item
in the bitstream payload is in bold type.

It is described by

its name

2009(E)

its length in bits, where "X..Y" indicates that the number of bits is one of the values between X and Y

[ ]
Data ¢

data_f

data_f

-

The a
and o
variab
The fq

type:

Note {
equivg

while

unction ( );

unction () {

condition ) {

datg_element

do{

data_element

} whilg

( condition )

including X and Y. {X;YJ" means the number of bits IS X or Y, depending on the value of 0
elements in the bitstream payload.),

a mnemonic for its type and order of transmission.

lements forming a logic unit are encapsulated in data functions.

ction caused by a decoded data element in a bitstream payload depends on the value of that datg
h data elements previously decoded. The decoding of. the data elements and the definition of
es used in their decoding are described in in the subclauses following the syntax section of each
llowing constructs are used to express the conditions when data elements are present, and are i

his syntax uses the 'C'-code convention that a variable or expression evaluating to a non-zero
lent to a condition that is true.

Data function call.

Data function entity.

If the condition is true, then the group of data elements occurs next in the data s
This repeats until the condition is not true.

The data element always occurs at least once. The data element is repeated un
condition is not true.

her data

element
the state
subpart.
n normal

value is

tream.

til the

if ( condition) {
data_element

-

else {

data_element

If the condition is true, then the first group of data elements occurs next in the data

stream

If the condition is not true, then the second group of data elements occurs next in the

data stream.

© ISO/IEC 2009 — All rights reserved
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switch (expression) {
case const-expr:
data_element;
break;
case const-expr:
data_element;

If the condition formed by the comparison of expression and const-expr is true, the
the data stream continues with the subsequent data elements. An optionally break

n

statement can be used to immediately leave the switch, data elements beyond a break

do not occur in the data stream.

Expr1 is an expression specifying the initialisation of the loop. Normall
initial state of the counter. Expr2 is a condition specifying a test made before each
iteration of the loop. The loop terminates when the condition is not true. Expr3\is a
expression that is performed at the end of each iteration of the loop, normally-it
increments a counter.

Note thaf the most common usage of this construct is as follows:

for(i=0i<n;i+t){
data_dlement

-

The group of data elements occurs n times. Conditional constructs within the grou
data elements may depend on the value of the loop controlvariable i, which is set
zero for the first occurrence, incremented to one for the.second occurrence, and s
forth.

As noted, the group of data elements may contain nested conditional constructs. For compactness, the {} n
omitted when only one data element follows.

data_eljment [1
data_elgment [n]
data_elgment [m][n]

data_eldment [I][m][n]

data_elgment [m..n]

data_element [ ] is an array of data. The number of data elements is indicated b
context.
data_element [n] is the n+1th element of an array of data.

data_element [m][n] is the m+1sn+1 th element of a two-dimensional array of data|

data_element [l][m][n] is-the 1+1,m+1,n+1 th element of a three-dimensional arr
data.

data_element [m..n]is the inclusive range of bits between bit m and bit n i
data_element.

While th¢ syntax is expressed in‘procedural terms, it should not be assumed that this implements a satis
decoding procedure. In particular, it defines a correct and error-free input bitstream payload. Actual decoder
include 4 means to deal with.incorrect bitstream payloads and to find the start of the described elements.

Definitidn of nextbitsfunction

The function nextbits() permits comparison of a bit string with the next bits to be decoded in a stream.

it specifies the

=)

D of
to

nay be

y the

ay of

h the

actory
5 must

1.4.9 Arithmetic data types

INT32 32 bit signed integer using two’s complement

INT64 64 bit signed integer using two’s complement

20

© ISO/IEC 2009 — All rights reserved


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

1.5 Technical overview

1.5.1 MPEG-4 audio object types
1.5.1.1 Audio object type definition

Table 1.1 — Audio Object Type definition based on Tools/Modules

lAudiq Object Type

NG

teger+

SSC (Transient, Sinusoid, Noise)

Parametric stereo

quantisation&coding — TwinVQ
DST
ALS

frequency deomain prediction
PNS

quantisation&coding - BSAC
AAC ER Tools

window shapes - AAC LD
MS

Low Delay Window
filterbank - standard
filterbank - SSR

TNS
LTP
quantisation&coding - AAC

window shapes - standard
Silence Compression

HVXC
BPGC/CBAC/LEMC

upsampling filter tool
ER payload syntax
Remark

EP Tool 1)

CELP
HVXC 4kbit/s VR

SA tools

block switching
SASBF

gain control
intensity
coupling
SIAQ

FSS

MIDI

HILN

TTSI

SBR

low delay SBR
Layer-1
Layer-2
Layer-3

Error Mapping
Integer M/IS
IntMDCT

"

Null

IAAC nain

>

x>

IAACLC

IAAC BSR X

XX X|><
XX X|><
by Bad Bad Bt
XX X|><
XX X|>x
XX X|>x
Py Bad Bad Bt
XX X|><

AACLTP

ISBR X

IAAC Bealable

=
>
=
>
>
=
=
=
=
>
=

x>
x>

TwinyQ

ICELI X

o|o|~lo|a|s w2 ObjectTypeID

HVX X

10 |(resefved)

11 |(resefved)

12_[TTSI X

>
>
<

13 _|Mainfsynthetic X

14 |Wavdtable synthesis XX 4)

15 |Gengral MIDI X

16 _|Algorfthmic Synthesis and Audio F. X

17 _[ERAACLC

>
>
>
>
>
x
>
>
>
>
>

18 |(resefved)

19 [ERAACLTP

>

<
>

20 |ER AAC scalable

21_[ER TpinvQ

XX X|><
XX X|>x

22 |ER BBAC

x
>

Py Bad Bad Bad Bl

XK << ><|><

by Bad Bad Bad B
>

23 [ERAACLD X

24 [ERCELP

25 [ER HVXC

26 [ERHLN

>

>

>
Pad Bad Bad Bt Bad By Bad Pl Py
X XXX X< | >< | >< [ >

27 _|ER Pprametric

28 1SSC X|X

29 |pS X X

30 _[MPES Surround

31 |(escqpe)

32 |Layej-1 X

33 |Laye}-2 X

34 |Laye}3 X

35_[DST X

36_JALS X

37_ISLS X X

>
>

38 [SLS gon:core XX

39 [ERAACELD XX X X XX X X[X]X X

40_[SMRISimpte

41_|SMR Main

42 - 95|(reserved)

Notes:

1) The bit parsing function is mandatory on decoder site. However, the error detection and error correction
functions are optional.

2) Contains AAC LC.
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1.5.1.2

Contains Wavetable synthesis and Algorithmic Synthesis and Audio FX.
Contains General MIDI.
Contains ER AAC LC.

The upsampling filter tool is only required in combination with a core coder.

Description

1.5.1.2.1

The NUL
involved,
configurg

1.5.1.2.2

The AA(
additions
mixdown
compatil
available
raw data
payload,

1.5.1.2.3
The MPH

exactly the same restrictions as mentioned above for the AAC Main object type.

1.5.1.2.4

The MPH
Rate Pro

1.5.1.2.5

The MP
replaces
impleme
ISO/IEC
MPEG-4

1.5.1.2.6
The SBR

NULL object type

L object provides the possibility to feed raw PCM data directly to the audio compositor. No deco
However, an audio object descriptor is used to specify the sampling rate and the “audio c
tion.

AAC - Main object type

L Main object is very similar to the AAC Main Profile that is defined in{JSO/IEC 13818-7. Ho
lly the PNS tool is available. The restrictions of the AAC Main profile with.respect to multiple progran
elements also apply to the AAC Main object type. The AAC Main objecttype bitstream payload sy,
le with the syntax defined in ISO/IEC 13818-7. All the MPEG-2 AAC multi-channel capabilitig
. A decoder capable to decode a MPEG-4 main object stream can also parse and decode a MPEG-
stream. On the other hand, although a MPEG-2 AAC coder can parse an MPEG-4 AAC Main bit
decoding may fail, since PNS might have been used.

AAC - Low Complexity (LC) object type
FG-4 AAC Low Complexity object type is the counterpart to the MPEG-2 AAC Low Complexity Profil

AAC - Scalable Sampling Rate (SSR).0bject type

EG-4 AAC Scalable Sampling Rate oebject type is the counterpart to the MPEG-2 AAC Scalable Sa
file, with exactly the same restrictions-as mentioned above for the AAC Main object type.

AAC - Long Term Predictor (LTP) object type

FG-4 AAC LTP object.type is similar to the AAC Main object type. However, a Long Term Pr
the MPEG-2 AAC predictor. The LTP achieves a similar coding gain, but requires significantly
htation complexity. The bitstream payload syntax for this object type is very similar to the syntax def|
13818-7. An MPEG-2 AAC LC profile bitstream payload can be decoded without restrictions us
AAC LTP objectdecoder.

SBRobject type

Object contains the SBR-Tool and can be combined with the audio object types indicated in Table 1.2.

ling is
hannel

wever,
hs and
ntax is
BS are
P AAC
stream

e, with

mpling

pdictor
lower
ned in
ng an
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Table 1.2 — Audio object types that can be combined with the SBR Tool

Audio Object Type |Object Type ID

AAC main 1
AAC LC 2

AAC SSR 3
AAC LTP 4
AAC Scalable 6

ER AAC LC 17

ER AAC LTP 19

ER AAC scalable 20

ER BSAC 22

1.5.1.2.7 AAC Scalable object type

The s¢alable AAC object uses a different bitstream payload syntax to support bitrate- and’bandwidth- scal

ability. A

large number of scalable combinations are available, including combinations with TwinVQ and CELP coder tools.

Howeyer, only mono, or 2-channel stereo objects are supported.

1.5.1.2.8 TwinVQ object type

The TwinVQ object belongs to the GA coding scheme that quantizes the MDCT coefficients. This coding scheme is

based|on fixed rate vector quantization instead of Huffman coding in AAC.

Low bjt rate mono and stereo audio coding is available. Scalable, audio coding schemes are also available in the

Scalalple Audio Profile combined with AAC scalable object type.

1.5.1.2.9 CELP object type

The JELP object is supported by the CELP speech’ coding tools, which provide coding at 8 kHz ang
sampl|ng rate at bit rates in the range 4-24 kbit/s. Additionally, bit rate scalability and bandwidth scalg
available in order to provide scalable decoding of CELP streams. CELP Object always contains exactly o
audio gignal.

1.5.1.2.10 HVXC object type

16 kHz
bility are
ne mono

The HVXC object is supported by-the parametric speech coding (HVXC) tools, which provide fixed bitraje modes

(2.0 - 4.0 kbit/s) in a scalable-and’a non-scalable scheme, a variable bitrate mode (< 2.0 kbit/s) and the fun
of pitch and speed change~Only 8 kHz sampling rate and mono audio channel are supported.

The TTSI objeet\is” supported by the TTSI tools described in subpart 6. It allows very-low-bitrate

1.5.1.2.12 Main Synthetic object type

The main synthetic object allows the use of all MPEG-4 Structured Audio tools (described in subpart

ctionality

honemic
barticular
-rjormative
supports

5 of this

standard). It supports flexible, high-quality algorithmic synthesis using the SAOL music-synthesis language;
efficient wavetable synthesis with the SASBF sample-bank format; and enables the use of high-quality mixing and
postproduction in the Systems AudioBIFS toolset. Sound can be described at 0 kbit/s (no continuous cost) to 3-4

kbit/s for extremely expressive sounds in the MPEG-4 Structured Audio format.

© ISO/IEC 2009 — All rights reserved
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1.5.1.2.13 Wavetable Synthesis object type

The wavetable synthesis object is supported only by the SASBF format and MIDI tools. It allows the use of simple
»sampling synthesis® in presentations where the quality and flexibility of the full synthesis toolset is not required.

1.5.1.2.14 General Midi object type

The General MIDI object is included only to provide interoperability with existing content. Normative sound quality
and decoder behavior are not provided with the General MIDI object.

1.5.1.2.1b Algorithmic Synthesis and Audio FX object type

The Algqrithmic Synthesis object provides SAOL-based synthesis capabilities for very low-bitrate terfinalg. It is
also usedl to support the AudioBIFS AudioFX node in content where sound synthesis capability is not needed.

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

The Errgr Resilient (ER) MPEG-4 AAC Low Complexity object type is the counterpart to\the MPEG-4 AA[C Low
Complexjity object, with additional error resilient functionality.

1.5.1.2.1]7 Error Resilient (ER) AAC Long Term Predictor (LTP) object type

The Errgr Resilient (ER) MPEG-4 AAC LTP object type is the counterpart to the MPEG-4 AAC LTP objegt, with
additiond| error resilient functionality.

1.5.1.2.1B Error Resilient (ER) AAC scalable object type
Resilient (ER) MPEG-4 AAC scalable object type is the-counterpart to the MPEG-4 AAC scalable pbject,

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

1.5.1.2.20 Error Resilient (ER) BSAC object type

The ER BSAC object is supported by the fine grain scalablility tool (BSAC: Bit-Sliced Arithmetic Coding). It prpvides
error resllience as well as fine step scalability in the MPEG-4 General Audio (GA) coder. It is used in comb|nation
with the AAC coding tools and réplaces the noiseless coding and the bitstream payload formatting of MPEG-¢# AAC
coder. Allarge number of scalable layers are available, providing 1 kbit/s/ch enhancement layer, i.e. 2 kbit/d steps
for a stereo signal.

1.5.1.2.21 Error Resilient (ER) AAC LD object type

The AAQ LD objecet is supported by the low delay AAC coding tool. It also permits combinations with the PNS tool
and the LTR{tool. AAC LD object provides the ability to extend the usage of generic low bitrate audio co;ing to

applicatipns-requiring a very low delay of the encoding / decoding chain (e.g. full-duplex real-time communicdtions).

1.5.1.2.22 Error Resilient (ER) CELP object type

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

1.5.1.2.23 Error Resilient (ER) HVXC object type

The ER HVXC object is supported by the parametric speech coding (HVXC) tools, which provide fixed bitrate
modes (2.0-4.0 kbit/s) and variable bitrate modes (< 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, and
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the error concealment functionality are supported for the use for error-prone channels. Only 8 kHz sampling rate

and mono audio channel are supported.

1.5.1.2.24 Error Resilient (ER) HILN object type
The ER HILN object is supported by the parametric audio coding tools (HILN: Harmonic and Individual L

ines plus

Noise) which provide coding of general audio signals at very low bitrates ranging from below 4 kbit/s to above
16 kbit/s. Bitrate scalability and the functionality of speed and pitch change are available. The ER HILN object

supports mono audio objects at a wide range of sampling rates.

1.5.1.2.25 Error Resilient (ER) Parametric object type

The ER Parametric object is supported by the parametric audio coding and speech coding tools HILN an
This iptegrated parametric coder combines the functionalities of the ER HILN and the ER HVXE -object
kHz sampling rate and mono audio channel are supported.

1.5.1.2.26 SSC Audio object type

The SISC (SinuSoidal Coding) object combines the SSC parametric coding tools;{ransients, sinusoids, 1
paramletric stereo. Only 44.1kHz and coding of mono, dual mono and (parametric) stereo are supported.

1.5.1.2.27 Layer-1 Audio object type

The Layer-1 object is the counterpart of the audio coding scheme Layeré1 specified in ISO/IEC 11172-3 an
3.

1.5.1.2.28 Layer-2 Audio object type

The Lppyer-2 object is the counterpart of the audio coding scheme Layer-2 specified in ISO/IEC 111
ISO/IHC 13818-3.

1.5.1.2.29 Layer-3 Audio object type

The Layer-3 object is very similar to the audio coding scheme Layer-3 specified in ISO/IEC 11172-3 and
13818-3. However, the use of Layer 3 encoded data as defined in ISO/IEC 13818-3 is limited to th
Sampling Frequencies” case, i.e. the Layer 3 multi-channel syntax defined in ISO/IEC 13818-3 is not pe
this sdope. Furthermore, additional sampling rates have been specified.

1.5.1.2.30 ALS Audio objecttype

The ALS object type . s.-the counterpart of the Audio Lossless Coding (ALS) scheme and conf
corresponding ALS tqols:

1.5.1.2.31 SLSAudio object type

The LS object is supported by the scalable to lossless tool which provides fine-grain scalable to
enhancement of MPEG perceptual audio codecs, such as AAC, allowing multiple enhancement steps

d HVXC.
5. Only 8

oise and

d 13818-

y2-3 and

ISO/IEC
e “Lower
mitted in

ains the

lossless
from the

audio guality of the core codec up to near-lossless and lossle ignal representation. It also provide 3
lossless audio coding when the core audio codec is omitted.

1.5.1.2.32 SLS Non-Core Audio object type

nd-alone

The SLS non-core object is supported by the scalable to lossless tool. It is similar to the SLS object type but the

core audio codec is omitted.

1.5.1.2.33 PS object type
The PS object type contains the PS tool and can be combined with the SBR tool.
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1.5.1.2.34 MPEG Surround object type

The MPEG Surround object type conveys MPEG Surround side information (see ISO/IEC 23003-1) in the MPEG-4
Audio framework.

1.5.1.2.35 SMR Simple object type

The SMR simple object type it is used to transport musical scores to be rendered both audibly and visually. The
encoded data contains information on the main score, the parts (i.e. instrument specific scores), the possible
multilingual lyrics associated with the parts, the visual formatting rules to be used for visual rendering, fonts to be

used for - ; mation
are reprgsented as binary data all the other as XML data. The SMR simple object type can convey the XML'data as
plain XML text or as gzip-ped XML (see ISO/IEC 14496-23)

1.5.1.2.36 SMR Main object type

The SMR main object type can transport the musical scores exactly in the same way as the*SMR Simple|object
type but jn this case the XML data can be encoded also using the MPEG-B tools defined in’ ISO/IEC 2300141 (see
ISO/IEC [14496-23)

1.5.1.2.3]7 Error Resilient (ER) AAC ELD object type

The enhpnced low delay AAC object type (ER AAC ELD) is identical to the ER AAC LD object type, plus the
utilization of a Low Delay Filterbank (LDFB) and an enhanced low delaywvindow. It also permits combinations with

the PNS

usage off generic low bitrate audio coding to applications requiring‘a very low delay of the encoding / de

chain (e.

1.5.2

1.5.21

The follgwing Audio Profiles have been defined:

1. The Bpeech Audio Profile provides a(parametric speech coder, a CELP speech coder and a Text-To-§
interface.

2. The Bynthetic Audio Profile provides the capability to generate sound and speech at very low bitrates.

3. The Bcalable Audio Profile, a'superset of the Speech Audio Profile, is suitable for scalable coding of s

and

4. The [Main Audio Profile-is a superset of the scalable profile, the speech profile and the synthesis
containing tools for naturaland synthetic audio.

5. The
inclu

Optignally, the new’error resilient (ER) bitstream payload syntax may be used.

6. The

paylgad syntax), the low-delay AAC coder and the Text-to-Speech interface TTSI.

7. The
8. The

tool as well as the Low Delay SBR tool. The ER AAC ELD abject type provides the ability to exte]

b. full-duplex real-time communications).

udio profiles and levels

Profiles

usic, for transmission methods such as Internet and Digital Broadcasting.
High Quality ,Audio Profile contains the CELP speech coder and the Low Complexity AAC
Hing Long Tefrm“Prediction. Scalable coding coding can be performed by the AAC Scalable objec
|_ow Delay/Audio Profile contains the HVXC and CELP speech coders (optionally using the ER bit

Natural Audio Profile contains all natural audio coding tools available in MPEG-4.

nd the
coding

peech

peech
brofile,

coder
t type.

stream

Mobile Audio Internetworking Profile contains the low-delay and scalable AAC object types ing

luding

TwinVQ and BSAC. This profile is intended to extend communication applications using non-MPEG speech
coding algorithms with high quality audio coding capabilities.
9. The AAC Profile contains the audio object type 2 (AAC-LC).
10. The High Efficiency AAC Profile contains the audio object types 5 (SBR) and 2 (AAC LC). The High
Efficiency AAC Profile is a superset of the AAC Profile.
11. The High Efficiency AAC v2 Profile contains the audio object types 5 (SBR), 29 (PS) and 2 (AAC LC). The

High
12. The

26

Efficiency AAC v2 Profile is a superset of the High Efficiency AAC Profile.
Low Delay AAC Profile contains the audio object type 23 (ER AAC LD).
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Table 1.3 — Audio Profiles definition

Q@ [ o Q@
=| 8|5 2| % o o |s
. R EE
Tibe s|E18|22 |2 |2led, 2|7 |2
D Audio Object Type 2 Z < % § z |2 gg % .,GQ_J :'g_’% z
S| 28| 2|92 T|ega |Beupls
Q. Y= r = > o 51 O [C < >
dla|8| ||l 2 [SE] 2 [Ta|TYS
0 | Null
1 [ AAC main X X
2|AAC LC X | X | X X X X | X
3| AAC SSR X X
4| AACLTP X | X | X X
5| SBR X | X
6 | AAC Scalable X| X | X X
7 | TwinVQ X | X X
8| CELP X X | X | X["X | X
9| HVXC X X | X X | X
10 | (reserved)
11 | (reserved)
12 [ TTSI X XX | X X | X
13 [ Main synthetic X X
14 | Wavetable synthesis X* X*
15 | General MIDI X* X*
16 | Algorithmic Synthesis X* X*
and Audio FX
17 |ER AAC LC X X | X
18 | (reserved)
19 | ERAAC LTP X X
20 \ER AAC Scalable X X | X
21 ER TwinvVQ X | X
22 |ER BSAC X X
23 |ER AAC LD X | X | X X
24 |ER CELP X | X | X
25 |ER HVXC X | X
26 | ER HILN X
27 | ER Parametric X
28|SSC
29 |PS X
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@ © © o
215 % ° | 3 o |0 |E
= o = = o
° | o n% 2 |28 o S o :E :E o
i o o o| © S £ a o) > |> |©
OTbJeCt o -g S a < é, o O'_% 8 8 :((
ype : : Sl | 2| 0|2 S lg=|l @ |oa |o
D Audio Object Type 25 E 3 |'s 3z 2 2 2l |l |geo &
- - = —_ - pust b |
&) 2 a < [Co 82 S |02 o |Woe|w? 8
@ = | = | € |lcE|lsE| 3 |85 O |[cE|lce
21 S| 8| 3 |282° & |cg x |28|2] 3
n 0] n = |To|jlao| Z |2£| < [Ta|Ts|a

30 | MPEG Surround

31 | (escape)

32 | Layer-1

33 | Layer-2

34 | Layer-3

35 |DST

36 | ALS

37 |SLS

38 | SLS non-core

39 [ER AAC ELD

40 | SMR Simple

41 [ SMR Main

*) Subse

In additig

layer (wifh or without ER bitstream payload syntax)-are not part of any Audio Profile.

1.5.2.2

Complex
RAM us3

The app
of MOPS
numbers
different

If a prof]
decoder
for decoq

of Main Synthetic

n to the profile descriptions given above it is stated that AAC Scalable objects using wide-band CEL|

Complexity units

ity units are defined to give an-approximation of the decoder complexity in terms of processing pow

oximated processing. power is given in “Processor Complexity Units” (PCU), specified in integer nu
. The approximated-RAM usage is given in “RAM Complexity Units” (RCU), specified in mostly i
of kWords (1000 words). The RCU numbers do not include working buffers that can be shared be
pbjects and/af channels.

le levelsis/specified by the maximum number of complexity units, then a flexible configuration
handling different types of objects is allowed under the constraint that both values for the total com
ing ‘and sampling rate conversion (if needed) do not exceed this limit.

ge required for processing MPEG-4 Audio bitstream payloads in dependence of specific parametersg.

P core

er and

mbers
nteger
tween

of the
plexity

The following table gives complexity estimates for the different object types. PCU values are given in MOPS per
channel, RCU values in kWords per channel (with respect to AAC, channel refers to Main channel, e. g. the
channel of a SCE, one channel of a CPE, or the channel of an independently switched CCE).
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Table 1.4 — Complexity of Audio Object Types and SR conversion

Object Type Parameters PCU (MOPS) RCU Remark
AAC Main fs = 48 kHz 5 5 1)
AAC LC fs = 48 kHz 3 3 1)
AAC SSR fs = 48 kHz 4 3 1)
AAC LTP fs = 48 kHz 4 4 1)
SBR fs = 24/48 kHz (in/out) 3 2.5 1)
(SBR tool)
fs = 24/48 kHz (in/out) 2 1.5 1)
{Cow Power SBR 100l)
fs = 48/48 kHz (in/out) 4.5 2.5 1)
(Down Sampled SBR tool)
fs = 48/48 kHz (in/out) 3 1.5 1)
(Low Power Down Sampled
SBR tool)
AAC Scalable fs = 48 kHz 5 4 1),2)
TwinVQ fs = 24 kHz 2 3 1)
CELP fs = 8 kHz 1 1
CELP fs =16 kHz 2 1
CELP fs = 8/16 kHz 3 1
(bandwidth scalable)
HVXC fs = 8 kHz 2 1
TTSI - - 4)
General MIDI 4 1
Wavetable Synthesis fs = 22.05 kHz depends on | depends on
bitstream bitstream
payloads (3) | payloads (3)
Main Synthetic depends on depends on
bitstream bitstream
Algorithmic Synthesis depends on depends on
and AudioFX bitstream bitstream
Sampling Rate rf=2,3,4,6,8, 12 2 0.5 7)
Conversion
ER AACLC fs = 48 kHz 3 3 1)
ER AACLTP fs =48 kHz 4 4 1)
ER AAC Scalable fs = 48 kHz 5 4 1), 2)
ER TwinVQ fs =24 kHz 2 3 1)
ER BSAC fs =48 kHz 4 4 1)
(input buffer size=26000bits)
fs =48 kHz 4 8
(input buffer size=106000bits)
ERAAC LD fs =48 kHz 3 2 1)
ER CELP fs = 8 kHz 2 1
fs = 16 kHz 3 1
ER HVXC fs = 8 kHz 2 1
ER HILN fs = 16 kHz, ns=93 15 2 6)
fs = 16 kHz, ns=47 8 2
ER Parametric fs = 8 kHz, ns=47 4 2 5),6)
ER AAC ELD fs = 48 kHz 3 2 1)
ER AAC ELD, Low fs = 24/48 kHz (in/out) 3 2.5 1)
Delay SBR tool only (SBR tool)
fs = 24/48 kHz (in/out) 2 1.5 1)
(Low Power SBR tool)
fs = 48/48 kHz (in/out) 4.5 2.5 1)

(Down Sampled SBR tool)
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fs = 48/48 kHz (in/out) 3 1.5 1)
(Low Power Down Sampled
SBR tool)

Definitions:
e fs =sampling frequency
e rf =ratio of sampling rates

Notes:
1) RPCU proportional to sampling frequency.
2) Includes core decoder.
3) $ee ISO/IEC 14496-4.
4) The complexity for speech synthesis is not taken into account.
5) FParametric coder in HILN mode, for HYXC mode see ER HVXC.
6) KPCU depends on fs and ns, see below.
7) $ampling Rate Conversion is needed, if objects of different sampling rates are combined in a scene (see
ISO/IEC 14496-1:2000, subclause 9.2.2.13.2.1). The specified values have to be added for each relquired
gonversion.

PCU for HILN:
The computational complexity of HILN depends on the sampling frequency fs and the maximum numper of
sinusoid$ ns to be synthesized simultaneously. The value of ns for¢ca frame is the total number of harmorfic and
individua| lines synthesized in that frame, i.e. the number of starting\plus continued plus ending lines. For fs in kHz,
the PCUlin MOPS is calculated as follows:
PCU = (1 + 0.15*ns) * fs/16

The typigal maximum values of ns are 47 for 6 kbit/s HILN and 93 for 16 kbit/s HILN streams.
PCU and RCU for AAC:

For AA(C object types, PCU and RCU depend on sampling frequency and channel configuration in the following
way:

PCUs
PCU = (fs/fs_ref ) * PCU_réf s (2 * #CPE + #SCE + #LFE + #IndepCouplingCh + 0.3 * #DepCouplingCh )
fs: actual sampling frequency

fs_ref: reference sampling frequency (sampling freqency for the given PCU_ref)

PCU_ref] reference PCU given in Table 1.4

#SCE: number of SCEs

#CPE:

RCUs
#CPE < 2:

RCU = RCU_ref * [#SCE + 0.5 * #LFE + 0.5 * #IndepCouplingCh + 0.4 * #DepCouplingCh ]
+ [ RCU_ref + (RCU_ref —1)]* #CPE
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#CPE >= 2:
RCU = RCU_ref * [#SCE + 0.5 * #LFE + 0.5 * #IndepCouplingCh + 0.4 * #DepCouplingCh ]
+[RCU_ref + (RCU_ref-1)*(2*#CPE-1)]
RCU_ref: reference RCU given in Table 1.4
#SCE: number of SCEs
#CPE
1.5.2.3 Levels within the profiles
The notation used to specify the number of audio channels indicates the number of main audio_channels. Based on

the nymber of main audio channels (A), Table 1.5 indicates for object types derived from,the AAC multichannel
syntay the number of LFE channels (L), the number of independently switched coupling channels ()| and the

number of dependently switched coupling channels (D) in the form A.L.1.D.

Table 1.5 — Maximum number of the individual AAC channel types depending on the specified number of

main audio channels

Number of Main Audio Channels

AOT 1 2 5

1 (AAC main) 1.0.0.0 2.0.0.0 5.1.1.1
2 (AAC LC) 1.0.0:0 2.0.0.0 5.1.0.1
3 (AAC SSR) 1.0.0.0 2.0.0.0 5.1.0.0
4 (AAC LTP) 1.0.0.0 2.0.0.0 5.1.0.1
17 (ER AAC-LC) 1.0.0.0 2.0.0.0 5.1.0.0
19 (ERAAC LTP) 1.0.0.0 2.0.0.0 5.1.0.0
23(ER AAC LD) 1.0.0.0 2.0.0.0 5.1.0.0

Note: |In the case\of scalable coding schemes, only the first instantiation of each object type will be cgunted to

deternpine the number of objects relevant to the level definition and complexity metric. For example, in a
coder |consisting of a CELP core coder and two enhancement layers implemented by means of AAC
objects, one 'CELP object and one AAC scalable object and their associated complexity metrics are coun
there is almost no overhead associated with the second (and any further) GA enhancement layer.

scalable
scalable
ted since

e Levels for Speech Audio Profile
Two levels are defined by number of objects:

1. One speech object.
2. Up to 20 speech objects.

e Levels for Synthetic Audio Profile
Three levels are defined :

1. Synthetic Audio 1: All bitstream payload elements may be used with:

© ISO/IEC 2009 — All rights reserved
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For the qudio object types 2 (AAC LC), and 4 (AAC LTP), only a frame length of-1024 samples is permitted w
respect tp level 1, 2, 3 and 4. For the audio object types 2 (AAC LC) and 4 (AAC'LTP), mono or stereo mixdo
elementq are not permitted with respect to level 1, 2, 3 and 4. For the audio object type 6 (AAC Scalable) the
followingjrestrictions apply. The number of AAC layers shall not exceed 8,in any scalable configuration. If aud
object type 8 (CELP) is used as core layer coder, the number of CELR/Iayers shall not exceed 2. If audio obje
type 7 (TwinVQ) is used as base layer coder, only one mono TwinV/Q layer is permitted.

For Objet Types not belonging to the Synthetic.Profile four levels are defined:

For Objdct Types belonging to-the” Synthetic Profile the same three Levels are defined as above, i.e. Sy
Audio 1,

Four Levels are then defined for Main Profile:

2.

3.

Levgls for Scalable Audio Profile

Four

1

2.
3.
4

Levgls for Main Audio Profile

Main Auglio Profile contains all natural and synthetic object types. Levels are then defined as a combination
two diffefent types of levels from the two different metrics:defined for natural tools (computation-based metrig
synthetid tools (macro-oriented metrics).

1.

2.
3.
4.

1.

2.
3.
4.

For the
samples is permitted with respect to level 1, 2 , 3 and 4. For the audio object types 1 (AAC Main), 2 (AAC LC), 3
(AAC SSR) and 4 (AAC LTP), mono or stereo mixdown elements are not permitted with respect to level 1, 2, 3 and
4. For the audio object type 6 (AAC Scalable) the following restrictions apply. The number of AAC layers shall not
exceed 8 in any scalable configuration. If audio object type 8 (CELP) is used as core layer coder, the number of
CELP layers shall not exceed 2. If audio object type 7 (TwinVQ) is used as base layer coder, only one mono
TwinVQ layer is permitted.

32

e “Low processing” (exact numbers in ISO/IEC 14496-4:2000)
e Only core sample rates may be used
e No more than one TTSI object

Synthetic Audio 2: All bitstream payload elements may be used with:
e "Medium processing” (exact numbers in ISO/IEC 14496-4:2000).
e Only core sample rates may be used.
e no more than four TTSI objects.

Synthetic Audio 3: All bitstream payload elements may be used with:
e "High processing” (exact numbers in ISO/IEC 14496-4:2000).

Py no-motethan-twalva TTSI ohiacts
HO-Hore—tHar—twerve—ror+0

evels are defined by configuration; complexity units define the fourth level:

Maximum 24 kHz of sampling rate, one mono object (all object Types).

Maximum 24 kHz of sampling rate, one stereo object or two mono objects (all object Types).
Maximum 48 kHz of sampling rate, one stereo object or two mono objects (all object.Types).
Maximum 48 kHz of sampling rate, one object with 5 main channels or multiple objects with at maxim
@¢ne integer factor sampling rate conversion for a maximum of two channels.
frlexible configuration is allowed with PCU < 30 and RCU < 19.

Natural Audio 1: PCU < 40, RCU < 20
Natural Audio 2: PCU < 80, RCU <'64
Natural Audio 3: PCU < 160, RE€U < 128
Natural Audio 4: PCU < 320,-RCU < 256

Synthetic Audio 2 and.Synthetic Audio 3.

Natural Audio*™t™+ Synthetic Audio 1
Natural Audi@ 2 + Synthetic Audio 1
Natural-Audio 3 + Synthetic Audio 2
Natural’Audio 4 + Synthetic Audio 3

ith
wn

o]
ct

of the
s) and

nthetic

f 1024

udio-obiecttvnas 1 (AAC main) 2 (INAC I CY R (IAAC SSRY and 4 (AAC 1 TP anlbvy 3 frama lanath
HEHO-0B1e 6ttty pEeS—— (v roHaH =7~ Fo{thTooo a4 Yo =115 Otryaathe1eRgth

TE A~ am —

Levels for the High Quality Audio Profile
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Table 1.6 — Levels for the High Quality Audio Profile
Level Max. Max. Max PCU ?|Max RCU “| EP-Tool: Max. |[EP-Tool: Max. # stages
channels/object|sampling rate redundancy by| of interleaving per
[kHZ] class FEC ™ object
1 2 22.05 5 8 0 % 0
2 2 48 10 8 0 % 0
3 5 48 25 12°7° 0% 0
4 5 48 100 42° 0% 0
5 2 22.05 5 8 20% 9
6 2 48 10 8 20% 9
7 5 48 25 12° 20% 22
8 5 48 100 427 20% 22
*1: The value specifies the maximum redundancy based on the available audio object with the longest maximum
frame length. The redundancy might be larger in the case of smaller frame lengths.\However, the application
of any class FEC is not permitted if 0 % is specified. The limit is valid independently for each aud|o object.
Sjnce this value does neither cover the EP header and its protection nor any{CRC, another 5 % must always
be added to this value in order to derive the necessary increase of the minimum decoder input buffer. This
dpes imply, that not more than those 5 % might be spent for the EP header-and its protection or any GRC.
*2: Level 5 to 8 do not include RAM and computational complexity for the ERt0ol.
*3: Sharing of work buffers between multiple objects or channel pair elenents is assumed.
For the audio object types 2 (AAC LC), 4 (AAC LTP), 17 (ER AAC-LC), and 19 (ER AAC LTP) only a frame length
of 1024 samples is permitted with respect to level 1, 2, 3, 4, 5,6, 7 and 8. For the audio object types 2 (AAC LC)
and 4 (AAC LTP), mono or stereo mixdown elements are not permitted with respect to level 1, 2, 3, 4, 5, 6/ 7 and 8.
For the audio object type 6 and 20 ((ER) AAC Scalable) thefollowing restrictions apply. The number of AAC layers
shall njot exceed 8 in any scalable configuration. If audig‘object type 8 or 24 ((ER) CELP) is used as cpre layer
coder,[the number of CELP layers shall not exceed 2.
e Lgvels for the Low Delay Audio Profile
Table 1.7 — Levels for the Low Delay Audio Profile
Level Max. Max: Max PCU “ | Max RCU “ | EP-Tool: Max. | EP-Tod:
channels/object | sampling rate redundancy by Max. 4
[kHz] class FEC ™ stages pf
interleav|ng
per objgct
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 12 ° 0 % 0
5 1 8 2 1 100% 5
6 1 16 3 1 100% 5
1 1 48 3 2 20% 5
8 2 48 24 127 20% 9

*1: The value specifies the maximum redundancy based on the available audio object with the longest maximum
frame length. The redundancy might be larger in the case of smaller frame lengths. However, the application
of any class FEC is not permitted if 0 % is specified. The limit is valid independently for each audio object.
Since this value does neither cover the EP header and its protection nor any CRC, another 5 % must always
be added to this value in order to derive the necessary increase of the minimum decoder input buffer. This
does imply, that not more than those 5 % might be spent for the EP header and its protection or any CRC.

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

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

© ISO/IEC 2009 — All rights reserved

33


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:200X(E)

*1:

*2:

No RCU

For the 3
AAC LTR
types 1
permitteq
restrictio
or 24 ((H
7 or 21 (

*1:

*2:

*3:
*4:
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Levels for the Natural Audio Profile

Table 1.8 — Levels for the Natural Audio Profile

Level Max. Max PCU * EP-Tool: Max. redundancy | EP-Tool: Max. # stages of

sampling rate by class FEC h interleaving per object
[kHZ]

1 48 20 0% 0

2 96 100 0% 0

3 48 20 20% 9

fa¥al 400 200/ N9

JU LAYAY VU /0 rars

The
fran]
of a
Sing

be added to this value in order to derive the necessary increase of the minimum decoder input buffe

doe

Levgl 3 and 4 do not include computational complexity for the EP tool.

Levels for the Mobile Audio Internetworking Profile

value specifies the maximum redundancy based on the available audio object with the longest ma
e length. The redundancy might be larger in the case of smaller frame lengths. However,-the appl
ny class FEC is not permitted if 0 % is specified. The limit is valid independently fofbeach audio
e this value does neither cover the EP header and its protection nor any CRC, angther 5 % must

5 imply, that not more than those 5 % might be spent for the EP header and its‘protection or any CR

limitations are specified for this profile.

udio object types 1 (AAC main), 2 (AAC LC), 3 (AAC SSR), 4 (AAC LTP), 17 (ER AAC LC), and 1
) only a frame length of 1024 samples is permitted with respectto level 1, 2, 3 and 4. For the audio
AAC Main), 2 (AAC LC), 3 (AAC SSR) and 4 (AAC LTP)/mono or stereo mixdown elements g
with respect to level 1, 2, 3 and 4. For the audio objecttype 6 and 20 ((ER)AAC Scalable) the fol
ns apply. The number of AAC layers shall not exceed 8 in“any scalable configuration. If audio object
R) CELP) is used as core layer coder, the number-of\€ELP layers shall not exceed 2. If audio obje
ER) TwinVQ) is used as base layer coder, only one'mono TwinVQ layer is permitted.

Table 1.9 — Levels for the-Mobile Audio Internetworking Profile

Ximum
cation
bbject.
blways
r. This

-
-

9 (ER
object
re not
owing
type 8
ct type

Le

el Max. Max. Max Max Max. EP-Tool: Max. EP-Toog
channels/object sampling-’ | PCU ** | RCU **™ | # audio redundancy by Max. #
rate [kHZz] objects class FEC ' stages

interleav
per objel

ng
ict

24 2.5 0%

48 10 0%

48 25 1 0%

24 2.5 20%

48 10 20%

1 N=] [N]—=

aN[ada | |=
)
N|o|o|o|o|o

48 25 1 20%

The value specifies the maximum redundancy based on the available audio object with the longest maximum
frame length. The redundancy might be larger in the case of smaller frame lengths. However, the application
of any class FEC is not permitted if 0 % is specified. The limit is valid independently for each audio object.
Since this value does neither cover the EP header and its protection nor any CRC, another 5 % must always
be added to this value in order to derive the necessary increase of the minimum decoder input buffer. This
does imply, that not more than those 5 % might be spent for the EP header and its protection or any CRC.

The maximum RCU for one channnel in any object in this profile is 4. For the ER BSAC, this limits the input
buffer size. The maximum possible input buffer size in bits for this case is given in PCU/RCU (Table 1.4).
Level 4 to 6 do not include RAM and computational complexity for the EP tool.

Sharing of work buffers between multiple objects or channel pair elements are assumed.
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For the audio object type 17 (ER AAC LC) only a frame length of 1024 samples is permitted with respect to level
1,2,3,4,5 and 6. For the audio object type 20 (ER AAC Scalable) the following restrictions apply. The number of
AAC layers shall not exceed 8 in any scalable configuration. If audio object type 21 (ER TwinVQ) is used as base
layer coder, only one mono TwinVQ layer is permitted.

e Levels for the AAC Profile

Table 1.10 — Levels for the AAC Profile

Cevel Max. Max. Max. PCU Max. RCU
channels/| sampling
object rate [kHz]
1 2 24 3 5
2 2 48 6 5
3 NA NA NA NA
4 5 48 19 15
5 5 96 38 15

For the¢ audio object type 2 (AAC LC), mono or stereo mixdowh elements are not permitted.
The NIA (Not Applicable) levels are introduced to emphasize the hierarchical structure of the AAC Profilg and the
High Efficiency AAC Profile. Hence, a decoder supporting the High Efficiency AAC Profile at a given [evel can

decode an AAC Profile stream of the same aor~a lower level. The NA levels are not indicated in the
audioRrofileLevellndication table (Table 1.14).

e Lagvels for the High Efficiency AAC Profile

Table 1.11 - Levels for the High Efficiency AAC Profile

Level Max. Max. AAC | Max. AAC | Max. SBR | Max. PCU | Max. RCU | Max. PCU | Max. RCU
channels/{~ sampling sampling sampling Low power | Low power
object rate, SBR | rate, SBR | rate [kHz] SBR SBR
not present |present [kHz]|  (in/out)
[kHz]
1 INA NA NA NA NA NA NA NA
2 2 48 24 24/48 9 10 7 8
3 2 48 48 48/48 (Note 1)|15 10 12 8
4 5 48 24/48 (Note 2)|48/48 (Note 1)[25 28 20 23
5 5 96 48 48/96 49 28 39 23

Note 1: For level 3 and level 4 decoders, it is mandatory to operate the SBR tool in downsampled mode fif
the sampling rate of the AAC core is higher than 24kHz. Hence, if the SBR tool operates on a 48kHz AAC
signal, the internal sampling rate of the SBR tool will be 96kHz, however, the output signal will be
downsampled by the SBR tool to 48kHz.

Note 2: For one or two channels the maximum AAC sampling rate, with SBR present, is 48kHz. For more
than two channels the maximum AAC sampling rate, with SBR present, is 24kHz.

© ISO/IEC 2009 — All rights reserved 35


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC

For the a

14496-3:200X(E)

udio object type 2 (AAC LC), mono or stereo mixdown elements are not permitted.

e Levels for the High Efficiency AAC v2 Profile

Table 1.12 - Levels for the High Efficiency AAC v2 Profile

the s

down)
Note
data
Note
than
Note

signal, the internal sampling rate of the SBR tool will be 96kHz, haewevVer, the output signal will

Level |Max. Max. AAC Max. AAC Max. SBR Max. PCU |Max. RCU [Max. PCU [Max. RCU

(Note 1) [channels/o [sampling rate, [sampling rate, [sampling rate HQ /LP SBRHQ /LP SBR
bject SBR not SBR present [kHz] (in/out) (Note 5) (Note 5)

presentfrHzi—fiHz}

1 NA NA NA NA NA NA NA NA

2 2 48 24 24/48 9 10 9 10

3 2 48 24/48 (Note 3)48/48 (Note 2)[15 10 15 10

4 5 48 24/48 (Note 4)48/48 (Note 2)[25 28 20 23

5 5 96 48 48/96 49 28 39 23

Note |1: Level 2,3, and 4 HE AAC v2 Profile decoders implements the baseline version of the parametfric

sterep tool. A level 5 decoder shall not be limited to the baseline version of the parameétric stereo tool.

Note [2: For level 3 and level 4 decoders, it is mandatory to operate the SBRAgol in downsampled mode if

sampled by the SBR tool to 48kHz.
3: If Parametric Stereo data is present the maximum AAC sampling rate is 24kHz, if Parametric Ste
s not present the maximum AAC sampling rate is 48kHz.

wo channels the maximum AAC sampling rate, with SBR.present, is 24kHz.
5: The PCU/RCU number are given for a decoder operating the LP SBR tool whenever applicable.

ampling rate of the AAC core is higher than 24kHz. Hence, if the SBR10ol operates on a 48kHz AAC]

4: For one or two channels the maximum AAC sampling.rate, with SBR present, is 48kHz. For more

be

€0

For the 4
An HE A|
bitstrean
the LP S

Only bitd

Bitstreams containing more than one_channel in the AAC part shall not contain Parametric Stereo data.

e Levgls for the Low Delay ‘AAC Profile

udio object type 2 (AAC LC), mono or stereo mixdown elements are not permitted.
s not containing Parametric Stereo data;, the HE AAC v2 Profile decoder may operate the HQ SBR {
BR tool.

treams consisting of exactly-one AAC single channel element may contain Parametric Stereg

Table 1.13 — Level for the Low Delay AAC Profile

Level | Max. channels/object | Max. sampling rate [kHz] | epConfig
1 2 48 0

LTP is not permitted. Pulse data is not permitted.

1.5.24

audioProfileLevellndication

AC v2 Profile decoder shall operate the HQ SBR tool for bitstreams containing Parametric Stereo data. For

ool, or

data.

audioProfileLevellndication is a data element of the InitialObjectDescriptor defined in ISO/IEC 14496-1. It indicates
the profile and level required to process the content associated with this InitialObjectDesriptor as defined in
Table 1.14.
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Table 1.14 — audioProfileLevellndication values

ISO/IEC 14496-3:2009(E)

Value Profile Level
0x00 Reserved for ISO use -
0x01 Main Audio Profile L1
0x02 Main Audio Profile L2
0x03 Main Audio Profile L3
0x04 Main Audio Profile L4
0x05 Scalable Audio Profile L1
0x06 Scalable Audio Profile L2
0x07 Scalable Audio Profile L3
0x08 Scalable Audio Profile L4
0x09 Speech Audio Profile L1
0x0A Speech Audio Profile L2
0x0B Synthetic Audio Profile L1
0x0C Synthetic Audio Profile L2
0x0D Synthetic Audio Profile '3
0x0E High Quality Audio Profile L1
0xOF High Quality Audio Profile L2
0x10 High Quality Audio Profile L3
0x11 High Quality Audio Profile L4
0x12 High Quality Audio Profile L5
0x13 High Quality Audio Profile L6
0x14 High Quality Audio Profile L7
0x15 High Quality Audio Profile L8
0x16 Low Delay Audio Profile L1
0x17 Low Delay Audio Profile L2
0x18 Low Delay Audio Profile L3
0x19 Low Delay Audio Profile L4
Ox1A Low Delay Audio Profile L5
0x1B Low Delay Audio Profile L6
0x1C Low Delay Audio Profile L7
0x1D Low Delay Audio Profile L8
Ox1E Natural Audio\Profile L1
Ox1F Natural Audio Profile L2
0x20 NaturalFAudio Profile L3
0x21 Natural‘Audio Profile L4
0x22 Mohile Audio Internetworking Profile L1
0x23 Mobile Audio Internetworking Profile L2
0x24 Mobile Audio Internetworking Profile L3
0x25 Mobile Audio Internetworking Profile L4
0x26 Mobile Audio Internetworking Profile L5
0x27 Mobile Audio Internetworking Profile L6
0x28 AAC Profile L1
0x29 AAC Profile L2
0x2A AAC Profile L4
0x2B AAC Profile L5
0x2C High Efficiency AAC Profile L2
0x2D High Efficiency AAC Profile L3
0x2E High Efficiency AAC Profile L4
0x2F High Efficiency AAC Profile L5
0x30 High Efficiency AAC v2 Profile L2
0x31 High Efficiency AAC v2 Profile L3
0x32 High Efficiency AAC v2 Profile L4
0x33 High Efficiency AAC v2 Profile L5
0x34 Low Delay AAC Profile L1
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0x35 Baseline MPEG Surround Profile (see ISO/IEC L1
23003-1)

0x36 Baseline MPEG Surround Profile (see ISO/IEC L2
23003-1)

0x37 Baseline MPEG Surround Profile (see ISO/IEC L3
23003-1)

0x38 Baseline MPEG Surround Profile (see ISO/IEC L4
23003-1)

0c39 Baseline MPEG Surround Profile (see ISO/IEC L5
23003-1)

0x3A Baseline MPEG Surround Profile (see ISO/IEC L6
23003-1)

0x3B - 0x7F | reserved for ISO use -

0x80 - OXFD | user private -

OxFE no audio profile specified -

OxFF no audio capability required -

NOTE — Usage of the value OxFE indicates that the content described by this
InitialObjectDescriptor does not comply to any audio profile specified in ISO/IEC 14496-3.
Usage of the value OxFF indicates that none of the audio profile capabilities‘are required for
this content.

1.6 Interface to ISO/IEC 14496-1 (MPEG-4 Systems)

1.6.1 1ntroduction

The headler 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 afe changes in the configuration.

The payl|oads contain all information varyingcon a frame to frame basis and therefore carry the actual| audio
informatipn.
1.6.2 $yntax

1.6.2.1 | AudioSpecificConfig

AudioSpecificConfig() extends the abstract class DecoderSpecificinfo, as defined in ISO/IEC 14496-1, when
DecoderfConfigDescriptor,objectTypelndication refers to streams complying with ISO/IEC 14496-3. In this case the
existencg of AudioSpetificConfig() is mandatory.

Table 1.15 — Syntax of AudioSpecificConfig()

Synhtax No. of bits Mnemonic
AudioSpecificConfig ()
{

audioObjectType = GetAudioObjectType();

samplingFrequencyindex; 4 bslbf

if ( samplingFrequencylndex == 0xf ) {

samplingFrequency; 24 uimsbf
1
channelConfiguration; 4 bsibf

sbrPresentFlag = -1;
psPresentFlag = -1;
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if (audioObjectType ==5 I
audioObjectType == 29 ) {
extensionAudioObjectType = 5;
sbrPresentFlag = 1;
if (audioObjectType == 29 ) {

psPresentFlag = 1;
}

extensionSamplingFrequencylndex; 4
if ( extensionSamplingFrequencyindex == 0xf)

extensionSamplingFrequency; 24

ISO/IEC 14496-3:2009(E)

uimsbf

uimsbf

audioObjectType = GetAudioObjectType();
if (audioObjectType == 22)
extensionChannelConfiguration; 4
}
else {
extensionAudioObjectType = 0;
}
switch (audioObjectType) {
case 1:
case 2:
case 3:
case 4.
case 6:
case 7.
case 17:
case 19:
case 20:
case 21:
case 22:
case 23:
GASpecificConfig();
break:
case 8:
CelpSpecificConfig();
break;
case 9:
HvxcSpecificConfig();
break:
case 12:
TTSSpecificConfig();
break;
case 13:
case 14:
case15:
case"6:
StructuredAudioSpecificConfig();
break;

anca-24-
CASC .

uimsbf

ErrorResilientCelpSpecificConfig();
break;

case 25:
ErrorResilientHvxcSpecificConfig();
break;

case 26:

case 27:
ParametricSpecificConfig();
break;
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40

case 28:
SSCSpecificConfig();
break;

case 30:
sacPayloadEmbedding;
SpatialSpecificConfig();
break;

case 32:

case 33:

case 34

1 uimsbf

MPEG_1_2_SpecificConfig();
break;

case 35:
DSTSpecificConfig();
break;

case 36:
fillBits;
ALSSpecificConfig();
break;

case 37:

case 38:
SLSSpecificConfig();
break;

case 39:
ELDSpecificConfig(channelConfiguration);
break:

case 40:

case 41:
SymbolicMusicSpecificConfig();
break;

default:
/* reserved */

1
switch (audioObjectType) {
case 17:
case 19:
case 20:
case 21:
case 22:
case 23:
case 24
case 25:
case 26:
case 27:
case 39:
epConfig;
if (epConfig == 2 Il epConfig == 3) {

5 bslbf

2 bsibf

ErrorProtectionSpecificConfig();
1

if (epConfig == 3) {
directMapping;
if (! directMapping ) {
/*tbd */
}

}
}
if ( extensionAudioObjectType != 5 && bits_to_decode() >= 16 ) {

syncExtensionType;
if (syncExtensionType == 0x2b7) {

1 bslbf

11 bslbf

© ISO/IEC 2009 — All rights reserved


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

extensionAudioObjectType = GetAudioObjectType();
if ( extensionAudioObjectType ==5) {
sbrPresentFlag; 1 uimsbf
if (sbrPresentFlag == 1) {
extensionSamplingFrequencylndex; 4 uimsbf
if ( extensionSamplingFrequencyindex == 0xf ) {
extensionSamplingFrequency; 24 uimsbf
}
if ( bits_to_decode() >=12) {
syncExtensionType; 11 bslbf
if (syncExtesionType == 0x548) {
psPresentFlag; 1 uimsbf
}
}
}
}
if ( extensionAudioObjectType == 22) {
sbrPresentFlag; 1 uimsbf
if (sbrPresentFlag == 1) {
extensionSamplingFrequencylndex; 4 uimsbf
if ( extensionSamplingFrequencylndex == 0xf ) {
extensionSamplingFrequency; 24 uimsbf
}
}
extensionChannelConfiguration; 4 uimsbf
}
}
}
Table 1.16 — Syntax of GetAudioObjectType()
Syntax No. of bits Mnemonic
GetAudioObjectType()
{

audioObjectType;
if (audioObjectType==-31) {

}

audioObjectType = 32 + audioObjectTypeExt;

return audioObjectType;

uimsbf

uimsbf

The ¢
14496

asses defined in subclauses 1.6.2.1.1 to 1.6.2.1.9 do not extend the BaseDescriptor class (see|ISO/IEC
1) and consequently their length shall be derived by difference from the length of AudioSpecificConfig().

1.6.2.1.1 HvxcSpecificConfig
Defined in subpart 2.

1.6.2.1.2 CelpSpecificConfig
Defined in subpart 3.

1.6.2.1.3 GASpecificConfig
Defined in subpart 4.

© ISO/IEC 2009 — All rights reserved
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1.6.2.1.4 StructuredAudioSpecificConfig
Defined in subpart 5.

1.6.2.1.5 TTSSpecificConfig
Defined in subpart 6.

1.6.2.1.6 ParametricSpecificConfig

Defined imsubpart7-

1.6.2.1.7| ErrorProtectionSpecificConfig

Defined in subclause 1.8.2.1.

1.6.2.1.8| ErrorResilientCelpSpecificConfig
Defined in subpart 3.

1.6.2.1.9| ErrorResilientHvxcSpecificConfig
Defined in subpart 2.

1.6.2.1.1p SSCSpecificConfig
Defined in subpart 8.

1.6.2.1.1f1 MPEG_1_2_SpecificConfig
Defined in subpart 9.

1.6.2.1.1R2 DSTSpecificConfig
Defined in subpart 10.

1.6.2.1.13 ALSSpecificConfig
Defined in subpart 11.

1.6.2.1.14 SLSSpecificConfig
Defined in subpart 12,

1.6.2.1.1p SpatialSpecificConfig
Defined in ISONEC 23003-1, subclause 5.1.

1.6.2.1.16 ELDSpecificConfig
Defined in subpart 4.

1.6.2.1.17 SymbolicMusicSpecificConfig

Defined in ISO/IEC 14496-23, subclause 7.2.1.

42
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1.6.2.2 Payloads

1.6.2.2.1 Overview

For the NULL object the payload shall be 16 bit signed integer in the range from -32768 to +32767. The payloads
for all other audio object types are defined in the corresponding parts. These are the basic entities to be carried by
the systems transport layer. Note that for all natural audio coding schemes the output is scaled for a maximum of

32767/-32768. However, the MPEG-4 System compositor expects a scaling.

Payloads that are not byte aligned are padded at the end for transport schemes which require byte alignment.

The fqllowing table shows an overview about where the Elementary Stream payloads for the Audio @bjgct Types
can bg found and where the detailed syntax is defined.
Table 1.17 — Audio Object Types
Objec Audio Object Type definition of elementary stream Mapping of audio payloads to|access
Type ID payloads and detailed syntax units and_elementary streams
0 NULL
1 | AAC MAIN ISO/IEC 14496-3 subpart 4 see.subclause 1.6.2.2.2.1
2| AACLC ISO/IEC 14496-3 subpart 4 see-subclause 1.6.2.2.2.1
3 | AAC SSR ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.1
4 | AACLTP ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.1
5| SBR ISO/IEC 14496-3 subpart 4
6 | AAC scalable ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.2
7 | TwinvVQ ISO/IEC 14496-3 subpart4
8 | CELP ISO/IEC 14496-3 subpatt-3
9 | HVXC ISO/IEC 14496-3 subpart 2
10 | (reserved)
11 | (reserved)
12 | TTSI ISO/IEC 14496-3 subpart 6
13 | Main synthetic ISO/IEC:14496-3 subpart 5
14 | Wavetable synthesis ISO/IEC-14496-3 subpart 5
15 | General MIDI ISOAEC 14496-3 subpart 5
16 | Algorithmic Synthesis ISO/IEC 14496-3 subpart 5
and Audio FX
17 | ERAAC LC ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.3
18 | (reserved)
19 | ERAACLTP ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.3
20 | ER AAC scalable ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.3
21 | ER TwinVQ ISO/IEC 14496-3 subpart 4
22 | ER BSAC ISO/IEC 14496-3 subpart 4
23 | EB-AAC LD ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.3
24 | ER\CELP ISO/IEC 14496-3 subpart 3
25 |VER HVXC ISO/IEC 14496-3 subpart 2
26 ER HILN ISO/IEC 14496-3 subpart 7
2/—+ERParametrie ISOAECH14496-3-subpart2-and—7
28 | SSC ISO/IEC 14496-3 subpart 8
29 | PS ISO/IEC 14496-3 subpart 8
30 | MPEG Surround ISO/IEC 23003-1
31 | (escape)
32 | Layer-1 ISO/IEC 14496-3 subpart 9
33 | Layer-2 ISO/IEC 14496-3 subpart 9
34 | Layer-3 ISO/IEC 14496-3 subpart 9
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35 | DST ISO/IEC 14496-3 subpart 10

36 | ALS ISO/IEC 14496-3 subpart 11

37 | SLS ISO/IEC 14496-3 subpart 12

38 | SLS non-core ISO/IEC 14496-3 subpart 12

39 | ER AAC ELD ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.4
40 | SMR Simple ISO/IEC 14496-23

41 | SMR Main ISO/IEC 14496-23

1.6.2.2.2] Mapping of audio payloads to access units and elementary streams

1.6.2.2.211 AAC Main, AAC LC, AAC SSR, AAC LTP

One top|level payload (raw_data_block()) is mapped into one access unit. Subsequent access units for|
elementgry stream.

1.6.2.2.212 AAC scalable

M one

One top |evel payload (aac_scalable_main_element(), ASME) is mapped into one access unit. Subsequent access

units form one elementary stream.

One top|level payload (aac_scalable_extension_element(), ASEE) is mapped into one access unit. Subs
access Units of the same enhancement layer form one elementary stream. This results in individual elem
streams for each layer.

The streams of subsequent layers depend on each other.

1.6.2.2.2l13 ER AAC LC, ER AAC SSR, ER AAC LTP, ER'AAC scalable, ER AAC LD

pquent
entary

The data elements of the according top level payléad (er_raw_data_block(), aac_scalable_main_element(),

aac_scalpble _extension_element()) are subdivided into different categories depending on its error sensitiv
collected in instances of these categories (see subpart 4, subclause 4.5.2.4). Depending on the value of ep(
there arg several ways to map these instancesito access units to form one or several elementary stream|
subclause 1.6.3.6). Subsequent elementary-streams depend on each other.

Note: The bits of the data function byteralignment() terminating the AAC top level payloads may be omitteq
data elefnents of the according top/level payload is not directly maped into one access unit. Hence, it mi
ommitted if the top level payload)is split (e.g. in case of epConfig=1) or post-processed (e.g. in ¢
epConfig=3).

1.6.2.2.214 ER AAC ELD

The top|level paylead for ER AAC ELD is defined in er_raw_data_block_eld(). All definitions mentio
subclause 1.6.2.2¢2'3 are also valid for this AOT.

1.6.3 $emantics

ty and
Config,
s (see

| if the
ght be
hse of

hed in

1.6.3.1 AudioObjectType

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

interpretation of this field is given in Table 1.1.

1.6.3.2 AudioObjectTypeExt

This data element extends the range of audio object types.
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1.6.3.3 samplingFrequency

The sampling frequency used for this audio object. Either transmitted directly, or coded in the form of
samplingFrequencyindex.

1.6.3.4 samplingFrequencylndex

A four bit field indicating the sampling rate used. If samplingFrequencylndex equals 15 then the actual sampling
rate is signaled directly by the value of samplingFrequency. In all other cases samplingFrequency is set to the
value of the corresponding entry in Table 1.18.

Table 1.18 — Sampling Frequency Index

samplingFrequencylndex Value
0x0 96000
0x1 88200
0x2 64000
0x3 48000
0x4 44100
0x5 32000
0x6 24000
0x7 22050
0x8 16000
0x9 12000
Oxa 11025
0xb 8000
0xc 7350
Oxd reserved
Oxe reserved
Oxf escape value

1.6.3.% channelConfiguration

A four]bit field indicating the audio output channel configuration:
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Table 1.19 — Channel Configuration

value number of audio syntactic elements, channel to speaker mapping
channels listed in order received
0 - - defined in AOT related SpecificConfig
1 1 single_channel_element() center front speaker
2 2 channel_pair_element() left, right front speakers
3 3 single_channel_element(), center front speaker,
channel_pair_element() left, right front speakers
4 4 single_channel_element(), center front speaker,
channel_pair_element(), left, right center front speakers,
single_channel_element() rear surround speakers
5 5 single_channel_element(), center front speaker,
channel_pair_element(), left, right front speakers,
channel_pair_element() left surround, right surround rear-speakers
6 5+1 single_channel_element(), center front speaker;
channel_pair_element(), left, right front speakers,
channel_pair_element(), left surround, right surroeund rear speakers,
Ife _element() front low frequency-effects speaker
7 7+1 single_channel_elementy(), centerfront speaker
channel_pair_element(), left, rightcenter front speakers,
channel_pair_element(), left, rightoutside front speakers,
channel_pair_element(), left surround, right surround rear speakers,
Ife_element() frodtdow frequency effects speaker
g-15 - - reserved

1.6.3.6 | epConfig

This datg element signals what kind of error robust configuration is used.

Table 1.20 — epConfig

epConfig | Description

0 All instances of all error sensitivity categories belonging to one frame are stored within
one access unit. There exists one elementary stream per scalability layer, or just one
elementary stream.n'case of non-scalable configurations.
1 Each instance of-each sensitivity category belonging to one frame is stored separately
within a single-aecess unit, i.e. there exist as many elementary streams as instances
defined within g frame.
2 The error:protection decoder has to be applied. The definition of EP classes is not
normatively defined, but defined at application level. However, the restrictions
imp0sed on EP classes as defined in subclause 1.6.9 must be satisfied.
3 Theerror protection decoder has to be applied. The mapping between EP classes
and ESC instances is signaled by the data element directMapping.

1.6.3.7 direct mapping
This data-etemen teentif

Table 1.21 — directMapping

directMapping | Description

0 Reserved

1 Each error protection class is treated as an instance of an error sensitivity
category (one to one mapping), so that the error protection decoder output is
equivalent to epConfig=1 data.
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1.6.3.8 extensionSamplingFrequencylndex

A four bit field indicating the output sampling frequency of the extension tool corresponding to the
extensionAudioObjectType, according to Table 1.18

1.6.3.9 extensionSamplingFrequency

The output sampling frequency of the extension tool corresponding to the extensionAudioObjectType. Either
transmitted directly, or coded in the form of extensionSamplingFrequencylndex.

1.6.3.10 bits_to_decode

A helger function; returns the number of bits not yet decoded in the current AudioSpecificConfig(), if\the |length of
this dlement has been signaled by a system/transport layer. If the length of this element is yinknown,
bits_tq decode() returns 0.

1.6.3.11 syncExtensionType

Syncword which marks the beginning of appended extension configuration ,data. This configuration data
corresponds to an extension tool of which the coded data is embedded (in a backward compatible manngr) in that
of the [underlying audioObjectType. If syncExtensionType is present, the configuhation data of the extensipn tool is
separgted from that of the underlying audioObjectType, which allows for“backward compatible signaling (see
subclduse 1.6.5). Decoders that do not support the extension tool can ignore the extension tool configuration data.
Note that this backward compatible signaling can only be used in MPEG-4-based systems that convey the|length of
the AydioSpecificConfig().

1.6.3.12 sbrPresentFlag

A flaglindicating the presence or absence of SBR data in.case of extensionAudioObjectType==5 (i.e. explicit SBR
signaling, see subclause 1.6.5). The value —1 indicates that the sbrPresentFlag was not conveyed in the
Audio$pecificConfig(). In this case, a High Efficiency-AAC Profile decoder shall be able to detect the prgsence of
SBR data in the Elementary Stream (i.e. implicit SBR'signaling, see subclause 1.6.5).

1.6.3.13 extensionAudioObjectType

A five pit field indicating the extension audio object type. This object type corresponds to an extension tool| which is
used tp enhance the underlying audieObjectType.

1.6.3.14 psPresentFlag

A ong] bit field indicating the presence or absence of Parametric Stereo data. The value —1 indicateg that the
psPresentFlag was notCeonveyed in the AudioSpecificConfig(). In this case, a High Efficiency AAC V2 Profile
decodpr shall supportimplicit signaling (see subclause 1.6.6).

1.6.3.15 fillBits
Fill bitg forbyte alignment of ALSSpecificConfig() relative to the start of AudioSpecificConfig().

1.6.3.16 extensionChannelConfiguration

A four bit field indicating the channel configuration of the BSAC extensions. This configuration data is available in
case of explicit signalling for the BSAC extensions. The number of audio output channel is determined according to
Table 1.19 Channel Configuration.

1.6.3.17 sacPayloadEmbedding

The audio Object Type ID 30 MPEG Surround is used to convey spatial audio coding side information for MPEG
Surround decoding as defined in ISO/IEC 23003-1. Depending on this flag, the MPEG surround data payload, i.e.,
SpatialFrame(), is available by different means:
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Table 1.22 — sacPayloadEmbedding

sacPayloadEmbedding Meaning

0 One SpatialFrame() is mapped into one access unit.
Subsequent access units form one elementary stream. That
elementary stream will always depend on another elementary
stream that contains the underlying (downmixed) audio data.

1 The top level payload is multiplexed into the underlying
(downmixed) audio data. The actual multiplexing details
depend on the presentation of the audio data (i.e., usually on

the AOT ) Notethat thisteadstoametementary strearmmwittr o
real payload. That elementary stream will always depend on
another elementary stream that contains both, the underlying
(downmixed) audio data and the multiplexed spatial audio
data.

1.6.4 Upstream

1.6.4.1 Introduction

Upstreams are defined to allow for user on a remote side to dynamically control‘te streaming of the server.

The need for an up-stream channel is signaled to the client terminal by supplying an appropriate elementary
descriptdr declaring the parameters for that stream. The client terminalfepens this up-stream channel in a
manner @s it opens the downstream channels. The entities (e.g. media encoders & decoders) that are con

stream
similar
hected

through an up-stream channel are known from the parameters in.its: elementary stream descriptor and frgm the

associatipn of the elementary stream descriptor to a specific object descriptor.

An up-stream can be associated to a single downstream or@ group of down streams. The stream type
downstrgam to which the up-stream is associated defines“the scope of the up-stream. When the up-str
associatg¢d to a single downstream it carries messages-about the downstream it is associated to. The synt
semantids of messages for MPEG-4 Audio are defined\in the next subclause.

1.6.4.2 $yntax
Table 1.23(— Syntax of AudioUpstreamPayload()
Syntax No. of bits Mnemonic
AudioUpstreamPayload()
{
upStreamType; 4 uimsbf

switch (upStreamType) {
case-Q7/" scalability control */

of the
am is
x and

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
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lostFrames[layOrSynEle]; numFrameExp uimsbf
[layOrSynEle]
break;
case 3: /* bitrate control */
avgBitrate; 24 uimsbf
break;
default: /* reserved for future use */
break;
}
}
1.6.4.3 Definitions
upStreamType A 4-bit unsigned integer value representing the type of the up-stream as defingd in the

following Table 1.24

Table 1.24 — Definition of upStreamType

UpStreamType | Type of Audio up-stream

0 scalability control

1 BSAC frame interleaving

2 quality feedback

3 bitrate control

4-15 reservedforfuture use
avgBifrate[layer] The average bitrate in bits per second of a large step layer, which the client requgsts to be
transmitted from the server.

numQfSubFrame 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 pverhead
is decreased but the delay is increased as numOfSubFrame is increased.
multilayOrSynEle This bit signals, whethér or not a multi-channel or multi-layer configuration is used. Only in
that case a layernumber or a syntactic element number needs is transmitted.
layOr$ynEle A 6-bit unsigned integer value representing the number of the syntactic elementq (in case
of multi-channel setup) or the number of the layers (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 is|implicitly
setto 1.

numFrameExp[layOrSynEle] This value indicates the number of last recently passed frames ( numbrapmetxp —1)

considered in the following lostFrames value.
lostFrames[layOrSynEle] This field contains the number of lost frames with respect to the indicateq layer or
syntactic element within the last recently passed frames signalled by
numFrameExp.

avgBi[rate The average bitrate in bits per second of the whole Audio object, which the client

1.6.4.4 Decoding process

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

1.6.4.4.1 Decoding of scalability control

Next is the value numOfLayer. It represents the number of the data elements avgBitrate to be read. avgBitrate
follows.
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Decoding of BSAC frame interleaving

The data element to be read is numOfSubFrame. It represents the number of the sub-frames to be interleaved in
BSAC tool. BSAC can allow for runtime adjustments to the quality of service. When the content of upstream is
transmitted from the client to the server to implement a stream dynamically and interactively. BSAC data are split
and interleaved in the server. The detailed process for implementing an AU payload in the server is described in
Annex 4.B.17.

1.6.4.4.3

Decoding of quality feedback

The real

framel ossRate[layOrSynE le] =

1.6.4.4.4

avgBitrate is parsed.

1.6.5
1.6.5.1

The SBR tool in combination with the AAC coder provides a significant inCrease of audio compression efficie
the samg time it allows for compatibility with existing AAC-only decoders. However, the audio quality for de
without the SBR tool will of course be significantly lower than.for those supporting the SBR tool. The
dependig on the application, a content provider or contefit creator may wish to choose between th
alternatijes given below. In general, the SBR data is always.embedded in the AAC stream in an AAC com

way (in
can be 3
mode an

NOTE: N

IdSbrPre
4.6.19) is

1.6.5.1.1

To ensufe that all listeners getthe full audio quality of AAC+SBR, the stream should indicate the HE AAC

and use

1 P & lo ol H ol H oot ll H £ 1
drric 1Uoo 1Al 1T PpTliitTit Lall VT UTTIVCU USITTy UTc TUNTUWITTY TUTTITUId.

lostFrames|layOrSynEle] #100%
_ 0

2 numFrameExp [layOrSynEle] _

Decoding of bitrate control

ignaling of SBR
enerating and signaling AAC+SBR content

e extension_payload), and SBR is a pure postiprocessing step in the decoder. Therefore, comp
chieved. However, by means of different signalihg the content creator can select between the full
d the backward compatibility mode as follows.

one of the SBR signaling methods described in this subclause are allowed for AAC ELD Insted
sentFlag in the ELDSpecificConfig()s used to signal whether the Low Delay SBR tool (see sub
active or not, as described in subclause 4.6.20.1.

Ensuring full audio quality of AAC+SBR for the listener

the explicit, hierarchical signalling (signaling 2.A. as described below), so that it is played by HE

hcy. At
coders
refore,
e two
patible
htibility
guality

d, the
clause

profile
E AAC

Profile d¢coders. With regard to AAC-only streams, an HE AAC Profile decoder will decode all AAC Profile sfreams

of the ap

1.6.5.1.2

The aim

propriate levél;-as the HE AAC Profile is a superset of the AAC Profile.

Achieving backward compatibility with existing AAC-only decoders

of_this mode is to get all AAC-based decoders to play the stream, even if they don't support the SB

R tool.

Compati

fe-streamstam be created using the fottowing two signating methods:

a) indicating a profile containing AAC (e.g. the AAC Profile), except the HE AAC Profile, and using the explicit
backward compatible signalling (2.B. as described below). This method is recommended for all MPEG-4
based systems in which the length of the AudioSpecificConfig() is known in the decoder. As this is not the
case for LATM with audioMuxVersion==0 (see subclause 1.7), this method cannot be used for LATM with
audioMuxVersion==0. In explicit backward compatible signaling, SBR-specific configuration data is added
at the end of the AudioSpecificConfig(). Decoders that do not know about SBR will ignore these parts,
while HE AAC Profile decoders will detect its presence and configure the decoder accordingly.

b) indicating a profile containing AAC (e.g. the AAC Profile, or an MPEG-2 AAC profile), except the HE AAC
Profile, and using implicit signalling. In this mode, there is no explicit indication of the presence of SBR
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data. Instead, decoders check the presence while decoding the stream and use the SBR tool if SBR data is
found. This is possible because SBR can be decoded without SBR-specific configuration data if a certain
way of handling decoder output sample rate is obeyed, as described below for HE AAC Profile decoders.

Both methods lead to the result that the AAC part of an AAC+SBR streams will be decoded by AAC-only decoders.
AAC+SBR decoders will detect the presence of SBR and decode the full quality AAC+SBR stream.

1.6.5.2 Implicit and explicit signaling of SBR

This ibelause outlines the different eignqling methods of QRD, and the decoder behavior for different types of
signaling.

Therelare several ways to signal the presence of SBR data:

1.| implicit signaling: If EXT_SBR_DATA or EXT_SBR_DATA_CRC extension_payload() elements are
detected in the bitstream payload, this implicitly signals the presence of SBR data. [Fhe ability to detect and
decode implicitly signaled SBR is mandatory for all High Efficiency AAC Profile (HE'AAC Profile) decoders.

2.| explicit signaling: The presence of SBR data is signaled explicitly by .méans of the SBR Aud|o Object
Type in the AudioSpecificConfig(). When explicit signaling is used, implicit signaling shall not odcur. Two
different types of explicit signaling are available:

2.A hierarchical signaling: If the first audioObjectType (AOT) sighaled is the SBR AOT, a second audio
object type is signaled which indicates the underlying audie‘object type. This signaling methed is not
backward compatible. This method may be needed in &ystems that do not convey the length of the
AudioSpecificConfig(), such as LATM with audioMuxVetsion==0, and content authors are encoyraged to
use it only when thus needed.

2.B.backward compatible signaling: The extensionAudioObjectType is signaled at the end of the
AudioSpecificConfig(). This method shall only be used in systems that convey the length of the
AudioSpecificConfig(). Hence, it shall not be’used for LATM with audioMuxVersion==0.

Table [1.25 shows the decoder behavior depending on profile and audio object type indication when implicit or
explicit signaling is used.
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Table 1.25 — SBR Signaling and Corresponding Decoder Behavior

Bitstream payload characteristics Decoder behavior
Profile extension sbrPresent | raw_data_block [ AAC Profile
indication | AudioObjectType Flag decoders HE AAC
Profile
decoders
Profiles I= SBR -1 AAC Play AAC Play AAC
with AAC (signaling 1) (Note 1)
support AAC+SBR Play AAC Play at least
other than AAC,
High should play
Bfficiency AACH+SBR
AAC Profile (Note 1)
== SBR 0 AAC Play AAC Play AAC
(signaling 2.B) (Note 2)
1 AAC+SBR Play AAC Play at least
AAC,
should play
AAC+SBR
(Note 3)
High == SBR 1 AAC+SBR Undefined Play AAC+SBR
Bfficiency (signaling 2.A or (Note 3)
AQC Profile 2.B)
Note 1: Implicit signaling, check payload in order to determine output sampling frequency, or assume
the presence of SBR data in the payload, giving an output’sampling frequency of twice the sampling

fregquency indicated by samplingFrequency in the AudioSpecificConfig() (unless the down sampled
SBR Tool is operated, or twice the sampling frequeney indicated by samplingFrequency exceeds the
mpximum allowed output sampling frequency of the'current level, in which case the output sampling
fregquency is the same as indicated by samplingFrequency).

Note 2: Explicitly signals that there is no SBR data, hence no implicit signaling is present, and the
oytput sampling frequency is given by samplingFrequency in the AudioSpecificConfig().

Note 3: Output sampling frequency is the-extensionSamplingFrequency in AudioSpecificConfig().

The upper part of Table 1.25 disptays bitstream payload characteristics and decoder behavior if the
indication is any profile with AAG; apart from the High Efficiency AAC Profile. The lower part displays bit
payload ¢haracteristics and degoder behavior if the profile indication is the High Efficiency AAC Profile.

1.6.5.3 HE AAC profile decoder behavior in case of implicit signaling

If the ptesence of {SBR data is backward compatible implicitly signaled (signaling 1 in the list abov
extensiopAudioObjectType is not the SBR AOT, and the sbrPresentFlag is set to —1, indicating that i
signaling may Qccur.

profile
stream

e) the
mplicit

rate of

Since th¢ HE AAC Profile decoder is a dual rate system, with the SBR Tool operating at twice the sample
the underlying AAC decoder, the output sample rate cannot be assumed fo be that of the AAC decoder just
because SBR is not explicitly signaled. The decoder shall determine the output sample rate by either of the
following two methods:

52

Check for the presence of SBR data in the bitstream payload prior to decoding. If no SBR data is found, the
output sample rate is equal to that signaled as samplingFrequency in the AudioSpecificConfig(). If SBR

data is found the output sample rate is twice that signaled as samplingFrequency i
AudioSpecificConfig

n the
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Assume that the SBR data is available and decide the output sample rate to be twice that signal
AudioSpecificConfig(). If no SBR data is found once the decoding process has started, the SBR
be used for upsampling only, as described in subclause 4.6.18.5.

2009(E)

ed in the
Tool can

The above only applies if twice the sample rate signaled in the AudioSpecificConfig() does not exceed the
maximum output sample rate allowed for the current level. Hence, for a HE AAC Profile decoder of levels 2, 3, or 4,
the output sample rate is equal to the sample rate signaled in the AudioSpecificConfig() if the latter exceeds 24kHz.

The down sampled SBR Tool shall be used when needed to ensure that the output sample rate does not exceed
the maximum allowed sample rate of the present level of the High Efficiency AAC Profile decoder.

1.6.5.4

If the
backw

For th
AOT.
one. |
decod
samp
decod

For th
is the
exteng
signal
and th

The d
allowe
sampl

1.6.6
1.6.6.1

The P
time if]
will on

There
two al
compa
compa
full-qu

| HE AAC profile decoder behavior in case of explicit signaling

presence of SBR data is explicitly signaled (signaling 2, in the list above) the presence of SBF
ard compatible explicitly signaled (signaling 2.B) or non-backward explicitly signaled (sighaling 2.A).

e backward compatible explicit signaling (signaling 2.B) the extensionAudioObjectType signaled is
For this backward compatible explicit signaling the sbrPresentFlag is transmitted and can be eithe

the sbrPresentFlag is zero, this indicates that SBR data is not present;,‘and hence the HE AA|
er does not have to check the Fill-element for the presence of SBR datasor'make assumptions on t
b rate in anticipation of SBR data. If the sbrPresentFlag is one, SBR datais present and the HE AA
br shall operate the SBR Tool.

b non-backward compatible explicit signaling of SBR (signaling~2.A) the extensionAudioObjectType

ionAudioObjectType is SBR. The sbrPresentFlag is not transmitted and hence it is not possible to
the absence of implicit signaling. Hence, for the hierarchical explicit signaling, SBR data is alway
e HE AAC Profile decoder shall operate the SBR Toolt

bwn sampled SBR Tool shall be operated if thetoutput sample rate would otherwise exceed the 1
d output sample rate for the present levelyyor if the extensionSamplingFrequency is the sam
ngFrequency.

Signaling of Parametric Stereo (PS)
Generating and Signaling HE' AAC + PS Content

allows for compatibility with existing HE AAC-only decoders. However, the output from a HE AAC
y be mono for a HE.AAC v2 stream carrying PS data.

ore, dependifg-on the application, a content provider or content creator may want to choose bet
fernatives.-given below. In general, the PS data is always embedded in the HE AAC stream in a
tible way\(in the sbr_extension element), and PS is a pure post processing step in the decoder. T
tibility-can be achieved. However, by means of different signaling the content creator can select bet
blity'mode and the backward compatibility mode as outlined in 1.6.6.1.1 and 1.6.6.1.2.

R data is

the SBR
r zero or
C Profile
e output
C Profile

signaled

SBR AOT. For this hierarchical explicit signaling,{thé sbrPresentFlag is set to ong if the

explicitly
5 present

naximum
e as the

S tool in combination with-the HE AAC coder enables good stereo quality at very low bitrates. At {he same

decoder

ween the
HE AAC
herefore,
ween the

For the hierarchical profiles, a profile higher in the profile hierarchy is of course able to decode the content of a
profile lower in the profile hierarchy. In Figure 1.1 the hierarchical structure of the AAC, HE AAC and HE AAC v2
Profile is displayed. The figure shows that a HE AAC Profile decoder is fully capable of decoding any AAC-Profile
stream, given that the HE AAC Profile decoder is of the same or a higher level as indicated in the AAC Profile
stream. Similarly an HE AAC v2 profile decoder of a certain level can handle all HE AAC Profile streams of the
same or lower level as well as all AAC Profile streams of the same or lower level.
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1.6.6.1.2
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High Efficiency AAC Profile

High Efficiency AAC v2 Profile

)

Figure 1.1 — Hierarchical structure of AAC, HE AAC and HE AAC v2)Profile,
and compatibility between them.

Ensuring Full Audio Quality of AAC+SBR+PS for the Listener

e that listeners get the full audio quality of AAC+SBR+PS;/the stream should indicate the HE A
nd use the explicit, hierarchical signaling (signaling 2.A. as described below), so that it is played
Profile decoders, i.e., PS capable decoders. With regard{e’HE AAC-only streams or AAC-only strea
v2 Profile decoder will decode all HE AAC Profile stteams and AAC Profile streams of the appr
the HE AAC v2 Profile is a superset of the HE AAC*Profile and the AAC Profile.

Achieving Backward Compatibility with Existing HE AAC and AAC Decoders

of this mode is to get all AAC-based and HE AAC-based decoders to play the stream, even if they
he PS tool. Compatible streams canbe’created using the following two signaling methods:

ndicate a profile containing SBR (e.g. the HE AAC Profile), but not the HE AAC v2 Profile, and u
xplicit backward compatiblessignalling (2.B. as described below). This method is recommended
IPEG-4 based systems in which the length of the AudioSpecificConfig() is known in the decoder. As
ot the case for LATMrwith audioMuxVersion==0 (see clause 1.7), this method cannot be used for
vith audioMuxVersjan==0. In explicit backward compatible signaling, PS-specific configuration ¢
dded at the end of-{he AudioSpecificConfig(). Decoders that do not know about PS will ignore these
vhile HE AAC V2 Profile decoders will detect its presence and configure the decoder accordingly.

ndicate a¢profile containing SBR (e.g. the HE AAC Profile), but not the HE AAC v2 Profile, and use

ignalling=In this mode, there is no explicit indication of the presence of PS data. Instead, HE A
Profile\"decoders shall open two output channels for a stream containing SBR datg
hannelConfiguration==1, i.e., a mono stream using a single channel element, and check the prese

1

AC v2
by HE
ms, an
bpriate

do not

se the
for all
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parts,
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se PS

can be decoded without PS-specific configuration data if a certain way of handling decoder number of
output channels is obeyed, as described below for HE AAC v2 Profile decoders.

Both methods lead to the result that, provided that the profile indication indicates a profile supported by the
decoder, the AAC+SBR part of an AAC+SBR+PS streams will be decoded by HE AAC-only decoders, and the
AAC part of an AAC+SBR+PS stream will be decoded by AAC-only decoders. HE AAC v2 decoders will detect the
presence of PS and decode the full quality AAC+SBR+PS stream.
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This subclause outlines the different signaling methods of PS, and the decoder behavior for different types of

signali
There

1.

ng.

are several ways to signal the presence of PS data:

implicit signaling: If bs extension_id equals EXTENSION ID_PS, PS data is present in the
sbr_extension element, and this implicitly signals the presence of PS data. The ability to detect and decode
implicitly signaled PS is mandatory for all High Efficiency AAC v2 Profile (HE AAC v2 Profile) decoders.

For al

number of channels of the underlying AAC coded stream. Hence, if parametric stereo data is avail

chann
two ol

Table
explici

A.hierarchical signaling: If the first audioObjectType (AOT) signaled is\.the PS A

.B.backward compatible signaling: If the extensionAudioObjectType“SBR is signaled at the e

explicit signaling: The presence of PS data is signaled explicitly by means of the PS Audio.Ob]
and the psPresentFlag in the AudioSpecificConfig(). When explicit signaling of PS is used, implicit
of PS shall not occur. Two different types of explicit signaling are available:

extensionAudioObjectType is set to SBR, and a second audio object type is signaled which indi
underlying audio object type. This signaling method is not backward compatible. This method
needed in systems that do not convey the length of the AudioSpecificConfig(), such as LA
audioMuxVersion==0, and content authors are encouraged to use it only.when thus needed.

AudioSpecificConfig(), a psPresentFlag is transmitted at the end(of the backward compatible exg
signaling, indicating the presence or absence of PS data. This’method shall only be used in sysf
convey the length of the AudioSpecificConfig(). Hence/ it shall not be used for LA
audioMuxVersion==0.

types of parametric stereo signaling, the channelConfiguration in the audioSpecifcConfig indid

|Configuration will be one, indicating a single channel element, while the parametric stereo tool wil
tput channels based on the single channel element and the parametric stereo data.

1.22A shows the decoder behavior depénding on profile and audio object type indication when i
t signaling is used.

ect Type
signaling

OT, the
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Table 1.26 — PS Signaling and Corresponding Decoder Behavior

Bitstream characteristics Decoder behavior
Profile PS signaling psPresent | raw_data_block HE AAC HE AAC v2
indication Flag Profile Profile
Decoders Decoders
High signaling 1, implicit -1 AAC+SBR Play AAC+SBR | Play AAC+SBR
Efficiency signaling (Note 1)
AAC Profile |  (first AOT != PS) AAC+SBR+PS | Play AAC+SBR | Play at least
AAC+SBR,
should play;
AAC+SBR+PS
(Noten N
signaling 2.B, 0 AAC+SBR Play AAC+SBR | Play AAC+SBR
backwards (Note 2)
compatible explicit 1 AAC+SBR+PS | Play AAC+SBR | |Play at least
signaling AAC+SBR,
(second AOT == should play
SBR) AAC+SBR+PS
(Note 3)
High signaling 2.A, non- 1 AAC+SBR+PS Undefined Play
Bfficiency backwards AAC+SBR+PS
AAC v2 compatible (Note 3)
Profile signaling
(first AOT == PS)
signaling 2.B, 1 AAC+SBR+PS Undefined Play
backwards AAC+SBR+PS
compatible signling (Note 3)
(second AOT ==
SBR)
Note 1: Implicit signaling, assume the presence\of PS data in the payload, giving two output channels
fof a single channel element.
Note 2: Explicitly signals that there is no PS data, hence no implicit signaling is present.
Note 3: Number of output channels_istwo for a single channel element containing AAC+SBR+PS
data.

The uppé¢r part of Table 1.22A displays bitstream characteristics and decoder behavior if the profile indication is the
High Efficiency AAC Profile. The, lower part displays bitstream characteristics and decoder behavior if the |profile
indication is the High Efficiency,AAC v2 Profile.

1.6.6.3 HE AAC v2 Profile Decoder Behavior in Case of Implicit Signaling

If the presence of PS data is backward compatible implicitly signaled (signaling 1, in the list above) the first
AudioObjectType. signaled is not the PS AOT, and the psPresentFlag is not read from the AudioSpecificConfig().
Hence, the psPresentFlag is set to —1, indicating that implicit signaling of parametric stereo may occur.

Since a received mono stream will result in a stereo output if Parametric Stereo data is present in the stream, the
HE AAC v2 Profile decoder shall assume that PS data is available and decide the number of output channels to be
two for a single channel element containing SBR data, and thus also possibly PS data. If no PS data is found the
mono output shall be mapped to the two opened channels for every single channel element.

1.6.6.4 HE AAC v2 Profile Decoder Behavior in Case of Explicit Signaling

If the presence of PS data is explicitly signaled (signaling 2, in the list above) the presence of PS data is backward
compatible explicitly signaled (signaling 2.B) or non-backward compatible explicitly signaled (signaling 2.A).
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For the backward compatible explicit signaled (signaling 2.B) the extensionAudioObjectType signaled is the SBR
AOT. The explicit signaling of PS is done by means of the psPresentFlag that can be either zero or one.

If the psPresentFlag is zero, this indicates that PS data is not present, and hence the HE AAC v2 Profile decoder
should not make assumptions on the number of output channels in anticipation of PS data (as in case of implicit
signaling of PS) and instead employ the original channelConfiguration. If the psPresentFlag is one, PS data is
present and the HE AAC v2 Profile decoder shall operate the PS Tool.

For the non-backward compatible explicit signaling of PS (signaling 2.A) the first AudioObjectType signaled is the
PS AQT. The extensionAudioObjectType is assigned the SBR AOT. For this_hierarchical explicit signaling, the

psPre
hence
signal
Tool.
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For arn
the cd
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sentFlag is set to one if the first signaled AOT is the PS AOT. The psPresentFlag is not trans
it is not possible to explicitly signal the absence of implicit signaling. Hence, for the hierar€hic

Interface between Audio and Systems

Introduction
Libclause clarifies the interface between MPEG-4 Audio and MPEG-4 Systems.

access unit delivered to the audio decoder from the systems interface shall result in a corre
sition unit delivered from the audio decoder to the systems interface, i.e., the compositor. This sha
p and shut-down conditions, i.e., when the access unit is the(first or the last in a finite sequence (¢

P Handling of composition time stamps

audio composition unit, ISO/IEC 14496-1 subclause 7.1.3.5 Composition Time Stamp (CTS) speq
mposition time applies to the n-th audio sample within the composition unit. The value of n is
ed differently in the remainder of this subclause.

For c

specidl attention is needed. In this case,.decoding can be done in a backward-compatible fashion (AAC
well ag in an enhanced fashion (AAC+SBR). In order to insure that composition time stamps are handled
(so that audio remains synchronized with other media), the following applies:

mpressed data, like HE-AAC coded>audio, which can be decoded by different decoder config

If compressed data pertnifs both backward-compatible and enhanced decoding, and if the decoder
operating in a backwards-compatible fashion, then the decoder does not have to take any special
this case, the value-ofnis 1.

If compressed data permits both backward-compatible and enhanced decoding, and if the decoder

(e.g., the SBR post-processor in HE-AAC), then it must insure that this additional time delay incurr

accountwhen presenting the composition unit. The value of n is specified in Table 1.27

Table 1.27 — Composition time stamp handling for decoder operation modes

miitted and

| explicit

ng of parametric stereo, PS data is always present and the HE AAC v2 Profile decoder shall opera%e the PS

sponding
Il include
f access

ifies that
1 unless

urations,
only) as
correctly

s
action. In

is

operating in-énhanced fashion such that it is using a post-processor that inserts some additional delay

bd

relativeto, the backwards-compatible mode, as described by a corresponding value of n, is taken ifto

Value Addional Decoder operation mode
ofn delay
(Note 1)
1 0 | A) All operation modes not listed elsewhere in this table.
963 962 | B1) HE-AAC or HE-AAC v2 decoder with SBR operated in
dual-rate mode; decoding HE-AAC or HE-AAC v2
compressed audio.
482 481 | B2) Same as B1), but with SBR operated in downsampled
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Value Addional Decoder operation mode
of n delay
(Note 1)
mode.

Note 1: The delay introduced by the post-processing is given in number of samples
(per audio channel) at the output sample rate for the given decoder operation mode.
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bignalling of BSAC extension payloads

cit signalling method for BSAC extension payloads is similar to that of SBR tool. The BSAC decod
bde the BSAC extension payloads checks if there is an extension type for the(SBR tool sU
AC_SBR _DATA’ in the bsac_raw_data_block(). The sampling frequency should tbe*updated, wh
) type is detected and the SBR tool is operated in dual-rate mode.

AC_CHANNEL’ in the bsac_raw_data_block(). In case where the exténsion type for multichann
pf channel from the AudioSpecificConfig() for BSAC Audio Object Jype is updated depending
| configu-ration_index’ of each extended_bsac_base_element().

plicit signalling is used, implicit signalling shall not occur. Two"different types of explicit signalli

Explicit Signalling Method 1: hierarchical signalling

If the first audioObjectType (AOT) signaled is the~SBR AOT, a second audio object type is si
vhich indicates the ER BSAC AOT. The extensionChannelConfiguration indicates the total num
hannel in the bsac_raw_data_block().

Explicit Signalling Method 2 : backward_compatible signalling

The extensionAudioObjectType is- signaled at the end of the AudioSpecificConfig().
xtensionAudioObjectType is the ER\BSAC AOT, the extensionChannelConfiguration indicates th
umber of channel in the bsac_raw_data_block(). This method shall only be used in systems that ¢
he length of the AudioSpecificGonfig(). Hence, it shall not be used for LATM with audioMuxVersion=

e 1.28 explains the decoder-behavior with SBR and BSAC channel extension signalling.
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ch as
en the
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Table 1.28 — SBR and BSAC channel extension signalling and Corresponding Decoder Behaviour

Bitstream characteristics Decoder behaviour
Extension sbrPresentFlag | extensionChan | raw_data_block BSAC BSAC
AudioObjectType nelConfiguratio decoder Extensions
n decoder
I= ER_BSAC -1 Not available BSAC Play BSAC Play BSAC
( Implicit (Note 1) BSAC+SBR Play BSAC Play at least
Signalling ) BSAC,
should play
BSAC+SBH
BSAC+MC Play BSAC Play atleas
BSAC,
should play|
BSAC+MC
BSAC+SBR+MC | Play BSAC Play at leas
BSAC,
should play|
BSAC+SBH
+MC
== ER_BSAC ( 0 == BSAC Play BSAC Play BSAC
Explicit (Note 2) channelConfigu
Signalling ) ration
(Note 4)
I= BSAC +MC Play BSAC | Play BSAC+MC
channelConfigu
ration
1 == BSAC+SBR Play BSAC Play
(Note 3) channelConfigu BSAC+SBH
ration
(Note 4)
l= BSAC+SBR+MC | Play BSAC Play
channelConfigu BSAC+SBH
ration +MC
Note 1: Implicit signalling, eheck payload in order to determine output sampling frequency, or assure
the presence of SBR data jin’ the payload, giving an output sampling frequency of twice the sampling
frequency indicated byssamplingFrequency in the AudioSpecificConfig() (unless the down sampled
SBR Tool is operated,-or twice the sampling frequency indicated by samplingFrequency exceeds the
maximum allowed-output sampling frequency of the current level, in which case the output samplipg
frequency is the same as indicated by samplingFrequency).
Note 2: Explicitly signals that there is no SBR data, hence no implicit signalling is present, and the
outputssampling frequency is given by samplingFrequency in the AudioSpecificConfig().
Note 3: Output sampling frequency is the extensionSamplingFrequency in AudioSpecificConfig().
Note 4: Explicitly signals that there is no BSAC channel extension data, and the number of output
channel is given by channelConfiguration in the AudioSpecificConfig().

1.6.9 Original Audio File Information for the ISO Base Media file format

1.6.9.1 Introduction

The Original Audio File Information Box permits the storage of the ancillary (non-audio) data of an original audio file
in an ISO Base Media File format file. This file would typically also contain the compressed audio data of the
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original audio file. This box is particularly useful in combination with lossless audio coding (e.g. MPEG-4 ALS, SLS)
when restoration of the original input audio file is of interest.

1.6.9.2 Definition
Container: Meta box ('meta’)
Mandatory: No

Quantity: Zero or one

The origjnal audio file information provides information about an original audio file, including a file\typg, and
provides|the OriginalHeader(), OriginalTrailer() and AuxData() blocks via the item location box.

The OriginalHeader() block stores the header part of the original audio file and it is referenced from an entry| of the
item locgtion box. The header part includes all bytes prior to the first audio data sample in the briginal file.

The OriginalTrailer() block stores the trailer part of the original audio file and it is referenced from an entry|of the
item locgtion box. The trailer part includes all bytes after the last audio data sample inthg original file.

The AuxPata() block stores additional information added by the encoder related-to the original audio file fand is
referencéd from an entry of the item location box. The contents of AuxData() arehot used in reconstructing griginal
file.
The original audio file information is stored as meta-data in a MetaBaex.“The handler type for this MetaBox i$ ‘oafi’,

and suclh a MetaBox must contain a DataBox containing a OrigAudioFileInfoRecord, or identify a primany item
whose data is an OrigAudioFileInfoRecord.

1.6.9.3 | Syntax

The syntpx of the Original Audio File Information Box is as follows:
aligned (8) class DataBox extendd FullBox(‘data’, version=0, 0) {
}
aligned (8) class OrigAudioFileInfoRecord {
unsfigned int(4) ,~fide_type;
unsfigned int (@)-" reserved;
unsfigned_int (16) header_item_1ID;

unsfigned int(16) trailer_item_1ID;

unsigned int(16) aux_item_ID;
if (file_type == “1111") string original_ MIME_type;
}

The syntax of OriginalHeader(), OriginalTrailer() and AuxData() is shown in Table 1.29, Table 1.30, and Table 1.31.
The original_MIME_type is a Null-terminated string in UTF-8 characters identifying the original file type.
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Table 1.29 — Syntax of OriginalHeader()

Syntax No. Of bits Mnemonic
OriginalHeader()
{
header_length 64 bslbf
orig_header(]; header_length * 8 | bslbf
}

Table 1.30 — Syntax of OriginalTrailer()

Syntax No. Of bits Mnemonic
OriginalTrailer()
{
trailer_length; 64 bsibf
orig_trailer[]; trailer_length '8 bslbf
}

Table 1.31 — Syntax of AuxData()

Syntax No. Of bits Mnemonic
AuxData()
{
aux_length; 64 bsibf
aux_data[]; aux_length * 8 bslbf
}

1.6.9.4 Semantics

file|type describes the type of the original input file (see Table 1.32 for a description of possible values

~

Table 1.32 - file_type values

Field #Bits Description / Values
file_type 4 0000 = unknown / raw file
0001 = wave file
0010 = aiff file
0011 = bwf file

0100 = Sony Wave64 file (.w64)
0101 = bwf with RF64

1111 = “escape” for MIME type

(other values are reserved)

header_item ID is the ID that references the OriginalHeader() entry in the item location box. If this value is O,
there is no OriginalHeader() information. If the OriginalHeader() was empty (of zero length) then an
explicitly empty OriginalHeader() item should be supplied.
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trailer_item_ 1ID is the ID that references the OriginalTrailer() entry in the item location box. If this value is O,
there is no OriginalTrailer() information. If the OriginalTrailer() was empty (of zero length) then an
explicitly empty OriginalTrailer () item should be supplied.

aux_item_1ID is the ID that references the AuxData() entry in the item location box. If this value is 0, there is no
AuxData() information. If the AuxData() was empty (of zero length) then an explicitly empty AuxData ()
item should be supplied.

The elements of OriginalHeader, OriginalTrailer and AuxData are shown in Tables Table 1.33, Table 1:34 and
Table 1.35.

Table 1.33 — Elements of OriginalHeader()

Field #Bits Description / Values
header_length 64 Size of the original header field'in bytes.
orig_header(] header_length*8 Header of original audjofile

Table 1.34 — Elements of OriginalTrailer()

Field #Bits Descrjption / Values
trailer_length 64 Size of the original trailer field in bytes.
orig_trailer(] trailer_length*8 Trailer of original audio file

Table 1.35 — Elements of AuxData()

Field #Bits Description / Values
aux_length 64 Size of the auxiliary data field in bytes.
aux_data aux_length*8 Auxiliary data (not required for decoding)

1.6.9.5 | Example MP4 file

An example MP4 file containing original header, original trailer and auxiliary data is shown in Figure 1.2.
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Input file: Wave file
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Figure 1.2 — Possible order of blocks
1.7 IMPEG-4 Audio transport stream

1.7.1| Overview

This gubclause defines a mechanism to transport ISO/IEC 14496-3 (MPEG-4 Audio) streams withqut using
ISO/IHC 14496-1 (MPEG-4 Systems) for audio-only applications. Figure 1.3 shows the concept of MPEG-4 Audio
transpprt. The transport-mechanism uses a two-layer approach, namely a multiplex layer and a synchrpnization
layer. |The multiplex Jayer (Low-overhead MPEG-4 Audio Transport Multiplex: LATM) manages multiplexing of
severdl MPEG-4 Audio” payloads and their AudioSpecificConfig() elements. The synchronization layer specifies a
self-synchronized \syntax of the MPEG-4 Audio transport stream which is called Low Overhead Audip Stream
(LOAS). The interface format to a transmission layer depends on the conditions of the underlying tranismission
layer as follows:

e |L(QAS'shall be used for the transmission over channels where no frame synchronization is available

e LOAS may be used for the transmission over channels with fixed frame synchronization.

e A multiplexed element (AudioMuxElement() / EPMuxElement()) without synchronization shall be used only for
transmission channels where an underlying transport layer already provides frame synchronization that can
handle arbitrary frame size.

The details of the LOAS and the LATM formats are described in subclauses 1.7.2 and 1.7.3, respectively.
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MPEG-4 Audio Payloads AudioSpecificConfig Elements
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Figure 1.3 — Concept of MPEG-4 Audio Transport

hanism defined in this subclause should not be used for transmission of J Sl objects (12), Main Sy
13), Wavetable Synthesis objects (14), General MIDI objects (15) and Algorithmic Synthesis and Au
16). It should further not be used for transmission of any object in conjunction with (epConfig==
ects, other multiplex and transport mechanisms might be used,-e{g. those defined in MPEG-4 Syste

Synchronization Layer

Chronization layer provides the multiplexed element-with a self-synchronized mechanism to ge
he LOAS has three different types of format, namely AudioSyncStream(), EPAudioSyncStream
nterStream(). The choice for one of the three farmats is dependent on the underlying transmission Ig
bSyncStream()

ncStream() consists of a syncwordthe multiplexed element with byte alignment, and its length inforn
se that the underlying transmission layer comes without any frame synchronization.
IdioSyncStream()

prone channels, an“alternative version to AudioSyncStream() is provided. This format has the same
lity as the previously described AudioSyncStream(). However, it additionally provides a longer syr
me counter teydetect lost frames. The length information and the frame counter are additionally prg

code.

pPointerStream()

AudioPo

hthetic
dio FX
). For
ms.

nerate
() and
yer.

hation.

imum byte-distance between two ‘syncwords is 8192 bytes. This self-synchronized stream shall b¢ used

b basic
cword
tected

nterStream() shall be used for applications using an underlying transmission layer with fixed

frame

synchronization, where transmission framing cannot be synchronized with the variable length multiplexed element.
Figure 1.4 shows synchronization in AudioPointerStream(). This format utilizes a pointer indicating the start of the
next multiplex element in order to synchronize the variable length payload with the constant transmission frame.
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2"ceil(log2(syncFrameLength))-1 /
audioMuxElementStartPointer
Figure 1.4 — Synchronization in AudioPointerStream()
1.7.2.1 Syntax
Table 1.36 — Syntax of AudioSyncStream()
Syntax No. of bitsMnemonic
IAudioSyncStream()
{
while (nextbits() == 0x2B7) { /* syncword */11 bslbf
audioMuxLengthBytes; 13 uimsbf
AudioMuxElement(1);
1
}
Table 1.37 — Syntax of EPAudioSyncStream()
Syntax No. of bits Mnemoniq
ERAUdioSyncStream()
i
While (Nexibis() == OX4deT) | 7Syncword 7 16 bsIbt
futureUse; 4 uimsbf
audioMuxLengthBytes; 13 uimsbf
frameCounter; 5 uimsbf
headerParity; 18 bslbf
EPMuxElement(1, 1);
}
}
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Table 1.38 — Syntax of AudioPointerStream()

Syntax

No. of bits Mnemonic

{

}

AudioPointerStream (syncFramelLength )

while (! EndOfStream ) {
AudioPointerStreamFrame ( syncFrameLength );

Table 1.39 — Syntax of AudioPointerStreamFrame()

Syptax No. of bits Mnéemonic
AudioPointerStreamFrame( length )
{
audioMuxElementStartPointer; ceil(log2(length)) uimsbf
audioMuxElementChunk; length — ceil(log2(length)) bsibf
}

1.7.2.2 | Semantics

1.7.2.2.1] AudioSyncStream()
audioMyxLengthBytes

AudioMuxElement()

1.7.2.2.2] EPAudioSyncStream()

futureUse
audioMyxLengthBytes

frameCqunter

headerParity

EPMuxEjement()

A 13-bit data element indicating the byte length of the subsequent
AudioMuxElement() with byte aligniment (AudioSyncStream) or the subsequent
EPMuxElement() (EPAudioSyneStream).

A multiplexed element as_specified in subclause 1.7.3.2.2.

A 4-bit data element for future use, which shall be set to ‘0000’.
see subclause 1.7.2.2.1.

A 5-it data element indicating a sequential number which is used to detect Igst
frames. The number is continuously incremented for each multiplexed elemept as a
modulo counter.

A 18-bit data element which contains a BCH (36,18) code shortened from BGH
(63,45) code for the elements audioMuxLengthBytes and frameCounter. The
generator polynomial is X"4x"+x 0 4x 0 4x % +x +xP+x 3 +x7+x+1. The value is

calculated with this generator polynomial as described in subclause 1.8.4.3.

An error resilient multiplexed element as specified in subclause 1.7.3.2.1.

1.7.2.2.3 AudioPointerStream()

AudioPointerStreamFrame()

A sync frame of fixed length provided by an underlying transmission layer.

audioMuxElementStartPointer A data element indicating the starting point of the first AudioMuxElement()

audioMuxElementChunk

66

within the current AudioPointerStreamFrame(). The number of bits required for this
data element is calculated as ceil(log2(syncFramelLength)). The transmission
frame length has to be provided from the underlying transmission layer. The
maximum possible value of this data element is reserved to signal that there is no
start of an AudioMuxElement() in this sync frame.

A part of a concatenation of subsequent AudioMuxElement()’s (see Figure 1.4).
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The LATM layer multiplexes several MPEG-4 Audio payloads and AudioSpecificConfig() syntax elements into one
multiplexed element. The multiplexed element format is selected between AudioMuxElement() and
EPMuxElement() depending on whether error resilience is required in the multiplexed element itself, or not.
EPMuxElement() is an error resilient version of AudioMuxElement() and may be used for error prone channels.

The multiplexed elements can be directly conveyed on transmission layers with frame synchronization. In this case,
the first bit of the multiplexed element shall be located at the first bit of a transmission payload in the underlying
transmission layer. If the transmission payload allows only byte-aligned payload, padding bits for byte alignment

shall f
should
MPEG

Usags

Note
eleme

o Nuimber of layefs=8 (numLayer has 3 bit)

e Ndimber of'streams: 16 (streamindx has 4 bit)

J“UW ﬁlb‘ llluitipic)\cu' Uiclllblli. Ti Ic llulllbcl Uf ii 1T pau'u'illg bltb bilUuiUl i)c icbb “Idll 8 Ti 1ISS5C Pal
be removed when the multiplexed element is de-multiplexed into the MPEG-4 Audio payloads:l
-4 Audio payloads are forwarded to the corresponding MPEG-4 Audio decoder tool.

of LATM in case of scalable configurations with CELP core and AAC enhancement layer(s):

Instances of the AudioMuxElement() are transmitted in equidistant manner.

The represented timeframe of one AudioMuxElement() is similar to a multiple of a-super-frame tim¢
The relative number of bits for a certain layer within any AudioMuxElement()\compared to the totq
of bits within this AudioMuxElement() is equal to the relative bitrate of that.ldyer compared to the
all layers.

In case of coreFrameOffset = 0 and latmBufferFullness = 0, all core.coder frames and all AAC frg
certain super-frame are stored within the same instance of AudioMuxElement().

In case of coreFrameOffset > 0, several or all core coder frames are stored within previous ins
AudioMuxElement().

Any core layer related configuration information refers.to<the core frames transmitted within th
instance of the AudioMuxElement(), independent of the value of coreFrameOffset.

A specified latmBufferFullness is related to the first, AAC frame of the first super-frame stored |
current AudioMuxElement().

The value of latmBufferFullness can be used to.determine the location of the first bit of the f

means of a backpointer:
backPointer = —meanFrameLength + latmBufferFullness + currentFrameLength

The backpointer value specifies the(location as a negative offset from the current AudioMuxElemse
it points backwards to the beginning of an AAC frame located in already received data. Any
belonging to the payload of the current AAC layer is not taken into account. If (latmBufferFullnes
then the AAC frame starts after the current AudioMuxElement().

hat the possible LATM configurations are restricted due to limited signalling capabilities of cer
nts as follows:

. N\llmber of chunks: 16 (humChunk has 4 bit)

ding bits
hen, the

bframe.
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mes of a
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e current

vithin the
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1.7.31

68

Syntax

Table 1.40 — Syntax of EPMuxElement()

Syntax

No. of bits Mnemonic

EPMuxElement(epDataPresent, muxConfigPresent)

if (epDataPresent) {

epUsePreviousMuxConfig; 1 bslbf
epUsePreviousMuxConfigParity; 2 bslbf
T {tTepUSEPTEVIOUSMUXCONTIG) |
epSpecificConfigLength; 10 bslbf
epSpecificConfigLengthParity; 11 bslbf

ErrorProtectionSpecificConfig();
ErrorProtectionSpecificConfigParity();

1
ByteAlign();
EPAudioMuxElement(muxConfigPresent);
}
else {

AudioMuxElement(muxConfigPresent);

Table 1.41 — Syntax of AudioMuxElement()

Byntax

No. of bits Mnemonic

AudioMuxElement(muxConfigPresent)

if (muxConfigPresent) {

useSameStreamMux; 1 bsibf
if (luseSameStreamMux)
StreamMuxConfig();
}
if (audioMuxVersionA =& 0) {
for (i = 0; i <= numSubFrames; i++) {
PayloadLengthinfo();
PayloadMux();
if (otherDataPresent) {
for(i = 0; i < otherDatalLenBits; 1++) {
otherDataBit; 1 bslbf
}
}
}
else {
/* tbd */
}
ByteAlign();
}
Table 1.42 — Syntax of StreamMuxConfig()
Syntax No. of bitsMnemonic
StreamMuxConfig()
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{
audioMuxVersion; 1 bsibf
if (audioMuxVersion == 1) {
audioMuxVersionA; 1 bsibf
else {
audioMuxVersionA = 0;
if (audioMuxVersionA == 0) {
if (audioMuxVersion == 1) {
taraBufferFullness = LatmGetValue();
1
streamCnt = 0;
allStreamsSameTimeFraming; 1 uimsbf
numSubFrames; 6 uimsbf
numProgram; 4 uimsbf
for (prog = 0; prog <= numProgram; prog++) {
numLayer; 3 uimsbf
for (lay = 0; lay <= numLayer; lay++) {
progSindx[streamCnt] = prog; laySIndx[streamCnt] = lay;
streamID [ prog][ lay] = streamCnt++;
if (prog == 0 && lay == 0) {
useSameConfig = 0;
} else {
useSameConfig; 1 uimsbf
1
if (! useSameConfig)
if (audioMuxVersion ==0) {
AudioSpecificConfig();
1
else {
ascLen = LatmGetValue();
asclLen -= AudioSpecificConfig(); Note 1
fillBits; ascLen bslbf
1
1
frameLengthType[streamID[prog][ lay]]; 3 uimsbf
if (frameLengthType[streamID[prog][lay] == 0) {
latmBufferFullness[streamID[prog][ lay]]; 8 uimsbf
if (! allStreamsSameTimeFraming) {
if ((AudioObjectType[lay] ==6 I
AudioObjectType[lay] == 20) &&
(AudioObjectType[lay-1] == 8 lI
AudioObjectType[lay-1] == 24)) {
coreFrameOffset; 6 uimsbf
1
1
} else if (frameLengthType[streamID[prog][ lay]] == 1) {
frameLength[streamID[prog]{lay]]; 9 uimsbf
}elseif ( frameLengthType[streamID[prog][ lay]] == 4 ||
frameLengthType[streamID[prog][ lay]] == 5 Il
frameLengthType[streamID[prog][ lay]] == 3) {
CELPframeLengthTablelndex[streamID[prog][lay]]; 6 uimsbf
telseif ( frameLengthType[streamID[prog][ lay]] == 6 ||
frameLengthType[streamID[prog][ lay]] == 7 ) {
HVXCframeLengthTablelndex[streamID[prog][ lay]]; 1 uimsbf
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otherDataPresent; 1 uimsbf
if (otherDataPresent) {
if (audioMuxVersion == 1) {
otherDatalLenBits = LatmGetValue();
}
else {
otherDatalenBits = 0; /* helper variable 32bit */
do{
otherDatal enBits *= 2/8:
otherDataLenEsc; 1 uimsbf
otherDataLenTmp; 8 uimsbf
otherDatalLenBits += otherDataLenTmp;
} while (otherDatalLenEsc);
}
}
crcCheckPresent; 1 uimsbf
if (crcCheckPresent) crcCheckSum; 8 uimsbf
}
else {
/* tbd */
}
}
Note 1: AudioSpecificConfig() returns the number of bits read;
Table 1.43 — Syntax of LatmGetValue()
Syntax No. of bitsMnemonic
LatmGetValue()
{
bytesForValue; 2 uimsbf
value = 0; /* helper variable 32bjt\
for (i =0; i <= bytesForValue;is+ ) {
value *= 2/8;
valueTmp; 8 uimsbf
value += valueTmp;
}
return value;
Table 1.44 — Syntax of PayloadLengthinfo()
Jyntax No. of bits Mnemonic
RayloadLengthinfo()
{

if (allStreamsSameTimeFraming) {
for (prog = 0; prog <= numProgram; prog++) {
for (lay = 0; lay <= numLayer; lay++) {
if (framelLengthType[streamID[prog][ lay]] == 0) {
MuxSlotLengthBytes[streamID[prog][ lay]] = 0;
do { /* always one complete access unit */
tmp; 8 uimsbf
MuxSlotLengthBytes[streamID[prog][ lay]] += tmp;
} while(tmp == 255);
} else {
if ( frameLengthType[streamID[prog][ lay]] == 5 ||
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if (allStreamsSameTimeFraming) {
for (prog = 0 prog <= numProgram; prog++) {
for (lay-= 0; lay <= numLayer; lay++) {
payload [streamID[prog][ lay]];
}

} elseY{
for (chunkCnt = 0; chunkCnt <= numChunk; chunkCnt++) {
prog = progClindx[chunkCnt];
lay = layCIndx [chunkCnt];

MuxSlotLengthCoded[streamID[prog][ lay]]; 2 uimsbf
}
}
}
}
} else {
numChunk; 4 uimsbf
for (chunkCnt = Q: chunkCnt <= numChunk; chunkCnt++) {
streamindx; 4 uimsbf
prog = progClindx[chunkCnt] = progSIndx[streamIndx];
lay = layClndx[chunkCnt] =laySIndx [streamIndx];
if (frameLengthType[streamID[prog][lay]] == 0) {
MuxSlotLengthBytes[streamID[prog][ lay]] = 0;
do { /* not necessarily a complete access unit */
tmp; 8 uimsbf
MuxSlotLengthBytes[streamID[prog][lay]] += tmp;
} while (tmp == 255);
AuEndFlag[streamID[prog][lay]]; 1 bslbf
}else {
if (frameLengthType[streamID[prog][lay]] == 5 |l
frameLengthType[streamID[prog][lay]] == 7 |l
frameLengthType[streamID[prog][lay]] ==8) {
MuxSlotLengthCoded[streamID[prog]ilay]]; 2 uimsbf
}
}
}
}
}
Table(1.45 — Syntax of PayloadMux()
Syntax No. of bits Mnemonid
PayloadMux()

payload [StreamiD[prog][ 1ay]l;

© ISO/IEC 2009 — All rights reserved
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1.7.3.2

1.7.3.2.1

Semantics

EPMuxElement()

For parsing of EPMuxElement(), an epDataPresent flag shall be additionally set at the underlying layer. If
epDataPresent is set to 1, this indicates EPMuxElement() has error resiliency. If not, the format of EPMuxElement()
is identical to AudioMuxElement(). The default for both flags is 1.

epDataPresent Description
0 EPMuxElement() is identical to AudioMuxElement()

epUsePreviousMuxConfig

epUsePieviousMuxConfigParity A 2-bits element which contains the parity for epUsePreviousMuxConfig.

epSpeci

epSpeci

ErrorPro

ErrorPro

EPAudio

f EPMUXEtement() as error resiiiency

previous frame is applied in the current frame.

A flag indicating whether the configuration for the MPEG-4 Audio ER 104l in the

epUsePreviousMuxConfig | Description

0 The configuration for the MPEG-4 Audio EP toc
present.

is

1 The configuration for thes\MPEG-4 Audio EP toq
not present. The previous configuration should
applied.

lis
be

Each bit is a repetition of epUsePreviousMuxConfig. Majority decides.
ficConfigLength A 10-bit data element to indicate the size of ErrorProtectionSpecificConfig()

ficConfigLengthParity  An 11-bit data element\for epHeaderLength, calculated as described in
subclause 1.8.4.3 with ‘) Basic set of FEC codes”.
Note: This means shortened Golay(23,12) is used

ectionSpecificConfig() A data function'eevering configuration information for the EP tool which is ap
to AudioMuxElement() as defined in subclause 1.8.2.1.

ectionSpecificConfigParity() _ A data function covering the parity bits for
Table™.59.

MuxElement() A data function covering error resilient multiplexed element that is generated
applying the EP tool to AudioMuxElement() as specified by
ErrorProtectionSpecificConfig(). Therefore data elements in AudioMuxEleme
are subdivided into different categories depending on their error sensitivity ar
collected in instances of these categories. Following sensitivity categories are
defined:

ErrorProtectionSpecificConfig(), calculated as described in subclause 1.8.4.

blied

elements error sensitivity cgtegory
A |

72
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UsSEodITICOTAITIIVIUX F+ olledlTIiVIUXTUUTTITY()

PayloadLengthinfo()

PayloadMux()

W N |(=|d

otherDataBits

Note 1: There might be more than one instance of error sensitivity category 1
depending on the value of the variable numSubFrames defined in

and 2

StreamMuxConfig(). Figure 1.5 shows an example for the order of the instances

assuming numSubFrames is one (1).
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Note 2: EPAudioMuxElement() has to be byte aligned, therefore bit_stuffing in

ErrorProtectionSpecificConfig() should be always on.

—» 1la > 2a [ 1b —» 2b —» 3 >

Figure 1.5 — Instance order in EPAudioMuxElement()

1.7.3.2.2 AudioMuxElement()

In order to parse an AudioMuxElement(), a muxConfigPresent flag shall be set at the underlying

layer. If

muxConfigPresent is set to 1, this indicates multiplexing configuration (StreamMuxConfig()) sy multipl¢xed into

AudioMuxElement(), i.e. in-band transmission. If not, StreamMuxConfig() should be conveyed through
, such as session announcement/description/control protocols.

means

useS4q

muxConfig

Present | Description

0

out-band transmission of StreamMuxCanfig()

1

in-band transmission of StreamMuxGonfig()

meStreamMux

out-band

A flag indicating whether the multiplexing ‘configuration in the previous frame is

applied in the current frame.

useSameStreamMux | Description

0 The multiplexing configuration is present.

1 Theé/multiplexing configuration is not present. The

otherDataBit

1.7.3.2.3 StreamMuxConfig()

Audio$pecificConfig() is specified in subclause 1.6.2.1. In this case it constitutes a standalone element in

it doeg

not extend the class Bas

audioMuxVersion

audio

taraBy

MuxVersionA

fferFullness

ptevious configuration should be applied.

A 1-bit data element indicating the other data information.

eDésctiptor as in the case of subclause 1.6).

A data element to signal the used multiplex syntax.
Note: In addition to (audioMuxVersion == 0), (audioMuxVersion == 1) supg
transmission of a taraBufferFullness and the transmission of the lengths of
individual AudioSpecificConfig() data functions.

A data element to signal the used syntax version. Possible values: 0 (defa
(reserved for future extensions).

A helper variable indicating the state of the bit reservoir in the course of en
the LATM status information. It is transmitted as the number of available b

tself (i.e.

orts the

ult), 1

coding
ts in the
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tara bit reservoir divided by 32 and truncated to an integer value. The maxi

mum

value that can be signaled using any setting of bytesForValue signals that the

particular program and layer is of variable rate. This might be the value of

hexadecimal FF (bytesForValue == 0), FFFF (bytesForValue == 1), FFFFFF

(bytesForValue == 2) or FFFFFFFF (bytesForValue == 3). In these cases,

buffer

fullness is not applicable. The state of the bit reservoir is derived according to what

is stated in subpart 4, subclause 4.5.3.2 (Bit reservoir). The LATM status

information considered by the taraBufferFullness comprises any data of the

AudioMuxElement() except of PayloadMux().
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allStreamsSameTimeFraming A data element indicating whether all payloads, which are multiplexed in
PayloadMux(), share a common time base.

numSubFrames A data element indicating how many PayloadMux() frames are multiplexed
(numSubFrames+1). If more than one PayloadMux() frame is multiplexed, all
PayloadMux() share a common StreamMuxConfig(). The minimum value is 0
indicating 1 subframe.

numProgram A data element indicating how many programs are multiplexed (numProgram+1).
The minimum value is 0 indicating 1 program.

numLayLr A data element indicating how many scalable layers are multiplexed (numbayer+1).
The minimum value is 0 indicating 1 layer.

useSamgConfig A data element indicating that no AudioSpecificConfig() is transmitted but that the
AudioSpecificConfig() most recently transmitted shall be applied:

useSameConfig Description

0 AudioSpecificConfig()ispresent.

1 AudioSpecificConfig()Ns not present.
AudioSpecificConfig() in the previous layer of
program should\be applied.

ascLen[prog][lay] A helper variable indicating the length-in.bits of the subsequent
AudioSpecificConfig() data functionineluding possible fill bits.

fillBits Fill bits.

frameLehgthType A data element indicating the frame length type of the payload. For CELP ang
HVXC objects, the frame’length (bits/frame) is stored in tables and only the indices
to point out the frametength of the current payload is transmitted instead of
sending the frame‘ength value direcitly.

framelLengthType | Description

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

1 Payload with fixed frame length. The payload length in jpits
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-
indices, namely CELPframeLengthTablelndex and
MuxSlotLengthCoded.

4 Payload for a CELP or ER_CELP object with fixed frame

length. CELPframeLengthTablelndex specifies the
payload length.

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

6 Payload for a HVXC or ER_HVXC object with fixed frame
length. HVXCframeLengthTableIndex 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-indices, namely HVXCframeLengthTablelndex
and MuxSlotLengthCoded.
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latmBufferFullness[streamID[prog][lay]] data element indicating the state of the bit reservoir in the course of

encoding the first access unit of a particular program and layer in an
AudioMuxElement(). It is transmitted as the number of available bits in the

bit

reservoir divided by the NCC divided by 32 and truncated to an integer value. A

value of hexadecimal FF signals that the particular program and layer is of

variable

rate. In this case, buffer fullness is not applicable. The state of the bit reservoir is
derived according to what is stated in subpart 4, subclause 4.5.3.2 (Bit reservoir).

In the case of (audioMuxVersion == 0), bits spend for data other than any

ayload

coreFrameOffset

framelength

CELP

rameLengthTablelndex A data element indicating:6née of two indices for pointing out the frame leng

(e.g. multiplex status information or other data) are considered in the first,g
latmBufferFullness in an AudioMuxElement(). For AAC, the limitations'give
minimum decoder input buffer apply (see subpart 4, subclause 4.58.1). In
of (allStreamsSameTimeFraming==1), and if only one program and-one la
present, this leads to an LATM configuration similar to ADTS.

In the case of (audioMUxVersion == 1), bits spend for data ether than any
are considered by taraBufferFullness.

identifies the first CELP frame of the current superzframe. It is defined only
of scalable configurations with CELP core and AAG.énhancement layer(s)
transmitted with the first AAC enhancement layer! The value 0 identifies tk
CELP frame following StreamMuxConfig() as.the first CELP frame of the ¢
super-frame. A value > 0 signals the number of CELP frames that the first
frame of the current super-frame is transmitted earlier.

A data element indicating the framé.length of the payload with frameLengt
1. The payload length in bits is-specified as 8 * (frameLength + 20).

CELP or ER_CELP object. (Table 1.47 and Table 1.48)

ccuring
n by the
the case
yer is

payload
in case
and

e first

Lrrent
CELP

hType of

th for a

HVXCframeLengthTablelndex A data element indicating one of two indices for pointing out the frame length for a

otherDataPresent

otherl[

atalLenBits

crcCheckPresent

HVXC or ER_HVXC object. (Table 1.46)

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

othérDataPresent | Description

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

1 The other data than audio payload otherData is
multiplexed.

A helper variable indicating the length in bits of the other data.

A data element indicating the presence of CRC check bits for the
StreamMuxConfig() data functions.

crcCh

© ISO/IEC 2009 — All rights reserved

eckSum

crcCheckPresent Description

0 CRC check bits are not present.

1 CRC check bits are present.

CRC error detection data. This CRC uses the generation polynomial CRCS8, as

defined in subclause 1.8.4.5 and covers the entire StreamMuxConfig() upt
excluding the crcCheckPresent bit.

o but
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1.7.3.2.4 LatmGetValue()

bytesForValue A data element indicating the number of occurencies of the data element
valueTmp.

valueTmp A data element used to calculate the helper variable value.

value A helper variable representing a value returned by the data function
LatmGetValue().

1.7.3.2.5| PayloadLengthinfo()

tmp A data element indicating the payload length of the payload with framellengthType
of 0. The value 255 is used as an escape value and indicates that at least on
more tmp value is following. The overall length of the transmitted-payload is
calculated by summing up the partial values.

[

MuxSlotLengthCoded A data element indicating one of two indices for pointing out.the payload length for
CELP, HVXC, ER_CELP, and ER_HVXC objects.

numChynk A data element indicating the number of payload ¢hunks (numChunk+1). Eagh
chunk may belong to an access unit with a diffefenttime base; only used if
allStreamsSameTimeFraming is set to zero. The minimum value is 0 indicating 1

chunk.
streamindx A data element indicating the stream{Used if payloads are splitted into chunis.
chunkCnit Helper variable to count number‘of-chunks.
progSindx,laySIindx Helper variables to identify program and layer number from streamindx.
progCindx,layClndx Helper variables to identify program and layer number from chunkCnt.
AuEndFjag A flag indicating whéether 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.

1.7.3.2.6| PayloadMux()

payload The actual audio payload by means of either an access unit
(allStreamsSameTimeFraming == 1) or a part of a concatenation of subsequént
access units (allStreamsSameTimeFraming == 0).

1.7.3.3 | Tables

Table 1.46 — Frame length of HVXC [bits]

MuxSlotLengthCoded
framelLengthType[] [HVXCframeLengthTablelndex[]] 00 | o1 | 10 [ 11
6 0 40
6 1 80
7 0 40 28 2 0
7 1 80 40 25 3

76 © ISO/IEC 2009 — Al rights reserved


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

Table 1.47 — Frame Length of CELP Layer 0 [bits]

ISO/IEC 14496-3:2009(E)

© ISO/IEC 2009 — All rights reserved

Fixed-Rate 1-of-4 Rates (Silence 1-of-2 Rates (FRC)
frameLengthType[] Compression) frameLengthType[]=3
=4 framelLengthType[l=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
24 T86 188 23 8 24 188 T66
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 2 280 234
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
41 406 408 40 8 2 408 362
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
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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 1.48 — Frame Length of CELP Layer 1-5 [bits]
Fixed-Rate 1-of-4 Rates (Silence
frameLengthType Compression)
[1=4 framelLengthType[]=5
MuxSlotLengthCoded
CELPframeLenghTablelndex 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
1.8 Efror protection
1.8.1 Oyerview of the tools
For errorTesilient audio object types, the error protecton (EP) tool may be applied. The usage of this tool is
signalled by the epConfig field. The input of the EP tool decoder consists of error protected access units. In case

usage of

the EP tool decoder is signalled by epConfig, the following restrictions apply:

e There exists one elementary stream per scalability layer, or just one elementary stream in case of non-scalable

confi

gurations.

e The output of the EP decoder is a set of several EP classes. The concatenation of EP classes at the output of
the EP decoder is identical to epConfig = 0 data.
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The definition of an EP class depends on epConfig and directMapping. For epConfig = 2, EP classes are not
strictly defined. Their exact content is to be defined at application level, although the above mentioned restrictions
have to be fulfilled. For epConfig = 3, the mapping between EP classes and instances of error sensitivity categories
(ESCs) is normatively defined. In this case, the mapping is signalled by directMapping. In case directMapping = 1,
each EP class maps exactly to one instance of an error sensitivity class. The EP decoder output then is identical to
the case in which epConfig = 1. Figure 1.6 summarises the usage of EP classes, depending on the value of
epConfig.

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

e prpviding a set of error correcting/detecting codes with wide and small-step scalability, in performan¢e and in
redundancy

e prpviding a generic and bandwidth-efficient error protection framework, which covers both fixed-length frame
stfeams and variable-length frame streams

e prpviding a UEP configuration control with low overhead

The bpsic idea of UEP is to divide the frame into sub-frames according to the \bit error sensitivities (these sub-
frameg are referred to be as classes in the following subclauses), and to protectthese sub-frames with appropriate
strength of FEC and/or CRC. If this would not be done, the decoded audio guality is determined by how the most
error gensitive part is corrupted, and thus the strongest FEC/CRC has, td_be applied to the whole frame, [requiring
much more redundancy.

epConfig = 0: frame
epConfig = 1: ESC 1, instance 0 ESC 1, instance 1 ESC 2, instance 1
epConfig = 3 (direct mapping): EP class 0 EP class 1 EP class 2
epConfig = 2 (no mapping): EP class 0 EP class 1

Figure 1.6 — EP classes for different epConfig values

In ordg¢r to apply WEP to audio frames, the following information is required:

1] _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

used 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.
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The MPEG-4 audio frame structure can be categorized into three different approaches from the viewpoint of UEP
application:

1) 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-VQ).

3) Most of the parameters are constant during the transmission, but some parameters can be different frame
by frame (as AAC).

the out-gf-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
configurgtion, 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 transmittéd, out-of-band are
transmitted through this path. With this parameter transmission technique, the amount of in-band information | which
is a part pf the redundancy caused by the EP tool, is minimized.

To utilizg these characteristics, the EP tool uses two paths to transmit the frame configuration parameters; fne is

With thegse parameters, each class is FEC/CRC encoded and decoded. To enhance/the’ performance of this error
protectiop, an interleaving technique is adopted. The objective of interleaving is to randomize burst errors within the
frames, Ind this is not desirable for the class that is not protected. This is because’there are other error resjlience
tools whose objective is to localize the effect of the errors, and randomization of.efrors with interleaving would have
a harmful influence on such part of bitstream payload.

The outline of the EP encoder and EP decoder is figured out in Figure<h7 and Figure 1.8.
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Figure 1.7 = Outline of EP encoder
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ErrorProtectionSpecificConfig()

error protected payload

v
A/
De-interleaver
Hegoader
.| SRCPC or SRS
. decoder ®e
i .| SRCPC or SRS
Control v "|  decoder
L CRC
. decoder ®e \
o | CRC
deqoder
Audio payload¥”
Class Error.Check
— class reordering
Audio Codec
Figure 1.8 — Qutline of EP decoder
1.8.2 $yntax
1.8.2.1 Error protection specific configuration
This parf/defines the syntax of the Specific configuration for error protection.
Table 1.49 — Syntax of ErrorProtectionSpecificConfig()
Syntax No. of bits Mnemonic
EtrarProtectionSpecificConfig()
{
number_of_predefined_sef; 8 urmsbf
interleave_type; 2 uimsbf
bit_stuffing; 3 uimsbf
number_of_concatenated_frame; 3 uimsbf
for (i=0;i<number_of_predefined_set; i++ ) {
number_of_classli]; 6 uimsbf
for (j = 0; j < number_of_class[i]; j++) {
length_escapelil[jl; 1 uimsbf
rate_escapel[il[j]; 1 uimsbf
crclen_escapelil[jl; 1 uimsbf
if (number_of_concatenated_frame !=1) {
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concatenate_flag[i][j]; 1 uimsbf
1
fec_typelilljl; 2 uimsbf
if( fec_typel[i][j] == 0) {

termination_switch[i][j]; 1 uimsbf
1
if (interleave_type == 2) {

interleave_switch[i][j]; 2 uimsbf
1
class_optional; h | uimsbf
if (length_escapeli]j]==1){ /*ESC"*/

number_of_bits_for_length[i][j]; 4 uimsbf
}
else {

class_lengthl[i][j]; 16 uimsbf
}

if (rate_escapeli][j]!'=1){ /* not ESC*/
if(fec_type[i][jI{

class_rate[i][j] 7 uimsbf
lelse{
class_rate[i][j] 5 uimsbf
}
1
if ( crclen_escapeli]jl!=1) { /*not ESC %
class_crclen[i][j]; 5 uimsbf
}
}
class_reordered_output; 1 uimsbf

if ( class_reordered_output == 1) {
for (j = 0; j < number_of_classfil; j++) {

class_output_order[ilfjl; 6 uimsbf
1

}
}
header_protection; 1 uimsbf
if ( header_protection=="1) {

header_rate; 5 uimsbf

header_crclen; 5 uimsbf
}

) Error protection bitstream payloads

art defines the syntax of the error protected audio bitstream payload. This kind of syntax can be se
epConfig=2 or epConfig=3. It is common for all audio object types. If MPEG-4 Systems is u

ep_fra

me() is directly mapped to one access unit.

ected by
sed, one
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Table 1.50 — Syntax of ep_frame ()

Syntax No. of bits  Mnemonic
ep_frame()
{
if (interleave_type == 0){
ep_header();
ep_encoded_classes();
stuffing_bits; Nstuff bsibf
}
i (imterteave_type ==t
interleaved_frame_mode1; 1- bslbf
}
if (interleave_type == 2){
interleaved_frame_mode2; 1- bslbf
}
}

Nstuff: number of stuffing bits, identical to num_stuffing_bits, see subclause 1.8.3.1

Table 1.51 — Syntax of ep_header ()

Syntax

No. of bits

Mnemonic

ep_header()

{
choice_of_pred;
choice_of_pred_parity;
class_attrib();
class_attrib_parity;

pred

pred_parity

attrib_parity

uimsbf
bsibf

bsibf

Npred: ceil( log2 (numbet, of_predefined_set) ).
Npred_parity: Sée subclause 1.8.4.3
Nattrib_parity: See subclause 1.8.4.3
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Table 1.52 — Syntax of class_attrib ()

Syntax No. of bits Mnemonic
class_attrib()

{

for(j=0; j< number_of_class[choice_of_pred)]; j++){
if(class_reordered_output == 1){
k = class_output_order[choice_of_pred][j];
} else {
k=1j;

]
if (length_escape[choice_of_pred][k] == 1){

class_bit_count[k]; Nbitcount uimsbf
}

if (rate_escape[choice_of_pred][k] == 1){
class_code_rate[k]; 3 uimsbf
}

if (crclen_escape[choice_of_pred][k] == 1){
class_crc_count[Kk]; 3 uimsbf
1

}
if (bit_stuffing == 1){
num_stuffing_bits; 3 uimsbf

}

Table 1.53 — Syntax of epZencoded_classes()

Syntax No. of bits Mnemonic
ep_encoded_classes()

{

for(j=0; j< number_of_class[choice_of_pred]; j++){
if(class_reordered-"output == 1){
k = class_output_order[choice_of_pred][j];
} else {
k=
1

ep_encoded_class[k]; bslbf

1.8.3| General information

1.8.3.1 Definitions

number_of_predefined_set The number of pre-defined set.

interleave_type 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 1.8.4.8. (interleave_type==3) is reserved.

bit_stuffing 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.
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0 indicates the bit stuffing is not used. This implies 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.

Table 1.54 — 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 ) 6 Z

number|of_classli]

length_gscapeli][j]

rate_esdapeli][j]

crclen_gscapelil[j]

concatenate_flag([i][j]

fec_typqlil[i]

termination_switch[i][j]

interleave_switch[i][j]

The number of classes for i-th pre-defined set.

If 0, the length of j-th class in i-th pre-defined set is fixed value.df\1) the length is
variable. Note that in case “until the end”, this value should be\t,"and the
number_of_bits_for_length[i][j] value should be 0.

If 0, the SRCPC code rate of j-th class in i-th pre-defined set is fixed value. 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 elass of i-th pre-defined set is concatenated or
not. 0 indicates “not concatenated™and 1 indicates “concatenated”. (See
subclause 1.8.4.4)

This parameter defines whether SRCPC code (“0”) or RS code (“1” or “2”) ar¢ used
to protect the j-th class ofj=th pre-defined set. Note that the class length which is
signaled to be protectedby 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 to “2”, it indicates that this class is RS encpded
in conjunction with next class as one RS code. Note that more than two succeeding
classes haye the value “2” for this field, it means these classes are concatenated
and RS _encoded as one RS code. If this field is “1”, it indicates that this classis not
concatenated with next class. This means this class is the last class to be
concatenated before RS encoding, or this class is RS encoded independently.

This parameter defines whether j-th class of i-th pre-defined set is terminated or not
when it is SRCPC encoded. See subclause 1.8.4.6.2.

This parameter defines how to interleave j-th class of i-th pre-defined set.
0 — not interleaved

1 — interleaved without intraclass-interleaving: the interleaving width is same fgs the
number of bits within the current class if ( fec_type == 0 ), but same as the nymber

class_optional

86

of bytes within the current class if ( fec_type==1 |l fec_type ==2)
2 — interleaved with intraclass-interleaving: interleaving width is 28 if ( fec_tyge ==
0); but this value is reserved if ( fec_type == 1 |l fec_type == 2)

3 — concatenated
(see subclause 1.8.4.8.2.2)

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 1.8.4.2).
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number_of_bits_for_length[i][j] This field exists only when the length_escapeli][j] is 1. This value shows the

class_length[i][j]

class_rate[i][j]

number of bits for the class length in-band signaling. This value should be set
considering possible maximum length of the class. The value 0 indicates the “until
the end” functionality (see subclause 1.8.4.1).

This field exists only when the length_escapelil[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_escapelil[j] is 0. In case fec_typelil[j] is O,

class|crclen[i][j]

class |reordered_output

class | output_order[i][j]

head¢gr_protection

header_rate, header_crclen

ep_frame()
ep_header()
ep_encoded_classes()

interleaved_frame mode1

interleaved\/frame_mode2

this value shows the SRCPC code rate of the j-th class in i-th pre-defined jet,
which is the fixed value while the transmission. The value from 0 to 24{corfesponds
to the code rate from 8/8 to 8/32, respectively. In case fec_typel[il[j}is’1 of 2, this
value shows the number of erroneous bytes which can be corrected by R code
(see subclause 1.8.4.7). All the classes which is signaled to béconcatenated with
fec_typelil[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 {he CRC
length of the j-th class in i-th pre-defined set, which/is'the fixed value while|the

transmission. The value should be 0 — 18, which.repfesents CRC length 01, 2, 3,
4,5,6,7,8,9,10,11,12, 13, 14, 15, 16, 24 or' 32. (See subclause1.8.4.5)

If this value is “1”, the classes output fromep decoder is re-ordered. If “0”, ho such
processing is made. See subclause 1.84.9.

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 set is output|as
(class_output_order[i][j])-th class from ep decoder. See subclause 1.8.4(9.
This value indicates the header error protection mode. 0 indicates the use pf basic
set of FEC, and 1 indi¢ates the use of extended header error protection, a$ defined
in subclause 1.8.4.8! The extended header error protection 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_cHclen[i][j]
respectively, while these error protection is utilized for the protection of header part.

error-protected frame.
EP frame header information.
The EP encoded audio information.

The information bits after interleaving with interleaving mode 1. See
subclause 1.8.4.1 and subclause 1.8.4.8.

The information bits after interleaving with interleaving mode 2. See
subclause 1.8.4.1 and subclause 1.8.4.8.

stuffing_bits

choice_of_pred
choice_of_pred_parity
class_attrib_parity

class_attrib()

© ISO/IEC 2009 — All rights reserved

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 1.8.4.2.
The parity bits for choice_of_pred. See subclause 1.8.4.2.
The parity bits for class_attrib(). See subclause 1.8.4.2.

Attribution information for each class
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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.

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 1.55 — 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 | FFFF
Pattern | 00,00 | 00,00 | 00,00 | 00,00 | 00,00 | AA 00 | FF,00 FF, FF

class_cic_count[j] The number of CRC bits for the audio data belonging to the class, as defined

num_stu

ep_encd

1.8.4

1.8.4.1 (

The con
configurg

The lengd
subclaus
MPEG-4
access U
the total

ffing_bits the number of stuffing bits forthe EP frame octet alignment. This field only ex
case the bit_stuffing in out-of-band information is 1.
ded_class[j] CRC/SRCPC encoded:audio data of j-th class.Note that if class_bit_count][j
audio data of j-th elass is not encoded by CRC/SRCPC/SRS.
Tool description

table below. This field only exists in case the crclen_€scape in out-of-band
information is 1 (escape).

Table 1.56 — The number of CRC bits for the audio data belonging to the class

Codeword | 000 | 001 [ 010 | 011 | 100]y101 110 | 111
CRC bits 0 6 8 10 12 14 16 32

Dut-of-band information

tent of out-of band jnformation is represented by means of ErrorProtectionSpecificConfig().
tion examples are provided in Annex 1.B.

th of the last elass processed by the EP decoder (prior to any subsequent re-ordering as descri
e 1.8.4.9) does-not have to be transmitted explicitly, but its length might be signaled as “until the e
Systemssthe systems layer guarantees the audio frame boundary by mapping one audio frame
nit. Therefore, the length of the “until the end” class can be calculated from the length of other class
FP-encoded audio frame length.

in the

ists in

== O,

Some

bed in
nd”. In
o one
bs and

The flag

class npfinnnl mighi‘ be used to reduce the rnrilmrlanr‘y within I:rrnrDrnfnr\ﬁnnQpnr\ifir\(‘nnfig() Ho

vever,

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.

1.8.4.2 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:
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e Each pre-defined set expands 2"“°" pre-defined sets, where NCO[i] is the number of classes with
(class_optional == 1) in the i-th original pre-defined set. Hereafter, any class with (class_optional == 1) is
referred to as optClass.

o These expanded pre-defined sets start from “all the optClasses exist” to “all the optClasses do not exist”.

Algorithm:

transPred = 0;

for (i = 0; 1 < nPred; 1i++ ) { /* for all predefinition sets */
fdr ( j = 0; j < 2”NCO[i]; J++ ) { /* unwraping */

for ( k = 0; k < NCO[i]; k++ ) { /* for all optional classes */
if (& ( 0x01 << k ) ) {
optClassExists[k] = 0;
}
else {
optClassExists[k] = 1;
}
}
DefineTransPred(transPred, i, optClassExists);
transPred ++;
}

}

where

optClgssExists[k] signals whether k-th optClass of\the pre-defined set exists (1) or not (0) in|the

defining new pre-defined set.

DefindTransPred ( transPred, i, optClassExists) defines'ttansPred-th new pre-defined set used for the

transmission. This new-pre-defined set is a copy of the i-th original pre-defjned set,
except it does not have optClasses whose optClassExists equals to 0.
Example
ErrorHrotectionSpecificConfig() defines prerdefined sets as follows:
Table 1.57 — The example of pre-defined set
Pred #0 Pred #1
Class A | class_optional = 1 Class F | class_optional = 1
Class B | class_optional=0 | Class G | class_optional =0
Class C | class_optional = 1
Class D | class_optional =0
Class E | class_optional = 1
After the7pre-processing described above, the pre-defined sets used for ep_frame() becomes as follows:
Table 1.58 — The example of pre-defined sets after the pre-processing
Pred #0 | Pred #1 Pred#2 | Pred#3 | Pred#4 | Pred#5 | Pred#6 | Pred #7 | Pred #8 | Pred #9
Class A | ClassB | Class A | ClassB | ClassA | ClassB | ClassA | ClassB | ClassF | Class G
ClassB | ClassC | ClassB | ClassD | ClassB | ClassC | ClassB | ClassD | Class G
ClassC | ClassD | ClassD | ClassE | ClassC | ClassD | Class D
ClassD | ClassE | Class E Class D
Class E
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1.8.4.3 In-band information

The 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:

e The choice of pre-defined set
e The number of stuffing bits for byte alignment
e 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

error pro
to be tre
accordin
the other
header p

The FEQ

Basic se€

parts. At decoder side, the choice of pre-defined set is decoded first, and then the length ef the rem
art is calculated with this information, and decodes that.

applied for these parts are as follows:

t of FEC codes:

Table 1.59 — Basic set of FEC codes for in-band information

ected stronger than or equal to the other parts. On this error protection, the choice of pre-defined get has
bted differently from the other parts. This is because the length of the class information can be.changed
j to which pre-defined set is chosen. For this reason, this parameter is FEC encoded independéently from

aining

number of bits to be protected FEC code total number of bits [ Length of codeword

1-2 majority (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 - -

Notes:

e ftptal number of bits: number of bits after’FEC encoding

e Npred_parity (or Nattrib_parity)-= total number of bits — number of bits to be protected
e $RCPC is terminated

e number of bits to be protected is Npred (or the total number of bits for class_attrib())

Extended FEC:

If a header length,exCeeds 16 bits, this header is protected using a CRC and a terminated SRCPC. The S
code rat¢ and the’number of CRC bits are signaled. The encoding and decoding method for this is the sa

describe

hterleaving width: width of the interléaving matrix, see also subclause 1.8.4.8

 below-within the CRC/SRCPC description.

The genérator polynomials for each FEC are as follows:

RCPC
me as

BCH(7,4): XCtx+1

BCH(15,7):  x%+x"+x°+x*+1

Golay(23,12): X" T2 +x7 XX +x+1

BCH(31,16): X2 x4+ PP X+ 1

With the

90

se polynomials, the FEC (n, k) for /-bit information encoding is made as follows:
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Calculate the polynomial R(x) that satisfies

M(x) X" = Q(x)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

2009(E)

This polynomial R(x) represents parity to choice_of pred or class_attrib(), and set to choice_of pred_parity or
class_attrib parity respectively. The highest order corresponds to the first bit. The decoder can perform error

corredtion using these parity bits , while it is optional operation.

1.8.4.4 Concatenation functionality

EP tog¢l has a functionality to concatenate several source coder frames to build up a new frafme for the EP tool. In
this cpncatenation, the groups of bits belonging to the same class in the different souree coder frgmes are
concatenated in adjacent, class by class basis. The concatenated groups belonging to\the same class| is either
treated as a single new one class or independent class in the same manner as before-the concatenation.
The [number of frames to be concatenated is signaled as numbér_of concatenated flame in
ErrorHrotectionSpecificConfig(), and the choice whether the concatenated groups belonging to the same class is
treated as single new one class or independent class is signaled by concatenate_flag[i][j] (1 indicate “single new
one class”, and 0 indicates “independent class”). This process is illustratedyin Figure 1.9.
The same pre-defined set shall be used for all concatenated frames:No escape mechanism shall be used for any
class parameter.
Input frame 1 C Input frame 2 R Input frame N
Class0/1|Class1/1/e |ClassM/1 ||Class0/2|Class1/2|e"#|ClassM/2 pe/ClassO/N |Class1/N » oClassM/N
l Concatenate class by class
. Frame~after Concatenation R
Class0/1|Class0/2|e ¢ |ClassO/N [Class1/1|Class1/2|e ¢|Class1/N pe|ClassM/1|ClassM/2 p ¢ClassM/N
P4t rt—> “—> 44—t 4—>
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 Oclass1 |Oclass2 |® o|OclassN »e|Oclass |Oclass @ ¢Oclass(P
P[M] (PIM]*+1) | [[M]+N-1)
M . -
- 1if concatenate_flagl[i][j] == 1
PIMI ; Nif concatenate_flag[i][j] == 0
*QOclass: Output class to be proceed for CRC/FEC encoding
Figure—t-9—=Concatenationmprocedure
1.8.4.5 CRC

The CRC provides error detection capability. The information bits of each class is CRC encoded as a first process.

In 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

© ISO/IEC 2009 — All rights reserved
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4-bit CRC CRC4:  x*+x°+x°+1

5-bit CRC CRC5:  x’+x*+x°+1

6-bit CRC CRC6:  x°+xX°+x>+x+x+1
7-bit CRC CRC7 :  x'+x°+x°+1

8-bit CRC CRC8:  x*+x*+x+1

9-bit CRC CRCY:  x*+x*+x°+x?+x+1
10tbit CRC CRC10 : x"%+x°+x°+x* +x+1
11kbit CRC CRC11 : x" +x"%+x* +x > +x+1
12tbit CRC CRC12 : x"*+x" +x°+x%+x+1

13tbit CRC CRC13 : xP+x"24x"+x%+x%+x* +x%+1

14tbit CRC CRC14 : X *+x"+x° +x°+x°+1
15-bit CRC CRC15 : x"+x" 4x" 4x"%+x"+x%+x" +1
16tbit CRC CRC16 : x"*+x"*+x+1
24Lbit CRC CRC24 : xX**+x*+x°+x°+x+1
32kbit CRC CRC32 : x*2+x%0+x™+xP2+x O+ x 2 4x" +x 045+ x +x°+x X% +x+1

With thege polynomials, the CRC encoding is made asfollows:
Calculatg the polynomial R(x) that satisfies

M(x)X* = Q(x)G(x) + R(x)

M(x): Information bits. Highest order corresponds to the first bit to be transmitted

G(x): The generation polynemial from the above definition

k: The number of CRCbits.
With this|polynomial R¢x), the CRC encoded bits W(x) is represented as:

W(X) = M()X54 R(x)

A%

Note that the value k should be chosen so that the number of CRC encoded bits does not exceed 2k-1.

The CRC bits are written in a reversed manner, i. e. each bit is inverted. Using these CRC bits, the decoder can
perform error detection. When an error is detected through CRC, error concealment may be applied to reduce the
quality degradation caused by the error. The error concealment method depends on MPEG-4 audio algorithms, an
example is given in subclause 1.B.3.

1.8.4.6 Systematic rate-compatible punctured convolutional (SRCPC) codes

Following to the CRC encoding, FEC encoding is made with the SRCPC codes. This subclause describes the
SRCPC encoding process.
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The channel encoder is based on a systematic recursive convolutional (SRC) encoder with rate R=1/4. The CRC
encoded classes are concatenated and input into this encoder. Then, with the puncturing procedure described in
the subclause later, we obtain a Rate Compatible Punctured Convolutional (RCPC) code whose code rate varies
for each class according to the error sensitivity.

1.8.4.6.1 SRC code generation

The SRC code is generated from a rational generator matrix by using a feedback loop. A shift register realization of
the encoder is shown in Figure 1.10.

(1

WVt
oD Jany
T A
d; y 'Y
u S
{ > o 1 o] 2 pl 3 ol 4_
4 "m, =u;. @dy my =Uu.,@d» my =U;3@d,.3 m; =ua®d 4
v 2
S @D :Vt( )
‘R €U v U v 3)
a P o WVt
U Viw il 7@
A Panl NVt
AU \ vad

Figure 1.10 — Shift register realization for systematic recursive convolutional encoder

To|obtain the output vectors v;at each time instant f, one has:to know the content of the shift registers m,1, mt2,
m¢, my* (corresponds to the state) and the input bit u;at time t.

Wg obtain the output v; @ v,(s) and v; @
v?=m!em’ @ (u @d)

v?=mfem’ omf ® (u, @d,)
vi?=mf em® em/ @ (u; @dY
with
ai = mt4 @mt2 @mt1: mt4 = Upg @ iy, mt3 = Uz @ drs, mt2 = Upp @A, mt1 = Uy @Ay

Finally we obtain for the-output vector v; = (v,”), vt(Q), v,(s), v,(4)) at time t depending on the input bit u; and the current
State !Qt = (mf11 mt25 mfg,' mt4):

Vi =4

Vi?=mfem’ @ (uy@d;)=mi ®m @m, @ u,
Vi@=mfomiemé @ (u,@d)=mi em & u,
V9 =mfeomiem' @ (u,@d)=m’em?® u,

with ms= (m;", ms%>, m;®, m;*)=(0,0,0,0)=0

The initial state is always 0, i.e. each memory cell contains a 0 before the input of the first information bit u,.

1.8.4.6.2 Termination of SRC code

In case the SRC coded «class is indicated as terminated with termination_switch[i] in
ErrorProtectionSpecificConfig(), or SRC code is used for the protection of in-band information, the SRC encoder
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shall add the tail bits at the end of this class, and start the succeeding SRC encoding with initial state (all the
encoder shift register shall reset to be 0).

The tail bits following the information sequence u for returning to state m, = 0 (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, 3 is given in Table 1.60. The receiver may use these tail bits (TB) for additional error detection.

The appendix (u,.3, Un.2, Up1 Up) to the information sequence can be calculated with the following condition:

forall t with n-3<t<n:u; @d;=0

Hence wg obtain for the tail bit vector u’=(U,.s, Un., Un.1, U,) depending on the state my.s =(My.3", Mn.s>, Myts Mns’)

Ups = dn-3 = mn-34@ mn-3269 mn-31

Upo = dn-2 = mn-24@ mn-2269 mn-21= mn-33 @ mn-3169 0= mn-33@ mn-31
Up1 = dn-1 = mn-14@ mn-1369 mn-12= mn-3269 0®0= mn-32

u, =d, =m,3 ®@020=m,5

Table 1.60 — Tail bits for systematic recursive convolutional code

state mn-34 mn-a3 mn-32 mn-31 U.s U, U, u,
m.
0 0 0 0 0 0 0 0 0
1 0 0 0 1 1 1 0 1
2 0 0 1 0 1 0 1 0
3 0 0 1 1 0 1 1 1
4 0 1 0 0 0 1 0 0
5 0 1 0 1 1 0 0 1
6 0 1 1 0 1 1 1 0
7 0 1 1 1 0 0 1 1
8 1 0 0 0 1 0 0 0
9 1 0 0 1 0 1 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 1 0 0
13 1 1 0 1 0 0 0 1
14 1 1 1 0 0 1 1 0
15 1 1 1 1 1 0 1 1

1.8.4.6.3] Puncturing of SRC for SRCPC code

Puncturing of the;output of the SRC encoder allows different rates for transmission. The puncturing tables arg listed
in Table [1.64,
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Table 1.61 — 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

P@1) | 00| 8 | 88 A8 AA EA EE FE FF FF FF FF FF

P@2) | 00 | 00 | 0O 00 00 00 00 00 00 80 88 A8 AA

P@3) | 00| 00 [ OO 00 00 00 00 00 00 00 00 00 00

Rater | 8/21 | 8/22 | 8/23 | 8/24 | 8/25 | 8/26 | 8/27 | 8/28 | 8/29 | 8/30 | 8/31 | 8/32

The pt
of Pr(i
of Pr(i

considered, they are output in the order from vt(0) to vt(3).

1.8.4.

At the|decoder, the error correction should be performed using this SRCPC code, while it is the optional
and the decoder may extract the original information by just jgnoering parity bits.

Decodi

1.8.4.7

Shortgned RS codes SRS(255-/, 255-2k-/) defined over GF(28) can be used to protect one single class o

.4 Decoding process of SRCPC code

PQ©) | FF | FF | FF | FF | FF | FF | FF | FF | FF | FF | FF | FF
P(1) | FF | FF | FF | FF | FF | FF | FF | FF | FF | FF | FF | FF
P2 |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

ncturing pattern, which is applied with the period of 8, depends on the class rate (see Table 1.61).
indicates whether the corresponding vi(i) from the SRC encoder is punctured’(i.e. not considered)

Each bit
Each bit

is used from MSB to LSB, and 0/1 indicates punctured/not-punctured. tespectively. The puncturing pattern
changps class-wise, but only at points where a period of 8 is completed. Aftef_the decision which bits from vi(i) are

ng of SRCPC can be achieved using Viterbi algarithm for the punctured convolutional coding.

Shortened Reed-Solomon codes

bperation

r several

concajenated classes. Concatenated classes are subsequently treated as one single class. Here, k is the number

of correctable errors in one SRS codeword. The value of / reflects the shortening.

Beforg
255-2

N

l; F 255-2k, for i<N

I E L mod (255;2k)/fori= N

the SRS encoding, the EP class is sub-divided into parts such that their lengths are less than or]
. The lengths of the parts are calculated as follows:

= ceil (L1(255-2k))

Thé length of the EP class in octets

equal to

/,':

The number of parts

The length of the i-th part (0<i<N+1)

If the length of the N-th part /yis smaller than 255-2k bytes, as many bits with the value 0 are added as needed to
reach the length of 255-2k bytes before SRS en- or decoding, and again removed afterwards.

At decoder side, if SRS decoding is performed, the same number of ‘O’s have to be added before the SRS

decodi

ng procedure, and removed again after SRS decoding.
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The SRS code defined in the Galois Field GF(28) is generated from a generator polynomial g(x) = (x-a)(x-of)'-"(x-
o?), where o denotes a root of the primitive polynomial m(x)=x®+x"*+x*+x*+1. The binary representative of ¢ is
shown in Table 1.62, where the MSB of the octet is transmitted first.
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Table 1.62 — Binary representation for &’ (0 <i < 254) over GF(2°)

i

i

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
a® | 00000100 | a®* | 01100001 | a™ | 00101110 | a™ | 00110010
a® | 00001000 || a” | 11000010 | a™ | 01011100 | & | 01100100
a* | 00010000 | a® | 10011001 | a™ | 10111000 | a' | 11001000
T 0010000000ttt T Ottt +0001+101
a® | 01000000 | a° | 01011110 | a™ | 11011010 | a™ | 00000111
a’ | 10000000 | a” 10111100 || a® | 10101001 | &' | 00001110
a® | 00011101 a” | 01100101 || @ | 01001111 || & | 0001110Q
a’ | 00111010 || a® | 11001010 | a™ | 10011110 | a* | 00111000
a® | 01110100 || a” | 10001001 | a'® | 00100001 | a** | 01110000
a" | 11101000 || a® | 00001111 | a'® | 01000010 | a*® | ,11100000
a” | 11001101 a® | 00011110 | a™ | 10000100 | a™ 4 11011101
a® | 10000111 a’ | 00111100 | a™ | 00010101 | a* {* 10100111
a” | 00010011 a® | 01111000 || a™ | 00101010 [[-a™* | 01010011
a” | 00100110 | a” | 11110000 | a™ | 01010100/ f-a*" | 10100110
a® | 01001100 | a* | 11111101 || a™ | 10101000~] a** | 01010001
a” | 10011000 | a" 11100111 || 2™ | 01001101 || a* | 10100010
a® | 00101101 a® | 11010011 || a™ | 10011010 || a® | 01011001
a® | 01011010 | a* | 10111011 | a' | €©0101001 | a* | 10110010
a® | 10110100 || a* | 01101011 | a' J.01010010 | a® | 01111001
a” | 01110101 a® | 11010110 || a"*{ 10100100 | & | 11110010
a” | 11101010 | a* | 10110001 [~a™ | 01010101 | a®™ | 11111001
a”® | 11001001 a¥ | o1111111.[~a™ | 10101010 || & | 11101111
a* | 10001111 a® | 11111110° || a™ | 01001001 | a | 11000011
a” | 00000011 a® | 11100001 | a™ | 10010010 | a*” | 10011011
a® | 00000110 | a* | 1t0#1111 || a™ | 00111001 | a*® | 00101011
a” | 00001100 || a” 10100011 | a™ | 01110010 | & | 01010110
a® | 00011000 || a®%~{~ 01011011 | a™ | 11100100 | a® | 10101100
a”® | 00110000 | a*| 10110110 || a™ | 11010101 || a® | 01000101
a® | 01100000 {‘a* | 01110001 | a™ | 10110111 | a® | 10001010
a® | 11000000 _J a® | 11100010 || a™ | 01110011 | a® | 00001001
a* | 10011104 a® | 11011001 || @ | 11100110 || a® | 00010010
a® | 00100111 a” | 10101111 || a* | 11010001 [ a® | 00100100
a* | 01001110 || a® | 01000011 | a'® | 10111111 || a® | 01001000
a® 10011100 || a® | 10000110 | a'® | 01100011 | a® | 10010000
a®/~'00100101 | a'® | 00010001 | a™ | 11000110 || a®* | 00111101
a’ | 01001010 | a" | 00100010 | a' | 10010001 | a®* | 01111010
a® | 10010100 | a'® | 01000100 | a™ | 00111111 | a®* | 11110100
a® | 00110101 | a'® | 10001000 | a" | 01111110 || a® | 11110101
a* | 01101010 | a'™ | 00001101 | a™ | 11111100 || a®* | 11110111
- Hototo0— = 000t toto— == o010 T 110 H
a® | 10110101 || a'® | 00110100 || & | 11010111 || & | 11111011
a® | 01110111 | a'” | 01101000 | a” | 10110011 || a®* | 11101011
a* | 11101110 || a® | 11010000 || a™ | 01111011 | a® | 11001011
a® | 11000001 | a'” | 10111101 || a | 11110110 || a®* | 10001011
a* | 10011111 | a™ | 01100111 || a”™ | 11110001 | a®* | 00001011
a” | 00100011 | a™ | 11001110 | a™ | 11111111 || a® | 00010110
a® | 01000110 || a'™ | 10000001 | a™ | 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 || a'™ 10010110 || a** 11111010

a* | 00101000 a'’ 11101101 a" 00110001 a™® 11101001

a* | 01010000 | a"™ [ 11000111 || a™ | 01100010 | a** | 11001111

a” 10100000 a' 10010011 a"” 11000100 | a*’ 10000011

a® | 01011101 a” | 00111011 a™ 10010101 a* | 00011011

a” 10111010 a” 01110110 | a™ | 00110111 a® | 00110110

a® | 01101001 a™ 11101100 || a™ | 01101110 | a® | 01101100

a” 11010010 a'’” 11000101 a" 11011100 || a*' 11011000

a” 10111001 a™ 10010111 a"” 10100101 a* 10101101

T CARLAREE T 00110011 T "IV ALVARE] T 01000111

a” 11011110 a” | 01100110 | a™ 10101110 || a** 10001110 ch

5
For each| of the parts, the SRS parity digits with a total length of 2k octets are calculated using %%r? follows|
p(x)[F x* - u(x) mod g(x) ,\b‘b‘
g(x): polynomial representative of a part. Lowest order corresponds to t{rg/cf:u?st octet.
A(x): polynomial representative of the parity digits. Lowest order c%@ponds to the first octet.
For stordge and transmission, the parity digits are appended at the end of @ EP class. This process is illustrated
in Figure[1.11. QQ
8(255-2k) | 8(255-2k)
RS parity
(3)
class to be transmitted@ )
RS parity RS parity RS parity
©) @ (©)
Q..Q Figure 1.11 — RS encoding of EP frame

1.8.4.8 | Recu Qinterleaving

The inten

ea)@?ﬁs applied in multi-stage manner. Figure 1.12 shows the interleaving method.

98
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next s

2009(E)
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v
%:
©
N
,\v

Figure 1.12 — One stage of interleaving

multistage interleaving, the output of this one stage of interleaving is treaf\&as a non-protected p
age. Figure 1.13 shows the example of 2 stage interleaving.
\%

3-bit Protected o

9-bit Protected EEREREEEE (<

63-bit non-Protected+
B

1-st stage 2@;1 stage  on Channel

O.

\Cb Figure 1.13 — Example of multi-stage interleaving

By chgosing the wi@/ of the interleave-matrix to be the same as the FEC code length (or the value 28 i

SRCP

In acty
matrix|a

C codes), tl\?s erleaving size can be optimized for all the FEC codes.

al ca§§he total number of bits for the interleaving may not allow to use such rectangular. In such
wn in Figure 1.14 is used.

art in the

n case of

case, the
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Figure 1.14 — Interleave matrix in non-rectangular case O
S
0>
1.8.4.8.1| Definition of recursive interleaver b(;_b
Two infofmation streams are input to this interleaver, X;and Y,. ,\b&

_ O
X,0<=j</, \Q/

\
(,0<=j<I, \%O

where /, pnd /, is the number of bits for each input streams X; and Y, resp c&ly. X; is set to the interleaving|matrix
from the| top left to the bottom right, into the horizontal direction. Tg Y; is set into the rest place in Yertical

direction
. . . o : . \Q .
With the width of interleaver W, the size of interleaving matrix is n as Figure 1.15. Where,
%
D=(l+1)I W \$\‘$\
d=I+1l,-D*W A\Q)

Where ‘/lindicates division by truncation. \O
O

&
O

Figure 1.15 — The size of interleaving matrix

The output bitstream payload Zx (0 < k <= [,*+],) 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:
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k=m*D+min(m, d)+n
In the matrix, X;is set to
m=imod W, n=ilW,
Thus Z, which is set by the X; becomes:

Z, = X;, where k= (imod W) * D + min(imod W, d) +i /W

The bits which are set with X in the interleaving matrix are shown as Figure 1.16 where:
D=IL/wW

d=L,-D*W

Pl

a

Figure 1.16 — The bits which are set with Xi in the(interleaving matrix

Thus, [in the m-th row, Y;is set from the n-th row where n = D’ +(m < d ? 1 : 0) to the bottom. Thus Z sgt by Y; is
represented as follows:

Set j|l to 0;
for ml= 0 to D-1 {
fdr k = m * D + min(m, d) + D' + (m < dA* 1 : 0) to (m+l) * D + min(m+1, d) - 1 {
Zk:Y;
J
J ++;
}
}

1.8.4’.1.2 Modes of interleaving

Two npodes of interleaving, mode)T and mode 2, according to interleave_type 1 and 2, are defined in the|[following
subclduses. Table 1.63 and Table 1.64 give an overview of the available configurations.

Table 1.63 — Width of the interleaving matrix

intetleave_type fec_type == 0 (SRCPC) | fec_type ==1/2 (SRS)
0 no interleaving
1 28 bit | length of class
2 depends on interleave_switch (see Table 1.64)
3 reserved

Table 1.64 — Width of the interleaving matrix for interleave_type 2

interleave_switch fec_type == 0 (SRCPC) | fec_type ==1/2 (SRS)
0 no interleaving
1 length of class length of class
2 28 bit not permitted
3 concatenation
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In the case of fec_type=0 (SRCPC), the interlaving is performed bitwise. In the case of fec_type == 1 or fec_type
== 2 (SRS), the interleaving is performed bytewise.

1.8.4.8.2.1 Interleaving operation in mode 1

Multi-stage interleaving is processed for ep_encoded_class from the last class to first class, then the stuffing-bits
are appended at the end of the interleaved classes. The interleaving process continues with class attribution part of
ep_header() (which is class_attrib() + class_attrib_parity), and the pre-defined part of ep_header() (which is
choice_of_pred + choice_of_pred_parity), as illustrated in Figure 1.17.

The width of the interleaving matrix is chosen according to the FEC in use. In the case of SRCPC coding (fef_type
== 0), the width of the interleaving matrix is 28 bit. In the case of SRS coding (fec_type == 1 or 2), the width| of the
interleaving matrix is equal to the length of the class in bytes. Figure 1.18 shows the interleaving scheme principle
for the lajter case. The bits in the class are written into the interleaving matrix byte by byte for each@elumn.

The width of the interleaving matrix for the header parts is either equal to the length of the~codeword (in bits)
provided|by the block code according to Table 1.61, or 28 bits if SRCPC is used.

X
Hepder *1 q

Y | Interleaver » Output

X
Hepder *2 »

Y Interleaver
X | Concatenate >
Class 0 Y Interleaver
X
Class 1 >
Y | Interleaver
Clpss 2 stuffing-bits

*1 Fifst part of Header :  class_attrib() followed by class_attrib_parity
*2 Sgcond part of Header : choice_of_pred followed by choice_of pred_parity

Figure 1.17 — Interleaving process of mode1 specification

1.8.4.8.212 Interleaving operation in mode 2

In mode|2, a flaghindicates whether the class is processed with interleaver, and how it is interleaved. This flag
interleave_switehis signaled within the out-of-band information. The value 0 indicates the class is not procesged by
the interleaver.' The value 1 indicates the class is interleaved by the recursive interleaver, and the length|of the
class is used as the width of the interleaver (either the length in bits in case of SRCPC or the length in bytes in
case of SRS). The value 2 indicates the class is interleaved by the recursive interleaver, and the width is set to be
equal to 28 (permitted only in case of SRCPC). 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.

Figure 1.18 shows the interleaving scheme principle for fec_type == 1 or 2 (SRS) and interleave_switch == 1. The
width is set to be the number of bytes in the class. The bits in the class are written into the interleaving matrix byte
by byte for each column.
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. Class Information IES ParjEy
001 2 R
0
n 1
2

&)
q/QQ
('5 .
©
)

5 fmm R e
1 _Quo\n

! Write Direction for SRS encoded Class In\

O

Figure 1.18 — Interleaving matrix in RS encod\&\:lass case

The interleaving process to obtain interleaved_frame_mode2 is as follows (N: number of classes):

lear buffer BUF_NO /* Buffer for non-interleaved Qt. */

c
cllear buffer BUF_Y /* Buffer for Y input in th?\\ge t stage */
fbr( j = 0; j < N; Jj++ )
if ( class_reordered_output == 1 ) { @
k = class_output_order [choice_of_pre jl;
} else { @
k = 3; K
} N
if ( interleave_switch[choice_of@ed] [kl == 3) {
add ep_encoded_class[k] to BUF%;
} ‘\\0
if ( interleave_switch[chogg_of_pred] [k] == ) {
add ep_encoded_class|[k] to F_NO;

-

}

Q
O){

}
fbr ( j = N-1; j >= O,ga——
if ( class_reord _output == ) {
k = class_o@_order[choice_of_pred] [31;
} else { A\
k = 3; %
; QO
if ( (i rleave_switch[choice_of_pred] [k] != 0 )
( interleave_switch[choice_of_pred]l[k] != 3 ) ){
i interleave_switch[choice_of_pred] [k] == 1 ) {
Y set the size of the interleave window to be the length of ep_encoded_clasgl[k];
« else if ( interleave_switch[choice_of_pred] [k] == 2 ) {
% set the size of the interleave window to be 28;

}

input ep_encoded_class[k] into the recursive interleaver as X input;
input BUF_Y into the recursive interleaver as Y input;
set the output of the interleaver into BUF_Y;

}
}
add BUF_NO to BUF_Y;
if( bit_stuffing ) {
add Nstuff stuffing-bits to BUF_Y;

}

input class_attrib() followed by class_attrib_parity into the recursive interleaver as X
input;

input BUF_Y into the recursive interleaver as Y input;

© ISO/IEC 2009 — All rights reserved 103


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:200X(E)

set the output of the interleaver into BUF_Y;
input choice_of pred followed by choice_of_ pred_parity into the recursive interleaver as X

input;

input BUF_Y into the recursive interleaver as Y input;
set the output of the interleaver into BUF_Y;

set BUF_Y into interleaved frame mode2;

Interleave Switch ? (0: No interleaving, 1:Inter without Intra, 2: Inter with Intra)

1.8.4.9 (

The EP {
audio co
reorderin
classes

Header *1

X

Header *2

0| ClassO

2| Class 1

1| Class 2

0| Class 3

3| Class 4

0 eelgl0E

v

3] Class 5

Y Interleaver

Interleaver

Y

v

Concatenate

W=codelen(class 2)

W=28

Interleaver
h<

v Interleaver
1

P Output

Concatenate

*1 First part of Header :

Concatenate

L

stuffing-bits

class_attrib() followed by class_attrib_parity
*2 Second part of Header : choice_of_pred followed*hy: choice_of pred_parity

W=codelen(Header FEC)

W=codelen(Header FEC)

Figure 1.19 — Interleave procéss with class-wise control of interleaving

Class reordered output

(class_dgutput_order]i][j])-th-class to the audio decoder.

ool allows to reorder the classes' such that it does not have to stick at the order provided / required
Hec. Figure 1.20 gives an exaniple of the reordering process on decoder side. The class order affer this
g is signaled as class_output_order[i][j] in the out-of-band information. The EP decoder reordsg
in the EP frame using-/i-th pre-defined set, so that the j-th class of EP frame is outy
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input of EP decoder:
Class 4 Class 1 Class 3 Class 0 Class 2
error protected
PR A
| EP Decoder !
output of EP decoder: l
Class 0 Class 1 Class 2 Class 3 Class 4

Figure 1.20 — Example for class reordered output with class output_order 4,1, 3,0, 2
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Annex 1.A
(informative)

Audio Interchange Formats

1.A.1 [Infroduction

The full papabilities and flexibility of MPEG-4 Audio, like the composition of audio scenes out of muftiple| audio
objects, pynthetic audio, and text to speech conversion, is available only if MPEG-4 Audio is used togethér with
MPEG-4|Systems (ISO/IEC-14496-1). The interchange formats, defined in here in Annex A, only support g small
subset of the capabilities of MPEG-4 Audio, by defining formats for the storage and transmission-of a singlel mono
or stereg or multi-channel audio object, very similar to the formats defined in MPEG-1 and MPEG-2.
As alreadly stated in the introduction to subpart 1, the normative elements in MPEG-4 Audio’end with the definition
of the pgyloads (roughly equivalent to a bitstream frame in MPEG-1 and MPEG-2), and the coder configyiration
structurep (resembling the MPEG-1/2 header information). However, there is no normative definition in MPEG-4
Audio hpw these elements are multiplexed, as this is required only for a(limited number of applications.
Neverthgless, this informative annex describes such a multiplex. However, MPEG-4 decoders are not obliged to
comply tp these interface formats.

1.A.2 |AAC Interchange formats

1.A.3 |Syntax
1.A.3.1 MPEG-2 AAC Audio_Data_Interchange_Format, ADIF

Table 1.A.1 =(Syntax of adif_sequence

Syntax No. of bits Mnemonic
adif_sequence()

{

adif_header();
byte_alignment();
raw_data_stream();
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Table 1.A.2 — Syntax of adif_header()

Syntax No. of bits Mnemonic
adif_header()
{
adif_id; 32 bslbf
copyright_id_present; 1 bslbf
if (copyright_id_present)
copyright_id; 72 bslbf
original copy; 1 bslbf
home; 1 bslbf
bitstream_type; 1 bslbf
bitrate; 23 uimsbf
num_program_config_elements; 4 bslbf
if (bitstream_type == ‘0’) {
adif_buffer_fullness; 20 uimsbf
}
for (i = 0; i < num_program_config_elements + 1; i++) {
program_config_element();
}
}
Table 1.A.3 — Syntax of raw_data’ stream()
Syntax No. of bits Mnemonic
raw_data_stream()
while (data_available()) {
raw_data_block();
}
1
1.A.3{2 Audio_Data_Transport Stream frame, ADTS
Table 1.A.4 — Syntax of adts_sequence()
Syntax No. of bits Mnemonic

adts_sequence()

while)néxtbits() == syncword) {
adts_frame();
¥
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Table 1.A.5 — Syntax of adts_frame()

Syntax No. of bits Mnemonic
adts_frame()

{

adts_fixed_header();

adts_variable_header();

if (number_of_raw_data_blocks_in_frame == 0) {
adts_error_check();
raw_data_block();

I
else {
adts_header_error_check();
for(i=0; i <= number_of_raw_data_blocks_in_frame; i++ ){
raw_data_block();
adts_raw_data_block_error_check();

1.A.3.2.1 Fixed Header of ADTS

Table 1.A.6 — Syntax of adts_fixed_header()

Syntax No. of bits Mnemonic

adts_fixed _header()

{
syncword; 12 bslbf
ID; 1 bslbf
layer; 2 uimsbf
protection_absent; 1 bsibf
profile_ObjectType; 2 uimsbf
sampling_frequency_index; 4 uimsbf
private_bit; 1 bsibf
channel_configuration; 3 uimsbf
original_copy; 1 bslbf
home; 1 bslbf

}

1.A.3.2.2 Variable Header of ADTS
Table 1.A.7 — Syntax of adts_variable_header()

Syntax No. of bits Mnemonic

adts—variable_header()

{
copyright_identification_bit; 1 bsibf
copyright_identification_start; 1 bsibf
aac_frame_length; 13 bslbf
adts_buffer_fullness; 1 bslbf
number_of _raw_data_blocks_in_frame; 2 uimsbf

}
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1.A3.23 Error detection
Table 1.A.8 — Syntax of adts_error_check

Syntax No. of bits Mnemonic

adts_error_check()

{

if (protection_absent ==‘0’)
crc_check; 16 Rpchof
}
Table 1.A.9 — Syntax of adts_header_error_check
Syntax No. of bits Mnemonic

1.A4

1.A4

The r
additig

adts_header_error_check ()

if (protection_absent == ‘0’) {
for (i=1; i <= number_of raw_data_blocks_in_frame; i++) {

raw_data_block_position(i); 16 uimsfb
1
crc_check; 16 rpchof
}
Table 1.A.10 — Syntax of adts_raw “data_block_error_check()
Syntax No. of bits Mnemonic
adts_raw_data_block_error_check(i)
{
if (protection_absent ==‘0’)
crc_check; 16 rpchof
}
Semantic
1 Overview

bw_data_block()~¢centains all data which belongs to the audio (including ancillary data). Bey
nal information_like sampling_frequency is needed to fully describe an audio sequence. The Au

Interchange Format-'(ADIF) contains all elements that are necessary to describe a bitstream accordir

standg

For sg

sampl

ecific ‘applications some or all of the syntax elements like those specified in the header of the A

bnd that,
dio Data
g to this

DIF, e.g.

ng-rate, may be known to the decoder by other means and hence do not appear in the bitstream.

Furthermore, additional information that varies from block to block (e.g. to enhance the parsability or error
resilience) may be required. Therefore transport streams may be designed for a specific application and are not
specified in this standard. However, one non-normative transport stream, called Audio Data Transport Stream
(ADTS), is described. It may be used for applications in which the decoder can parse this stream.
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1.A.4.2 Audio Data Interchange Format (ADIF)

The semantic of the Audio Data Interchange Format (ADIF) is specified in ISO/IEC 13818-7. The following
additional definitions apply in the context of MPEG-4:

raw_data_stream()

program_config_element()

ol | PYAY

sequence of raw_data_block()’s.

Contains information about the configuration for one program. See subpart 4 for

the definition.

raw_data

1.A.4.3 |Audio Data Transport Stream (ADTS)
The semiantic of the Audio Data Transport Stream (ATDS) is specified in ISO/IEC 13818-7. The-follewing ch

apply w
raw_dat

ID

profile_(

samplin

channel

__MIUUNY)

| mP H ol o + 4
UTimicu i ouupart =.

anges

S
he

n used in MPEG4:

_block() Defined in subpart 4.
MPEG identifier, set to ‘1’ if the audio data in the ADT.Sstream is MPEG-2 AAC
(see ISO/IEC 13818-7) and set to ‘0’ if the audio data is MPEG-4. See also
ISO/IEC 11172-3, subclause 2.4.2.3.

DbjectType The interpretation of this data element depends on the value of the ID bit. If ID is
equal to ‘1’ this field holds the same information as the profile field in the ADT
stream defined in ISO/IEC 13818-7. fdD’is equal to ‘0’ this element denotes
MPEG-4 Audio Object Type (profilexObjectType+1) according to the table defined
in subclause 1.5.2.1.

Table 1.A.11 - MPEG-2 Audio profiles and MPEG-4 Audio object types
profile_ObjectType | MPEG-2 profile (ID ==1) MPEG-4 object type (ID == 0)
0 Main profile AAC Main
1 Low Complexity-profile (LC) AAC LC
2 Scalable Sampling Rate profile (SSR) | AAC SSR
3 (reserved) AAC LTP
j_frequency_index Indicates the sampling frequency used according to the table defined in

| configuration

110

Ssubclause 1.6.3.4. The escape value is not permitted.

Indicates the channel configuration used. In the case of (channel_configurati
0), the channel configuration is given in Table 1.19. In the case of

(channel_configuration == 0), the channel configuration is not specified in the
header, but as follows:

MPEG-2/4 ADTS: A single program_config_element() following as first synta¢

element in the first raw_data_block() after the header specifies the channel

n>

—

ic

configurationrNotethatthe program—config—eterment()might not bepresent
each frame. An MPEG-4 ADTS decoder should not generate any output until
received a program_config_element(), while an MPEG-2 ADTS decoder may
assume an implicit channel configuration.

1
it

MPEG-2 ADTS: Beside the usage of a program_config_element(), the channel
configuration may be assumed to be given implicitly (see ISO/IEC13818-7) or may

be known in the application.
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Annex 1.B
(informative)

Error protection tool

2009(E)

Text file format of out-of-band information, and its example for AAC, Twin-VQ, CELP, and HVXC are presented. In

additigrm;theexampteof error conceatment s presented:

1.B.1

1.B.1

based

protection setup could be used, while sensitivity categories are directly mapped to'classes. This examp|
just a imple setup using one channel and no extension_payload().

1.B.1
This s

Here
Norm4
experi
protec

Fore
scalal

In al
Rema
increa
than 1

(A) P

Example of out-of-band information

1 Example for AAC

on the error sensitivity category assignement described within the normative. part, the follow

class length interleaving | SRCPC puncturérate | CRC length
0 6 bit in-band field intra-frame 8/24 6
1 12 bit in-band field intra-frame 8/24 6
2 9 bit in-band field inter-frame 8/8 6
3 9 bit in-band field none 8/8 4
4 until the end inter-frame 8/8 none

2 Example for Twin-VQ

Libclause describes examples of the bit assighment of UEP to the Scalable Audio Profile (TwinVQ ob

two encoding modes, PPC (Periodic-Peak Component) - enable mode and disable mode, are d
lly, encoder can adaptively selectthe*PPC switch, but we force the switch always ON or always O
ment. If PPC is ON, 43 bits are assigned to quantize periodic peak components and these bits s
ted as side information.

hch mode we show bit assignment of four different bitrates, 16 kbit/s mono, 32 kbit/s stereo, 8 kbit/s
le mono and 16 kbit/s(+ 16 kbit/s stereo for each mode.

cases, error corfection and detection tools are applied to only 10 % of bits for the side inf
ning bits for the/index of MDCT coefficients have no protection at all. As a result of these bit all
e of bitrate :eomparing with the original source rate is around 10 % in case of PPC switch is ON,
0% in case)of the switch is OFF.

PC(Reériodic Peak Component) enable version

ng error
e shows

ject).

escribed.
FF in this
hould be

+ 8 kbit/s

brmation.
ocations,
and less

e 16 kbit/s mono

Class 1: 121 bit(fixed), SRCPC code rate 8/12, 8 bit CRC
Class 2: 839 bit(fixed), SRCPC code rate 8/8, no CRC

e 32 kbit/s stereo

Class 1: 238 bit(fixed), SRCPC code rate 8/12, 10 bit CRC
Class 2: 1682 bit(fixed), SRCPC code rate 8/8, no CRC

e 8 kbit/s + 8 kbit/s scalable mono

© IS0/l

Class 1: 121 bit(fixed), SRCPC code rate 8/12, 8 bit CRC
Class 2: 359 bit(fixed), SRCPC code rate 8/8, no CRC
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Class 3: 72 bit(fixed), SRCPC code rate 8/12, 8 bit CRC
Class 4: 408 bit(fixed), SRCPC code rate 8/8, no CRC

e 16 kbit/s + 16 kbit/s scalable stereo
Class 1: 238 bit(fixed), SRCPC code rate 8/12, 10 bit CRC
Class 2: 722 bit(fixed), SRCPC code rate 8/8, no CRC
Class 3: 146 bit(fixed), SRCPC code rate 8/12, 10 bit CRC
Class 4: 814 bit(fixed), SRCPC code rate 8/8, no CRC

(B)PPC disable version

e 16 kibit/s mono
Class 1: 78 bit(fixed), SRCPC code rate 8/12, 8 bit CRC
Class 2: 882 bit(fixed), SRCPC code rate 8/8, no CRC

o 32 kbit/s stereo
Class 1: 152 bit(fixed), SRCPC code rate 8/12, 10 bit CRC
Class 2: 1768 bit(fixed), SRCPC code rate 8/8, no CRC

e 8 kbif/s + 8 kbit/s scalable mono
Class 1: 78 bit(fixed), SRCPC code rate 8/12, 8 bit CRC
Class 2: 402 bit(fixed), SRCPC code rate 8/8, no CRC
Class 3: 72 bit(fixed), SRCPC code rate 8/12, 8 bit CRC
Class 4: 408 bit(fixed), SRCPC code rate 8/8, no CRC

e 16 kbit/s + 16 kbit/s scalable stereo
Class 1: 152 bit (fixed), SRCPC code rate 8/12, 10 bit CRC
Class 2: 808 bit (fixed), SRCPC code rate 8/8, no CRC
Class 3: 146 bit (fixed), SRCPC code rate 8/12, 10 bit*CRC
Class 4: 814 bit (fixed), SRCPC code rate 8/8, no CRC

1.B.1.3 |Example for CELP

The following tables provide an overview of theshumber of bit that are assigned to each error sensitivity calegory,
dependept on the configuration.

1.B.1.3.1 MPE-Narrowband Mode

Table 4.B:1 — Overview of bit assignment for MPE-narrowband

MPE-Mode [subframes |Bit/Frame |bitrate [ECR0 |ECR1 ECR2 |[ECR3 |[ECR4
0 4 154 3850 6 13 20 37 78
1 4 170 4250 6 13 20 41 90
2 4 186 4650 6 13 20 45 102
3 3 147 4900 5 11 16 36 79
4 3 156 5200 5 11 16 39 85
5 3 165 5500 5 11 16 42 91
6 2 114 5700 4 9 12 29 60
7 2 120 6000 4 9 12 31 64
8 2 126 6300 4 9 12 33 68
9 2 132 6600 4 9 12 35 72
10 2 138 6900 4 9 12 37 76
11 2 142 7100 4 9 12 39 78
12 2 146 7300 4 9 12 41 80
13 4 154 7700 6 13 20 41 74
14 4 166 8300 6 13 20 45 82
15 4 174 8700 6 13 20 49 86
16 4 182 9100 6 13 20 53 90
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17 4 190 9500 6 13 20 57 94
18 4 198 9900 6 13 20 61 98
19 4 206 10300 6 13 20 65 102
20 4 210 10500 6 13 20 69 102
21 4 214 10700 6 13 20 73 102
22 2 110 11000 4 9 12 33 52
23 2 114 11400 4 9 12 35 54
24 2 118 11800 4 9 12 37 56
25 2 120 12000 4 9 12 39 56
26 2 122 12260 % 9 12 A4 56
27 4 186 6200 6 13 20 49 98
28 reserved

29 reserved

30 reserved

31 reserved

1.B.1.8.2 MPE-Wideband Mode
Table 1.B.2 — Overview of bit assignment for MPE-wideband
MPE-Mode |subframes |Bit/Frame |bitrate [ECR0 |[ECR1 ECR2 |ECR3 |ECR4

0 4 218 10900 17 20 27 45 109
1 4 230 11500 17 20 27 49 117
2 4 242 12100 17 20 27 53 125
3 4 254 12700 17 20 27 57 133
4 4 266 13300 17 20 27 61 141
5 4 278 13900 17 20 27 65 149
6 4 286 14300 17 20 27 69 153
7 reserved

8 8 294 14700 17 32 43 61 141
9 8 318 15900 17 32 43 69 157
10 8 342 17100 17 32 43 77 173
11 8 358 17900 17 32 43 85 181
12 8 374 18700 17 32 43 93 189
13 8 390 19500 17 32 43 101 197
14 8 406 20300 17 32 43 109 205
15 8 422 21100 17 32 43 117 213
16 2 136 13600 17 14 19 29 57
17 2 142 14200 17 14 19 31 61
18 2 148 14800 17 14 19 33 65
19 2 154 15400 17 14 19 35 69
20 2 160 16000 17 14 19 37 73
21 2 166 16600 17 14 19 39 77
22 2 170 17000 17 14 19 41 79
23 reserved
24 4 174 17400 17 20 27 37 73
25 4 186 18600 17 20 27 41 81
26 4 198 19800 17 20 27 45 89
27 4 206 20600 17 20 27 49 93
28 4 214 21400 17 20 27 53 97
29 4 222 22200 17 20 27 57 101
30 4 230 23000 17 20 27 61 105
31 4 238 23800 17 20 27 65 109
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1.B.1.3.3 RPE-Wideband Mode
Table 1.B.3 — Characteristic parameters for wideband CELP with RPE
RPE Mode [subframes |Bit/frame |bitrate |ERCO ERC1 ERC2 ERC3 ERC4
0 6 216 14400 40 24 34 25 93
1 4 160 16000 32 18 26 21 63
2 8 280 18667 48 30 42 29 131
3 10 338 22533 56 36 50 33 163
1.B.1.4 |[Example for HVXC
e 2 kbit/s source coder

Class 1
Class 2
Class 3
Class 4

e 4 Kkbi
Class 1
Class 2
Class 3
Class 4

22 bit (fixed), SRCPC code rate 8/16, 6 bit CRC
4 bit (fixed), SRCPC code rate 8/8,1 bit CRC
4 bit (fixed), SRCPC code rate 8/8,1 bit CRC
10 bit (fixed), SRCPC code rate 8/8, no CRC

t/s source coder

33 bit (fixed), SRCPC code rate 8/16, 6 bit CRC
22 bit (fixed), SRCPC code rate 8/8, 6 bit CRC
4 bit (fixed), SRCPC code rate 8/8, 1 bit CRC

4 bit (fixed), SRCPC code rate 8/8, 1 bit CRC

Class 5} 17 bit (fixed), SRCPC code rate 8/8, no CRC
1.B.1.5 |Example for ER BSAC
This subiclause describes examples of the bit assignmentiof Unequal Error Protection (UEP) to the ER [BSAC
Object Type.
The lowgr error sensitivity category (ESC) described in subpart 4, subclause 4.5.2.6.3 indicates the class wjith the
higher efror sensitivity, whereas the higher ESC indicates the class with the lower sensitivity. Based on thé error
sesitivity|category of the BSAC syntax, the fellowing error protection setup example could be used, This example
shows just a simple setup where sensitivity(categories are directly mapped to classes.
Class ||category length interleaving | SRCPC puncture rate CRC length
0 0 9bit-in-band field intra-frame 8/24 6
1 others 11°bit in-band field no 8/8 none
In this edample, error cofrection and detection tools are applied to only the general side information. Remaining bits
for the index of MDCT.coefficients have no protection at all. As a result of these bit allocations, increase of bitrate
comparinjg with the-original source rate is around 10 %.
1.B.2 |[Example of error concealment

The error concealment tool is an optional decoder tool to reduce the quality degradation of decoded signals when
the decoder input bitstream payload is affected by errors, such as bitstream payload transmission error. This is
especially valid in applying the MPEG-4 Audio tools to radio applications. The error detection and decision method
to replace a frame is not defined in this subclause and decided based on each application.

1.B.2.1

General

Detailed examples of the out-of-band information for the individual codec types are provided in ISO/IEC14496-5 in
conjunction with the ep-tool software. Further examples are given in ISO/IEC 14496-4 by means of conformance
test sequences with epConfig=2 and epConfig=3.
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1.B.2.2 Example for CELP

1.B.2.2.1 Overview of the error concealment tool

The error concealment tool is used with the MPEG-4 CELP decoder described in ISO/IEC 14496-3. This tool
reduces unpleasant noise when the MPEG-4 CELP decodes speech from erroneous input frame data. It also
enables the MPEG-4 CELP to decode speech even if the input frame data is lost.

2009(E)

The tool has two operating modes|: a Bit Error (BE) mode and a Frame Erasure (FE) mode. The mode is switched
based on the availability of frame data at the decoder. When frame data is available (the BE mode), decoding is

done
is not

This tq
or is

transmission system.

This t
wideb

1.B.2.

BE:
BWS:
FE:
LP:
LSP:
MPE:
NB:
RMS:
WB:

1.B.2.

frame|
g_ac:
g_ec:
Ipc_on
signall
signal|

1.B.2.

The e
state

quality
transit

hvailable (the FE mode), the decoder generates the speech using only the past frame data.

ol operates according to a flag (the BF_flag) that indicates whether the frame data is complete (BH
Hamaged by corruption and/or lost (BF_flag=1). The flag is usually given by the channel cods

bol operates in Coding Mode Il (subclause 3.1.2.1 of ISO/IEC 14496-3:2001),"which has narrg
hnd and band width scalable modes that use Multi-Pulse Excitation at sampling.rates of 8 and 16 kH

p.2 Definitions

Bit Error

BandWidth Scalable

Frame Erasure

Linear Prediction

Line Spectral Pair

Multi-Pulse Excitation

Narrow Band

Root Mean Square (the frame energy)

WideBand
p.3 Helping variables
| size: the number of samples.ina‘frame
the adaptive codebook.gain
the MPE gain
Her: the order of LP
| mode: the speech mode

| mode_pre:the speech-mode of the previous frame

P.4 Specifications of the error concealment tool

rror concealmeént tool operates based on the transition model with six states depicted in Figure 1
ndicates «4he quality of the transmission channel. The bigger the state number is, the worse the
is. Eachsstate has a different concealment operation. The initial state in decoding is State 0 and th
ed based on the BF_flag. Each concealment operation is described in the following subclauses.

nme data

| flag=0),
er or the

w band,

N

B.1. The
channel
b state is
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State 0
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v

State 4
(I

Figure 1.B.1 — State transition model for controlling the error.concealment

—>» BF flag=1
== BF flag=0

1.B.2.2.4.1 Operations in States 0 and 5

The decqding process is identical to that of the MPEG-4 CELP decoder with the following exceptions regarding the
adaptive|codebook and the excitation codebook gains:

In State { following State 5, and in State 5:

(1) for thee first 80 samples in and after the frame where, the BF flag is changed from 7 to 0, the gains g _ac and
g_ec are|calculated from the gains g_ac’and g _ec’ decoded from the current frame data as follows:

if(g_ac 1 1.0){
g ec=g ec/g ac’;
g ac=1.0;

}

(2) for the 160 samples that follow(the first 80 samples, the gains are calculated as:

if(g_ac >|1.0){

g ec =g _ec’™(g_aes+1.0) /g_ac/2.0;
g _ac = (g_ac’+1:0)/2.0;

}I

where these operations continue in, at most, four subframes.

1.B.2.2.4.2— Operations in States 1, 2, 3 and 4

The decoding process is identical to that of the MPEG-4 CELP decoder with the exceptions described in the
following subclauses.

1.B.2.2.4.2.1 Speech mode

1.B.2.2.4.21.1 FE mode

The speech mode (signal_mode) is decoded from the previous frame data.
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1.B.2.24.21.2 BE mode

The speech mode (singal_mode) is decoded from the current frame data for signal _mode_pre=0 or 1. Otherwise,
the mode is decoded from the previous frame data.

1.B.2.2.4.2.2 Multi-Pulse Excitation (MPE)

1.B.2.2.4.2.21 FE mode

The M

PE is decoded from the randomly generated frame data.

2009(E)

1.B.2.

The MPE is decoded from the frame data received in the current frame.

1.B.2.

For St
subfra

attenu

P

att |

where

1.B.2.
The L

the inferframe prediction described in subclause 3:5.6.3.3 of ISO/IEC 14496-3:2001. However, when t

data ig
is esti
coeffid

for (i
b

}

1.B.2.

1.B.2.

All the
previo

~ {0.4 dB  for State I,...K

p.4.2.2.2 BE mode

p.4.2.3 RMS

ate 1 through K, the RMS in the last subframe of the previous frame is used after being attenuated i

hted. The attenuation level P

> - depends on the state as follows:

1.2dB for State K +1,...”

K is the smaller number of 4and K, and K|, is the maximum integer satisfying frame_sizex K, <

P.4.2.4 LSP

5Ps decoded in the previous frame are used.:li“the BWS mode, the LSP codevectors should be bu

corrupted or lost, the correct codevector.can not be obtained. Therefore, the buffered codevector
mated from the LSP (qg/sp_pre[]) in the-previous frame, the predicted LSP (vec_haf[]) and the g
ient (ch[0][]) in the current frame as-follows:

= 0; i <lpc_order; i++) {
sp[0] [1] = (qlsp_preli] - vec (hat]i])/ch[0] [i];

P.4.2.5 Delay of theadaptive codebook

P.4.2.5.1 FEmode

delays.of the adaptive codebook are decoded from the delay index received in the last subfran
Lis frame.

h the first

me of the current frame. In the following subframes, the RMS in the previous.subframe is used after being

320.

ffered for
he frame

bisp[0][])
rediction

he of the

1.B.2.

(1) When signal_mode_pre=0, the delays are decoded from the current frame data.

(2) When signal_mode_pre=1, and if the maximum difference between the delay indices of the adjacent subframes
in the frame are less than 70, the delays are decoded from the delay indices in the current frame. In each subframe
where the difference in the delay indices between the current and the previous subframes is equal to or greater

than 1

0, the delay is decoded from the index of the previous subframe.

(3) When signal_mode_pre= 2 or 3, the delay is decoded from the index in the last subframe of the previous frame.
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1.B.2.2.4.2.6 Gains

1.B.2.2.4.2.6.1 Index operation

1.B.2.2.4.2.6.1.1 FE mode

All the gains have the same value, which is decoded from the gain index received in the last subframe of the

previous frame.
1.B.2.2.4.2.6.1.2 BE mode
The gaing are decoded from current frame data.
1.B.2.2.4.2.6.2 Adjustment operation
1.B.2.2.4.2.6.2.1 FE mode
(1) When signal_mode _pre=0, the gains g _ac’and g _ec’ are decoded from the current frame data. The gaing g _ac
and g _ef are then obtained by multiplying g ac’ by 0.5 and g _ec’ by X, respectively.) X satisfies the following
equation|and is calculated in each subframe:
(g_ac*glac)A+(g_ec*g_ec)B=((0.5*g_ac’) *(0.5*g_ac’))A+((X*g_ec’) * (X*g_ec’))B
where
A= norm, Xnorm,,
B =norm,. Xnorm,, .
norm,. pnd norm,. are the respective RMS values of tlié adaptive and the excitation codevectors.
(2) When signal_mode_pre=1, the gains are decoded from the current frame data.
(3) Whenp signal_mode_pre=2 or 3, gains\for the first 320 samples in or after the frame where the BF [flag is
changed|from 0 to 1, are calculated as:
g ac=(1.95x 10"
g ec= Xx107""7,
After thelfirst 320 samples,
g ac = (1.95 x [g&2Y
g ec= X020

norm
where X = (.05 X “ .

norm,,

1.B.2.2.4.2.6.2.2 BE mode

(1) When signal_mode_pre=0 or 1, the gains are calculated using the gains g ac’ and g _ec’ decoded from the
current frame data and the gains g_ac _pre and g_ec_pre of the previous subframe so that the calculated gains fall
in a normal range and generate no unpleasant noise as follows:
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if (g_ac > 1.2589) {
g_ec=g_ec *1.2589/g_ac’;
g_ac = 1.2589;

}

if (g_ec > 1.2589*g_ec_pre) {
g_ac=g_ac™ 1.2589*g_ec pre/g_ec’;
g_ec =g_ec_pre*1.2589;

}

if (signal_mode =1 & g_ac _pre <1.2589 & g_ac <g_ac_pre*0.7943) {
g_ac =g ac pre*0.7943;

2009(E)

g
).

(2) WH

1.B.2

In fran
error (
error g

1.B.3

This s
metho
some
conce

It shodild be noted that error correction method and ER\tool setting, error concealment algorithm describ

are on

1.B.3
—-2/4

¢c =g_ec_pre*0.7943;

en signal_mode_pre=2 or 3, the operation is identical to that for signal_mode_pre=2 or 3 inthe FE r

3 Error concealment for the silence compression tool

nes where the bitstream payload received at the decoder is corrupted or lost due to transmission |
oncealment is performed. When the received TX_flag is 1, the decoding pfecess is identical to th
oncealment for the MPEG-4 CELP. For TX flag=0, 2 or 3, the decoding process for the TX_flag=0 is

Example of EP tool setting and error concealment'for HVXC

ubclause describes one example of the implementation of ER\(Error Protection) tool and error con
d for HVXC. Some of perceptually important bits are protected by FEC (forward error correction) sch
are checked by CRC to judge whether or not erroneous bits are included. When CRC error occu
hlment is executed to reduce perceptible degradation.

e example, and they should be modified depending on the actual channel conditions.

1 Definitions

kbit/s common parameters ---
LSP1 LSP index 1 (5 bit)
LSP2 LSP index 2 (7 bit)
ESP3 LSP index 3 (5 bit)
LSP4 LSP index 4 (1 bit)
VUV voiced/unvoiced flag (2 bit)
Pitch pitch parameter (7 bit)
SE_shape1 spectrum index 0 (4 bit)
SE_shape2 spectrum index 1 (4 bit)
SE_gain spectrum gain index (5 bit)

VX_shape1[0] stochastic codebook index 0 (6 bit)

node.

it errors,
at of the
used.

cealment
eme and
'es, error

ed below

VX _shape1[1] stochastic codebook index 1 (6 bit)
VX_gain1[0] gain codebook index 0 (4 bit)
VX_gaini[1] gain codebook index 1 (4 bit)

--- only 4 kbit/s parameters ---

LSP5 LSP index 5 (8 bit)
SE_shape3 4Kk spectrum index 0 (7 bit)
SE_shape4 4k spectrum index 1 (10 bit)
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SE_shape5 4k spectrum index 2 (
SE_shapeb6 4k spectrum index 3 (
VX_shape2[0] 4k stochastic codebook index 0 (
VX _shape2[1] 4k stochastic codebook index 1 (5 bit)
VX _shape2|[2] 4k stochastic codebook index 2 (

(

(

1.B.3.2

1.B.3.2.1

Accordin

is shown| in the Table 1.B.4, Table 1.B.5 (2 kbit/s), Table 1.B.6 and Table 1.B.7 (4kbit/s). As an example,
setting of 3.5 kbit/s(for 2 kbit/s) and 6.2 kbit/s (for 4 kbit/s) are shown. In these cases, two source coder fram
processdd as one set. Suffix “p” means parameters of the “previous” frame;, and “c” means those of the “c
frame.

For 3.5 Kbit/s mode, 6 classes are used. CRC check is applied for class |, Il, lll, IV, and V bits. Class VI b
not checked by CRC.

The Table 1.B.4 below shows protected/unprotected(class |..V]) bit assignment in the case where both pr

and currg¢nt frames are voiced.

VX _shape2[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)
VA—gamZ[Z] 4k gaim codebook Mdex 2 (3 OI)
VX_gain2[3] 4k gain codebook index 3 (3 bit)

Channel coding

Protected bit selection

Table 1.B.4 — Number of protected/unprotected bits at 3.5 kbit/s (voiced frame)

g to the sensitivity of bits, encoded bits are classified to several classes. Themnumber of bits for each class

bitrate
es are
Urrent”

its are

evious

voiced frame
para-meters | class || class )1l |class Il |class IV |class V |class VI | total
bits bits bits bits bits bits
LSP1p/c 5/5 - - - - - 10
LSP2p/c 2/2 - - - - 5/5 14
LSP3p/c 11 - - - - 4/4 10
LSP4p/c 11 - - - - - 2
VUVp/c 2/2 - - - - - 4
Pitchp/c 6/6 - - - - 11 14
SE_,gainp/c 5/5 - - - - - 10
SE, shapelp - 4 - - - - 4
SE_shapeic - - - 4 - - 4
SE_shape2p - - 4 - - - 4
SE_shape2c - - - - 4 - 4
total 44 4 4 4 4 20 80
The Table 1.B.5 shows protected/unprotected(class I...VI) bit assignment in the case where both previous and

current frames are unvoiced.
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Table 1.B.5 — Number of protected/unprotected bits at 3.5 kbit/s (unvoiced frame)

Table 1.B.6 — Number of protected/unprotected bits at 6.2 kbit/s (voiced sound)

unvoiced frame

para-meters class l|class |l |class Il [class IV | Class V |class VI | total

bits bits bits bits bits bits
LSP1p/c 5/5 - - - - - 10
LSP2p/c 4/4 - - - - 3/3 14
LSP3p/c 2/2 - - - - 3/3 10
LSP4p/c 11 - - - - - 2
VUVpl/c 2/2 - - - - - 4
VX_gain1[0]p/c 4/4 - - - - - 8
VX_gaini[1]p/c 4/4 - - - - - 8
VX_shape1[0]p/ - - - - - 6/6 12
VX_shape1[1]p/ - - - - - 6/6 12
total 44 0 0 0 0 36 80
the previous frame is unvoiced and the current frame is voiced, or when the previous frame is voicedl and the
t frame is unvoiced, the same protected/unprotected bit assignméntrules as shown above are used.
P kbit/s mode, 7 classes are used. CRC check is applied.for class |, II, 1ll, IV, V, and VI bits. Clags VIl bits
t checked by CRC.
able 1.B.6 shows protected/unprotected(class I...\Vlh):bit assignment in the case where both previous and
t frames are voiced.

voiced sound
Parja-meters class || class Jr|class Il |class IV |class V |class VI | class VI ||total
bits bits bits bits bits bits bits
LSP1p/c 5/5 - - - - - - 10
LSKP2p/c 4/4 - - - - - 3/3 14
LSP3p/c 1M - - - - - 4/4 10
LSP4plc 171 - - - - - - 2
LSP5p/c 11 - - - - - 77 16
VUVpl/c 2/2 - - - - - - 4
Pitghp/c 6/6 - - - - - 11 14
SE| gainp/c 5/5 - - - - - - 10
SELshapei1p 4 4
SE_shapeic - - - - 4 - - 4
SE_shape2p - - - 4 - - - 4
SE_shape2c - - - - - 4 - 4
SE_shape3p/c 5/5 - - - - - 2/2 14
SE_shape4p/c 17 9/9 - - - - - 20
SE_shape5p/c 17 8/8 - - - - - 18
SE_shape6p/c 11 5/5 - - - - - 12
Total 66 44 4 4 4 4 34 160
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The Table 1.B.7 below shows protected/unprotected(class I...VIl) bit assignment in the case where both previous
and current frames are unvoiced.

Table 1.B.7 — Number of protected/unprotected bits at 6.2 kbit/s (unvoiced sound)

unvoiced sound
Para-meters class || class Il [ class Ill | class IV | class V | class class total
bits bits bits bits bits VI bits | VII bits
LSP1p/c 5/5 - - - - - - 10
LSP2p/c 4/4 - - - - - 3/3 14
LSP3p/c 11 - - - - - 4/4 19
LSP4p/c 11 - - - - - - p
LSP5p/c 11 - - - - - 77 16
VUNVp/c 2/2 - - - - - - t
VX| gain1[0]p/c 4/4 - - - - - - 8
VvX| gain1[1]p/c 4/4 - - - - 3 - 8
VX|] shape1[0]p/ - - - - - - 6/6 12
VX| shape1[1]p/ - - - - - - 6/6 12
VX] gain2[0]p/c 3/3 - - - - - - ]
VX| gain2[1]p/c 3/3 - - - - - - B
VX| gain2[2]p/c 3/3 - - - - - - i
VX| gain2[3]p/c 2/2 - - s - - 11 B
VX|] shape2[0]p/ - - - - - - 5/5 10
VX| shape2[1]p/ - - - - - - 5/5 10
VX| shape2[2]p/ - - = - - - 5/5 10
VX| shape2[3]p/ - - S - - 5/5 10
total 66 0 0 0 0 0 94 160
When th¢ previous frame is unvoiced and-the current frame is voiced, or when the previous frame is voiced gnd the

current fi

The bit g
through ]
of 2 fram
used. Th

parametér. “0” means’L.SB.

122

Table 1.B.8 — Bit Order for 2 kbit/s (voiced frame -- voiced frame)

ame is unvoiced, the same protected/unprotected bit assignment rules as shown above are used.

rder for UEP input is shown from Table 1.B.8 through Table 1.B.11 (for 2 kbit/s), and from Table
[able 1.B.15 (for 4 kbit/s). These tables show the bit order for each of the combinations of V/UV copdition
es. For example, if\previous frame is voiced and current frame is voiced at 2 kbit/s mode, Table 1
e bit order is arranged according to the error sensitivity. The column “Bit” denotes the bit index

1.B.12

B.8 is
of the

voiced frame — voiced frame
No l ltem ! Bit No. | ltem Bit No. | ltem Bit
Class | Bit 28 | SE_gainc 1 54 | SE_shapeic 1
0| VUVp 1 29 | SE_gainc 0 55 | SE_shapeic 0
1| VUVp 0 30 | LSP1c 4 Class V Bit
2 [ LSP4p 0 31 | LSP1c 3 56 | SE_shape2c 3
3 | SE_gainp 4 32 | LSP1c 2 57 | SE_shape2c 2
4 | SE_gainp 3 33 | LSP1c 1 58 | SE_shape2c 1
5 | SE_gainp 2 34 | LSP1c 0 59 | SE_shape2c 0
6 | SE_gainp 1 35 | Pitchc 6 Class VI Bit
7 | SE_gainp 0 36 | Pitchc 5 60 | LSP2p 4
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8 | LSP1p 4 37 | Pitchc 4 61 | LSP2p 3
9 | LSP1p 3 38 | Pitchc 3 62 | LSP2p 2
10 | LSP1p 2 39 | Pitchc 2 63 | LSP2p 1
11 | LSP1p 1 40 | Pitchc 1 64 | LSP2p 0
12 | LSP1p 0 41 | LSP2c 6 65 | LSP3p 3
13 | Pitchp 6 42 | LSP3c 4 66 | LSP3p 2
14 | Pitchp 5 43 | LSP2c 5 67 | LSP3p 1
15 | Pitchp 4 Class Il Bit 68 | LSP3p 0
16 | Pitchp 3 44| SE_shape1p 3 69 | Pifichp 9]
17 | Pitchp 2 45 | SE_shapelp 2 70 | LSP2c 4
18 | Pitchp 1 46 | SE_shapelp 1 71 | LSP2c 3
19 | LSP2p 6 47 | SE_shapelp 0 72 | LSP2c 2
20 | LSP3p 4 Class lll Bit 73 | LSP2c 1
21 | LSP2p 5 48 | SE_shape2p 3 74 | LSP2c 0
22 | VUVc 1 49 | SE_shape2p 2 75 | LSP3c 3
23 | VUVc 0 50 | SE_shape2p 1 76 | LSP3c 2
24 | LSP4c 0 51 | SE_shape2p 0 77/ LSP3c 1
25 | SE_gainc 4 Class IV Bit 78)| LSP3c 0
26 | SE_gainc 3 52 | SE_shapeic 3 79 | Pitchc 0
27 | SE_gainc 2 53 | SE_shapeic 2
Table 1.B.9 — Bit Order for 2 kbit/s (voiced frame — unvoiced frame)
voiced frame - unvoiced frame

No. | Item Bit No. | Item Bit No. | Item Bit
Class | Bit 28 | VX gain1[0]c 0 54 | LSP2c 0
0| VUVp 1 29°\.VX_gain1[1]c 3 55 | LSP3c 2

1| VUVp 0 30 | VX _gaini[1]c 2 Class V Bit
2 | LSP4p 0 31 | VX_gain1[1]c 1 56 | LSP3c 1
3 | SE_gainp 4 32 | VX_gaini[1]c 0 57 | LSP3c 0
4 | SE_gainp 3 33 | LSP1c 4 58 | VX_shape1[0]c 5
5 | SE_gainp 2 34 | LSP1c 3 59 [ VX _shape1[0]c 4

6 | SE_gainp 1 35 | LSP1c 2 Class VI Bit
7 | SE_gainp 0 36 | LSP1c 1 60 | LSP2p 4
8 | LSP1p 4 37 | LSP1c 0 61 | LSP2p 3
9 |LSP1p 3 38 | LSP2c 6 62 | LSP2p 2
10 ) LSP1p 2 39 | LSP2c 5 63 | LSP2p 1
41 | LSP1p 1 40 | LSP2c 4 64 | LSP2p 0
12 | LSP1p 0 41 | LSP2c 3 65 | LSP3p 3
+31Pitchp 6 4211+SP3c % 66—LtSP3p 2
14 | Pitchp 5 43 | LSP3c 3 67 | LSP3p 1
15 | Pitchp 4 Class Il Bit 68 | LSP3p 0
16 | Pitchp 3 44 | SE_shapelp 3 69 | Pitchp 0
17 | Pitchp 2 45 | SE_shapelp 2 70 | VX_shape1[0O]c 3
18 | Pitchp 1 46 | SE_shapelp 1 71 | VX_shape1[O]c 2
19 | LSP2p 6 47 | SE_shapelp 0 72 | VX_shape1[0]c 1
20 | LSP3p 4 Class lll Bit 73 | VX_shape1[0]c 0
21 | LSP2p 5 48 | SE_shape2p 3 74 | VX_shapei[1]c 5
22 | VUVc 1 49 | SE_shape2p 2 75 | VX_shapei[1]c 4
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23 | VUVc 0 50 | SE_shape2p 1 76 | VX _shapel[1]c 3
24 | LSP4c 0 51 | SE_shape2p 0 77 | VX _shapel[1]c 2
25 | VX _gain1[0]c 3 Class IV Bit 78 | VX_shape1[1]c 1
26 | VX_gain1[0]c 2 52 | LSP2c 2 79 | VX_shapei[1]c 0
27 | VX_gain1[0]c 1 53 | LSP2c 1
Table 1.B.10 — Bit Order for 2 kbit/s ( iced f _ voiced frame)
unvoiced frame — unvoiced frame
No. | Item | Bit| No. |[Item Bit | No. | Item Bit
Class | Bit 28 | SE_gainc 1 54 | SE_shapeic 1
0| VUVp 1 29 | SE_gainc 0| 55 | SE_shapeic 0
1| VUVp 0 30 | LSP1c 4 Class VBit
2 [ LSP4p 0 31 | LSP1c 3| 56 | SE_shape2c 3
3 | VX_gain1[0]p 3 32 | LSP1c 2 57 | SE shape2c 2
4 | VX _gain1[0]p 2 33 | LSP1c 1 58 | SE\ shape2c 1
5 | VX_gain1[0]p 1 34 | LSP1c 0| 59(-SE_shape2c 0
6 | VX _gain1[0]p 0 35 | Pitchc 6 Class VI Bit
7 | VX_gaini[1]p 3 36 | Pitchc 54, 60 | VX_shape1[0]p 3
8 | VX _gaini1[1]p 2 37 | Pitchc 4)| 61 | VX _shapel[O]p 2
9 [ VX _gain1[1]p 1 38 | Pitchc 3| 62 | VX shape1[O]p 1
10 | VX_gain1[1]p 0 39 [ Pitchc 2| 63| VX shape1[0]p 0
11 | LSP1p 4 40 | Pitchc 1 64 | VX_shapei[1]p 5
12 | LSP1p 3 41 | LSP2c 6| 65| VX shapel1[l]p 4
13 | LSP1p 2 42 | LSP3¢ 4| 66 | VX _shapel[1]p 3
14 | LSP1p 1 43 | LSP2c 5| 67 | VX shapel[1]p 2
15 | LSP1p 0 Class Il Bit 68 | VX_shapei[1]p 1
16 | LSP2p 6 44/ LSP2p 2| 69 | VX shapel[1]p 0
17 | LSP2p 5 45 | LSP2p 1 70 | LSP2c 4
18 | LSP2p 4 46 | LSP2p 0| 71|LSP2c 3
19 | LSP2p 3 47 | LSP3p 2| 72| LSP2c 2
20 | LSP3p 4 Class lll Bit 73 | LSP2c 1
21 | LSP3p 3 48 | LSP3p 1 74 | LSP2c 0
22 | VUVc 1 49 | LSP3p 0| 75| LSP3c 3
23 | VUV 0 50 | VX_shape1[0]p 5| 76 | LSP3c 2
24 | LSP4c 0 51 | VX_shape1[0]p 4| 77 | LSP3c 1
25 \8E_gainc 4 Class IV Bit 78 | LSP3c 0
26°| SE_gainc 3 52 | SE_shapeic 3| 79 | Pitchc 0
27 | SE_gainc 2 53 | SE_shapeic 2
Table 1.B.11 — Bit Order for 2 kbit/s (unvoiced frame — unvoiced frame)
unvoiced frame — unvoiced frame
No. | Item Bit No. | Item Bit | No. | Item Bit
Class | Bit 28 | VX _gain1[0]c 0| 54 |LSP2c 0
0| VUVp 1 29 | VX _gaini[1]c 3| 55| LSP3c 2
1| VUVp 0 30 | VX _gain1[1]c 2 Class V Bit
2 | LSP4p 0 31 | VX_gain1[1]c 1 56 | LSP3c 1
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3 | VX_gain1[0]p 3 32 | VX_gain1[1]c 0| 57 |LSP3c 0
4 | VX _gain1[0]p 2 33 | LSP1c 4 | 58 | VX_shape1[0]c 5
5| VX_gain1[0]p 1 34 | LSP1c 3| 59 | VX_shapei[0O]c 4
6 | VX_gain1[0]p 0 35 | LSP1c 2 Class VI Bit
7 | VX_gaini[1]p 3 36 | LSP1c 1 60 | VX_shape1[0]p 3
8 | VX _gain1[1]p 2 37 | LSP1c 0| 61| VX shapel[0]p 2
9 [ VX_gain1[1]p 1 38 | LSP2c 6| 62 | VX_shapel[O]p 1
10 | VX gaini[1]p 0 39 | LSP2c 5] 63 | VX shapel[0]p 0
11 | LSP1p 4 40 | LSP2c 4 | 64 | VX_shapel[l]p 5
12 | LSP1p 3 41 | LSP2c 3| 65| VX shapel[l]p 4
13 | LSP1p 2 42 | LSP3c 4 | 66 | VX_shapel[l]p 3
14 | LSP1p 1 43 | LSP3c 3| 67 | VX_shapei[tlp 2
15 | LSP1p 0 Class Il Bit 68 | VX_shapel[]p 1
16 | LSP2p 6 44 | LSP2p 2| 69 | VX shapel[1]p 0
17 | LSP2p 5 45 | LSP2p 1 70 | VX(shape1[O]c 3
18 | LSP2p 4 46 | LSP2p 0| 71 |¥X/shape1[0]c 2
19 | LSP2p 3 47 | LSP3p 2| 72\ NVX_shape1[0]c 1
20 | LSP3p 4 Class lll Bit 73"| VX_shape1[0]c 0
21 | LSP3p 3 48 | LSP3p 1 74 | VX_shapei[1]c 5
22 | VUVc 1 49 | LSP3p 0| 75| VX_shapeil[l]c 4
23 | VUVc 0 50 | VX_shape1[0O]p 5| 76 | VX_shapei[l]c 3
24 | LSP4c 0 51 | VX_shape1[0]p 4 | 77 | VX_shapel[1lc 2
25 | VX_gain1[0]c 3 Class IV Bjt 78 | VX_shapei[1]c 1
26 | VX_gain1[0]c 2 52 | LSP2c 2| 79 | VX_shapei[l]c 0
27 | VX_gain1[0]c 1 53 | LSP2c 1
Table 1.B.12 — Bit Order for 4 kbit/s (voiced frame — voiced frame)
voiced frame - voiced frame
No. | Item | Bit\| No. Item Bit | No. | Item | Bit
Class 1bit 55 LSP2c 3 Class lll Bit
0 VUVp 1 56 SE_shape3c 6 110 | SE_shapeip 3
1 VUVp 0 57 SE_shape3c 5 111 SE_shapelp 2
2 LSP4p 0 58 SE_shape3c 4 112 SE_shapelp 1
3 SEgainp 4 59 SE_shape3c 3 113 | SE_shapeip 0
4 SE_gainp 3 60 SE_shape3c 2 Class IV Bit
5 SE_gainp 2 61 LSP3c 4 114 | SE_shape2p 3
6 SE_gainp 1 62 LSP5c 7 115 | SE_shape2p 2
7 SE_gainp 0 63 SE_shape4c 9 116 | SE_shape2p 1
8 LSP1p 4 64 SE_shapebc 8 117 SE_shape2p 0
9 LSP1p 3 65 SE_shape6c 5 Class V Bit
10 LSP1p 2 Class Il Bit 118 SE_shapeic 3
11 LSP1p 1 66 SE_shapedp 8 119 | SE_shapeic 2
12 LSP1p 0 67 SE_shape4p 7 120 SE_shapeic 1
13 Pitchp 6 68 SE_shape4p 6 121 SE_shapeic 0
14 Pitchp 5 69 SE_shapedp 5 Class VI Bit
15 Pitchp 4 70 SE_shape4p 4 122 SE_shape2c 3
16 Pitchp 3 7 SE_shapedp 3 123 SE_shape2c 2
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17 Pitchp 2 72 SE_shapedp 2 124 SE_shape2c 1
18 Pitchp 1 73 SE_shapedp 1 125 SE_shape2c 0
19 LSP2p 6 74 SE_shapedp 0 Class VIl Bit
20 LSP2p 5 75 SE_shape5p 7 126 LSP2p 2
21 LSP2p 4 76 SE_shape5p 6 127 LSP2p 1
22 LSP2p 3 77 SE_shape5p 5 128 LSP2p 0
23 | SE_shape3p 6 78 SE_shape5p 4 129 LSP3p 3
24 | SE shape3dp 5 79 SE shape5p 3 130 LSP3p 2
25 | SE_shape3p 4 80 SE_shape5p 2 131 LSP3p 1
26 | SE_shape3p 3 81 SE_shape5p 1 132 LSP3p 0
27 | SE_shape3p 2 82 SE_shape5p 0 133 LSP5p 6
28 LSP3p 4 83 SE_shapebp 4 134 LSP5p 5
29 LSP5p 7 84 SE_shapeb6p 3 135 LSP5p 4
30 | SE_shape4dp 9 85 SE_shapebp 2 136 LSP5p 3
31 SE_shape5p 8 86 SE_shapebp 1 137 LSP5p 2
32 | SE_shape6p 5 87 SE_shape6p 0 138 LSP5p 1
33 VUVc 1 88 SE_shape4c 8 139 LSP5p 0
34 VUVc 0 89 SE_shape4c 7 140 Pitchp 0
35 LSP4c 0 90 SE_shape4c 6 141 SE_shape3p 1
36 SE_gainc 4 91 SE_shape4c 5 142 SE_shape3p 0
37 SE_gainc 3 92 SE_shape4c 4 143 LSP2c 2
38 SE_gainc 2 93 SE_shapeé4c 3 144 LSP2c 1
39 SE_gainc 1 94 SE_shape4c 2 145 LSP2c 0
40 SE_gainc 0 95 SE_shapei4c 1 146 LSP3c 3
41 LSP1c 4 96 SE_shape4c 0 147 LSP3c 2
42 LSP1c 3 97 SE -shape5c 7 148 LSP3c 1
43 LSP1c 2 98 SE’shape5c 6 149 LSP3c 0
44 LSP1c 1 99 SE_shape5c 5 150 LSP5c 6
45 LSP1c 0 100 SE_shape5c 4 151 LSP5c 5
46 Pitchc 6 101 SE_shape5c 3 152 LSP5c 4
47 Pitchc 5 102 SE_shape5c 2 153 LSP5c 3
48 Pitchc 4 103 SE_shape5c 1 154 LSP5c 2
49 Pitchc 3 104 SE_shape5c 0 155 LSP5c 1
50 Pitche 2 105 SE_shape6c 4 156 LSP5c 0
51 Pitche 1 106 SE_shape6c 3 157 Pitchc 0
52 LSP2c 6 107 SE_shape6c 2 158 SE_shape3c 1
53 LSP2c 5 108 SE_shapebc 1 159 SE_shape3c 0
54 LSP2c 4 109 SE_shape6c 0
Table 1.B.13 — Bit Order for 4 kbit/s (voiced frame — unvoiced frame)
voiced frame — unvoiced frame
No.| Item | Bit | No. Item Bit | No. | Item | Bit
Class 1bit 55 VX_gain2[0]c 2 Class lll Bit

0 VUVp 1 56 VX_gain2[0]c 1 110 SE_shapelp 3

1 VUVp 0 57 VX_gain2[0]c 0 111 SE_shapelp 2

2 LSP4p 0 58 VX_gain2[1]c 2 112 SE_shapelp 1

3 SE_gainp 4 59 VX_gain2[1]c 1 113 SE_shapelp 0
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4 SE_gainp 3 60 VX_gain2[1]c 0 Class IV Bit

5 SE_gainp 2 61 VX_gain2[2]c 2 114 SE_shape2p 3
6 SE_gainp 1 62 VX_gain2[2]c 1 115 SE_shape2p 2
7 SE_gainp 0 63 VX_gain2[2]c 0 116 SE_shape2p 1
8 LSP1p 4 64 VX_gain2[3]c 2 117 SE_shape2p 0
9 LSP1p 3 65 VX_gain2[3]c 1 Class V Bit

10 LSP1p 2 Class Il Bit 118 | VX _shapel[l]c 4
11 LSP1p 1 66 SE shapedp 8 119 | VX shapei[1]c 3
12 LSP1p 0 67 SE_shapedp 7 120 | VX_shapei[1]c 2
13 Pitchp 6 68 SE_shapedp 6 121 VX_shape1[1]c 1
14 Pitchp 5 69 SE_shapedp 5 Class VI Bit

15 Pitchp 4 70 SE_shapedp 4 122 | VX _shapei[t]c 0
16 Pitchp 3 71 SE_shapedp 3 123 VX _shape2[0]c 4
17 Pitchp 2 72 SE_shapedp 2 124 | VX _shape2[0]c 3
18 Pitchp 1 73 SE_shapedp 1 125 | VX shape2[0]c 2
19 LSP2p 6 74 SE_shapedp 0 Class VIl Bit

20 LSP2p 5 75 SE_shape5p 7 126 LSP2p 2
21 LSP2p 4 76 SE_shape5p 6 127 LSP2p 1
22 LSP2p 3 77 SE_shape5p 5 128 LSP2p 0
23 | SE_shape3p 6 78 SE_shape5p 4 129 LSP3p 3
24 | SE_shape3p 5 79 SE_shape5p 3 130 LSP3p 2
25 | SE_shape3p | 4 80 SE_shape5p 2 131 LSP3p 1
26 | SE_shape3p 3 81 SE_shapebp 1 132 LSP3p 0
27 | SE_shape3p 2 82 SE_shape5p 0 133 LSP5p 6
28 LSP3p 4 83 SE _shapebp 4 134 LSP5p 5
29 LSP5p 7 84 SE “shapebp 3 135 LSP5p 4
30 | SE_shape4p 9 85 SE_shapebp 2 136 LSP5p 3
31 | SE_shape5p 8 86 SE_shape6p 1 137 LSP5p 2
32 | SE_shape6p 5 87 SE_shapebp 0 138 LSP5p 1
33 VUVc 1 88 VX_gain2[3]c 0 139 LSP5p 0
34 VUVc 0 89 LSP2c 2 140 Pitchp 0
35 LSP4c 0 20 LSP2c 1 141 SE_shape3p 1
36 | VX gain1Qlc| 3 91 LSP2c 0 142 SE_shape3p 0
37 | VX_gaindfQlc | 2 92 LSP3c 3 143 | VX _shape2[0]c 1
38 | VX _@ain1[0lc | 1 93 LSP3c 2 144 | VX _shape2[0]c 0
39 | VX{gain1[0lc| O 94 LSP3c 1 145 | VX _shape2[1]c 4
40 .4 VX _gain1[1lc | 3 95 LSP3c 0 146 | VX _shape2[i]c 3
41\ | VX _gain1[1]lc | 2 96 LSP5c 6 147 | VX _shape2[1]c 2
42 | VX _gain1[1lc | 1 97 LSP5c 5 148 | VX _shape2[1]c 1
43—\ —gaintHe+—H 98 LSP5e 4 149—\Lx—shape2fHe 0
44 LSP1c 4 929 LSP5c 3 150 | VX_shape2[2]c 4
45 LSP1c 3 100 LSP5c 2 151 VX_shape2[2]c 3
46 LSP1c 2 101 LSP5c 1 152 | VX _shape2[2]c 2
47 LSP1c 1 102 LSP5c 0 153 | VX_shape2[2]c 1
48 LSP1c 0 103 | VX shape1[0O]c 5 154 | VX _shape2[2]c 0
49 LSP2c 6 104 | VX _ shape1[0]c 4 155 | VX _shape2[3]c 4
50 LSP2c 5 105 | VX shape1[0]c 3 156 | VX _shape2[3]c 3
51 LSP2c 4 106 | VX shape1[0]c 2 157 | VX _shape2[3]c 2
52 LSP2c 3 107 | VX _shape1[0]c 1 158 | VX _shape2[3]c 1
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53 LSP3c 4 108 | VX_shape1[Q]c 0 159 | VX_shape?[3]c 0
54 LSP5¢c 7 109 | VX_shapel[i]c 5

Table 1.B.14 — Bit Order for 4 kbit/s (unvoiced frame — voiced frame)

unvoiced frame - voiced frame
No.| Item | Bit | No. Item Bit | No. | Item | Bit
Class—thit 55 ESP2¢e 3 €lass1iBit
0 VUVp 1 56 SE_shape3c 6 110 | VX shapei[1]p 4
1 VUVp 0 57 SE_shape3c 5 111 VX _shape1[1]p 3
2 LSP4p 0 58 SE_shape3c 4 112 | VX _shapeil[1]p 2
3 | VX gain1[0lp| 3 59 SE_shape3c 3 113 | VX _shapeil[t]p 1
4 | VX gain1[0]p | 2 60 SE_shape3c 2 Class IV Bit
5 | VX gain1[Olp | 1 61 LSP3c 4 114 | VX shapei[1]p 0
6 | VX gain1[0lp| O 62 LSP5c 7 115 | VX/shape2[0]p 4
7 | VX gain1[1lp| 3 63 SE_shapedc 9 116 | MX shape2[0]p 3
8 | VX gain1[1lp| 2 64 SE_shape5c 8 117 (VX _shape2[0]p 2
9 [ VX_gain[1lp| 1 65 SE_shape6c 5 Class V Bit
10 | VX_gaini[1lp| O Class Il Bit 118 SE_shapeic 3
1 LSP1p 4 66 VX_gain2[3]p 0 119 SE_shapeic 2
12 LSP1p 3 67 LSP2p 2 120 SE_shapeic 1
13 LSP1p 2 68 LSP2p 1 121 SE_shapeic 0
14 LSP1p 1 69 LSP2p 0 Class VI Bit
15 LSP1p 0 70 LSP3p 3 122 SE_shape2c 3
16 LSP2p 6 71 LSP3p 2 123 SE_shape2c 2
17 LSP2p 5 72 LSP3p 1 124 SE_shape2c 1
18 LSP2p 4 73 LSP3p 0 125 SE_shape2c 0
19 LSP2p 3 74 LSP5p 6 Class VIl Bit
20 LSP3p 4 75 LSP5p 5 126 | VX _shape2[0]p 1
21 LSP5p 7 76 LSP5p 4 127 | VX_shape2[0]p 0
22 | VX gain2[0]lp | 2 77 LSP5p 3 128 | VX _shape2[1]p 4
23 | VX _gain2[0lpA~ 1 78 LSP5p 2 129 | VX shape2[1]p 3
24 | VX gain2[0lpy[” O 79 LSP5p 1 130 | VX shape2[1]p 2
25 | VX gain2{tlp | 2 80 LSP5p 0 131 VX_shape2[1]p 1
26 | VX gain2[1lp | 1 81 VX _shape1[0]p 5 132 | VX _shape2[1]p 0
27 | VX\@gain2[1lp| O 82 VX_shape1[0]p 4 133 | VX _shape2[2]p 4
28 { VX gain2[2]p| 2 83 VX_shape1[0]p 3 134 | VX _shape2[2]p 3
29\|"VX gain2[2lp | 1 84 VX _shape1[0]p 2 135 | VX shape2[2]p 2
30 | VX gain2[2]p| O 85 VX_shape1[0]p 1 136 | VX shape2[2]p 1
31 | VX gain2[3]p| 2 86 VX_shape1[0]p 0 137 | VX _shape2[2]p 0
32 | VX gain2[3]p| 1 87 VX _shape1[1]p 5 138 | VX _shape2[3]p 4
33 VUVc 1 88 SE_shape4c 8 139 | VX shape2[3]p 3
34 VUVc 0 89 SE_shapedc 7 140 | VX _shape2[3]p 2
35 LSP4c 0 920 SE_shape4c 6 141 VX_shape2[3]p 1
36 SE_gainc 4 91 SE_shape4c 5 142 | VX _shape2[3]p 0
37 SE_gainc 3 92 SE_shapedc 4 143 LSP2c 2
38 SE_gainc 2 93 SE_shape4c 3 144 LSP2c 1
39 SE_gainc 1 94 SE_shape4c 2 145 LSP2c 0
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40 SE_gainc 0 95 SE_shape4c 1 146 LSP3c 3
41 LSP1c 4 96 SE_shape4c 0 147 LSP3c 2
42 LSP1c 3 97 SE_shape5c 7 148 LSP3c 1
43 LSP1c 2 98 SE_shape5c 6 149 LSP3c 0
44 LSP1c 1 99 SE_shape5c 5 150 LSP5c 6
45 LSP1c 0 100 SE_shape5c 4 151 LSP5c 5
46 Pitchc 6 101 SE_shape5c 3 152 LSP5c 4
47 Pitchc 5 102 SE_shape5c 2 153 LSP5c 3
43 Pitchc 7z 103 SE_shapesc | 154 [SP5C Z
49 Pitchc 3 104 SE_shape5c 0 155 LSP5c 1
50 Pitchc 2 105 SE_shape6c 4 156 LSP5c 0
51 Pitchc 1 106 SE_shape6c 3 157 Pitchc 0
52 LSP2c 6 107 SE_shape6c 2 158 SE_shape3e 1
53 LSP2c 5 108 SE_shape6c 1 159 SE_shape3c 0
54 LSP2c 4 109 SE_shapebc 0
Table 1.B.15 — Bit Order for 4 kbit/s (unvoiced frame <= unvoiced frame)
unvoiced frame — unvoiced frame
No.| Item | Bit | No. Item Bity| No. | Item | Bit
Class 1bit 55 VX_gain2[0]c 2 Class lll Bit
0 VUVp 1 56 VX_gain2[0]c 1 110 | VX shapel[1]p 4
1 VUVp 0 57 VX_gain2[0]c 0 111 VX_shape1[1]p 3
2 LSP4p 0 58 VX_gain2{1]c 2 112 | VX _shapei[1lp 2
3 | VX gain1[0lp| 3 59 VX gain2[1]c 1 113 | VX shapel[1]p 1
4 | VX_gain10lp| 2 60 VX ‘gain2[1]c 0 Class IV Bit
5 | VX gain1[0lp| 1 61 VX_gain2[2]c 2 114 | VX shapel[1]p 0
6 | VX gaint[Olp| O 62 VX _gain2[2]c 1 115 | VX shape2[0]p 4
7 | VX gaini[1lp| 3 63 VX_gain2[2]c 0 116 | VX shape2[O]p 3
8 | VX gaini[llp| 2 64 VX_gain2[3]c 2 117 | VX _shape2[O]p 2
9 [ VX_gaini[1]p | (1 65 VX _gain2[3]c 1 Class V Bit
10 | VX_gain1[1lpy 0 Class Il Bit 118 | VX _shapel[l]c 4
11 LSP1p 4 66 VX_gain2[3]p 0 119 | VX _shapel[i]c 3
12 LSP1p 3 67 LSP2p 2 120 | VX_shapei[1]c 2
13 LKSP1p 2 68 LSP2p 1 121 VX_shape1[1]c 1
14 LSP1p 1 69 LSP2p 0 Class VI Bit
15 LSP1p 0 70 LSP3p 3 122 | VX_shape1[1]c 0
16 LSP2p 6 7 LSP3p 2 123 | VX _shape2[0]c 4
17 LSP2p 5 72 LSP3p 1 124 | VX _shape2[0]c 3
18 +SP2p 4 73 +=SP3p f 25—V X—shape2{tic 2
19 LSP2p 3 74 LSP5p 6 Class VIl Bit
20 LSP3p 4 75 LSP5p 5 126 | VX _shape2[0]p 1
21 LSP5p 7 76 LSP5p 4 127 | VX_shape2[0]p 0
22 [ VX gain20lp | 2 77 LSP5p 3 128 | VX _shape2[1]p 4
23 [ VX _gain2[0lp | 1 78 LSP5p 2 129 | VX shape2[1]p 3
24 | VX gain2[0lp| O 79 LSP5p 1 130 | VX shape2[1]p 2
25 | VX gain2[1lp| 2 80 LSP5p 0 131 VX_shape2[1]p 1
26 | VX gain2[1lp | 1 81 VX_shape1[0]p 5 132 | VX shape2[1]p 0
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1.B.3.3

1.B.3.3.1
The Tab

27 | VX gain2[1lp| O 82 VX_shape1[0]p 4 133 | VX _shape2[2]p 4
28 | VX gain2[2p| 2 83 VX_shape1[0]p 3 134 | VX _shape2[2]p 3
29 | VX gain2[2p | 1 84 VX_shape1[0]p 2 135 | VX _shape2[2]p 2
30 | VX gain2[2]p| O 85 VX _shape1[0]p 1 136 | VX shape2[2]p 1
31 | VX gain2[3]p| 2 86 VX_shape1[0]p 0 137 | VX_shape2[2]p 0
32 | VX gain2[3]p | 1 87 VX_shape1[1]p 5 138 | VX _shape2[3]p 4
33 VUVc 1 88 VX_gain2[3]c 0 139 | VX shape2[3]p 3
34 VUVc 0 89 LSP2c 2 140 | VX shape2[3]p 2
35 [SPZ4c 0 90 [SPZC 1 41 VX_shapeZ[3]p 1
36 | VX gain1[0lc | 3 91 LSP2c 0 142 | VX _shape2[3]p 0
37 | VX_gain1[0lc | 2 92 LSP3c 3 143 | VX _shape2[0]c 1
38 | VX_gain1[0lc | 1 93 LSP3c 2 144 | VX_shape2[O]c 0
39 | VX gain1[0lc| O 94 LSP3c 1 145 | VX _shape2[1]e 4
40 | VX_gain1[1lc | 3 95 LSP3c 0 146 | VX_shape2[1]c 3
41 | VX_gain1[1lc | 2 96 LSP5c 6 147 | VX_shape2[1]c 2
42 | VX _gaini[1lc | 1 97 LSP5c 5 148 | VX<{shape2[1]c 1
43 | VX_gain1[1lc | O 98 LSP5c 4 149 | VX shape2[1]c 0
44 LSP1c 4 99 LSP5c 3 150 .4 VX_shape2[2]c 4
45 LSP1c 3 100 LSP5c 2 151 VX_shape2[2]c 3
46 LSP1c 2 101 LSP5c 1 152 | VX_shape2[2]c 2
47 LSP1c 1 102 LSP5c Q 153 | VX _shape2[2]c 1
48 LSP1c 0 103 | VX _shape1[0]c 5 154 | VX _shape2[2]c 0
49 LSP2c 6 104 | VX _shape1[0]c 4 155 | VX _shape2[3]c 4
50 LSP2c 5 105 | VX _shapei[Q]c 3 156 | VX_shape2[3]c 3
51 LSP2c 4 106 | VX _shapei[0]c 2 157 | VX _shape2[3]c 2
52 LSP2c 3 107 | VX _shape1[0]c 1 158 | VX _shape2[3]c 1
53 LSP3c 4 108 | VXcshape1[O]c 0 159 | VX_shape2[3]c 0
54 LSP5c 7 109 | VX shapei[1]c 5

EP tool setting

Bit assignment

e 1.B.16 below shows’an example bit assignment for the use of the EP tool. In this table, bit assign

for both ¢f the 2 kbit/s and 4 kbit/s source coder are described.

130
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Table 1.B.16 — The bit assignment for the use of the EP tool

2 kbit/s Source Coder | 4 kbit/s Source Coder
Class |
Source coder bits 44 66
CRC parity 6 6
Code Rate 8/16 8/16
Class | total 100 144
Class Il
Source coder bits 4 44
CRC parity 1 6
Code Rate 8/8 8/8
Class Il total 5 50
Class
Source coder bits 4 4
CRC parity 1 1
Code Rate 8/8 8/8
Class lll total 5 5
Class IV
Source coder bits 4 4
CRC parity 1 1
Code Rate 8/8 8/8
Class |V total 5 5
Class V
Source coder bits 4 4
CRC parity 1 1
Code Rate 8/8 8/8
Class V total 5 5
Class VI
Source coder bits 20 4
CRC parity 0 1
Code Rate 8/8 8/8
Class VI total 20 5
Class VII
Source coder bits 34
CRC parity 0
Code Rate 8/8
Class Vlli(total 34
Total Bityof All Classes | 140 248
Bitrate 3.5 kbit/s 6.2 kbit/s
Class |
CRC covers all the Class | bits, and Class | bits including CRC are protected by convolutional coding.
Class [I-V(2 Khit/s), 1I-VI(4 kbit/s):
At least'one CRC bits cover the source coder bits of these classes.
Class M2 kbit/s), VII(4 kbit/s) :
T'he source coder bits are not checked by CRT nor protected by any error correction scheme.

1.B.3.4 Error concealment
When CRC error is detected, error concealment processing (bad frame masking) is carried out. An example of
concealment method is described below.

A frame masking state of the current frame is updated based on the decoded CRC result of Class |. The state
transition diagram is shown in Figure 1.B.2. The initial state is state = 0. The arrow with a letter “1” denotes the
transition for a bad frame, and that with a letter “0” a good frame.
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1.B.3.4.1

Parameter replacemet

According to the state value, the following parameter replacement is done. In error free condition, state value
becomes 0, and received source coder bits are used without any concealment processing.

1.B.3.4.1.1 LSP parameters
At state=1..6, LSP parameters are replaced with those of previous ones.
When state=7, If LSP4=0 (LSP quantization mode without inter-frame prediction), then LSP parameters are
calculateg-fromat-tESP-imdices received-mthecorrent-frame—H£SP4—=+1 (LSP quantizatiommode-with-nten-frame
coding), then LSP parameters are calculated with the following method.
In this mpde, LSP parameters from LSP1 index are interpolated with the previous LSPs.
LSP,,.(n)=p-LSP,, (n)+(1- p)LSH, (n) forn=1..10 (1)
LSP,,, (n) is LSP parameters of the base layer, LSP,, (n) is the previous LSPs,( LSP,(n) is the dgcoded
LSPs from the current LSP1 index, and p is the factor of interpolation. p is changed according to the number of
previous|CRC error frames of Class | bits as shown in Table 1.B.17. LSP indices’LSP2, LSP3 and LSP5 are not
used and LSP,, (n) is used as current LSP parameters.
Table 1.B.17 — p factor
frame B

0 0.7

1 0.6

2 0.5

3 0.4

4 0.3

5 0.2

6 0.1

>7 0.0
1.B.3.4.1.2 Mute variable
According to the “state” value, a-variable “mute” is set to control output level of speech.

The “mufe” value below is used:

In state ¥ 7, the average of 1:0 and “mute” value of the previous frame ( = 0.5 ( 1.0 + previous “mute valug’
used, buf when this valugiis’'more than 0.8, “mute” value is replaced with 0.8.
Table 1.B.18 — mute value
State mute

0 1.000

1 0.800

2 0.700

3 0.500

4 0.250

5 0.125

6 0.000

7 Average/0.800
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In state=1..6, spectrum parameter SE_shape1, SE_shape2, spectrum gain parameter SE_gain, spectrum
parameter for 4 kbit/s codec SE_shape3 .. SE_shape6 are replaced with corresponding parameters of the previous
frame. Also, to control volume of output speech, harmonic magnitude parameters of LPC residual signal

“Am[O...127]” is gain controlled as shown in Eq.(1). In the equation, Am(org) [i] is computed from the received

spectrum parameters from the latest error free frame.

Amli]= mute* Am,,,,[i] ~ fori=0.127 1)

If previ

A4

As de
CRC

dimen

s[i] is

At 4 K
detect]

In sta
from
VX _ga

1.B.3.r.1.4 Replacement and gain control of “unvoiced” parameters

ous frame is unvoiced and current state is state=7, Eq.(1) is replaced with Eq.(2).
mli]= 0.6 mute* Am,,,,[i] ~ fori=0.127 (2)

scribed before, SE_shape1 and SE_shape?2 are individually protected by 1 bit CRCV*In state=0 or
brrors of these classes are detected at the same time, the quantized harmonic magnitudes v

sion Am,,[1..44] are gain suppressed as shown in Eq.(3).

Am,,[i]= s[i]* Am [i] fori=1.44 3)

gnt(org)
the factor for the gain suppression.

Table 1.B.19 - factor for gain suppression ‘s[0..44]’

] 1 2 3 4 5 6 7.44
71 10.10 [0.25 |040 [\0.55 [0.70 [0.85 |1.00

bit/s, SE_shape4, SE_shape5, and SE_shape6 are checked by CRC as Class Il bits. When CR(
bd, the spectrum parameter of the enhancement layer is not used.

e=1..6, stochastic codebookigain parameter VX_gain1[0], VX_gain1[1] are replaced with the VX
the latest error free~frame. Also stochastic codebook gain parameter for 4 kbit/
in2[0]..VX_gain2[3] are.replaced with the VX _gain2[3] from the latest error free frame.

Stoch

4 kbit/p codec are generated from randomly generated index values.

Also,

the equation, res, )[i] is computed from stochastic codebook parameters.

res[i] = mutexres ., [i]  (0<i<159) (4)

stic codebook shape parameter VX_shape1[0], VX_shape1[1],and stochastic codebook shape para

control volumie of output speech, LPC residual signal reS[O...159] is gain controlled as shown in

org

7, when
ith fixed

b error is

| gain1[1]
5 codec

meter for

Eq.(4). In

© ISO/IEC 2009 — All rights reserved

133


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:200X(E)

1.B.3.4.1.5 Frame Masking State Transitions

134

Figure 1.B.2 — Frame Masking State Transitions
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Subpart 2: Speech coding - HVXC

2.1 Scope

MPEG
coding

emplolyed. HVXC allows coding of speech signals at 2.0 kbps and 4.0 kbps with a scalable schenie, W

kbps ¢

provides variable bit rate coding where a typical average bit-rate is around 1.2-1.7 kbit/s. Independent ¢

speed
length

Furthg
variab

2.2

Terms

-4 parametric speech coding uses Harmonic Vector eXcitation Coding (HVXC) algorithm, whereyharmonic
of LPC residual signals for voiced segments and Vector eXcitation Coding (VXC) for unvoiced-segments are

ecoding is possible not only using the 2.0 kbps bitstream but also using a 4.0 kbps bitstream. H

here 2.0
XC also

hange of

and pitch during decoding is possible, which is a powerful functionality for fast data base search. The frame
is 20 ms, and one of four different algorithmic delays, 33.5 ms, 36ms, 53.5 ms, 56.ms can be selectgd.

rmore as an extension of HVXC, ER_HVXC object type offers error resilient syntax and the 4.0 kbit/s

e bitrate mode.

Bitstream HV.XC Decoder
—O

O—' Decoder and Synthesiser

y 7'y

Pitch control factor, &

Speed control factor IZ

Figure,2.1.— Block diagram of the parametric speech decoder

Terms and definitions

and definitionstan be found in subpart 1, subclause 1.3.

2.3

Bitstream syntax

An MPEG-4 Natural Audio Object HVYXC/ER_HVXC object type is transmitted in one or two Elementary Streams:
The base layer stream and an optional enhancement layer stream.

When the HVXC tool is used with an error protection tool, such as an MPEG-4 EP tool, the bit order arranged in
accordance with the error sensitivity should be used. The HVXC with the error resilient syntax and 4.0 kbit/s

variab

The bi

le bitrate mode described in subclauses 2.3.3 and 2.3.4 are called ER_HVXC.

tstream syntax is described in pseudo-C code.
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2.3.1Decoder configuration (HvxcSpecificConfig)

The decoder configuration information for HVXC object type is transmitted in the DecoderConfigDescriptor() of the
base layer and the optional enhancement layer Elementary Stream (see subpart 1, subclause 1.6).

The following HvxcSpecificConfig() is required:

HvxcSpecificConfig ( )
isBaselLayer

{
1

uimsbf

if (isBgselLayer) {
H\XCconfig()
}

}

HVXC object type provides unscalable modes and a 2 kbit/s base layer plus a 2 kbit/s enhancemient layer sgalable

mode. In[this scalable mode the basic layer configuration must be as follows:

HVXClvarMode = 0

HVXCfateMode = 0

isBasgLayer=1

HVXC fixed bit rate

HVXC 2kbps

base layer

Table 2.1 — Syntax of HVXCconfig()

if (extensionFlag) {
< to be defined in MPEG-4 Version 2 >

Syntax No. of bits  Mnemonic

HVXCconfig()

{
HVXCvarMode; 1 uimsbf
HVXCrateMode; uimsbf
extensionFlag; uimsbf

}
}
Table 2.2 — HVXCvarMode
HVXCvarMode Description
0 HVXC fixed bit rate
1 HVXC variable bit rate
Table 2.3 — HVXCrateMode
HVXCrateMode HVXCrate Description
0 2000 HVXC 2 kbit/s
1 4000 HVYXC4kbit’s
2 3700 HVXC 3.7 kbit/s
3 (reserved)

Table 2.4 — HVXC constants

NUM_SUBF1

NUM_SUBF2

2

4
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2.3.2Bitstream frame (alPduPayload)

The dynamic data for HVXC object type is transmitted as AL-PDU payload in the base layer and the optional
enhancement layer Elementary Stream (see subpart 1, subclause 1.6).

HVXC Base Layer -- Access Unit payload

alPduPayload {
HVXCframe () ;

}

HVXC|Enhancement Layer -- Access Unit payload

To pafse and decode the HVXC enhancement layer, information decoded from the HVXC\base layer is redquired.

alfduPayload {
HVXCenhaFrame () ;

Table 2.5 — Syntax of HVXCframe()

Syntax No. of bits  Mnemonic
HVXCframe()

{

if (HVXCvarMode == 0) {
HVXCfixframe(HVXCrate);

}

else {
HVXCvarframe();

}

2.3.2.1 HVXC bitstream frame

Table 2.6 — Syntax of HVXCfixframe(rate)

Syntax No. of bits  Mnemonic
HVXCfixframe(rate)

{

if (rate >= 2000) {
idLsp1();
idVUV();

idEyed1 ()
TOEXCT

}

if (rate >= 3700) {
idLsp2();
idExc2(rate);

© ISO/IEC 2009 — All rights reserved 5
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Table 2.7 — Syntax of HVXCenhaFrame()

Syntax No. of bits  Mnemonic

HVXCenhaFrame()

idLsp2();
idExc2(4000);

Table 2.8 — Syntax of idLsp1()

Syntax No. of bits Mnemaniic

idLsp1()

{
LSP1; 5 uimsbf
LSP2; 7 uimsbf
LSP3; 5 uimsbf
LSP4; 1 uimsbf

}

Table 2.9 — Syntax of idLsp2()

Syntax No. of bits  Mnemonic
idLsp2()
{
LSP5; 8 uimsbf
}

Table 2.10 — Syntax of idVUV()

Syntax No. of bits  Mnemonic
idVUV()
{
VUuV; 2 uimsbf
}

Table 2.11 — VUV (for fixed bit rate mode)

VUV Description

0 Unvoiced Speech

1 Mixed Voiced Speech-1
2 Mixed Voiced Speech-2
3 Voiced Speech

Table 2.12 — Syntax of idExc1()

Syntax No. of bits Mnemonic
idExc1()
{
if (VUV I=0){
Pitch; 7 uimsbf
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SE_shape1; 4 uimsbf
SE_shape2; 4 uimsbf
SE_gain; 5 uimsbf
}
else{
for (sf_num = 0; sf_num < NUM_SUBF1; sf_num++) {
VX_shape1 [sf_num]; 6 uimsbf
VX_gain1 [sf_num]; 4 uimsbf
}
}
}
Table 2.13 — Syntax of idExc2(rate)
Syntax No. of bits +_'Mnemonic
idExc2(rate)
{
if (VUV I=0){
SE_shape3; 7 uimsbf
SE_shaped; 10 uimsbf
SE_shape5; 9 uimsbf
if (rate >=4000) {
SE_shape6; 6 uimsbf
}
}
else {
for (sf_num = 0; sf_num < NUM_SUBREZ2:1; sf_num++) {
VX_shape2[sf_num]; 5 uimsbf
VX_gain2[sf_num]; 3 uimsbf
}
if (rate >=4000) {
VX_shape2[3]; 5 uimsbf
VX_gain2[3]; 3 uimsbf
}
}
}
idLsp1(), idExcA(),-idVUV() are treated as base layer in case of scalable mode.
idLsp2(), idExc2() are treated as enhancement layer in case of scalable mode.
Table 2.14 — Syntax of HVXCvarframe()
Qynfnv No—of bits Mnemaonic
HVXCvarframe()
{
idvarVUV();
idvarLsp1();
idvarExc1();
}
Table 2.15 — Syntax of idvarVUV()
Syntax No. of bits  Mnemonic
idvarVUV()
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https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

{
VUV, 2 uimsbf
}
Table 2.16 — VUV (for variable bit rate mode)
VUV Description
0 Unvoiced Speech
1 Rnr\kgrmmd Naoise
2 Mixed Voiced Speech
3 Voiced Speech
Table 2.17 — Syntax of idvarLsp1()
Syntax No. of bits "“Mnemonic
idvarLsp1()
if (VUV I=1){
LSP1; 5 uimsbf
LSP2; 7 uimsbf
LSP3; 5 uimsbf
LSP4; 1 uimsbf
}
}
Table 2.18 — Syntax of idvarExc1()
Syntax No. of bits ~ Mnemonic
idvarExc1()
if (VUV I=1){
if (VUV 1=0) {
Pitch; 7 uimsbf
SE_Shape1; 4 uimsbf
SE_Shape2; 4 uimsbf
SE_Gain; 5 uimsbf
}
else {
for (sf_num = 0;sf_num < NUM_SUBF1; sf_num++) {
VX_gain1[sf_num]; 4 uimsbf
}
}
¥
}

2.3.3Decoder configuration (ErrorResilientHvxcSpecificConfig)

The decoder configuration information for ER_HVXC object type is transmitted in the DecoderConfigDescriptor() of
the base layer and the optional enhancement layer Elementary Stream.

The following ErrorResilientHvxcSpecificConfig() is required:

ErrorResilientHvxcSpecificConfig() {
isBaseLayer 1 uimsbf
if (isBaselLayer) {

8 © ISO/IEC 2009 — All rights reserved
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ErHVXCconfig();

}
}

ER_HVXC object type provides unscalable modes and scalable modes. In the scalable modes the base layer
configuration must be as follows:

HVXCrateMode = 0 ER_HVXC 2 kbit/s
isBaselLayer = 1 base layer

Table 2.19 — Syntax of ErHvxcConfig()

Syntax No. of bits Mnéemonic
ErHVXCconfig()
{
HVXCvarMode; 1 uimsbf
HVXCrateMode; 2 uimsbf
extensionFlag; 1 uimsbf
if (extensionFlag) {
var_ScalableFlag; 1 uimsbf
}
}

Table 2.20 — HVXCvarMode

HVXCvarMode DPescription
0 ER"HVXC fixed bitrate
1 ER_HVXC variable bitrate

Table 2.21 — HVXCrateMode

HVXCrateMode | HVXCrate Description
0 2000 ER_HVXC 2 kbit/s
1 4000 ER_HVXC 4 kbit/s
2 3700 ER_HVXC 3.7 kbit/s
3 (reserved)

Table 2.22 — var_ScalableFlag

var_ScalableFlag Description
0 ER_HVXC variable rate non-scalable mode
1 ER_HVXC variable rate scalable mode

2.3.4Bitstream frame (alPduPayload)

The dynamic data for ER_HVXC object type is transmitted as AL-PDU payload in the base layer and the optional
enhancement layer Elementary Stream.

ER_HVXC Base Layer -- Access Unit payload
alPduPayload {
ErHVXCframe () ;
}

© ISO/IEC 2009 — All rights reserved 9
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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.

alPduPayload {
ErHVXCenhaFrame () ;
}

Table 2.23 — Syntax of ErHVXCframe()

Syntax

No. of bits  Mnemonie

ErHVXCframe()

{
if (HVXCvarMode == 0) {

ErHVXCfixframe(HVXCrate);

}
else {
ErHVXCvarframe(HVXCrate);
}
}
Table 2.24 — Syntax of ErHVXCenhaframe()
Syntax No. of bits  Mnemonic
ErHVXCenhaframe()
{
if (HVXCvarMode == 0) {
ErHVXCenh_fixframe();
}
else {
ErHVXCenh_varframe();
}
}

2.3.4.1 Bitstream syntax of the fixed rate mode

Table 2.25 — Syntax of ErHVXCfixframe()

Syntax

No. of bits  Mnemonic

ErHV/ XCfixframe(rate)

{

if (rate == 2000) {
2k—ESCO();

2k_ESC1();
2k_ESC2();
2k_ESC3();

}

else if (rate >= 3700) {
4k_ESCO(rate);
4k_ESCA1(rate);
4k_ESC2();
4k_ESC3();
4k_ESC4(rate);

10
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}
}
Table 2.26 — Syntax of 2k_ESCO0()
Syntax No. of bits ~ Mnemonic
2k_ESCO0()
{ VUV-—4-0; 2 uimsbf
if (VUV 1=0) {
LSP4, 0; 1 uimsbf
SE_gain, 4-0; 5 uimsbf
LSP1, 4-0; 5 uimsbf
Pitch, 6-1; 6 uimsbf
LSP2, 6; 1 uimsbf
LSP3, 4; 1 uimsbf
LSP2, 5; 1 uimsbf
}
else {
LSP4, 0; 1 uimsbf
VX_gain1[0], 3-0; 4 uimsbf
VX_gain1[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4-3; 2 uimsbf
}
}
Table 2,27)— Syntax of 2k_ESC1()
Syntax No. of bits  Mnemonic
2k_ESC1()
{
if (VUV I=0){
SE_shape1,-3-0; 4 uimsbf
}
else {
LSP2, 2-0; 3 uimsbf
LSP3;2; 1 uimsbf
}
}
Table 2.28 — Syntax of 2k ESC2()
Syntax No. of bits  Mnemonic
2k _ESC2()
{
if (VUV I= 0){
SE_shape2, 3-0; 4 uimsbf
}
else {
LSP3, 1-0; 2 uimsbf
VX_shape1[0], 5-4; 2 uimsbf
}

© ISO/IEC 2009 — Al rights reserved 11
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12

[}
Table 2.29 — Syntax of 2k_ESC3|()
Syntax No. of bits ~ Mnemonic
2k_ESC3()
{
if (VUV I=0){
LSP2. 4-0; 5— dimshbf
LSP3, 3-0; 4 uimsbf
Pitch, 0; 1 uimsbf
}
else {
VX_shape1[0], 3-0; 4 uimsbf
VX_shape1[1], 5-0; 6 uimsbf
}
}
Table 2.30 — Syntax of 4k_ESCO()
Syntax No. of bits  Mnemonic
4k_ESCO()
VUV, 1-0; 2 uimsbf
if (VUV 1=0) {
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_shape5, 8; 1 uimsbf
if (rate >=4000) {
SE_shapeé, 5; 1 uimsbf
}
}
else {
LSP4, 0; 1 uimsbf
VX_gain1[0], 3-0; 4 uimsbf
VX_gain1[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSF3, 4, 1 timsbf
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
if (rate >=4000) {
VX_gain2[3], 2-1; 2 uimsbf
}
}
}
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Syntax No. of bits  Mnemonic
4k_ESCA1(rate)
{
if (VUV 1=0) {
SE_shape4, 8-0; 9 uimsbf
SE_shape5, 7-0; 8 uimsbf
if (rate >=4000) {
SE_shape6, 4-0; 5 uimsbf
i
}
else {
if (rate >=4000) {
VX_gain2[3], 0; 1 uimsbf
}
LSP2, 2-0; 3 uimsbf
LSP3, 3-0; 4 uimsbf
LSP5, 6-0; 7 uimsbf
VX_shape1[0], 5-0; 6 uimsbf
VX_shape1[1], 5; 1 uimsbf
}
}
Table 2.32 — Syntax of 4k>ESC2()
Syntax No. of bits  Mnemonic
4k_ESC2()
if (VUV 1=0){
SE_shape1, 3-0; 4 uimsbf
}
else {
VX_shape1[1], 4-1; 4 uimsbf
}
}
Table 2.33 — Syntax of 4k_ESC3|()
Syntax No. of bits  Mnemonic
4k_ESC3()
{
if WUV 1=0) {
SE_shape2, 3-0; 4 uimsbf
}
else {
VX _shrape {1}, 0; 1 uimsbf
VX_shape2[0], 4-2; 3 uimsbf
}
}
Table 2.34 — Syntax of 4k_ESC4()
Syntax No. of bits  Mnemonic
4k_ESC4(rate)
{

© ISO/IEC 2009 — All rights reserved
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if (VUV I=0){
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

}

else {
VX_shape2[0], 1-0; 2 uimsbf
VX_shape2[1], 4-0; 5 uimsbf
VX_shape2[2], 4-0; 5 uimsbf
if (rate >=4000) {

VX_shape2[3], 4-0; 5 uimsbf

}

}

}

2.3.4.2 Bitstream syntax for the scalable mode

Bitstreanmp syntax of the base layer for scalable mode is the same as that of (EtHVXCfixframe(2000).

syntax of enhancement layer, ErHVXCenhaFrame(), for scalable mode is shown-below.

Table 2.35 — Syntax of ErHVXCenh< fixframe()

Bit;

stream

Syntax No. of bits  Mnemonic
ErHVXCenh_fixframe()
{
Enh_ESCO0();
Enh_ESC1();
Enh_ESC2();
}
Table 2.36 — Syntax of Enh_ESCO()
Syntax No. of bits ~ Mnemonic
Enh_ESCO0()
if (VUV 1=0){
SE_shape3), 6-2; 5 uimsbf
LSP5,.7; 1 uimsbf
SE-shape4, 9; 1 uimsbf
SE._shape5, 8; 1 uimsbf
SE_shape6, 5; 1 uimsbf
SE_shape4, 8-6; 3 uimsbf
¥
else {
LSP5, 7; 1 uimsbft
VX_gain2[0], 2-0; 3 uimsbf
VX_gain2[1], 2-0; 3 uimsbf
VX_gain2[2], 2-0; 3 uimsbf
VX_gain2[3], 2-1; 2 uimsbf
}
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Syntax No. of bits  Mnemonic
Enh_ESC1()
{
if (VUV I=0){
SE_shape4, 5-0; 6 uimsbf
SE_shape5, 7-0; 8 uimsbf
SE_shape6, 4-0; 5 uimsbf
} L L
TISE{
VX_gain2[3], 0; 1 uimsbf
LSP5, 6-0; 7 uimsbf
VX_shape2[0], 4-0; 5 uimsbf
VX_shape2[1], 4-0; 5 uimsbf
VX_shape2[2], 4; 1 uimsbf
}
}
Table 2.38 — Syntax of Enh_ESC2()
Syntax No. of bits  Mnemonic
Enh_ESC2()
{
if (VUV I=0){
LSP5, 6-0; 7 uimsbf
SE_shape3, 1-0; 2 uimsbf
}
else {
VX_shape2[2], 3-0; 4 uimsbf
VX_shape2[3], 4-0; 5 uimsbf
}
}
2.3.4.3 Bitstream syntax of variable bitrate mode
Table 2.39 — Syntax of ErHVXCvarframe()
Syntax No. of bits Mnemonic
ErHVXCvarframe(rate)
{
if (rate == 2000) {
if (var_ScalableFlag == 1) {
BaseVar_ESCO0();
BaseVar_ESC1();
BaseVar ESC2();

BaseVar_ESC3();
}else {
Var2k_ESCO(
Var2k_ESC1(
Var2k_ESC2(
Var2k_ESC3(

— — — —

}else {
Vardk_ESCO();
Vardk_ESC1();
Vardk_ESC2();

© ISO/IEC 2009 — All rights reserved
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Vardk _ESC3();
Vardk _ESCA4();

}
}
Table 2.40 — Syntax of Var2k_ESCO0()
Syntax No. of bits  Mnemonic
Mar2k—ESCOH
VUV, 1-0; 2 uimsbf
if (VUV ==2 || VUV == 3){
LSP4, 0; 1 uimsbf
SE_gain, 4-0; 5 uimsbf
LSP1, 4-0; 5 uimsbf
Pitch, 6-1; 6 uimsbf
LSP2, 6; 1 uimsbf
LSP3, 4; 1 uimsbf
LSP2, 5; 1 uimsbf
}
else if (VUV == 0) {
LSP4, 0; 1 uimsbf
VX_gain1[0], 3-0; 4 uimsbf
VX_gain1[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4-3; 2 uimsbf
}
}
Table 2.41.— Syntax of Var2k_ESC1()
Syntax No. of bits Mnemonic
Var2k_ESC1()
if (VUV == 2 || VUV==73){
SE_shape1,-3-0; 4 uimsbf
}
else if (VUV-==0) {
LSP2,2-0; 3 uimsbf
LSP3,2; 1 uimsbf
}
}
Table 2.42 — Syntax of Var2k_ESCZ()
Syntax No. of bits Mnemonic
Var2k_ESC2()
{
if (VUV ==2 || VUV == 3){
SE_shape2, 3-0; 4 uimsbf
}
else if (VUV == 0) {
LSP3, 1-0; 2 uimsbf
}
}
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Table 2.43 — Syntax of Var2k_ESC3|()

ISO/IEC 14496-3:2009(E)

Syntax No. of bits  Mnemonic
Var2k ESC3()
{
if (VUV ==2 || VUV == 3){
LSP2, 4-0; 5 uimsbf
LSP3, 3-0; 4 uimsbf
Pitch, 0; 1 uimsbf
}
}
Table 2.44 — Syntax of Var4dk_ESCO()
Syntax No. of bits Mnemonic
Vardk_ESCO()
VUV,1-0; 2 uimsbf
if (VUV ==2 || VUV == 3){
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_shape5, 8; 1 uimsbf
SE_shape6, 5; 1 uimsbf
}
else if (VUV == 0) {
LSP4, 0; 1 uimsbf
VX_gain1[0], 3-0; 4 uimsbf
VX_gain1[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4-3; 2 uimsbf
}
else {
UpdateFlag, 0; 1 uimsbf
if (UpdateFlag == 1) {
LSP4, 0; 1 uimsbf
VX_gain1[0], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4-3; 2 uimsbf
}
}
}
Table 2.45 — Syntax of Var4k_ESC1()
Syntax No. of bits Mnemonic

Vardk_ESC1()

© ISO/IEC 2009 — All rights reserved
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{
if (VUV ==2 || VUV == 3){
SE_shape4, 8-0; 9 uimsbf
SE_shape5, 7-0; 8 uimsbf
SE_shape6, 4-0; 5 uimsbf
}
else if (VUV == 0) {
LSP2, 2-0; 3 uimsbf
LSP3, 2-0; 3 uimsbf
VX_shape1[0], 5-0; 6 uimsbf
VX_shape1[1], 5-0; 6 uimsbf
}
else {
if (UpdateFlag == 1) {
LSP2, 2-0; 3 uimsbf
LSP3, 2-0; 3 uimsbf
}
}
}
Table 2.46 — Syntax of Var4k_ESC2()
Slyntax No. of bits Mnemonic
Vardk_ESC2()
{
if (VUV ==2 || VUV == 3){
SE_shape1, 3-0; 4 uimsbf
}
}
Table 2.47(— Syntax of Var4dk_ESC3()
Syntax No. of bits Mnemonic
Vardk ESC3()
{
if (VUV == 2 || VUV ==_3){
SE_shape2, 3-0; 4 uimsbf
}
}
Table 2.48 — Syntax of Var4k_ESCA4()
Slyntax No. of bits Mnemonic
VardK, _ESC4()
{
T (VOV==Z[[VOV=3){
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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Table 2.49 — Syntax of BaseVar_ESCO0()

Syntax No. of bits Mnemonic
BaseVar_ESCO0()
{
VvuVv, 1-0; 2 uimsbf
if (VUV ==2 || VUV == 3){
LSP4, 0; 1 uimsbf
SE_gain, 4-0; 5 uimsbf
LSP1, 4-0; 5 uimsbf
Pitbil, 6-1, 6 timsbhf—
LSP2, 6; 1 uimsbf
LSP3, 4; 1 uimsbf
LSP2, 5; 1 uimshbf
}
else if (VUV == 0) {
LSP4, 0; 1 uimsbf
VX_gain1[0], 3-0; 4 uimsbf
VX_gain1[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4-3; 2 uimsbf
}
else {
UpdateFlag, 0; 1 uimsbf
if (UpdateFlag == 1) {
LSP4, 0; 1 uimsbf
VX_gain1[0], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4-3; 2 uimsbf
}
}
}
Table 2.50 — Syntax of BaseVar_ESC1()
Syntax No. of bits Mnemonic
BaseVar_ESC1()
if (VUV == 2}.VUV == 3){
SE_shape1, 3-0; 4 uimsbf
}
elseAf\(WVUV == 0) {
LSP2, 2-0; 3 uimsbf
LSP3, 2; 1 uimsbf
}
else-{
if (UpdateFlag == 1) {
LSP2, 2-0; 3 uimsbf
LSP3, 2-0; 3 uimsbf
}
}
}
Table 2.51 — Syntax of BaseVar_ESC2()
| Syntax No. of bits Mnemonic |
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BaseVar_ESC2()
if (VUV ==2 || VUV == 3){
SE_shape2, 3-0; 4 uimsbf
}
else if (VUV == 0) {
LSP3, 1-0; 2 uimsbf
VX_shape1[0], 5-4; 2 uimsbf
}
}
Table 2.52 — Syntax of BaseVar_ESC3()
Slyntax No. of bits Mnéemonic
BpseVar_ESC3()
{
if (VUV ==2 || VUV == 3){
LSP2, 4-0; 5 uimsbf
LSP3, 3-0; 4 uimsbf
Pitch, 0; 1 uimsbf
}
else if (VUV == 0) {
VX_shape1[0], 3-0; 4 uimsbf
VX_shape1[1], 5-0; 6 uimsbf
}
}
2.3.4.4 Enhancement Layer of the scalable mode of the variable bitrate mode
Table 2.53 — Syntax of ErHVXCenh_varframe()
Slyntax No. of bits Mnemonic
EfHVXCenh_varframe()
{
EnhVar_ESCO0();
EnhVar_ESC1();
EnhVar_ESC2();
}
Table 2.54 — Syntax of EnhVar_ESCO0()
Slyntax No. of bits Mnemonic
EphVar{ESCO0()
{
VOV==21vov==3)%
SE_shape3, 6-2; 5 uimsbf
LSP5, 7; 1 uimsbf
SE_shape4, 9; 1 uimsbf
SE_shape5, 8; 1 uimsbf
SE_shape6, 5; 1 uimsbf
SE_shape4, 8-6; 3 uimsbf
}
}
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Table 2.55 — Synatx of EnhVar_ESC1()

Syntax No. of bits Mnemonic
EnhVar_ESC1()
{
if (VUV ==2 || VUV == 3){
SE_shape4, 5-0; 6 uimsbf
SE_shape5, 7-0; 8 uimsbf
SE_shape6, 4-0; 5 uimsbf

Table 2.56 — Syntax of EnhVar_ESC2()

Syntax No. of bits Mnemonic

EnhVar_ESC2()

if (VUV ==2 || VUV == 3){
LSP5, 6-0; 7 uimsbf
SE_shape3, 1-0; 2 uimsbf

24

241
HVXC
HVXC
exten

var_S

isBasgLayer: A one-bit identifier representing whether the corresponding layer is the base layer (1

enhan

24.2

LSP1;
2.17).

LSP2;

Bitstream semantics

Decoder configuration (HvxcSpecificConfig,ErrorResilientHvxcSpecificConfig
varMode: A flag indicating HVXC variable ratesmode(Table 2.1).

rateMode: A 2 bit field indicating HVXC bit'rate mode(Table 2.1).

sionFlag: A flag indicating the presence of MPEG-4 Version 2 data (Table 2.1).

calableFlag: A flag indicating'ER _HVXC variable scalable mode(Table 2.22).

cement layer (0).

Bitstream frame (alPduPayload)

This 7 bits field represents the index of the second stage LSP quantization (base layer, Table 2.8 3

—d

) or the

This 5.hits' field represents the index of the first stage LSP quantization (base layer, Table 2.8 and Table

nd Table

2.17).

LSP3: This 5 bits field represents the index of the second stage LSP quantization (base layer, Table 2.8 and Table

2.17).

LSP4: This 1 bit field represents the flag whether a interframe prediction is used or not in the second stage LSP
quantization (base layer, Table 2.8 and Table 2.17).

LSP5: This 8 bits field represents the index of the third stage LSP quantization (enhancement layer, Table 2.9).
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VUV: This 2 bits field represents V/UV decision mode. It should be noted that this field has a different meaning

according to HVXC variable rate mode(Table 2.10 and Table 2.15)

Pitch: This 7 bits field represents the index of the linearly quantized pitch lag ranging from 20 t
samples(Table 2.12 and Table 2.18).

SE_shape1: This 4 bits field represents the index of the spectral envelope shape (base layer, Table 2.1
Table 2.18).

SE_shape2: This 4 bits field represents the index of the spectral envelope shape (base layer, Table 2.1

o 147

2 and

2 and

Table 2.18).

SE_gain[ This 5 bits field represents the index of the spectral envelope gain (base layer, Table 2(12-and
2.18).

VX_shape1[sf_num]: This 6 bits field represents the index of the sf_num-th subframe’s VXC“shape (base
Table 2.12 and Table 2.18).

VX_gainfi[sf_num]: This 4 bits field represents the index of the sf_num-th subframe's VXC gain (base layer
2.12 and| Table 2.18).

SE_shape3: This 7 bits field represents the index of the spectral envelope shape(enhancement layer, Table

SE_shape4: This 10 bits field represents the index of the spectral envélope shape (enhancement layer,
2.13).

SE_shape5: This 9 bits field represents the index of the spectralkenvelope shape (enhancement layer, Table

SE_shape6: This 6 bits field represents the index of the speciral envelope shape (enhancement layer, Table

VX_shape2[sf_ num]: This 5 bits field represents”the index of the sf num-th subframe’s VXC
(enhancgment layer, Table 2.13).

VX_gain2[sf_num]: This 3 bits field represents the index of the sf_num-th subframe’s VXC gain (enhang
layer, Taple 2.13).

Update
rate mod

lag: This 1 bit field represents'a flag to indicate update noise frame(only for ER_HVXC 4 kbit/s v
).

Table

layer,

Table

2.13).

Table

2.13).
2.13).

shape

ement

ariable

ic and
with a

weighted.di
signal is unvoiced. The major algorlthmlc features are:

« Weighted VQ of variable dimension spectral vector.

« A fast harmonic synthesis algorithm by IFFT.

« Interpolative coder parameters for speed/pitch control
Also, functional features include:

« Aslow as 33.5 ms of total algorithmic delay

en the

22 © ISO/IEC 2009 — Al rights reserved


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

e 2.0-4.0 kbps scalable mode

« Variable bit rate coding for rates less than 2.0 kbps

2.5.1.1 Framing structure and block diagram of the decoder

Figure 2.2 shows the overall structure of the HVXC decoder. The HVXC decoder tools allow decoding of speech
signals at 2 kbit/s and higher, up to 4 kbit/s. HVXC decoder tools also allow decoding with variable bit rate mode at
an avErage bit rate of around 1.2-1.7 kbps. The basic decoding process is composed of four stgps; de-
quantigation of parameters, generation of excitation signals for voiced frames by sinusoidal synthesis~(harmonic
synthgsis) and noise component addition, generation of excitation signals for unvoiced frames by-codebpok look-
up, and LPC synthesis. To enhance the synthesized speech quality spectral post-filtering is used:

Speed control spd
Factor

Inv. VQ
Lsp o of Interpolation
LSP of
LSP
Pitch control pch_mod LSP decoder f
Facter Voiced component synthesizer
v Harmonic
VIWW O Pitch Synthesis l |
Inverse VQ Param. LPC
ES pe(l:tral s Oft | Inter- Syn_thesis T Posffilter
Excitation nvelope E r?vztl:or;e polation Filter
Parameters I %;22:1
Harmonic VQ decoder LPC
indowing [ Synthesis — Posffilter
Shape Windowing Fitter

Parameter, Interpolation
for Speed Control Unvoiced component synthesizer

Stochastic
Codebook

Time domain decoder

Figure 2.2 — Block diagram of the HVXC decoder

2.5.1.2 Delay mode

HVXC]| coder/decoder supports low/normal delay encode/decode mode, allowing any combinations of de|lay mode
at 2.014.0 kbps with a scalable scheme. The figure below shows the framing structure of each delay mpde. The
frame|length is 20 ms for all the delay modes. For example, use of low delay encode and low delay decqde mode
resulty in_a total coder/decoder delay of 33.5 ms.

In the encoder, the algorithmic delay could be selected to be either 26 ms or 46 ms. When 46 ms delay is selected,
one frame look ahead is used for pitch detection. When 26 ms delay is selected, only the current frame is used for
pitch detection. For both cases, syntax is common, all the quantizers are common, and bitstreams are compatible.
In the decoder the algorithmic delay can be selected to be either 10 ms (normal delay mode) or 7.5 ms (low delay
mode). When 7.5 ms delay is selected, the decoder frame interval is shifted by 2.5 ms (20 samples) compared to
the 10 ms delay mode. In this case, the excitation generation and LPC synthesis phase is shifted by 2.5 ms.
Again, for both cases, syntax is common, all the quantizers are common, and bitstreams are compatible.

In summary, any independent choice of encoder/decoder delay from the following combination is possible:
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Encoder delay: 26 ms or 46 ms
Decoder delay: 10 ms or 7.5 ms

One or some combinations of the delay mode shall be supported depending on the application.

Frame (160samples) Frame (160samples)

CPCANAIYSIS Frame (290 sanpies)

LPC Analysis Frame (256 samples)

Spectral Envelope computation Frame (256 samples)

Spectral Envelope computation Frame (256 samples)

VXC Frame1 VXC Frame2

(80samples) (80samples)

Unvoiced Voiced

Figure 2.3 — Framing structure of HVXC
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Normal Delay Decoder (10 ms) Normal Delay Encoder (46 ms)
Current Frame  Look ahead Frame
/’Y\. ! I = |
e R LSP VQ
v
Decoder Decoder
Delay ‘- n:
output < x> N Ll
v Encoder Delay
Decode Interval
Low Delay Decoder (7.5 ms) Low Delay Encoder (26 ms)
Decode Interval Current'Erame
Shifting(20 samples)
<
' L1
ST R LSP VQ
v Decoder :
Decoder Delay >
output — 3
Decode Interval Encoder Delay

Figure 2.4 — Delay mode of the HVXC encoder and decoder

2.5.2. SP decoder

2.5.2.1 Tool description

Base layer
LSP1
LSP2 vaQ
o—n »( I
LSP3 18bit v ‘tj 4
LSP4

ilsps o— V@

Figure 2.5 — LSP decoder

For the quantization of the LSP parameters, a multistage quantizer structure is used and the output vectors from
each stage have to be summed up to obtain the LSP parameters.

© ISO/IEC 2009 — Al rights reserved 25


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

When the bitrate is 2 kbps, the LSPs of the current frame, which are coded by split and two-stage vector
quantization, are decoded using a two-stage decoding process. At 4 kbps, a 10-dimensional vector quantizer,
which has an 8 bit codebook, is added to the bottom of the LSP quantizer scheme of 2.0 kbps coder. The bits
needed for the LSPs are increased from 18bits/20msec to 26bits/20msec.

Table 2.57 — Configuration of the multistage LSP VQ

1st stage 10 LSP VQ 5 bits
2nd stage  (5+5) LSP VQ (7+5+1) bits
3rd stage 10 LSP VQ 8 bits

2.5.2.2 Definitions

Definitigns of constants

LPCORIYER : LPC analysis order (=10)

dim[][] : dimensions for the split vector quantization

min_ gap : minimum distance between adjacent LSP coefficients (base layer, =4.0/256.0)
ratio_ predict : LSP interframe prediction ratio (=0.7)

THRSLD| L : minimum distance between adjacent LSP coefficients

(low frequency part of enhancement layer, =0.020)

THRSLD| M : minimum distance between adjacent LSR coefficients

(middle frequency part of enhancement’layer, =0.020)

THRSLD| H : minimum distance between adjacent LSP coefficients

(high frequency part of enhancement layer, = 0.020)

Definitigns of variables

gLsp[] : quantized LSR_parameters

LSP1 : the index-of‘the first stage LSP quantization (base layer)

LSP2, LYR3-: the indices of the second LSP quantization (base layer)

LSP4 : the flag showing whether a interframe prediction is used or not (base layer)
LSP5 : the index of the third LSP quantization (enhancement layer)

Isp_tbI[][][] : look-up tables for the first stage decoding process
d_tbI[][]1[] : look-up tables for the second stage decoding process of the VQ without interframe prediction

pd__tbl[][][] : look-up tables for the second stage decoding process of the VQ with interframe prediction.
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vqLsp[][] : look-up table for the enhancement layer
sign : sign of code vector for the second stage decoding process

idx : unpacked index for the second stage decoding process
Isp _predict[] : the LSPs predicted from Isp  previous[] and Isp_ first[]

Isp_ previous[] : the LSPs decoded at the previous frame
Isp _current[] : the LSPs decoded at the current frame
Isp_ first[] : the LSPs decoded at the first stage decoding process

2.5.2.3 Decoding process

The decoding process of the LSP parameters for the base layer (2.0 kbps) is the same as that.of the nafrowband
CELP| The decoding process is as described below.

Converting indices to LSPs

The LBPs of the current frame (Isp_current[]), which are coded by split and two-<stage vector quantizafion, are

decoded with a two-stage decoding process. The dimension of each vector is.described in the tables bglow. The
LSP1 gnd LSP2, LSP3 represent indices for the first and the second stage respectively.

Table 2.58 — Dimension of the first stage'LSP vector

Split Vector Index: i Vector Dimension: dim[0][{]
0 10

Table 2.59 — Dimension of the second stage LSP vector

Split Vector Index: i Vector Dimension: dim[1][i]
0 5
1 5

In the first stage, the LSP vector of the first stage Isp_ first[] is decoded simply by looking up the table Isp| bI[][][] -
(The table Isp _¢bI[][1[] is shown in~Annex 2.E)

fof (i = 0; 1 < dim[Q](F0]; i++) {
lsp first[i] = 1s§pytbl([0] [LSP1][i];
}

In thel secondsstage, there are two types of decoding processes, namely, decoding process of VQ without
interframe prediction and VQ with interframe prediction. The flag LSP4 indicates which process should be $elected.

Table 2.60 — Decoding process for the second stage

LSP Index: LSP4 Decoding process
0 VQ without interframe prediction
1 VQ with interframe prediction

Decoding process of VQ without interframe prediction

In order to obtain LSPs of the current frame Isp _current[] , the decoded vectors in the second stage are added to
the decoded first stage LSP vector Isp_first[]. The MSB of the LSP2 and LSP3 represents the sign of the
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decoded vector, and the remaining bits represent the index for the table d _I[][][]. (The table d_I[][][] is shown

in Annex

sign

2.E)

= LSP2>>6;

idx = LSP2&0x3f;
if (sign == 0) {

fo

r (1 = 0; i < dim[1][0]; i++) {
lsp current[i] = 1sp first[i] + d tbl[0][idx][i];

else 4
fojr (i = 0; 1 < dim([1][0]; i++) |
lsp current[i] = 1sp first[i] - d tbl[0][idx][i];
}
}
sign |= LSP3>>4;
idx # LSP3&0x0f;
if (4ign == 0) {
fop (i = 0; 1 < dim[1][1]; i++) |

lsp current[dim[1][0]+i] = 1lsp first[dim[1] [0]+i] + d tbl1[1][idxT[i];

{
r (1 = 0; 1 < dim[1][1]; i++) |
lsp current[dim[1][0]+i] = lsp first([dim[1][0]+i] - d tBI[1][idx][i];

Decodinig process of VQ with interframe prediction

In order
the LSP
the deco

the MSB
index for|

for
1s

sign

o obtain LSPs of the current frame Isp current[] , the decoded vectors of the second stage are ad
vector Isp  predict[] which are predicted from the*decoded LSPs of the previous frame Isp  previou
ded first stage LSP vector Isp_ first[]. As with the decoding process of VQ without interframe prec

the table pd _tbl[][1[]. (The table pd_cb{][1[] is shown in Annex 2.E)

i = 0; i < LPCORDER; AA%#) {
o predict[i] = (l-ratio predict)*1lsp first[i]
+ \ratio predict*lsp previous([i];

= LSP2>>6%

idx # LSP2&0&L3f;
if (4ign ==-0) {

fo

}
}

else
fo

r (12 \#~0; 1 < dim[1][0]; i++) {
Lsphcurrent[i] = lsp predict[i] + pd tbl[0] [idx][i];

ded to
[] and
iction,

of the LSP2 and LSP3 represents the, sigh of the decoded vector, and the remaining bits represgnt the

{
r (1 =0; i < dim[1][0]; i++) {

lsp current[i] = 1lsp predict([i] - pd tbl[0][idx][i];
}
}
sign = LSP3>>4;
idx = LSP3&0x0f;
if (sign == 0) {
for (i = 0; 1 < dim[1][1]; i++) |

}

28

lsp current[dim[1][0]+i] = lsp predict[dim([1][0]+i] + pd tbl[1] [idx][i];
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else {
for (i = 0; 1 < dim[1][1]; i++) {
lsp current[dim[1][0]+i] = lsp predict[dim[1][0]+i] - pd tbl[1][idx][i];

}

Stabilization of LSPs

The decoded LSPs Isp current[] are stabilized in order to ensure stability of the LPC synthesis filten|which is

derivefl from the decoded LSPs. The decoded LSPs are arranged in ascending order, having a minimum| distance
betwegn adjacent coefficients.

for (i = 0; 1 < LPCORDER; 1i++) {

if (lsp current[i] < min gap) lsp current[i] = min gap;

}

for (i = 0; i < LPCORDER-1; i++) {

if (lsp current[i+l]-1sp current[i] < min gap) {
lsp current[i+l] = lsp current[i]+min gap;

}

for (i = 0; 1 < LPCORDER; 1i++) {

if (lsp_current[i] > 1-min gap) 1lsp current[i] = l1-min gap;
}
for (i = LPCORDER-1; 1 > 0; i--) {
if (lsp current[i]-1lsp current[i-1] < min gap) ¢
lsp current[i-1] = lsp current[i]-min gap;

}

fofr (i = 0; 1 < LPCORDER; i++) {
gLsp[i] = lsp_current[i];

Storing the coefficients

After the LSP decoding process;the decoded LSPs have to be stored in memory, since they are used for grediction
at the hext frame.

for (i = 0; i < LPCORDER; i++) {
|l sp previousiy~= lsp current[i];

}

It mugt be poted that the stored LSPs Isp  previous[] must be initialized as described below when the whole
decodpr-is initialized.

for (i = 0; 1 < LPCORDER; 1i++) {
1sp previous[i] = (i+1)/ (LPCORDER+1);
}

Decoding process for the enhancement layer

For the enhancement layer (4.0 and 3.7 kbps), additional code vectors and the base layer's LSPs are summed up
as follows.

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

gLsp[i] += vgLsp[LSP5][i];
}
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After the calculation, the LSPs are stabilized again.
for (i = 0; 1 < 2; 1i++) {
if (gLsp[i+l] - gLspl[i] < 0) {
tmp = gLsp[i+1];
gLsp[i+1l] = gLsp[i];
glsp[i] = tmp;
}
if_(glsp[i4+1] — qgl.spl[i] THRSTD T.) |
gLsp[i + 1] = gLsp[i] + THRSLD L;
}
}
for (i = 2; 1 < 6; i++) {
if] (gLsp[i+1] - gLsp[i] < THRSLD M) {
tmp = (gLsp[i+1] + gLspl[i])/2.0;
gLsp[i+1] = tmp + THRSLD M/2.0;
gLsp[i] = tmp - THRSLD M/2.0;
}
}
for (i = 6; i < LPCORDER-1; i++) {
if] (gLsp[i+l] - gLspl[i] < 0) {
tmp = gLspl[i+l];
gLsp[i+1l] = gLsp[i];
gLsp[i] = tmp;
}
if| (gLspl[i+l] - gLsp[i] < THRSLD H) {
gLsp[i] = gLsp[i+1l] - THRSLD H;
}
}
2.5.2.4 Tables
See LSP| quantizer table of Annex 2.E.

2.5.3Harmonic VQ decoder

253.1T

The decq
envelopdq

ool description

ding process\consists of two major steps for the base layer, that is, inverse vector quantization of s
vectors and dimension conversion. For the enhancement layer, additional inverse-quantizers are

The opefations ef:each step are given below.

bectral
used .
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Figure 2.6 — Structure of Harmonje.VYQ decoder

2.5.3.2 Definitions

Definitions of constants

SAMPLE : the number of samples in frequency spectrum ranging from 0 to 2z (=256)
R : oVer sampling rate in the dimension conyersion (=8)

vgdim : vector dimension of spectral envelope quantization (=44)

JISU | order of the over sampling-filter in up sampled domain (=9)

f_co¢f[] : over samplingdfilter coefficients

Definition of variables

Pitch |: the index of linearly quantized pitch lag value

pch : piich Tag valué in the current frame
pch_mod : pitch modification factor
w0/ : the original fundamental frequency where SAMPLE represents 2z

send :the number of harmonics in the current frame (between 0 and 3800Hz)
w0 : target fundamental frequency after the dimension conversion where SAMPLE x R represents 2z

HVXCrate : operating bit rate of the decoder
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gedvec[]: quantized spectral envelope vector in the fixed dimension

SE _gain : the index of spectral envelope gain (base layer)

SE _shapel, SE _shape2 : the indices of spectral envelope shape (base layer)

SE _shape3, SE_shaped, SE _shape5, SE_shape6 : the indices of spectral envelope shape (enhancement layer)

g0[] : SE__gain codeword

cbO[][] : |SE _shapel codeword

cb1[1[] : ISE _ shape2 codeword

chb4k[O0][1] : SE_shape3 codeword

cb4k[1][1]] : SE_shape4 codeword

cb4k[2][1 : SE _shape5 codeword

cb4k[3]1[] : SE_shape6 codeword

re[] : input of the dimension conversion

rel0, rell|: 8 times over sampled values in the dimension convetsion
ip_ratio | linear interpolation ratio of the dimension conversion

target[] : reconstructed vector due to the vector quantizers for the enhancement layer
am([]: redonstructed harmonic magnitudes yector

feneq : fms of quantized spectral envelope vector in the current frame

feneqold| : rms of quantized speetral envelope vector in the previous frame

2.5.3.3 Decoding process

Pitch index decoding

The pitch lag value in the current frame, pch , is decoded from the pitch index Pitch as follows:

pch = Pitch+20.0
Pitch modification can be done by dividing pch by pitch modification factor pch mod :
pch = pch/ pch_mod

If the pitch modification is controlled by the pitch field in the AudioSource BIFS node, the modification factor is:

pch_mod = pitch
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It should be noted that the modulated pitch lag value must be within a range from 8.0 to 147.0.

Then the number of harmonics in a frequency range between 0 and 3800Hz, send ,and the fundamental
frequency, w0 (where SAMPLE x R represents 2r ), are calculated as follows:

send = (int)(0.95 x pch x 0.5)

SAMPLE x R
wl=—m
pch

Harmgq
Decog
(s1
(S2
(S3

(S4

For th
3.7kby

In the
whossg
codeb

bnic magnitudes decoding

ing of harmonic magnitudes consists of the following steps;
Inverse vector quantization of the base layer
Suppression of small signals

Dimension conversion of base layer output

Inverse vector quantization of the enhancement layer

b 2.0kbps mode, $1, S2 and S3 above are executed:to obtain the harmonic magnitudes. For the
s mode, S4 is executed in addition to S1, $2 and S3.

?.0 kbps mode, a combination of two-stage shape vector quantization and a scalar gain quantizatior
indices are SE_shape1, SE_shape2 and SE_gain respectively. The dimension of the tw

4.0 and

is used,
0 shape

boks is fixed (=44). In 81, two shape véctors represented by SE_shape1 and SE_shape2 are agded and

then npultiplied by the gain represented by SEgain. The spectral envelope vector obtained in S1 covers ffequency
range [from 0 to 3800 Hz. The spectral envelope vector of very small energy is then suppressed in S2. In order to
obtain|the harmonic magnitudes vector.ofthe original dimension, send , dimension conversion is then applfed to the
spectrpl envelope vector in 83. In the.4.0 kbps mode, additional stage with a split VQ scheme composgd of four
vector| quantizers is used for thé ‘enhancement layer. SE_shape3, SE_shaped4, SE_shape5 and SE| shape6
represents the indices of the quantizers for the enhancement layer. In S4, the output of these quantizers|is added
to the|output of the 83 for harmonic magnitudes at the lowest 14 harmonic frequencies. When 3.7kbps| mode is
selected, SE_shape6 is .ot available and S4 is carried out for the harmonic magnitudes of only the Ipwest 10
harmgnic frequencies,
Table 2.61 — Configuration of the multistage harmonic VQ

2.0 kbps 4bits shape + 4bits shape + 5bits gain

two-stage VQ

dimension 44

4.0 kbps 7bits 10bits 9bits 6bits

split VQ

dimension 2 4 4 4
Dimension conversion algorithm
The theoretical background of the dimension conversion algorithm used in this tool is explained below.
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The number of points which composes the spectral envelope varies depending on the pitch value, since the
spectral envelope is a set of the estimates of the magnitudes at each harmonic. The number of harmonics ranges
from 9 to 70. In order to obtain the variable number of harmonic magnitudes, the decoder has to convert a fixed-
dimension (=44) codevector to a variable dimension vector. The number of points, which represent the shape of the
spectral envelope, should be modified without changing the shape. For this purpose, a dimension converter
consisting of a combination of a low pass filter and a 1st order linear interpolator is used. An FIR low pass filter
with 7 sets of coefficients, each set consisting of 8 coefficients, is used for the first stage 8-times over-sampling.
The 7 sets of the filter coefficients are obtained by grouping 8 every coefficients from a windowed sinc, f coef[i],

with the offsets of 1 through 7, where

This FIR filtering allows decimated computation, in which only the points used at the next \stage are com
They arg]the left and right adjacent points of the final output of the dimension converter.

At the sgcond over-sampling stage, 1st order linear interpolation is applied to obtain.the necessary output
In this way, harmonic magnitudes vectors of variable-dimension are obtained from “spectral envelope vec

sin 7Z'(i— 32)/8

n(i—32)/8 O=i=od

f_coefli] = (05-05cos27i / 64)

puted.

boints.
ors of

fixed dimension (=44).

(S1) Inverse vector quantization of the base layer:

gedvgqc[0] = 0.0f;
for (i = 0; i < vgdimO; i++)
gefdvec[i+1] = gO0[SE gain]* (cb0[SE shapel] [1

(S2) Small signal suppression:

feneq = 0.0f;
for (i = 0; i < vgdimO; i++)
feheq += gedvec[i+l]*gedvec[i+1];
feneq = sqgrt (feneq/ (float)vgdim0) ;
if (feneq < 1.0f || 0.5f* (fenegold#feneq) < 1
fop (i = 0; i < vgdimO; i++) ‘gedvec[i+l] =
}

feneqold = feneq;

(S3) Dimension conversion of the base layer output:

]+cbLfSE shape2] [1

.4f)
0.0f;

{

1)

for (1 # 0; 1 < (JFSU~1)/2; i++)
rel[i] = 0.0f%
for (i = 0; £°<= vgdim0; i++)
re|[i+ (JESU~1) /2] = gedvec[i];
for (i = @3~1 < (JISU-1)/2; i++)
re[1+qu1m0+l+(JISU—l)/2] = gedvec[vgdim0] ;
wOf = (float) (SAMPLE*0.5*0.95)/ (float)vgdimO;
ii = 0;
for (i = 0; i <= vgdim0 && ii <= send; i++) {
for (p = 0; p < R && 11 <= send; pt++) {
ip ratio = (i*R+p+1l) *w0f-wO*ii;
if (ip _ratio > 0) {
ip ratio /= wOf;
rel0 = rell = 0.0f;
for (j = 1; j < JISU; J++) {
rel0 += £ coef[Jj*R-pl*rel[i+]j];
rell += f coef[j*R-(p+l)]1*re[i+]];
}
34

© ISO/IEC 2009 — All rights reserved


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

am[ii] = relO*ip ratio + rell*(1.0f-ip ratio);

iit++;

(S4) Inverse vector quantization of the enhancement layer:

target[0]=0.;

ISO/IEC 14496-3:2009(E)

k =1;
fo (4 = 0; 1 2. d4+, kt4)
target[k] = cb4k[0] [SE shape3][i];
for (i = 0; i < 4; i++, k++)
target[k] = cb4k[1] [SE shaped] [i];
for (i = 0; i < 4; i++, k++)
target[k] = cb4k[2] [SE shape5][i];
if [HVXCrate >= 4000) {
for (i = 0; 1 < 4; i++, kt++)
target[k] = cb4k[3] [SE shape6] [i];
}
elgef
for (i = 0; i < 4; i++, k++)
target[k] = 0.0f;

if| (send > 14) {

target[i] = 0.0f;

for (i = 0; 1 <= send; 1i++)
am[i] += target[i];

2.5.3.4 Tables

See harmonic VQ table of Annex 2.E

2.5.4Time domain decoder.

2.5.4.1 Tool description

for (i = 15; 1 <= send; 1i++)

For unvoiced segments-of speech, a scheme that is similar to VXC (Vector Excitation Coding) is used. [The time
domaih decoder genérates an excitation waveform for the unvoiced portion by table look up using the transmitted
indices. The shape, Vector and gain of the base layer are updated every 10 ms. The shape is scaled by multiplying
each gample withythe gain value. In the 2.0 kbps mode, only the output of the first stage (base layer) is us¢d. In the
4.0 kbps and<3:7 kbps modes, the shape vector and the gain of the second stage (enhancement layer) are
multiplied<and added to the output of the first stage. The shape and gain of the enhancement layer are] updated

every pams.

Table 2.62 — Configuration of the time domain VQ

1st stage

(80dimension 6bits shape + 4bits gain) x 2

2nd stage

(40dimension 5bits shape + 3bits gain) x 4
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VX_Shapel O—— | Shape ‘—>|} "
vX_Gainl O———»| Gain —I

VX_Shape2 O Shape | [:
'y

VX_Gain2 O—— 3| Gain

Figure 2.7 — Time domain VQ decoder

2.5.4.2 Definitions
Definitidns of constants

DimShape : the first stage VXC frame length (=80)
DimShape?2 : the second stage VXC frame length (=40)

Definitign of variables
HVXCrate : operating bit rate of the decoder

res[i] : VIXC decoder output (0<i < FRM )

¢bL0_g[{] : i -th entry of the first stage VXC gain codebook

¢bL0_s[iI[ /] : j-th component of i -th entry of the first stage VXC shape codebook
c¢bL1_g[ll] : i -th entry of the second stage VXC gain codebook

¢bL1_s[i][j] : j -th componentof i -th entry of the second stage VXC shape codebook
VX gaidl[i] : the indexof the i -th subframe’s VXC gain (base layer, i =0,1)

VX shapel[i] : thesiindex of the i -th subframe’s VXC shape (base layer, i =0,1)

VX gain2[i]: the index of the i -th subframe’s VXC gain (enhancement layer, i =0,1,2,3)

VX shape?[i] : the index of the i -th subframe’s VXC shape (enhancement layer, i =0,1,2,3)

2.5.4.3 Decoding process

For the base layer:

for (i =0
res[i]

i < DimShape; i++)
cbLO0 g[VX gain[0]] * cbLO s[VX shape[0]][i];

~e
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for (i = 0; 1 < DimShape; i++)
res[i + DimShape] = cbL0 g[VX gain[1]]

To add the enhancement layer:

if (HVXCrate >= 4000) { /* 4.0 kbps mode */
for (i = 0; 1 < 4; i++){
for (j = 0; j < DimShape2; j++){
res[j+DimShape2*i]
]

ISO/IEC 14496-3:2009(E)

*cbLO s [VX shape[l]][i];

+= cbLl g[VX gain2[i]]*cbLl s[VX shape2[i]][]]:

}

elgef /* 3.7kbps mode */
for (i = 0; 1 < 3; i++){
for (j = 0; j < DimShape2; j++){
res[j+DimShape2*i]
}

2.5.4.4 Tables

See sfochastic codebook table of Annex 2.E.

2.5.5Parameter interpolation for speed control

2.5.5.1 Tool description

The pcheme for Speed Control is explained jn this subclause.

+= cbLl g[VX gain2[i]]*cbLl s[VX shape2[i]][]j]¢

The decoder has a scheme for paprameter

interpglation to generate the input for the™*Voiced Component Synthesizer” and “Unvoiced Cgmponent
Synthesiszer” at any arbitrary time instant. By this scheme, a sequence of parameters in modified intervals are
compyted and applied to the both of the synthesizers. In this way, decoder output in a modified timel scale is

obtaingd.

2.5.5.2 Definitions
Definitions of constants
FRM |[. frame interyal (=160)

P : LRC order(=10)

Definitions-of-variables

"Parameter Interpolation" block computes the parameters in the modified time scale by interpolating the received

parameters. The operation of this block is described below.

The operation of this block is basically linear interpolation and replacement of parameters.

Let us denote the arrays of original parameters as:

pch[n] : pitch lag value at time index n

© ISO/IEC 2009 — All rights reserved

37


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC

14496-3:2009(E)

vuv[n] : V/IUV index at time index »

Isp[n][i] : decoded LSPs at time index n (0<i<P)

send[n] :
am[n][i]

vex[n][i]

number of harmonics at time index »
: harmonic magnitudes at time index n (0<i < send[n])

: decoded VXC excitation signal at time index n (0<i< FRM)

param[n]

and inter|
mdf _pc
mdf _vu)
mdf _Isp|
mdf _sen

mdf _am

: parameter at time index n

polated parameters as:

i[m] : pitch lag value at time index m

[m] : V/UV index at time index m

m][i] : decoded LSPs at time index m (0<i<10)
d[m] : number of harmonics at time index m

m][i] : harmonic magnitudes at time index m (0 <i < send{n])

mdf _vexqm][i] : decoded VXC excitation signal at time index"m (0<i< FRM )

mdf _pa

where n
intervals

spd : thg

fam[m] : parameter at time index m

and m are the time indices (frame number) before and after the time scale modification. The
are both 20 ms.

ratio of speed change (0.5<spd <2.0)

N, : the duration of thedoriginal speech (total frame number)

N, :the

Huration.of the speed controlled speech (total frame number)

Jros Ji

:frame indices adjacent to the interpolation point

left, right : interpolation ratio

tmp_vuv

: temporal V/UV index

2.5.5.3 Speed control process

Let us define the ratio of speed change as spd :

38

frame
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spd = N,/ N, (2.5.5.1)

where N, is the duration of the original speech and N, is the duration of the speed controlled speech. Therefore,

0<n<N,and 0<m<N,.

If the speed is controlled by the time scaling factor in the speed field of the AudioSource BIFS node, the speed
change ratio is:

spd = 1/ speed

Basically, the time scale modified parameters are expressed as:

mdf _ param[m] = param[m x spd (2.5.5.2)
where| param are: pch,vuv,Iisp and am . In general, however, m x spd is not an integer:

We therefore define:

Jfio = mxspd

P (2.5.5.3)

to generate parameters at a time index m x spd by linearly ifnterpolating the parameters at time indices fi| and f.
In ord¢r to execute linear interpolation, let us define:

left = mx spd — fr,

: (2.5.5.4)
right = firy —mx spd
Then Eq.(2.5.5.2) can be approximated as:
mdf _ param[m] = param[fro ] x right + param[fr1 ] x left (2.5.5.5)

where| param are: pch,yuv,isp and am .
For Isp[n][i] ang~am[n]i], this linear interpolation is applied with the index i being fixed.

As for|thegparameter vex:

vex[nJ i| has excitation signals for UV frames by codebook look-up.

FRM samples from vex[n|[i] centering around the time m x spd are taken and the energy over the FRM samples

are computed. Gaussian noise consisting of FRM samples is then generated and its norm is adjusted so that its
energy be equal to that of FRM samples taken from vex[n][i]. This gain adjusted Gaussian noise sequence is

used for mdf _ vex[m][i] .

Principal operation of time scale modification can be expressed by the Eq.(2.5.5.5), however, the V/UV decisions at
fro and fr1, prior to the interpolation, have to be considered.
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The interpolation and replacement strategies adapted to V/UV decisions are described below. In the explanation

below, full voiced and mixed voiced (vuv[n]# 0) are grouped as “Voiced”, and only vuv[rn]=0 case is regarded as

“Unvoiced”. In the case of variable rate coding, “Background Noise” mode (vuv[n]=1) is also treated as “Unvoiced”.
¢ When V/UV decisions at fi, and fi, are Voiced - Voiced:

New V/UV index mdf _vuv[m] is obtained as follows;

tmp _vuv = vuv[ fry] x right + vuv| fry ] x left

if (thp_vuv > 2)

mdf _vuv[m] =3
elsq if (tmp_vuv > 1)
mdf _vuv[m] =2
elsq if (tmp_vuv > 0)

mdf _vuv[m] =1

Ngw pitch lag value mdf _ pch[m] is obtained as follows;
if (0.57 < pchl fiy]/ pchl fi,] && pchl fiy1/ pehl fi] <$h.75)
mdf _ pch[m] = pch| fiy]x right + pchl fr, ] xleft

elge

if (left < right)

mdf _ pch[m] = pch fry]
else

mdf _ pelifm] = pchl fiy]

A

[[the)other parameters are interpolated by Eq.(2.5.5.5).

¢ When V/UV decisions at fi, and fi; are Unvoiced - Unvoiced:
All the parameters are interpolated by Eq.(2.5.5.5) except for mdf _vex. mdf _vex|m][i] is generated by

Gaussian noise having the same energy as that of FRM samples taken from vex|[n][i] centering around the
time mx spd .
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e When V/UV decisions at fi, and fi; are Voiced - Unvoiced:
If left < right
All the parameters at time fi;, are used instead of computing the parameters at m x spd .
If left > right
All the parameters at time fi; are used instead of computing the parameters at m x spd .
mdf _vex|m][i] is also generated by Gaussian noise having the same energy as that of FRM samples from

vex[fr1 ][z] . (0 <i< FRM)

e When V/UV decisions at fi, and fi; are Unvoiced - Voiced:
1 left <right
Il the parameters at time fi;, are used instead of computing the parameters at m x spd .

> —

df _vex|m][i] is also generated by Gaussian noise having the same energy as that of J#RM samples from
ex| fi0][i]. (0<i< FRM)

1 left > right

Il the parameters at time fi; are used instead of computing the parameters,at m x spd .

> = <

In this| manner, one obtain all the necessary parameters for the HVXC decoder. Just by applying these|modified

parameters, mdf_param[m], to “Voiced Component Synthesizer” and) “Unvoiced Component Synthesizgr” in the
same ay as usual (normal) decoding process, one obtain the time ‘scale modified output.

Apparently, when N, <N, speed up decoding is executed, and when N, > N, speed down deg¢oding is

execufed. Power spectrum and pitch are not affected by, this speed control, thus we can obtain good quality speech
for the speed control factor of about 0.5 < spd <2.0.

2.5.6Moiced component synthesizer

2.5.6.1 Tool description

The vgiced component synthesizer consists of the steps below;
¢ harmonic magnitudes modification

e harmonic excitation synthesis

* noise component addition

LPC synthesis

postfilter

An efficient harmonic excitation synthesis method is first used to obtain a periodic excitation waveform from
harmonic magnitudes. By adding a noise component to the periodic waveform the voiced excitation signal is
obtained, which is then fed into the LPC synthesis filter and postfilter to generate a voiced speech signal. The
configuration of the postfilter is not normative and described in Annex 2.B.
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LSp O— LSP .
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Harmonic
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am[i] O— Harmonic ——"" g r Excitation LPC P
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2.5.6.2 Definitions

Definitidns of constants

PI: 7 =|3.14159265358979....

FRM : frame interval (=160)

SAMPLE]

Figure 2.8 — Voiced component synthesizer

: frame length of analysis (=256)

WAVE _LEN :length of one pitch period waveform (=128)

WDEVI

LD _LEN : decode interval shifting for low delay mode (=20)

threshold of the ratio of the-fundamental frequency change (=0.1)

RND  MMUX : maximum number generated by random number generator (=0x7fffffff)

SCALEFYC : scale factor for the modified harmonic magnitudes for noise component generation (=10)

c_dis[i]

(0<i<HRM’+ LD LEN)

. trapezoid window for the harmonic synthesis of pitch discontinuous waveform shown in Figu

re 2.9

ham([i] : Hamming window (0 <i < SAMPLE )

ham_Z[i]: zero padded Hamming window (0 <i <2x FRM )

HAMLD : the length of the Hamming window for low delay mode (=240)

P: LPC order (=10)
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Definitions of variables

am2[i] : harmonic magnitudes at the ending boundary of decode interval. They are obtained as am|[i] in subclause
2.5.3.3.

am__ h[i]: modified harmonic magnitudes at the ending boundary of the decode interval

am_ noise[i] : modified harmonic magnitudes for noise component generation at the ending boundary of the decode
interval

vuv2 {V/UV index at the ending boundary of the decode interval. It is obtained as VUV from the bitstrear.
vuvl [ V/UV index at the beginning boundary of the decode interval
vuv0 1 V/UV index at the beginning boundary of the previous decode interval

pch2 | pitch lag value[sample] at the ending boundary of the decode interval. It is obtained as pch (pitch Jag value
in the purrent frame) in subclause 2.5.3.3.

pchl 1pitch lag value[sample] at the beginning boundary of the decode interval

send?2|: the number of harmonics at the ending boundary of the decode interval

send1|: the number of harmonics at the beginning boundary of thedecode interval

w02 :|the fundamental frequency at the ending boundary of the decode interval [rad/sample]
w01 :[the fundamental frequency at the beginning boundary of the decode interval [rad/sample]

pha?2[{] : harmonic phase values at the ending boundary of the decode interval
phal[{] : harmonic phase values at the beginning boundary of the decode interval

ovsr2 |: over sampling ratio at the ending boundary of the decode interval
ovsrl | over sampling ratio at the beginning boundary of the decode interval
ovsrc | linearly interpolated.aver sampling ratio

wave2|i] : one pitch period waveform generated from pitch and harmonic magnitudes at the ending boundary of the
decodp interval (0 <G<WAVE _LEN)

wavelli] : one-pitch period waveform generated from pitch and harmonic magnitudes at the beginning bolindary of
the decode interval (0<i < WAVE _LEN)

Ip12, Ip12r T the Tength of over-sampled waveform needed to reconstruct a waveform of the decode interval (in case
of continuous pitch transition)

Ipl, Ip2, Ip2r : the length of over-sampled waveform needed to reconstruct a waveform of the decode interval (in
case of discontinuous pitch transition)

st : offset for cyclic extension of wave2[i] at the beginning boundary of the decode interval

iflatl, iflat2 : the length of the period where no parameter interpolation is done in over sampled domain (for low
delay mode)
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out2[] : cyclically extended waveform generated from wave2[i]
outl[] : cyclically extended waveform generated from wavel[{]

out3[] : weighted overlapped and added cyclically extended waveform within the decode interval generated from
outl[] and out2[] (in case of continuous pitch transition)

sv2[i] : re-sampled waveform from out2[] (in case of discontinuous pitch transition, 0 <i < FRM )

svi[i] : r¢-sampled waveform from out1[] (in case of discontinuous pitch transition, 0 <i < FRM )

sv[i] : ggnerated voiced excitation signal (0<i < FRM )

ns[i] : Gaussian noise with zero mean and unit variance (0<i < SAMPLE)

wns[i] : Hamming windowed Gaussian noise (0 <i < SAMPLE)

rms[i] : gpectral amplitude array (0<i < SAMPLE /2)

angli] : gpectral phase array (0<i < SAMPLE /2)

re[i]: refql part of the FFT coefficients (0 <i < SAMPLE)

im[i]: imaginary part of the FFT coefficients (0 <i < SAMPLE )

w0 : fundamental frequency of the current frame, where 27 is expressed as SAMPLE (= 256)
cns(i] : the IFFT result of the current frame for noisé_component generation (0 <i < SAMPLE )
cns_z[i] | zero padded array to cns[] (0<i<2XFRM )

cns_z_fi] : the previous frame’s cns«z[] for overlap and add (0<i<2x FRM )

add _w[{] : generated noise component at the decode interval (0<i < FRM )

Isp2[]: the de-quantized LSPs of the current frame obtained as ¢Lsp[] in subclause 2.5.2.3.

Isp1[] : the de-quantized LSPs of the previous frame

Ispip[][] Lthe interpolated LSPs

alpaip[][] : the linear predictive coefficients converted from the interpolated LSPs Ispip[][]

Definitions of functions

random() : random number generator that returns random numbers ranging from 0 to RND_ MAX

ceil(x) : a function that returns the least integer greater than or equal to x
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floor(x) : a function that returns the greatest integer less than or equal to x

2.5.6.3 Synthesis process

Voiced component signal is synthesized as shown below. The synthesis algorithm can be applied for both normal
delay mode and low delay mode. For low delay mode, decode interval shifting, LD LEN , is used. The synthesized

waveform covers from N =-160+ LD_LEN [sample] to N =0+ LD _LEN [sample]. N =0 represents the center of
the cjrrent frame. If the frame shifting is O (LD _LEN =0), the synthesized waveform is identical to-that of the
normdl delay mode. This is shown in the figure below.

Durind the period from N=0 to N=LD_LEN , pitch lag, harmonic magnitudes and LSP_parameterg are not
interpolated and hold. If LD LEN =0, decoder delay is 10[ms] and if LD LEN =20, decoder,delay is 7.5[ms].

— fo—

N=-160 N=0
TDecode Interv;I

— ' ag—
LD_LEN.

Figure-2.9 — Decode interval

2.5.6.3.1 Harmonic magnitudes modification

Harmagnic magnitudes, am2[i], are modified for harmonic excitation synthesis and noise component ggneration
independently according to the V/U\Lindex of the current frame, vinv2 .

The modified harmonic magnitudes am_A[i] for harmonic excitation synthesis and am noise[i] fpr noise
compagnent generation aresobtained as described below.

When|V/UV index,\vuv2 , is O:

Do Nathing (just VXC decoder works).

When V/UV index, vuv2 , is 1:

am2[i] (1<i<send2xB_THI)
am2[il|x AH1 (send2x B_TH1<i < send?2)
0 (I<i<send2xB_ THI)
SCALEFAC x am2[i]lx AN1 (send2x B_TH1<i<send2)

am_h[i] :{

am_noise[i] = {
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When V/UV index, vuv2 , is 2:

am2[i] (1<i<send2xB_TH?2)
am_h[i]= am2[i]x AH2 (send2xB_TH2<i<send2xB_ TH2 2)
am2[i]x AH2 2 (send2xB_TH2 2<i<send2)
0 (I<i<send2xB_TH?2)
am_ noise[i] = SCALEFAC x am2[i]x AN2 (send2xB_TH2<i<send2xB_TH2 2)
SCALEFAC xam2[i]lx AN2 2 (send2xB_TH2 2 <i<send?2)

When V/UV index, vuv2 , is 3:

am2[i] (1<i<send2xB TH3)
{amZ[i] x AH3 (send2x B_TH3<i< send2)

. 0 (1<i<send2xB_TH3)
am_noiseli] = {SCALEFAC xam2[i]x AN3 (send2x B_ TH3<i < send?)

am_f[i]=

Table 2.63 — Constant values for harmonic magnitude modification

2 kbps:
B TH1 AN1 AH1 [B TH2 AN2 AH2 [B TH2'2 AN2 2 AH2 2 |B TH3 AN3 AH3}
0.5 0.4 0.8 0.5 0.3 0.9 0.85 0.5 0.5 0.7 0.2 1.0
4 kbps:

B TH1 AN1 AH1 |B TH2 AN2 AH2 |B TH2 2 AN2 2 AH2 2 |B TH3 AN3 AH!
0.5 0.3 0.9 0.5 0.3 0.9 0.85 0.5 0.5 0.8 0.2 1.0

oo

2.5.6.3.2] Harmonic excitation-synthesis

Harmoni¢ excitation signal-sv[i](0<i < FRM) can be obtained by a fast synthesis method composed of af IFFT
and sampling rate conversion.

First, usihg harmonic' magnitudes and phase values, a waveform over one pitch period is generated by an IFFT.
According to thé-pitch continuity, one of two different operations of cyclic extension and re-sampling of a wayeform
over one|piteh period is selected and performed to obtain the harmonic excitation signal.

Generation of a waveform over one pitch period

The fundamental frequency at the beginning boundary of the decode interval, w01, is computed as
w0l = 2.0*PI/pchl;

The fundamental frequency at the ending boundary of the decode interval, w02 , is computed as

w02 = 2.0*PI/pch2;
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Harmonic phase values at the ending boundary of the decode interval, pha2[],are computed from the harmonic
phase values at the beginning boundary, phal[]. When both of the V/UV index at the beginning of the current

decode interval, vuvl , and the V/UV index at the beginning boundary of the previous decode interval, vuv0, are 0
(Unvoiced), harmonic phase values pha2[] are initialized using random phase values uniformly distributing

between 0to 057x .

For nomal delay mode :

if] (vuvl == 0 && vuv0 == 0) {
for (i = 0; 1 < WAVEiLEN/2; i++)
pha2[i] = 0.5*PI*(float)random()/ (float)RND MAX;
}
elge {
for (i = 0; 1 < WAVE_LEN/2; i++)
pha2[i] = phal[i] + 0.5* (w01l+w02)*1i*FRM;

For loy delay mode:

if] (vuvl == 0 && vuv0 == 0) {
for (i = 0; i < WAVEiLEN/2; i++)
pha2[i] = 0.5*PI*(float)random()/ (float)RND MAX;
}
elge {
for (i = 0; i < WAVE_LEN/2; i++) |
pha2[i] = phal[i] + 0.5* (w01+w02) *i* (FRM-LD,-LEN) + wOl*i*LD LEN;

At the| end boundary of the decode interval we have)a spectrum with send2 harmonics, whose magnitudes are
am_hfi] (1<i<send2) and phase values are pha2fi](1<i<send2). Appending zeros to these arrays yields new

arrays| with WAVE LEN /2(= 64) components ranging from 0 to 7. If send2 is greater than 63, first 64 yalues of
am_h|i] and pha2[i] are used. 128 point JEET is applied to these arrays of magnitudes and phase valueg with the

constrpint that the results be real numbérs. Now we have an over-sampled waveform over one pitch period,
wave2|i](0<i<WAVE LEN).

WAVE| LEN(=128) samples are used to express the one pitch period of the waveform. Since the actual|pitch lag
value |s pch2 , the over-sampling rate ovsr2 is

ov§r2 = WAVE LEN/pch2;
Similarly the over-sampling rate ovsrl for the waveform over one pitch period at the beginning boundgry of the
decodg interval, wavel[] ,is

ovgrl =\WAVE LEN/pchl;

Pitch continuity check

When the ratio of the fundamental frequencies, |(w02—w01)/w02|, is less than WDEVI(=0.1), it is regarded that

pitch transition is continuous. In such a case, the fundamental frequencies and harmonic magnitudes are linearly
interpolated between the beginning and the ending of the decode interval. Otherwise it is regarded that pitch
transition is discontinuous and the fundamental frequencies and harmonic magnitudes are not linearly interpolated.
In this case, independently synthesized periodic waveforms are added using appropriate weighting functions.
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Cyclic extension and re-sampling operation (continuous pitch transition)

Waveforms over one pitch period, wavel[] and wave2[], are cyclically extended respectively to have sufficient
length in the over over-sampled domain.

The length of over-sampled waveform needed to reconstruct a waveform of length FRM(=160) at the original
sampling rate (8 kHz) is at most ip12.

For normal delay mode:

1pl2 |= ceil (FRM*0.5* (overl+ovsr2));
lpl24 = floor (FRM*0.5* (ovsrl+ovsr2)+0.5);
st =|WAVE LEN - (lper%WAVE_LEN);
for (i = 0; 1 < 1lpl2; i++) {
outl[i] = wavel [i%WAVE LEN];
out2[i] = wave2[ (st+i)SWAVE LEN];
}

For low delay mode:

1pl2 = ceil ((FRM-LD LEN)*0.5* (overl+ovsr2)+LD LEN*ovsrl);
lpl2g = floor ((FRM-LD LEN)*0.5* (ovsrl+ovsr2)+LD LEN*ovsrl+0.5)
st =|WAVE LEN - (lper%WAVE_LEN);
iflafl = floor (ovsrl*LD LEN+0.5);
ifla2 = floor (ovsr2*LD LEN+0.5);
for (i = 0; 1 < 1lpl2+iflat2+10; i++) {
outl[i] = wavel [i%WAVE LEN];
out2[i] = wave2[ (st+i)SWAVE LEN];

These two waveforms, out1[] and out2[], have the same;“pseudo” pitch period (=WAVE LEN [sample]) and they
are aligngd. So simply adding these two waveforms using triangular windows produces the waveform out3[].

For nornfal delay mode:

for (i = 0; 1 < 1pl2; i++)
ouft3[i] = outl[i]* (float) (Ipl2-i)/ (float)lpl2 + out2[i]* (float)i/ (float)lpl?2;

For low delay mode:

for (i = 0; i < iflatdsy1i++)
oufc3[1] = outl[if3:

for (i = iflatld{ /A< 1lpl2; i++)
ouft3[i] = oukt(i]l* (float) (1pl2-i)/ (float) (1pl2-iflatl)
4+ out2[1i]* (float) (i-flatl)/ (float) (lpl2-iflatl);

for (i &£ Xpl2; i < lpl2+iflat2; i++)
due3[1] = out2[i];

Finally, out3[] has to be re-sampled so that the resulting waveform can be expressed at the original sampling rate
(8 kHz). This operation brings the waveform back from the “pseudo” pitch domain to the actual pitch domain. In

principle, the re-sampling operation is just

sv[i]= out3[f(i)] (0<i< FRM)

where

i FRM —t t
f(i):J- (OVSFIX—+ovsr2>< ) dt .
0 FRM FRM
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The function f'(i) maps the time index i of the original sampling rate (8 kHz) to the time index at the over-sampled
rate under the condition that the fundamental frequencies, w01 and w02, is linearly interpolated. Since f(i) does

not return an integer value, sv[i] is obtained by linearly interpolating out3[ f(i) ] and out3[ f(i) ].

For normal delay mode:

sv[0] = out3[0];
ffi = 0;
for (i = 1; i < FRM; i++) {

OVSLTC — 0O DLl‘ \LlUdL,) \EI\Ll_i} \LlUdL}EL\Ll T OVEL ‘\Lludl,[i \Lludl,}[‘i\il,
ffi += ovsrc;

ffim = floor (ffi);

ffip = ceil (ffi);

if (ffim == ffip)

sv[i] = out3[ (int)ffip];
else
sv[i] = (ffi-ffim)*out3[ (int)ffip] + (ffip-ffi)*out3[(int)ffim];

For loy delay mode:

sv|[0] = out3[iflatl];
ff1 = 0;
for (i = 1; 1 < FRM; i++) {
ovsrc = ovsrl*(float)(FRM—LDiLEN—i)/(float)(FRM—LD;LEN)

+ over2* (float)i/ (float) (FRM-LD_ LEN) ;
ffi += ovsrc;
ffim = floor (ffi);
ffip = ceil (ffi);
if (ffim == ffip)

sv[i] = out3[ (int)ffip+iflatl];
else
sv[i] = (ffi-ffim)*out3[ (int)ffip+iflatl]

+ (ffip-ffi)*out3[ (intyffim+iflatl];

Cyclig extension and re-sampling operation (discontinuous pitch transition)

Waveforms over one pitch periad) wavel[] and wave2[] are cyclically extended to have sufficient length in the over-

sampled domain. At both (the beginning and ending boundary of the decode interval, cyclically extended
wavefprms, out1[] and out2}], are obtained.

1lpl = ceil (FRM%Qvsrl);

1p? = ceil (FRM*ovsr2);

lp2r = f1dQu)(FRM*ovsr2+0.5);

st |= WAVE"REN - (lp2r%WAVE_LEN);

For ngrmal delay mode:

for (1 = 0; 1 < 1lpl; i++)

outl[i] = wavel [1i%SWAVE LEN];
for (1 = 0; 1 < 1p2; i++)
out2[i] = wavelZ[ (st+i)SWAVE LEN];

For low delay mode:

iflatl = floor (ovsrl*LD LEN+0.5);
iflat2 = floor (ovsr2*LD LEN+0.5);

for (i = 0; i < lpl+iflatl+10; i++)
outl[i] = wavel [i%WAVE LEN];
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for (i = 0; 1 < 1lp2+iflat2+10; i++)
out2[i] = wave2[ (st+i)SWAVE LEN];

where [pl and Ip2 are the length of over-sampled waveforms needed to reconstruct a waveform of length

FRM(=160) at the original sampling rate (8 kHz).

These two waveforms, out1[] and out2[], are re-sampled independently using the same linear interpolation method

as in the case of “continuous pitch transition”.

For nornfal delay mode:

svl[(] = outl[0];
ffi 8 0;
for (i = 1; i < FRM; i++) {

ffi += ovsrl;
fflim = floor (ffi);
ffip = ceil (ffi);

if] (ffim == ffip)
svl[i] = outl[ (int)ffip];
elfse
svl[i] = (ffi-ffim)*outl[ (int)ffip] + (ffip-£ffi)*outl[ (int)-Lffim];
}
sv2[(] = out2[0];
ffi g 0;
for (i = 1; i < FRM; i++) {
ffi += ovsr2;

ffim = floor (ffi);
ffip = ceil (ffi);

if] (£fim == ffip)
sv2[i] = out2[ (int) ffipl;
elle
sv2[i] = (ffi-ffim)*out2[ (int) ffip] + {ffip-ffi)*out2[ (int)ffim];

For low delay mode:

svl[(] = outl[iflatl];

ffi 8 0;

for (i = 1; 1 < FRM; i+#) ¢
ffi += ovsrl;

ffim = floor (ffi);
ffip = ceil (ffi)y

if] (ffim == ffip)
svl[i] = @utl[ (int)ffip+iflatl];
ellse
svl[idsY (ffi-ffim) *outl[ (int)ffip+iflatl]

+ (ffip-ffi)*outl[ (int)ffim+iflatl];

sv2[(]1°F out2[iflat2];
ffi = 0;
for (i = 1; 1 < FRM; i++) {

ffi 4= ovsr2;
ffim = floor (ffi);
ffip = ceil (ffi);

if (ffim == ffip)
sv2[i] = out2[ (int) ffip+iflat2];
else
sv2[i] = (ffi-ffim)*out2[ (int)ffip+iflat?2]

+ (ffip-ffi)*out2[ (int) ffim+iflat2];
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Using re-sampled waveforms at the original sampling rate (8 kHz), svi[] and sv2[], are then overlapped and added
with the trapezoid window c¢_ dis[] shown in the Figure 2.10, where HM UP = HM DOWN =60, HM FLAT =50.

for (i = 0; i < HM FLAT; i++)

c dis[i] = 1.0f;
for (i = HM FLAT; i< HM FLAT+HM DOWN; i++)

c dis[i] = (-i+(HM FLAT+HM DOWN) )/ (float)HM DOWN;
for (i = HM FLAT+HM DOWN; i < FRM; i++)

c dis[i] = 0.0f;

For ngrmatdetay mode:

fof (i = 0; i < FRM; i++)
sv[i] = svl[i]*c dis[i] + sv2[i]*(1.0-c dis[i]);

For loy delay mode:

for (i = 0; i < FRM; i++)
sv[i] = svl[i]*c dis[i+LD LEN] + sv2[i]*(1.0-c dis[i+LD LEN]);
}

c_dis[i] Analysis window 10 —c_ dis[i]

HM FLAT ——=_ Y

//
HM_DOWN
HM_UP

Figure 2.10 —Synthesis window for discontinuous pitch

2.5.6.3.3 Noise component.generation

For th¢ noise component generation for voiced excitation, white Gaussian noise is first generated. It is thep colored

and ggin adjusted by the modified harmonic magnitudes, am_noise[], and weighted overlap and add i
generate a continuods noise component in the time domain.

Hammling windew of length SAMPLE (= 256), ham[i] , is first defined.

For ndrmal delay mode,

for (1 = 0; 1 < SAMPLE; 1i++)
ham[i] = 0.54-0.46*cos (2.0*PI*i/ (SAMPLE-1)) ;
For low delay mode,

for (i = 0; 1 < (SAMPLE-HAMLD) /2; i++)
ham[i] = 0.0;

for (i = (SAMPLE-HAMLD)/2; i < (SAMPLE+HAMILD)/2; i++)
ham[i] = 0.54-0.46*cos (2.0*PI*i/ (SAMPLE-1)) ;

for (i = (SAMPLE+HAMLD)/2; 1 < SAMPLE; i++)
ham[i] = 0.0;

Window ham[]is normalized to have a unit energy.
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Let ns[i]1(0<i<SAMPLE) be samples of white Gaussian noise with zero mean and unit variance. Hamming
window ham(i] is then multiplied to ns[i] and wns[i] is obtained.

for (i = 0; i < SAMPLE; i++)

wns[i] = ns[i]*ham[i];

256 point FFT of wns[i] is computed and spectral amplitude array rms[i] (0 <i < SAMPLE /2) and spectral phase
array angli](0 <i < SAMPLE /2) are computed as

for (i = 0; i <= SAMPLE/2; i++) {
rms[i] = sqgrt(rel[i]*re[il+im[i]*im([i]);
angl[i] = atan2(im[i], re[i]):;

}
where rd[i](0 <i<SAMPLE) and im[i] (0 <i< SAMPLE) are real part and imaginary part of the JFFT coefficients

respectiiely. Then spectral amplitude rms[] is colored and gain adjusted by the modified sharmonic magn(tudes,
am_nois¢[]. (w0 is the fundamental frequency of the current frame where w0 of value SAMPLE represents Pr.)

for (i = 0; 1 <= send2; 1i++) {

ifl] (i == 0)
1b = 0;
elle
1b = ub+l;
if] (i == send?)
ub = SAMPLE/2
elle

ub = floor((float)i*w0+w0/2.0+0.5);
if|] (ub >= SAMPLE/2)

ub = SAMPLE/2;

bw|l = ub-1b+1;

= 0.0;

fop (j = 1lb; j <= ub; j++)
s += rms[j]*rms([j];

s F sqgrt(s/ (float)bw) ;

fop (j = 1lb; j <= ub; j++)
rms[j] *= am noisel[i]/s;

256 point IFFT is computed with the colored and gain adjusted spectral amplitude array rms[] and the qgriginal
spectral |phase array ang[] with-a constraint that the result be real numbers. Let the result of IFFT be

ensfi] (0% i < SAMPLE) .

It should|be noted thatwhen the current frame is “Unvoiced”

frame (viv2 =0),ens[i]= 0.0 (0 <i < SAMPLE) .

In order forgenerate noise component signal over the decode interval, weighted overlap and add with the previous

f ’ EET vocoult 1o marfarand Thao oeeoy, 1.0 . [a] IRALN  chonan bhalava, o hioinad Ky, nqdd'
rame's T TCSuUrt— IS porormmeu— rhc—artay— cris— Z[T (U =1 1 1\IVL STHOWH— DCTOW— IS~ Uotaimcu— oy pd Il’lg

( FRM — SAMPLE /2 ) of zeros to both sides (beginning and ending) of cns[] .

for (i1 = 0; 1 < FRM-SAMPLE/2; i++)

cns_z[i] = 0.0;

for (i = FRM-SAMPLE/2; 1 < FRM+SAMPLE/2; i++)
cns_z[i] = cns[i-FRM+SAMPLE/2];

for (i = FRM+SAMPLE/2; 1 < 2*FRM; i++)
cns_z[i] = 0.0;

In the same manner, zero padded Hamming window array ham_z[i](0<i <2 x FRM) is defined as:
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for (i = 0; i < FRM-SAMPLE/2; i++)
ham z[i] = 0.0;

for (i = FRM-SAMPLE/2; i < FRM+SAMPLE/2; i++)
ham z[i] = ham[i-FRM+SAMPLE/2];

for (i = FRM+SAMPLE/2; i < 2*FRM; i++)
ham z[i] = 0.0;

Let us denote the cns z[] of the previous frame cns z p[]. Now noise component over the decode interval,

LRALN 1o ohtainad by carmahinina [1 _and
154 Ot

add 1

For ngrmal delay mode,

fol

For loy delay mode, noise component at the shifted decode interval is obtained asfollows:

for (i = 0; i < FRM-LD LEN; i++)
add uv([i] = (cns_z p[FRM+i+LD LEN]*ham z[FRM+i+LD LEN]+
cns_z[i+LD LEN]*ham z[i+LD LEN])
/(ham_z[FRM+i+LD_LEN]*ham_z[FRM+i+LD_LEN]
+ham z[i+LD LEN]*ham z[i+LD LEN]) ;
fof (i = FRM-LD LEN; i < FRM; i++)
add uv([i] = cns_z[i+LD LEN]/ham z[i+LD LEN]);

Noise component add _uv[] is added to harmonic excitation-Signal sv[] to make a voiced excitation signal:

fol

2.5.6.1

The \
coeffig

By ling
the int

fol

For tHe“fow delay mode, since the decode interval is shifted by LD LEN(=20) samples (2.5 ms), {

add uv([i] = (cns_z p[FRM+i]*ham z[FRM+i]+cns z[i]*ham z[i])

L1 L0 []
YT Co="1 T 1V ) OoTTIC T IOy SOt g~ CHS —ZT o IS —Zz— PIrI~

(1 = 0; 1 < FRM; i++)

/(ham_z[FRM+i]*ham_z[FRM+i]+ham_z[i]*ham_z[i])

(1 = 0; 1 < FRM; i++)
sv[i] += add uv[i];

3.4 LPC synthesis

oiced excitation signal obtained® above, sv[i](0<i< FRM) , is fed into the LPC synthesis filte
ients are updated every 2.5 ms (=20 samples).

arly interpolating de-quantized LSPs of the previous and the current frame, Ispl[][] and Isp2[][], the
erpolated LSPs, [spipf][], are obtained.

(1 = 0= ¥ < 8; 1i++)
for (J0; J < P; Jj++)
lspip[il[Jj] = (2.0*i+1.0)/16.0*1sp2[j] + (16.0-2.0*%i-1.0)/16.0*1spl[j];

r, whose

8 sets of

he LSPs

interpolation is carried out for the first 17.5 ms of the decode interval shown in Figure 2.9, and the LSPs of the
current frame, Isp2[], is used for the last 2.5ms without interpolation.

1

P; J++)

2.0%i+1.0)/14.0*1sp2[3] + (14.0-2.0*i-1.0)/14.0*1spl[j];
P; J++)

1031 = 1sp2[j];

AT
]

The 8 sets of the interpolated LSPs, Ispip[][], are converted to the linear predictive coefficients, alpaip[][],
respectively.
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The tran

Output ol the LPC synthesis filter is fed into the postfilter described in subclause 2.B.1.3.1. The output sign
the rang¢ from -32768 to 32767.

2.5.7Unvoiced component synthesizer

2.5.7.1 Tpol description

The unv
signal, L

2.5.7.2 Definitions
Definitigns of constants
FRM : frame interval (=160)

LD _LEN :decode interval shifting for low delay mode (=20)

w_celp |
w_celp |

P:LPC

Definitigns of variables

qRes[i] :
old _qRe

suv[i] : U

sfer function of the i -th interval of 2.5 ms (20 samples) of the LPC synthesis filter is

(0<i<8)

biced component synthesizer is composed of three steps, which are windowing the unvoiced exd
PC synthesis filter, and post filter operation. For unvoiced segments, the-VXC (CELP) scheme is use

upli] : the window from voiced frame to unveiced frame (0<i < FRM + LD _LEN)
down[i] : the window from unvoicedframe to voiced frame (0<i< FRM + LD LEN )

brder (=10)

decoded unvgiced excitaion signal obtained as res[i] in subclause 2.5.4.3 (0<i < FRM )
(/] : thelast half of the decoded unvoiced excitation signal of the previous frame (0<i < FRM /2)

nveiced excitaion signal over the decode interval (0<i < FRM )

al is in

itation
d.

vuv2 : V/UV index of the current frame obtained as VUV in a bitstream

vuvl : V/UV index of the previous frame

Isp2[]: de-quantized LSPs of the current frame obtained as ¢Lsp[] in subclause 2.5.2.3

Ispl[] : de-quantized LSPs of the previous frame

alpha?2[] : LPC coefficients converted from the LSPs Isp2[]

54
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alphal[]: LPC coefficients converted from the LSPs Ispl[]

2573

Synthesis process

An unvoiced excitation signal at the decode interval, suv[], is generated from the decoded unvoiced excitaion
signal of the current frame, gRes[], and the last half of the decoded unvoiced excitation signal of the previous

frame, old _qRes[] .
for (i = 0; i < FRM/2; i++) {
suv[i] = old gRes[i];
suv[i+FRM/2] = gRes[i];
old gRes[i] = gRes[i+FRM/2];

For loyv delay mode, excitation signal of LD LEN (= 20) samples shifted version is used.

for (i = 0; i < FRM/Z—LDiLEN; i++) |
suv[i] = old gRes[i+LD LEN];
suv[i+FRM/2] = gRes[i+LD LEN];
old gRes[i] = gRes[i+FRM/2];

}

fof (i = FRM/2—LD7LEN; i < FRM/2; 1i++) {
suv[i] = gRes[i-FRM/2+LD_LEN];
suv[i+FRM/2] = gRes[i+LD LEN];
0ld gRes[i] = gRes[i+FRM/2];

The upvoiced excitation signal generated is windowed to be smoothly connected to a voiced frame. Fig

and Figure 2.12 shows the window shape for excitation waveform where V/UV is changed from unvoiced

and frpm voiced to unvoiced respectively. The parameters in the figure are set as: TD_UP =30,TD_ FI

D_ [
used ¢

fol
fol

fol

fol
fol

fol

For ng

OWN =30, HM DOWN =60, HM FLAT =50, HM UP =60. These windows for an unvoiced f
nly when an unvoiced frame is placed adjacent to voiced or mixed voiced frame.

(1 = 0; 1 < FRM-TD UP-TD FLAT, i++)

w celp up[i] = 0.0;

(1 = FRM-TD UP-TD FLAT; %4 & FRM-TD FLAT; i++)

w celp up[i] = (float)(i—FRM+TD7UP+TD7FLAT)/(float)TDfUP;
(FRM-TD_FLAT; i < FRM#+ZD LEN; i++)

w celp up[i] = 1.0;

(1 = 0; 1 < TDN\ELAT; i++4)

w celp down[id = 1.0;

(1 = TD_FLAT; i< TD_FLAT+TD_DOWN; i++4)

w_celp downfi] = (float) (TD_FLAT+TD DOWN-i)/ (float)TD_DOWN;
(1 = TDON\ELAT+TD_ DOWN; i< FRM+LD_ LEN; i++)

w celp-down[i] = 0.0;

ure 2.11
to voiced
AT =50,

ame are

rrralhdelay mode,

if

}

(vavl !'= 0 && vuv2 != 0) {
for (i = 0; i < FRM; 1i++)
s uv[i] = 0.0f;

else 1if (vuvl != 0 && vuv2 == 0) {

}

for (i = 0; i < FRM; i++)
s uv[i] *= w celp upl[i];

else 1if (vuvl == 0 && vuv2 != 0) {

© 1S0/1

for (i = 0; i < FRM; 1i++)
s uv[i] *= w celp down[i]
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For low delay mode, windowing position is shifted by LD LEN samples.

{

if (vuvl != 0 && vuv2 != 0)
for (i = 0; i < FRM; i++)
s uv[i] = 0.0f;
}
else 1if (vuvl != 0 && vuv2 == 0) {
for (i = 0; i < FRM; i++)
s uv[i] *= w celp up[i+LD LEN];
}
else 4f (vuvl == 0 && vu 1= 0) ¢
folp (i = 0; i < FRM; i++)
*= w_celp down[i+LD LEN]

s _uv [i]

}
Unvoiced frame

w_celp_down(i]

Voiced frame

~ 1.0—c_dis[i]

/ HM_FLAT
\ HM_UP

Veiced frame

¢ dis[i] —

+—>
TD_FLATJ

TD_DOWN

Figure 2.11 — Synthesis window for unvoiced/voiced

Unvoiced frame
w_celp upli]

HM FLAT i
_ IR B

<

The first half of the unvoiced excitation signal, suv[i](0<i< FRM /2), is fed into the LPC synthesis filter

56

HM_DOWN TD UP TD FLAT

Figure 2.12 — Synthesis window for voiced/unvoiced
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where alphal[] are linear predictive coefficients converted from the de-quantized LSPs of the previous frame, isp][] .
When the second half of unvoiced excitation signal, suv[i] (FRM /2 <i< FRM), is fed into the LPC synthesis filter,
the transfer function is switched to:

where

For Ipw delay mode, since the decode interval is shifted by LD LEN samples, unvoiced ¢

signal

suv[i]

Outpu

The olitput signal is in the range from -32768 to 32767.

2.5.8

2.5.8.1 Tool description

This sjubclause describes tools for variable rate decoding with HVXC core. This tool allows HVXC to o

variab
part o
the "b

generation.

2.5.8.2 Definitions

Defini
BGN |

Defini

idVUN VUV decision of the current frame

Z alpha2[n]z™"

n=0

alpha?[] are linear predictive coefficients converted from the de-quantized LSPs of the-current fram

su[i](0<i< FRM /2-LD_LEN), is fed into the LPC synthesis filter H,(z)<and unvoiced excitatid
FRM /2—- LD LEN <i< FRM), is fed into the LPC synthesis filter H, (z)..

of the LPC synthesis filter is fed into the postfilter described in subclause 2.B.1.3.2.

Variable rate decoder

e bit rates, where the average bit rate’is reduced to 1.2 - 1.7 kbps for typical speech material. T

hckground noise mode”, and unvoiced frame is received with certain period of time for backgrou

tions of constants

INTVL : maximum background noise interval (=8)

tionstofvariables

2, Isp2[].

pXxcitation
n signal,

perate at
he major

the algorithm is composed of "background noise decoding", where only the mode bits are receivgd during

nd noise

prevLSP1 : previously transmitted LSP vector

prevLSP2 : previously transmitted LSP vector before prevLSP1

bgnCnt : frame count of successive “Background Noise” frames

© 1S0/1
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2.5.8.3 Decoding process

idVUV is a parameter that has the result of V/UV decision and defined as;

Unvoiced Speech

Background noise interval
idvUV = . .
Mixed voiced speech

W o = O

Voiced speech

Using the background noise detection method, variable rate coding is carried out based on fixed bit rate|2kbps
HVXC.

Table 2.64 — Bit allocations of the encoded parameters for the variable bit rate mode

Mode (idVUV) Background Noise (1) uv (0) MV (2),V (3)
V/UV 2 bit/20 msec 2 bit/20 msec 2 bit/20 msec
LSP 0 bit/20 msec 18 bit/20 mset 18 bit/20 msec
Excitation 0 bit/20 msec 8 bit/20msec 20 bit/20 msec
(gain*only) (Pitch & harmonic
spectral parameters)
Total 2 bit/20 msec 28 bit/20 msec 40 bit/20 msec
0.1 kbps 1.4 kbps 2.0 kbps

For “Mixgd voiced speech” and “Voiced speech” (idVUV = 2,3 ), the same decoding method as fixed bit ratel mode
is used.

In the decoder, two sets of ~LSP parameters, prevLSP1and prevLSP2 , are hold where prevLSP1 reprgsents
previously transmitted LSP. parameters and prevLSP2 represents previously transmitted LSP parameters pefore
prevLSP] . For “Background’Noise” frame (idVUV = 1), VXC decoder is used in the same manner as UV frame, but
no LSP parameters dre-Sent. LSP parameters generated by linearly interpolating prevLSP1 and prevLSP2 are
used for[LPC synthesis, and the same gain index as the previous frame is used for excitation generation gf VXC
decoding. During:sthe period of "Background Noise" frame, “Unvoiced speech (UV)” frame is inserted| every
(BGN _INTVL ¥ (=9) frames to transmit background noise parameters. This UV frame may or may not be|a real
UV frame
index. | peex—is—sma han—or—egualto—that-of previous—one+2; CA
"Background Noise" frame, and therefore the previously transmitted LSP vector (= prevLSP1) is used to keep the

smooth variation of LSP parameters, otherwise; currently transmitted LSPs are used as a real UV frame. The gain
indices are sorted according to the magnitudes. If “Background Noise” mode is selected again, then linearly
interpolated LSPs using prevLSP1and prevLSP2 are used.

For both “Unvoiced speech” and “Background Noise” frame (idVUV = 0,1 ), Gaussian noise with a unit energy is
used for excitation of VXC decoding (in place of stochastic shape codevector for VXC decoding).

Figure 2.13 shows an example. Suppose that Frame #0 and Frame #1 are “Unvoiced speech” frame, and Frame
#2...Frame #9 are “Background Noise” frame. During decoding of Frame #2...Frame #9, prevLSPland prevLSP2
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are set as: prevLSP1 = LSP(1)and prevLSP2 = LSP(0) and LSP vector of Frame#i , LSP(i) (2 <i<9), are generated
as

prevLSP2 x (2x BGN _INTVL — 2 x bgnCnt — 1)+ prevLSP1 x (2 x bgnCnt + 1)
2x BGN _INTVL

LSP(i) =

where BGN_INTVL is maximum background noise interval (=8) and bgnCnt is frame count of successive
“Background Noise” frames.

In this|example, bgnCnt = 0 for Frame #2, bgnCnt =1 for Frame #3, ..., bgnCnt = 7 for Frame #9. As forgpin index

of VXC decoding during Frame #2...Frame #9, the gain index of Frame #1 is used. When parameters pf Frame
#10 dre received, prevLSP1 and prevLSP2 are updated as: prevLSPl= LSP(10) and prevLSP2 = LSH() . For

decod|ng of Frame #10, gain index is first checked whether or not it is greater than “Frame #1's index valdie + 2”. If
yes, Frame #10 is decoded as usual UV frame; otherwise it is decoded as “Background Noisg? frame and |LSP(1) is

used ipstead of LSP(10) while received gain index is used for both cases.

uv UV BN BN BN BN BN BN BN BN uv
Framg: 1 #0 Va1 1 # 0 #3 1 #4 0 45 0 #6 Legs 1 o#8 1 # 1 #10|1
LSf(O) LiP(l) LSP(10)

prevLSP2 prevLSP1
UV: Unvoiced frame

BN: Bacground Noise frame

Figure 2.13 — Decoder parameter,generation for background noise interval

LSP index ——=| Inverse VQ of LSP Interpolation for BGN ——= LSP Interpolation block for UV

V/UV/|BGN

UV D4gta (Gain index)

Figure 2.14 — Background noise decoder for variable rate

2.5.9Extension of HVXC variable rate mode

2.5.9.1 Tool description

In subclause 2.5.8, variable bitrate mode based on 2 kbit/s mode is described. 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:

VUV = 3 : full voiced, VUV = 2 : mixed voiced, VUV=1 : mixed voiced, VUV =0 : unvoiced.

When the operating mode is variable bitrate mode, VUV = 1 indicates “Background noise” status instead of “mixed
voiced”. The current operating mode is defined by “HVXCconfig()” and decoder knows whether it’s variable or fixed

rate mode and can understand the meaning of VUV = 1. In the “variable rate coding”, bit assignment is varied
depending on Voiced/unvoiced decision and bitrate saving is obtained mostly by reducing the bit assignment for
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Unvoiced speech (VUV = 0) segment. When VUV = 0 is selected, then it is checked whether the segment is real
“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.

2.5.9.2 Definitions

Definitigns of constants

NUM_SUBF1: the number of subframes in one frame(=2)

NUM_SHAPE_LO: the number of codebook index(=64)

BGN_INTVL: background noise update interval(=12)

Definitigns of variables

prevLSP[l: transmitted LSP parameters

prevLSPR: transmitted LSP parameters before prevLSP1

gLsp: LSP to be used for decoding operation of the current frame

bgnintval: a counter which counts the number of consecutive background noise frames

rnd: a rapdomly generated integer value between -3 and:3

2.5.9.3 Transmission Payload

Transmigsion payloads with four different-"bitrates are used depending on V/UV decision and the result of
backgroynd noise detection. VUV flag and UpdateFlag indicate the type of transmission payloads.

VUV is a|parameter that has the resgltjof V/UV decision and defined as;

0 Unvoiced speech

1 Background(eise interval
VUV F

[\

Voiced{speech 1

W

Voiced speech 2

To indicate“whether or not the frame marked “VUV=1" is noise update frame, a parameter “UpdateF|ag” is
introducgd:“UpdateFlag is used only when VUV=1.

_J0 not noise update frame
UpdateFlag = {1 noise update frame

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.
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During the background noise interval (VUV = 1), LSP parameters and excitation parameters are sent only when

noise update frame is selected (UpdateFlag = 1).
generated using the LSP and excitation parameters transmitted at noise update frames.

Decoder output signals for background noise interval are

If the current frame or the previous frame is “Background noise” mode, differential mode in LSP quantization is
inhibited in the encoder, because LSP parameters are not sent during “Background noise” mode and inter frame
coding is not possible.

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) UVv(0) V(2,3)
UpdateFlag=0 | UpdateFlag=1
V/UV 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 kbit/s

2.5.9.4 Decoding Process

In the|decoder, voiced frame (VUV = 2,3) is processed in the .same manner as 4 kbit/s fixed bitrate mpde, and
unvoided frame (VUV = 0) is processed in the same manner as,2 kbit/s fixed bitrate mode. When the bagkground
noise mode is selected (VUV=1), decoder output signal is generated in the same manner as unvoiced gpeech at
2 kbit/s fixed bitrate mode. The decoder parameters farback ground noise interval are generated by using the
parameters transmitted at noise update frames (VUV =\1,"UpdateFlag = 1) and sometimes at preceding unvoiced
frameg (VUV = 0). The subclauses below show how,to generate the decoder parameters for back groynd noise
interval.

2.5.9.4.1 LSP decoding

In the decoder, two sets of previously transmitted LSP parameters, prevLSP1 and prevLSP2, are held.
prevL$P1: transmitted LSP.parameters

prevL$P2: transmitted-L.'SP parameters before prevLSP1

“BacKground noise™~mode occurs only after “unvoiced” or “background noise” mode. When the “background noise”
mode |s selected,/LSP parameters are transmitted only when the frame is “noise update frame” (UpdateFlag = 1). If

new LISP parameters are transmitted, prevLSP1 is copied to prevLSP2 and newly transmitted LSPs are opied to
prevL$P1 regardless of VUV decision.

LSP parameters for each frame during the “background noise” mode are generated by the interpolation between
prevLSP1 and prevLSP2 using the equation:

qLsp(i) = ratio - prevLspl(i) + (1 — ratio) - prevLsp2(i)---i =1..10 (2.5.9.1)
where

2-(bgnintval + rnd) +1
2-BGN _INTVL (2.5.9.2)

gLsp(i) is the i-th LSP to be used for decoding operation of the current frame, prevLsp1(i) is the i-th LSP of
prevLSP1, prevLsp2(i) is the i-th LSP of prevLSP2 ( 1 <i < 10). In this equation, bgnintval is a counter which

ratio =
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counts the number of consecutive background noise frames, and is reset to 0 at the receipt of background noise
update 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 ratio obtained by the equation

(2.5.9.2)

is smaller than 0 or greater than 1, the value of rnd is set to 0 and ratio is recomputed.

2.5.9.5 Excitation generation

During th
used for
NUM_SH
above to

LS

Uj

\Y

Cq

=y pnrinr‘l of “hnr\kgrm ind-noise” mnrln, the Gain index (\/Y gnin[ﬂ]) transmitted-in the noise ||Ir_\r1nfn fr.

all the subframes, the values of Shape index (VX_Shap€1[O,1]) are randomly generated between
APE_LO-1. These excitation parameters are used with the interpolated LSP parameters as:des
generate the signals of background noise mode.

P index ———— P Inverse VQ of LSP 4"> Interpolation for BGN (—» [.SP Intefpolation for UV
? A
pdateFlag
[UV/BGN:
Random Number
ea—
» Generator Celp Shape Index

lp Gain Index >

Figure 2.15 — Additional diagram for variable rate decoder
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HVXC Encoder tools

2009(E)

2.A.1 Overview of encoder tools

Figure
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coder
vector|
excita
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Analy sis

f
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I Filter

Stochastic
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LPC Syn. Filtgr
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Weighted of —|

Error
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2.A.1 shows the overall structure of the encoder. Speech input at a sampling rate of 8 kHz‘\is fomed into
5 with a length and interval of 256 and 160 samples, respectively. LPC analysis is €Carried ol
ved input data over one frame. LPC residual signals are computed by the inverse filterifig, of input d
red and interpolated LSP parameters. The residual signals are then fed into the pitchyand spectral m
tion block, where the spectral envelopes for LPC residual are estimated in the same manner as in
except that only a two-bit V/UV decision is used per frame. The spectral envelope for voiced segme
quantized with weighted distortion measure. For unvoiced segment, a closed loop search for the vector
ion coding is carried out. Detailed configurations are described below.

t using
ata using
agnitude
the MBE
nt is then

2.A.2 Normalization

2.A.2.1 Tool description

Figure 2.A.1 — Blockdiagram of the HVXC encoder

The normalization process is composed of three operations, that is, LPC analysis, LSP parameter quantization, and
inverse filtering. These operations are described below.

© ISO/IEC 2009 — All rights reserved

63


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

2.A.2.2

2.A2.21

Normalization process

LPC analysis

10th order LPC coefficients are computed for every frame, using Hamming-windowed input signals by
autocorrelation method.

2.A.2.2.2
The sam

LPC coe
with a V
describe
the inter
them is g
distance

In the ca
the bottg
18 bits/2

The encq

The weid

where N,

"CSP quantization

e LSP quantizer as that of the narrowband CELP is used.

fficients are first converted to Line Spectral Pair (LSP) parameters. LSP parameters are then qua
ector Quantization (VQ). In case of the base layer, there are two methods for quantizing the LS
 in the decoding section; a two-stage VQ without interframe prediction, and a combination of the V
frame predictive VQ. At the encoding process, both methods are used to quantize the LSPs and
elected by comparing the quantization error. The quantization error is calculated as a weighted euc

5e of the enhancement layer, a 10-dimensional vector quantizer, whichhas an 8 bit codebook, is ad
m of the current LSP quantizer scheme of the 2.0 kbps coder. The bit rate of LSPs is increase
) msec to 26 bits/20 msec.

ding process of the base layer is as follows.

hting coefficients (w[]) are,

1 1
lsp[O] i lsp[l] - lsp[O]
1 N 1
hppy—kpﬁ—l] hpﬁ+1]—hﬂﬂ
1 1
lsp[Np — 1] - lsp[Np - 2] " 1.0 - lsp[Np - 1]

wli] = (0<i<Np-1)

(i=Np-1)

D is the LP analysis order'and /sp[Js are the converted LSPs.

w_fact = 1.,
for (i = 06/ < 4; i++) w[i] *= w_fact;
for (1 =Yy 1 < 8; 1i++) {

w fact *= .694;

wi] *= w _fact;
}
for (1 = 8; 1 < 10; 1i++) {

ntized
Ps as
Q and
pone of
lidean

ded to
H from

= e Co
W LadCuU - «J LU,

w[i] *= w_fact;

The first stage quantizer is the same for each quantization method. The LSPs are quantized by using a vector
quantizer and corresponding index is stored in LSP1 . In order to carry out delayed decision, plural indices are
stored as candidates for the second stage. The quantization error in the first stage err1[] is given by:

64

errl[n]= l.m {(Isp[sp + i] —Isp_ tbl[n][m][i])2 . w[sp + l]} n=20
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where n is the split vector number, m is the index of the candidate split vector , sp is the starting LSP order of the n-
th split vector and dim is the dimension of the n-th split vector. (Isp_tbl[][][] is shown in Annex 2.E)

Table 2.A.1 — Starting order and dimension of the first stage LSP vector

Split vector number: n | Starting LSP order: sp Dimension of the vector: dim
0 0 10
In the T LUUI Id otagc, GbUVG LA~ It;UIICd tVVU Yyudal It;Lat;UII IIIUthUdD, vvh;uh arc tVVU O'J:It VCbtUI yuai It;LUI, al
respegtively. Total quantization errors in the second stage are calculated for all combinations of the-fi

candid
indice
LSP2

quanti

VQ wi

Q

~

N

where
candid
vector|

VQ wi

Q

r\A

where
candid
vector|

ates and the second stage candidates and the one which has the minimum error is selected.-As
5 of the first stage are determined and corresponding indices and signs for the second stage are

and LSP3. The flag which indicates the selected quantization method is also stored in LS
zation error in the second stage err2_total is given by:
hout interframe prediction:
72 _total = err2[0] + err2[1]
dim-1 2
err2[n] = Z {(Zsp_ res[sp + i] —sign[n]-d zbl[n][m][i]) -w[sp + z]} n=0,

i=0

D res[sp +1i ] = lsp[sp + i] —Isp_ ﬁrst[sp + i]
Isp_first]] is the quantized LSP vector of the first stage, n is the split vector number, m is the ind

ate split vector , sp is the starting LSP order of the«n-th split vector and dim is the dimension of the
(d_tblfj[][] is shown in Annex 2.E.)

h interframe prediction:
72 total = err2[0] + err2[1]
dim-1

err2[n]= Z {(lsp_ pres[sp + i] - sign[n]-paf_tbl[n][m][i])2 -w[sp +i]} n=0,1

i=0

D pres[sp +1i ] = lsp[sp + i] -
{(1 —ratio)’ predict) Isp ﬁrst[sp +i ] + ratio__ predict - Isp__ previous[sp +1i ]}
Isp_first}.is 'the quantized LSP vector of the first stage, n is the split vector number, m is the ind

ate split vector , sp is the starting LSP order of the n-th split vector, dim is the dimension of the
and.ratio_predict = 0.7. (pd_tbl[][][] is shown in Annex 2.E.)

e applied
Ist stage
a result,
stored in
P4. The

ex of the
n-th split

ex of the
n-th split

Table 2.A.2 — Starting order and dimension of the second stage LSP vector

Split vector number: n | Starting LSP order: sp Dimension of the vector: dim
0 0 5
1 5 5
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The quantized LSPs Isp_current|] are stabilized in order to ensure stability of the LPC synthesis filter which is
from the quantized LSPs. The quantized LSPs are arranged in ascending order, having a minimum
distance between adjacent coefficients.

derived

for (i = 0; i < LPCORDER; i++) {
if (lsp_current[i] < min gap) lsp current[i] = min gap;
}
for (i = 0; i < LPCORDER-1; i++) {
if (lsp_current[i+l]-1sp current[i] < min gap) {
lsp current[i+l] = 1lsp current[i]+min gap;
}
}
for (i # 0; i < LPCORDER; i++) {
if (Isp _current[i] > 1-min gap) lsp current[i] = 1-min gap;
}
for (i # LPCORDER-1; i > 0; i--) {
if (Isp_current[i]-1lsp current[i-1] < min gap) {
lsp current[i-1] = 1lsp current[i]-min gap;
}
}
for (i # 0; i1 < LPCORDER; i++) {

gLsp|i] = lsp_current[i];

where m|n_gap = 4.0/256.0

After th

e|LSP encoding process, the current LSPs have to be stored in memory, since they are used for pre

at the nekt frame.

for (1
1

}

It must

= 0; 1 < LPCORDER; i++) {
sp_previous[i] = lsp current[i];

be noted that the stored LSPs Isp_pprevious[] must be initialized as described below when the whole

encoder |s initialized.

for (i
1
}

- 0; i < LPCORDER; i+a)\.{
sp_previous[i] = (i+l)“~/ (LPCORDER+1) ;

The third stage for the’enhancement layer (4.0 and 3.7 kbps) has 10-dimensional VQ structure. The error bg
the quantized version~of the base layer and the original version is quantized and corresponding index is stq

LSP5.

After the|quantization, the LSPs of the enhancement layer gLsp[] are stabilized again.

for (i

{
if
{

}

if
{

}

66

diction

of the

tween
red in

= 0; 1 < 2; i++)
(gqLspli + 1] - gLsp[i] < 0)
tmp = gLsp([i + 1];
gLsp[i + 1] = gLspl[i];
glsp[i] = tmp;
(gLsp[i + 1] - gLsp[i] < THRSLD L)
gLsp[i + 1] = gLsp[i] + THRSLD L;
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i=2; 1 < 6; i++)
(gLsp[i + 1] - gLsp[i] < THRSLD M)

tmp = (gLspl[i + 1] + gLsp[i]) / 2.0;
gLsp[i + 1] = tmp + THRSLD M / 2.0;
gLsp[i] = tmp - THRSLD M / 2.0;

i = 6; 1 < LPCORDER - 1; i++)
(gLspli + 1] - gLspli] < 0)

tmp = glLsp[i + 1];

glspli + 1] = gLsplil];

gLsp[i] = tmp;

(gLsp[i + 1] - gLsp[i] < THRSLD_ H)
gLsp[i] = gLsp[i + 1] - THRSLD H;

THRSLD_L = 0.020, THRSLD_M = 0.020 and THRSLD+H = 0.020

Table 2.A.3 — Configutation of the multistage LSP VQ

1st stage 10 LSPVQ 5bits
2nd stage  (5+5)LSP VQ (7+5+1)bits
3rd stage 10LSP VQ 8bits

.3 LPC inverse filter

Are converted to alpha parameters to form a LPC inverse filter in a direct form. LPC residual signals
ted by inverse—fjltering the input signal. Only the current frame’s quantized LPC is used wit
lation for thelinverse filtering to compute the LPC residual signal. The residual signal is then }
ing windowed-to compute the power spectrum. The transfer function of the LPC inverse filter is,

P
A(z)=  a,z7"

n
n=0

are then
hout any
P56 point

where P=10 and ¢, = 1. LPC coefficients «, stay unchanged during the computation of residual samples of one

frame

length (256 samples).
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2.A.3 Pitch estimation

2.A.3.1 Tool description
To obtain the first estimation of the pitch lag value, the autocorrelation values of the LPC residual signals are

computed. Based on the lag values which give the peaks in autocorrelation, the open loop pitch is estimated. Pitch
tracking is carried out in the process of pitch estimation so that the estimated pitch gets more reliable.

2.A.3.2 Pitch estimation process

In the low delay mode encoder, pitch tracking is conducted using only current and past frames to keépyencoder
delay 26| ms. When the normal delay mode is used, pitch tracking uses one frame ahead and the eneoder delay
becomegq 46 ms.

2.A.3.3 | Pitch tracking
For the Ipw delay mode of HVXC, pitch tracking algorithm does not use the pitch valug of the future (look ahead)
frame. The pitch tracking algorithm operates based on reliable pitch "rblPch", V/UV.déecision of the previous|frame
"prevVUY", and past/current pitch parameters.

The basif operation is as follows:

o Wher] prevWUV != 0 and rblPch != 0, pitch is tracked based on rbIRchHowever, the pitch value of the previous
framg has higher priority.

o Wher] prevVUV = 0 and rbIPch != 0, pitch is tracked based on‘tblPch.

o Wher] prevVUV != 0 and rblPch = 0, tracking is conducted-based on the pitch of the previous frame.
o Wher] prevVUV = 0 and rblPch = 0, current pitch parameter is simply used.

prevVUV =0 represents Voiced, and prevVUV =-0 represents Unvoiced status respectively.

By this gtrategy, pitch tracking is carried out' without any look ahead. Source code of the pitch tracking is ghown
below.

typedef| struct
{

flopt pitch; /* ppiech */

flopt prob; [ st peak devided by 2nd peak of autocorrelation */
flogt 1rOr; /X 1lst peak of autocorrelation - modified */

flopt rawROr; /* 1st peak of autocorrelation - raw */

flopt rawPitehy /* pitch with no tracking */

}
NgbPrm;

static fnt NearPitch (

float jo10A
float pl,
float ratio)

{
return((p0 * (1.0 - ratio) < pl) && (pl < p0 * (1.0 + ratio))):

}

static float TrackingPitch (
NgbPrm *crntPrm, /* current parameter */
NgbPrm *prevPrm, /* previous parameter */

int *scanlimit, /* Number of autocorrelation peaks */
float *ac, /* Autocorrelation */

int peakPos[PEAKMAX], /* Position of autocorrelation peaks */
int prevvuv) /* V/UV of ptrevious frame */
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int i;
static float ©prevRawp= 0.0;
int st0, stl, st2;
float stdPch;
static float rblPch = 0.0;
static float prevRblPch = 0.0;
rblPch = global pitch;
iL (pre U = U & LDLIECIL 7= U.U)
{
st = Ambiguous (prevPrm->pitch, rblPch, 0.11);
st]l = Ambiguous (crntPrm->pitch, rblPch, 0.11);
1if(!(st0 || stl))
{
if (NearPitch (crntPrm->pitch, prevPrm->pitch, 0.2))
pitch = crntPrm->pitch;
else if (NearPitch (crntPrm->pitch, rblPch, 0.2))
pitch = crntPrm->pitch;
else if (NearPitch (prevPrm->pitch, rblPch, 0.2))

{

if (crntPrm->rOr > prevPrm->rOr && crntPrm->prob > prevPrm=>prob)

pitch = crntPrm->pitch;
else
pitch = prevPrm->pitch;
}
else
pitch = GetStdPch2Elms (crntPrm, prevPrm, scanlimbt, peakPos, ac);
}
elge 1f (!st0)
{
if (NearPitch (prevPrm->pitch, crntPrm->pitch, 0.2))
pitch = crntPrm->pitch;
else if ((gpMax * 1.2 > crntPrm->pitch) &&
NearPitch (preyPrm->rawPitch, crntPrm->pitch, O.
pitch = crntPrm->pitch;
else
pitch = prevPrm->pitch;
}
elge 1if (!stl)

if ((crntPrm->rawPifch” != crntPrm->pitch) &&

2))

NearPitch (crntPrm-p»xawPitch, prevPrm->rawPitch, 0.2))
pitch = crntPrm-»rawPitch;
else
pitch = crntPrm=>pitch;
}
elge
{
if (NearPitch (prevPrm->pitch, crntPrm->pitch, 0.2))
piteh/= crntPrm->pitch;
else
lpi+ch = rblPch;
}
}
else if (prevVUV == 0 && rblPch != 0.0)
{
stl = Ambiguous (crntPrm->pitch, rblPch, 0.11);
if (!stl)
pitch = crntPrm->pitch;
else
pitch = rblPch;
}
else if (prevVUV != 0 && rblPch == 0.0)
{
stl = Ambiguous (crntPrm->pitch, prevPrm->pitch, 0.11);
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if (!stl)
pitch = GetStdPch2Elms (crntPrm, prevPrm, scanlimit, peakPos, ac);
else
{
if (prevPrm->r0Or < crntPrm->r0r)
pitch = crntPrm->pitch;
else
pitch = prevPrm->pitch;
}
}

else
pitc——TrrtPrmr>pIten

crngPrm->pitch = pitch;
preyRblPch = rblPch;
preyRawp = pitch;

retprn (pitch);

2.A.4 Harmonic magnitudes extraction

2.A.4.1| Tool description

Harmoni¢ magnitudes extraction consists of two steps: fine pitch search/and’ estimation of the spectral enyelope.
The opefation of each step is described below.

2.A.4.2 | Harmonic magnitudes extraction process

2.A.4.2.1 Fine pitch search

Using the open loop integer pitch lag, the fractional pitch-lag value is estimated here. The step size of the fragtion is
0.25. This is carried out by minimizing the error between the synthesized spectrum and original spectrum/| Here,
pitch lag|value and spectral harmonic magnitudes ‘are estimated simultaneously. Estimated pitch lag value, pch, is

transmitted to the decoder as Pitch.

Pitch = (int)(pch —20.0)

2.A.4.2.2 Estimation of spectral'envelope

A 256 pqint DFT is applied tothe LPC residual signals to obtain the original spectrum. Using the original spectrum,
estimatign of the spectral-envelope is carried out in the part of the above mentioned fine pitch search. The spectral
envelopgq is a set of spectral magnitudes estimated at each harmonic. This magnitude estimation is carried [out by
computing an optimakamplitude 4,, using pre-defined basis function E(;), and original spectrum X(j). Let a,,

and b,, He the indices of DFT coefficient of lower and higher boundary of the m-th band respectively, covering m-th
harmoni¢ band{ The amplitude estimation error ¢,, is defined as:

A

bm
Em = ( m

J=an

x(j)-

£(7))

Solving
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window.

2.A.5 Perceptual weighting

2.A.5/1 Tool description

The flequency response of a perceptual weighting filter is computed whieh) is for the use of weighted vector
quantigation of the harmonic spectral envelope. Here, a perceptual weighting filter is derived from linear predictive
coeffigients «,,. The transfer function of the perceptual weighting filter js;

P
a,A"z™"
n=0
w222
n_-—n

a Bz

n
n=0

where| 4 = 0.9 B = 0.4 could be used. In this-tool, the frequency response of the LPC synthesis filter 4(7) is also
compyted so that it could be incorporated-'where,

In this] tool, frequenty response of w(z)h(z) is computed and outputed as an array *per_weight, which [could be
used gs diagonal. components of the weighting matrices WH .

2.A.6 Harmonic VQ encoder

2.A.6.1 Tool description

The harmonic VQ encoding process consists of two steps: dimension conversion and vector quantization of the
spectral envelope vectors. The operations of each step are given below
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Encoding process

Dimension converter

The number of points which composes the spectral envelope varies depending on pitch values, since the spectral
envelope is a set of the estimates of the magnitudes at each harmonic. The number of harmonics ranges from
about 9 to 70.

In order to vector quantize the spectral envelope, the coder has to convert them to a constant number for a fixed-

dimensi
dimensid
modified
combina

coefficients, each set consisting of 8 coefficients, is used for the first stage 8-times over-sampling.:D> The 7

the filter

1 through 7, where

This FIR
They arel

At the sd

In this way, we get fixed-dimension (= 44) spectral vectors.

2.A.6.2.2

A fixed-d
scheme
measure

where x
shape2

SE_shape1, SE_shape2-and SE_gain respectively. The dimension of the shape codebooks is fixed (=44]).

diagonal
synthesig
are adde
layer.

A \V/Q A _hand limitad intarnaolation—ic tcad faor tha camnlina fracunianoy canvarcinn tn ohtain thao
H—- oot e R erporaton—S S—or—He—Sartprig—t SO rS1oH—O—0Btai e

THETToy
n spectral vectors. The number of points, which represent the shape of the spectral envelope, sho

without changing the shape. For this purpose, a dimension converter for a spectral envelops
ion of low pass filter and 1st order linear interpolator is used. An FIR low pass filter with 7 5

coefficients are obtained by grouping 8 every coefficients from a windowed sinc, coef[i] , with the off

sinz(i —32)/8

i—32)/3 (05— 05cos27i / 64) 0xi<64
T\ —

coef[i] =

filtering allows decimated computation, in which only the points used at the next stage are com
the left and right adjacent points of the final output of the dimenhsion converter.

cond over-sampling stage, 1st order linear interpolation iscapplied to obtain the necessary output

Vector quantization

imension (= 44) spectral vector is then quantized. In the base layer, a two-stage vector quant

fixed-
uld be
by a
ets of
sets of

sets of

puted.

points.

zation

s employed for the spectral shape together with a scalar quantizer for the gain. The weighted distortion

D is used for the codebook search of-both shape and gain.

2

D =|WH(x—g(s; +s,))|

is a source vector, s{7is the output of Spectral Envelope (SE) shape1 codebook, s, is the output
components_of“the matrices H and W are the magnitudes of the frequency response of th

filter and.the-perceptual weighting filter, respectively.For enhancement layer, additional vector qua
d to the bettom of the quantizer of the base layer. The 2.0kbps mode uses only the quantizers of th

of SE

codebook, and g+is)the output of the SE gain codebook. Corresponding indices are denofed as

The
e LPC
htizers
b base
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For 4.0 kbps mode, the quantized harmonic magnitudes with fixed dimension (=44) at the base layer is first
converted to the dimension of the original harmonic vector, which varies depending on the pitch value. The
difference between the quantized/dimension recovered harmonic vector and the original harmonic vector is
computed. This difference is then quantized with a split VQ scheme composed of four vector quantizers at the
enhancement layer. The corresponding indices are SE_shape3, SE_shape4, SE_shape5 and SE_shape6.

Index SE_shape6 is not used when 3.7 kbps mode is selected.

5 Index
[ Y= shape-t
VvaQ of
SE
Shape1 SE Gain
N
T
VvQ of
SE
Shape2 » Index
. SE_gain
Gain table
_ Index
” SE_shape 2
Dimension
Conversion
Input -
O 4
vaof || vaof of
SE SE INSE
Shape3 Shape4 hape6
» Index
SE_shape3
> SE_shape4

— SE_shape6

Figure 2.A.2=Vector quantization of spectral envelope

2.A.7] V/IUV decision

2.A.71 Tool description
A V/UV decision is made every 20 ms frame. The decision is made based on: similarity of the shape of the

synthgsized spectrdmvand original spectrum, signal power, maximum autocorrelation of LPC residugl signals
normdglized by residual signal power, and number of zero crossing.

2.A.7]12 Encoding process

The V/OVdecision IS composed of three different modes, that IS, Unvoiced, MiXxed Voiced, and Fully Voiced.

In order to send out the information of the three modes, two bits are used for V/UV. First, a decision is made
whether or not the current frame is Unvoiced. When this decision is Voiced, then the voicing strength is evaluated
from the value of the normalized maximum peak of the autocorrelation of LPC residual signal. Let us denote the
value rOr.

Shown below is the decision rule :
When the first decision is Unvoiced V/UV is 0 - Unvoiced

When the first decision is Voiced  V/UV is 1 for rOr < TH2 - Mixed Voiced 1
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Example
TH1 =0.
TH2 = 0.

V/IUV is 2 for TH2<=r0r < TH1 - Mixed Voiced 2
V/UVis 3 for TH1<=rOr - Fully Voiced
7

5

The number 0,1,2,3 is send out to the decoder as index VUV using the two bits.

2.A.8 Time domain encoder

2.A.8.1

When a

Tool description

Speech segment is unvoiced, Vector Excitation Coding (VXC) algorithmis\used. Figure 2.A.3 sho

overall sfructures of the VXC encoder. The operation of the VXC is described below.

2.A.8.2

Encoding process

LPC andlysis is carried out first, and LPC coefficients (« ) are then converted to LSP parameters in the

manner

as in the voiced case. LSP parameters are quantized,~'and quantized LSPs are converted t

coefficients (a ).

The pergeptually weighted LPC synthesis filter H(z) is expressed as:

where 4
LPC coe

(z) is a transfer function of the LPC synthesis filter, and W(z) is a perceptual weighting filter derive
ficients.

Let x,(r) be perceptually wejghted input signal. Subtracting zero-input response z(n) from x,(n), we

reference signal, r(n) for theDanalysis-by-synthesis procedure of the VXC. Optimal shape and gain vectq

searched using the distortion measure E:

s the

same
b LPC

d from

obtain

rs are

where syn(n) is zero-state response of H(z), driven by a excitation input by only a shape vector s(n) , Which is an

output of VX_shape codebook. g is a gain, which is an output of VX _gain coodbook. N is vector dimension of
VX_shape codebook.

The codebook search process for the VXC consists of two steps, that are:

1. Search s(n) that maximize

74

© ISO/IEC 2009 — All rights reserved


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

2. Sea

ISO/IEC 14496-3:2009(E)

N-1
r(n) x syn(n)
n=0
N N-1
2
syn(m)

m=0

rch g that minimize

where

The gliantization error e(n) is computed as:

When
refere

The o
The 2

corres
gain

VX_shapeZ2][i], VX_gain2[i] (i = 0,152y3). 3.7 kbps mode may use the same encoding procedure as that o

mode

e(n) = r(n) —gx syn(n)

the bit-rate is 4 kbps, one more stage is used for the\quantization of unvoiced segments, and e(n) id
nce input to the second stage VQ.

peration of the second stage VQ is the same, as that of the first stage VQ.
0 kbps coder uses 6 bits shape and 4(bit gain codebooks for the unvoiced excitation for every 10 m
ponding indices are VX_shapeli]; VX_gain[i] (i=0,1). The 4.0 kbps scheme adds 5 bits shape a

odebooks for every 5 msec, at, the bottom of the current quantizer. The corresponding ind

though VX_shape2[3] and-\VX_gain2[3] are not used in the decoder at 3.7kbps mode.

Table 2.A.4 — Configuration of the VXC codebooks

Tst’stage (80dimension 6bits shape + 4bits gain) x 2
2nd stage  (40dimension 5bits shape + 3bits gain) x 4

used as

sec. The
nd 3 bits
ices are
" 4.0kbps
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2.A.9
This sub
variable

the mod
period of

In the en
by which

Minimun
Paramet
lev: r.m.s

vCont: n

Input LPC
Speech Analy sis v l |,
Perceptual Weighting Filter
Stochastic Codebook VQof LSP | —» W(z) |and Subtraction of
ochastic L-odeboo zero- Input response of H(z)
v $+
—»| 6bits || H) 41@_17
Perceptually
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LPC syn. Filter of
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¥ _4bits ° _ _
Stochastic Codebook | +
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Perceptually
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GainCodebook LPC syn. Filter Calculation
. of
| Sbits Error
|

Figure 2.A.3 — Vector Excitation Coding (VXC) for unvoiced signals

/ariable rate encoder

Clause describes a tool for variable rate coding with the HVXC core. This tool allows HVXC to ope
it rates. The major part of the algorithm is composed of\'background noise interval detection", whe
b bits are transmitted during the "background noise~mode", and unvoiced frame is inserted with
time to send parameters for background noise generation

coding algorithm, minimum level tracker hastemporal minimum level in order to adjust a threshold
a decision is made about whether or not.thé input segment is speech.

h level tracking
brs are defined as follows:
. of a speech frame

Iimber of continuoustveiced frames

cdLev: candidate value.of minimum level

prevlLev:

gmiSetS

r.m.s. of@previous frame

ateXndmber of frames in which the candidate value is set

rate at
e only
certain

value

gmlIRese

olate.number of Trames In wWnich the Candaidate value IS not set alter setting or minimum fevel

gml:minimum level

The minimum level is tracked according to the algorithm shown below.

if (vCont > 4)

{

76

cdLev = 0.0;

© ISO/IEC 2009 — All rights reserved


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

gmlSetState = 0;
gmlResetStatet+;

}

else if

{

(lev < MIN GML)
*gml = MIN GML;
gmlResetState = 0;

gmlSetState = 0;

el e

ISO/IEC 14496-3:2009(E)

(Ko bl )
N

*gml = lev;
gmlResetState = 0;
gmlSetState = 0;
else if ((lev < 500.0 && cdLev * 0.70 < lev && lev < cdLev * 1.30)
if (gmlSetState > 6)
{
*gml = lev;
gmlResetState
gmlSetState = 0;

I
o
~.

}

else

{
cdLev = lev;
gmlResetState
gmlSetState++;

I
o
~.

else if
cdLev = lev;
gmlResetState = 0;
gmlSetState++;
else if (gmlResetState, >.40)
*gml = MIN GML;
gmlResetState =70;

gmlSetStaté ¥70;
}
else
{

cdhév = 0.0;

gmlSetState = 0;

((lev < 500.0 && prevlev * 0,70"< lev && lev < prevlev * 1.30) ||

|| flev < 100.0)

lev < 100}0)

R —_—
YIILATSTLOoLAaALTT T,

As shown above, the minimum level is held during appropriate period of time and updated. The minimum level is

always set higher than a predetermined value MIN_GML.
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Background noise detection based on the minimum level
The reference level refLev is computed as,
refLev = A x max(lev, refLev)+ (1.0 — A) x min(/ev, refLev) (1)
Usually A is set to 0.75. Background noise detection is carried out using the refLevel derived from equation (1).

For the frames where "voiced" decision is made:

if (refLgv < B *gml && contV < 2) {
idVUV = 1;
}

For the ffames where "unvoiced" decision is made:
if (refLgv < B *gml) { /* condition-1 */
if (bgnCnt < 3) {
bgnCnt++;
}
else
if (ognintvl < 8) {

dvUV=1:
bgnintvi++;

elde {
bgnintvl=0;

bgn¢nt=0;

where B s a constant. In this case we set B=2:0

Each panameter is defined below.

countV : humber of consecutive.yoiced frames

bgnCnt: [number of frames-which satisfies the condition-1

bgnintvl:[number of frames where "Background noise" mode is declared

idVUV is|a-parameter that has the result of V/UV decision and defined as;

Unvoiced speech

. Background noise interval
idVUV = ) )
Mixed voiced speech

W o = O

Voiced speech

If the current frame is declared to be "Voiced", it is checked whether or not the previous frame is "Voiced". If the
previous frame is "Voiced", "backgroundnoise" mode is not selected; otherwise, "background noise" mode is
selected.
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If the current frame is declared to be "Unvoiced", "background noise" mode is selected only after the condition-1 is
satisfied for four consecutive frames. When "background noise" mode is selected for consecutive N frames, then
the last frame is replaced with "Unvoiced" mode in order to transmit speech parameters which represents
characteristics of the time varying back ground noise.

At this moment, N is set to 9.

Variable rate encoding:

Using [the background noise detection method described above, variable rate coding is carried out based on fixed
bit rat¢ 2 kbps HVXC.

Table 2.A.5 — Bit allocations of the encoded parameters for the variable bit(rate mode

Mode (idVUV) Back Ground Noise (1) UV (0) MV (2), V (3)
V/UV 2bit/20msec 2bit/20msec 2bit/20msec
LSP Obit/20msec 18bit/20msec 18bit/20msec
Excitation Obit/20msec 8bit/20msec 20bit/20msec

(gain only)
Total 2bit/20msec 28bit/20msec 40bit/20msec
0.1kbps 1.4kbps 2.0kbps

If the purrent frame or the previous frame is "Background noise' mode, differential mode in LSP quanfjzation is
inhibited in the encoder because LSP parameters are not sent’during "Background noise" mode and infer frame
coding is not possible.

pitch (from Open Loop Pitch Search)y~————= V/UV/BGN
Judgement 1 = V/UV/BGN

numZeroXP (from Zero Crossing €ounter) ————=>

Figure 2.A.4 — Block diagram for variable rate encoding

2.A.10Extension of HVXC variable rate encoder

In subclause 2.A.9,the’encoder operation of the variable rate mode of 2.0 kbit/s maximum is described.[ Here in
this sybclause one-example of the implementation of HVXC variable rate mode encoder of 4.0 kbit/s makimum is
descriped. Basically any kind of background noise/unvoiced speech decision algorithm could be used. The change
of the|signal_level and the spectral envelope are used to detect background noise interval from unvoice{ frames.

Duringd the\noise interval, it is assumed that the signal level and the shape of the spectral envelope are stable. The
log squared magnitude response at low frequency range of the spectral envelope is computed from LPC gepstrum
coefficients. The Tog squared magnitude response of the current frame is compared with the average of the log
magnitude response over several past frames. If the difference is small, it is assumed that the signal is stable.
When these parameters show the signal condition is stable enough, the frame is classified as “background noise
interval”. If the signal characteristic is changed in certain range, it is assumed that the background noise
characteristic is changed, and noise update frame is transmitted. If the signal characteristic is changed more than
pre-defined range, then signal is assumed to be unvoiced speech.

2.A.10.1 Definitions

stFlag: signal stability flag
bgnCnt: background noise counter
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Bgnintvl: backgorund noise interval counter
UpdateFlag : background noise update flag

2.A.10.2 RMS computation

RMS of the input signal s[]is first computed to obtain minimum signal level (min_rms ). If the RMS value is

smaller than the predefined value that is the smallest possible speech level, and the deviation of RMS values of
several frames are in certain range, then the minimum level is smoothly updated using the detected RMS value and

the current min_ 7ms . The current RMS value “rms” is then divided by current min_rms to obtain the value

“ratio”.

. rms
ratio = f———
min_ rms

This valye is used for signal stability detection as described in 2.A.10.4.

2.A.10.3 Spectral comparison

The speftral envelope is computed using Linear Prediction (LP) coefficients.. LP coefficients are convejted to

cepstrun) parameters C,[] . From cepstrum parameters, log squared magnitude response ln‘HL(e Q)

computef as:

2 M
In[H, (¢"®) =2-)C, (m)cos(Qm)
m=0
The avernage level of each of the frequency bands at the n<th frame is computed as:
1 e e 1451 . e
log Amp(n,i) = — jQ In|H (/)| dQ =—| 2)°—C, (m)sin(Qm) i=0..3
W =4 m=1 M

w. o

i

Here, w|is the band width (=500Hz), and i is the band number where 4 bands between 0 and 2kHz are computed.
From thg obtained log squared magnitude values of the last 4 frames, averaged values for each band is computed
as:

4
aveAmg(n,i) = %ZIOg Amp(n — j,i)
=

Using these equations, The difference “ wdif " between the current level and averaged level for each [of the
frequencly band_ iNis computed as shown below.

i=0

[/ 3
wdif = \/jZ(log Amp(n, i) — aveAmp(n,i))”

2.A.10.4 Signal stability detection

From the combination of ratio and wdif , signal stability flag “stFlag” which has the following 3 states is
computed. Naturally, the smaller these variables are, the more stable the signal state is.
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0 Almost stable
stFlag =< 1 Unstable
2 A little stable

2.A.10.5 Background noise detection

According to the variable stFlag and the V/UV decision, background noise is detected. The flowchart is shown in
Figure 2.A.6 — 2.A.6. When the V/UV decision is voiced (VUV = 2,3), the frame is classified as voiced-rggardless
as thel value of stFlag. When background noise is detected in unvoiced interval (VUV = 0), VUV is sét\to|1. When
background noise parameters have to be updated, “UpdateFlag” is set to 1. In order to secure stable’ opg¢ration of
the background noise detection algorithm, the variables, background noise counter (bgnCnt) and-backgroynd noise
intervgl counter (bgnintvl), are introduced. BGN_CNT and BGN_INTVL are predefined constants.

2.A.10.6 Transmitted parameters decision

VUV i$ a parameter that has the result of V/UV decision and defined as;

0 Unvoiced speech

1 Background noise interval
VUV| =

\S)

Voiced speech 1

W

Voiced speech 2

In ordIr to indicate whether or not the frame marked “VU\/=41" is noise update frame, a parameter “UpdateFlag” is
introdyced. UpdateFlag below is used only when VUV =1:

K _JO0 not noise update frame
UpdatgFlag = {1 noise update frame
At noige update frame, averaged LSP and Cglp-Gain parameters are computed.
As for|LSP, raw LSPs are averaged around the last 3 frames.
1 2
avel§p|[n][i] ZEZLSp[n—j][i] , i =1,...,NP

J=0

where| aveLsp[n][] denotes the averaged LSP at the n-th frame and Lsp[n][] denotes the raw LSP af the n-th
frame| NP is the ofder of LSP. avelLsp[n][] is quantized and coded, where LSP coding by differentiall mode is
inhibited.

As for|Celp gain, raw Celp gains around the last 4 frames(8 subframes) are averaged.

> Gainfn - j][k]

1
aveGain[n] = —
8 =0 k=0

where aveGain[n] is the averaged Celp gain at the n-th frame and Gain[n][k] is the raw Celp gain at the n-th frame
and the k-th subframe. The averaged Celp gain is quantized and coded in the same manner as usual Celp gain.

According to VUV, the following parameters are transmitted.
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Table 2.A.6 — coded parameters for 4 kbit/s variable rate mode

Mode(VUV) Back Ground Noise(1) UVv(0) V(2,3)
UpdateFlag=0 | UpdateFlag=1
V/UV 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 kbit/s
Compute ratio
S[nj RMS —> » UV/BGN
UV/BGN
Spectral wdif Judgement
Comparison » (UpdatcFlag
vuv | g l
LSP and Celp Gain P Averaging & VQ ¥ LSP and Celp Gain Index

Figure 2.A.5 — Additional Blockdiagram for Encoder
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tFlag = 0 or 22
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No
stFlag=0 ?

bgnCnt =0
bgnlntvl=0

bgnCnt++

bgnCnt >

BGN_CNT ?

VUV=1

No
stFlag= 0 ?

Yes l

bgnlntvi++

bgnlntvl=0

bgnlntvl <
BGN INTVL?

UpdateFlag=0

UpdateFlag=1
bgnlntvl =0
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Figure 2.A.6 — Flowchart of noise detection
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Annex 2.B
(informative)

HVXC Decoder tools

2.B.1 Postfilter

2.B.1.1| Tool description
The basic operation of the post-filter is to enhance the spectral formants and suppress the spgctral valleys. One
can use |a single postfilter after voiced and unvoiced synthesized speech are added. Alternatively, one can use

independent postfilters for voiced and unvoiced speech respectively. Use of independent Ipgstfilters for voiced and
unvoiced signals is recommended.

In the dgscription below, each of the voiced speech and unvoiced speech obtaingd is fed into the indepg¢ndent
postfilters.

The use [of a postfilter is required, however, the configuration and constants\of the postfilters described herelis one
exampleland not normative, and they could be modified.

2.B.1.2 | Definitions

Pf, (z):Transferfunctionof spectralshapingfilterforvoicedspeech.

~

/., (z): Transferfunctionof spectralshapingfilterforunvoicedspeech
r.q-gainadjustmentfactorforspectralshaping.

S (n)LPCsythesisﬁlterH (z)output.

5 (n)SpectralshapingﬁlterPfV (z )output.

P

S o n)Spectralshapedandgainadjustedoutput.

Sy _ppev(n)S of (n)computedusingpreviousframe'sa, andr, e
vspepch(n Y Postfilteredvoicedspeech.

n
uvspepch(n Postfilteredunvoicedspeech.

2.B.1.3 | Processing

Each of the operation of the posffilter consists of three steps, that is, spectral shaping, gain adjustment and
smoothing process.

2.B.1.3.1 Voiced speech

Spectral shaping:
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Zan;/"z‘"

Pf(z)=" (1~ &)

=7
zanﬂnz—n

n=0

ISO/IEC 14496-3:2009(E)

Output of the LPC synthesis filter s(n) is first fed into the spectral shaping filter va(z), where ¢, are linear

predictive coefficients converted from de-quantized and linearly interpolated LSPs, w

ms. p

decodp mode is selected, the decode frame interval is shifted by 2.5 ms and interpolation of LSPs is cartig

hich are updated every 2.5
5 —Wherdow delay

d out for

the firgt 17.5ms of decode frame interval shown in Figure 2.9, and the latest LSPs are used for-thelagt 2.5 ms

without interpolation.

Gain adjustment:

The olitput of the spectral shaping filter, Spf(n) , is then gain adjusted so that the frame gain of the input and output
of the|spectral shaping is unchanged. Gain adjustment is done once every460 sample frame while LSPs are

updatgd every 2.5ms. The gain adjustment factor r,;; is computed as follows:

i

The spectrally shaped and gain adjusted output spf’(n) is obtained as:

Smoothing process:

SPf’(n)zradjSpf(n) (Oﬁl’l < 159)

The spectrally shaped and*gain adjusted output spf, (n) is then smoothed to avoid discontinuities due to pprameter

changg at the beginning of each frame. Postffiltered voiced output vspeech(n) is obtained as follows

n ' n_
I—— sp rev (I’l)+—S : (}’l)
vspeech(n) = 20 7P 207

SPf,(n)

(0<n<19)

(20 < n < 159)

’ ’
where sp; ., (1) isa sp- (1) computed using previous frame’s «,and 7, .
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2.B.1.3.2 Unvoiced speech

Spectral shaping:

Similarly
linear pr

Pl (@)= ———(1-&")

anﬁl’lz—n

n=0

the transfer function of the spectral shaping filter for unvoiced speech is given as Pf,, (z) where
bdictive coefficients converted from de-quantized LSPs, which are updated every 20 ms. When

decode mode is selected, LSP coefficients are updated at the middle of decode frame interval(lflow delay d

mode is
beginnin
smoothi

selected , decode frame interval is shifted by 2.5 ms and LSP update happens at 726 ms point fr¢

hg process are the same as in the voiced part described above, and produces postfiltered un

speech gvspeech(n) .

The output of each of the postfilters, vspeech(n) and uvspeech(n) are added to generate postfiltered speech o

2.B.2 Post processing

2.B.21

Tool description

The output of the postfilter is fed into the post processing part. Post processing is composed of three filters
are, high pass filter, high frequency emphasis *filter, and low pass filter. High pass filter is used to r

unneces
speech,

sary low frequency components, high'frequency emphasis is used to increase the brightness
and low pass filter is used to remeve unnecessary high frequency components. The filter configu

and congtants described here is one example and not normative, and they could be modified.

2.B.2.2
HPF (z):
Emp(z):

LPF(z):

Definitions
Transfer functiemof high pass filter.

Transfer function of high frequency emphasis filter.

Transfer function of low pass filter.

, are

normal
ecode
m the

g of the decode interval in Figure 2.9 p=10,y =05,=08,6=0.1 . The gain adjustment and the

voiced

utput.

those
bmove
of the
ations

2.B.2.3 Processing

The three filters below are applied to the output of the postffilter.

High Pass Filter:

86

1+ Alzf1 + Blzf2 . 1+ Azzf1 + Bzzf2

HPF(z) = G;
"1+ Clz_1 + Dlz_2 1+ sz_l + Dzz_2
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High Frequency Emphasis:

Low Pass Filter:

Emp(z) = GG

IPF'(\—CT

1+ A4 z7' + BB z72
1+CC z '+ DD z72

1+ AL z ' + BL z72

ISO/IEC 14496-3:2009(E)

2.B.2|4 Tables

1+CL z '+ DL z72

Table 2.B.1 — Coefficients of the high pass filter

Gy 1.100000000000000
A, -1.998066423746901
B, 1.000000000000000
C -1.962822436245804
D, 0.9684991816600951
A, -1.999633313803449
B, 0.9999999999999999
C, -1.858097918647416
D, 0.8654599838007603

Table 2.B.2 — Coefficients\of the high frequency emphasis filter

AA 0:651543
BB 0.152100
ce 0.89

DD 0.198025
GG 1.226

Table 2.B.3 — Coefficients of the low pass filter

AL | -2.*1.* cos((4.0/4.0)" 7 )
BL | 1.

CL |-2.%0.78 * cos((3.55/4.0)* 7 )
DL | 0.78"0.78

GL _10.768
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Annex 2.C
(informative)

System layer definitions

2.C.1 Random access point

Random|access point in HVXC bitstream can be set at any frame boundary point.
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Annex 2.D
(informative)

Example of EP tool setting and error concealment for HVXC

2009(E)

2.D.1 Overview

This dection describes one example of the implementation of EP (Error Protection) tool and error-con
method for HYXC. Some of perceptually important bits are protected by FEC (forward error correetion) sch
some [are checked by CRC to judge whether or not erroneous bits are included. When CRC,error occ
conceglment is executed to reduce perceptible degradation.

It shodild be noted that error correction method and EP tool setting, error concealment algorithm describ
are one example, and they should be modified depending on the actual channel conditions.

2.D.2 EP tool setting

2.D.2|]1 Out-band Information Example for HVXC
o 2 kbit/s fixed rate

ESC(Error Sensitivity Category) instances of two adjacentframes are applied for EP classes directly:
Clasg 1: 22 bit (fixed), 2frame concatenated, SRCPC code rate 8/16, 6 bit CRC
Clas$ 2: 4 bit (fixed), SRCPC code rate 8/8,1 bit CRC
Clas$ 3: 4 bit (fixed), SRCPC code rate 8/8,1 bit CRC
Class 4: 20 bit (fixed), 2frame concatenated, SRCPC code rate 8/8,no CRC

cealment
eme and
irs, error

ed below

/* number of predefined sets */
/* bit interleaving */

[* bitstuffing */

[* 2 frame concatenate */

/* number of cldsses */

O A N O N -~

22 *bitsused for class length (0 = until the end) */
[ puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

[* crc length */

0010020 /*length,ésSc, srcpe_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */

00000080 /*length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class o;ftion */

/* bits used for class length (0 = until the end) */
[* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
1 /* crc length */

00000030 /*length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */

4 [* bits used for class length (0 = until the end) */
0 [* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
1 [* crc length */

00010030 /*length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */

© ISO/IEC 2009 — All rights reserved

89



https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

10 /* bits used for class length (0 = until the end) */
0 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
/* crc length */

e 4 kbit/s fixed rate

ESC(Error Sensitivity Category) instances of two adjacent frames are applied for EP classes directly:
Class 1} 33 bit (fixed), 2frame concatenated, SRCPC code rate 8/16, 6bit CRC
Class 2 22 bit (fixed), 2frame concatenated, SRCPC code rate 8/8, 6bit CRC
Class 3} 4 bit (fixed), SRCPC code rate 8/8, 1bit CRC
Class 4} 4 bit (fixed), SRCPC code rate 8/8, 1bit CRC
Class 5} 17 bit (fixed), 2frame concatenated, SRCPC code rate 8/8, no CRC

1 /* number of predefined sets */

2 /* 1 bit interleaving */

0 [* bitstuffing */

2 /* 2 frame concatenate */

5 /* number of classes */

00010020 /*length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class optign */
33 /* bits used for class length (0 = until the end) */

8 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

6 * crc length */

00010030 /*length_esc, srcpc_esc, crc_esc, concatenate,"FEC type, No termination, interleave SW, class optign */
22 /* bits used for class length (0 = until the.end) */

0 /* puncture rate for srcpc 0 = 8/8 ....24 = 32/8 */

6 * crc length */

00000[030 /*length_esc, srcpc_esc, cre_ésc, concatenate, FEC type, No termination, interleave SW, class optign */

4 /* bits used for class length (0 = until the end) */

0 /* puncture rate far srcpc 0 = 8/8 ... 24 = 32/8 */

1 [* crc length X/

00000[030 /*lengthesc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class optign */
4 /* bitslused for class length (0 = until the end) */

0 {*puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 /* crc length */

00010[023,0 /*length_esc, srcpc_esc, crc_esc , concatenate, FEC type, No termination, interleave SW, class optipn */
17 /* bits used for class length (0 = until the end) */

0 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 [* crc length */

The Table 2.D.1 below shows a channel coded bit assignment for the use of the above EP tool settings.
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Table 2.D.1 — The channel coded bit assignment for the use of the EP tool

2 kbit/s fixed rate

4 kbit/s fixed rate

Class |

Source coder bits 44 66 "
CRC parity 6 6
Code Rate 8/16 8/16
Class | total 100 144
Class Il

Source coder bits 4 44 Y
CRC parity 1 6
Code Rate 8/8 8/8
Class Il total 5 50
Class Il

Source coder bits 4 4
CRC parity 1 1
Code Rate 8/8 8/8
Class lll total 5 5
Class IV

Source coder bits 4 4
CRC parity 1 1
Code Rate 8/8 8/8
Class IV total 5 5
Class V

Source coder bits 4 4
CRC parity 1 1
Code Rate 8/8 8/8
Class V total 5 5
Class VI

Source coder bits 20" 4
CRC parity 0 1
Code Rate 8/8 8/8
Class VI fotal 20 5
Class Vi

Source coder bits 340V
CRC parity 0
Code Rate 8/8
Class VIl total 34
Total Bit of All Classes | 140 248
Bitrate 3.5 kbit/s 6.2 kbit/s

(*1) 2 frame concatenated.

Class I:

CRC covers all the Class | bits, and Class | bits including CRC are protected by convolutional coding.

Class II-V(2 kbit/s), I-VI(4 kbit/s):

At least one CRC bits cover the source coder bits of these classes.

© ISO/IEC 2009 — All rights reserved
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Class VI(2 kbit/s), VII(4 kbit/s) :

The source coder bits are not checked by CRC nor protected by any error correction scheme

2.D.3 Error concealment

When CRG-efre detected—error-conee ple of
concealment method is described below.
A frame |masking state of the current frame is updated based on the decoded CRC result of Class|l. The state
transition] diagram is shown in Figure 2.D.1. The initial state is state = 0. The arrow with a letter “1” denotes the
transitior] for a bad frame, and that with a letter “0” a good frame.
2.D.3.1 | Parameter replacement
According to the state value, the following parameter replacement is done.N\lp/error free condition, statel value
becomeq 0, and received source coder bits are used without any concealment\processing.
2.D.3.1.1 LSP parameters
At state ¥ 1..6, LSP parameters are replaced with those of previous ones.
When stpte = 7, If LSP4 = 0 (LSP quantization mode“without inter-frame prediction), then LSP parametgrs are
calculated from all LSP indices received in the current frame. If LSP4 = 1 (LSP quantization mode with intertframe
coding), then LSP parameters are calculated with the following method.
In this mpde, LSP parameters from LSP1 index are interpolated with the previous LSPs.
LSP,,.(n)=p-LSP,  (n)£0=p)LSP,(n) forn=1..10 (1)
LSP,,.(n) is LSP parameters_of the base layer, LSP,,, (n) is the previous LSPs, LSF(n) is the dgcoded
LSPs from the current LSPANndex, and p is the factor of interpolation. pis changed according to the number of
previous|CRC error frafes of Class | bits as shown in Table 2.D.2. LSP indices LSP2, LSP3 and LSP5 are not
used and LSP, ., (n)»is used as current LSP parameters.
Table 2.D.2 — p factor
Erame p

0 0.7

1 0.6

2 0.5

3 0.4

4 0.3

5 0.2

6 0.1

>7 0.0
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1.2 Mute variable

According to the “state” value, a variable “mute” is set to control output level of speech.

The “mute” value below is used.

2009(E)

In state = 7, the average of 1.0 and “mute” value of the previous frame(= 0.5 ( 1.0 + previous “mute value” )) is

used,

2.D.3.

but when this value is more than 0.8, “mute” value is replaced with 0.8.

0 1.000
1 0.800
2 0.700
3 0.500
4 0.250
5
6
7

0.125
0.000
Average/0.800

1.3 Replacement and gain control of “voiced” parameters

In stafe = 1..6, spectrum parameter SE_shape1, SE_shape2, spectrum gain parameter SE_gain,
parameter for 4 kbit/s codec SE_shape3 .. SE_shape6 are.replaced with corresponding parameters of the

frame
“ Am[

Also, to control volume of output speech, harmonic magnitude parameters of LPC residu
...127]” is gain controlled as shown in Eq.(1):\n the equation, Am(org) [l] is computed from the

spectrum parameters from the latest error free frame.

N

mli)=mute* Am,,,, [i] ~ fori=0:27 (1)

If prevjous frame is unvoiced and curtent state is state=7, Eq.(1) is replaced with Eq.(2).

N

As de
CRC

dimen

mli]= 0.6 * mute* Am§ j[i] ~ fori=0.127 (2)
scribed before, SE_shape1 and SE_shape?2 are individually protected by 1 bit CRC. In state =0 o

sion Am,,, [1X44] are gain suppressed as shown in Eq.(3).

Amqnt [l] = S[l] * Amqnt(()rg) [l] fori=1..44 (3)

brrors of these classes are detected at the same time, the quantized harmonic magnitudes v

spectrum
previous
al signal

received

7, when
ith fixed

s[i] isThe Tactor for the gain suppression.

Table 2.D.4 — factor for gain suppression ‘s[0..44]’

i 1 2 3 4 5 6 7.44
s[i]] [0.10 [0.25 |0.40 [0.55 |0.70 |0.85 |[1.00

At 4 kbit/s, SE_shape4, SE_shapeb, and SE_shape6 are checked by CRC as Class Il bits. When CRC error is

detect

© 1S0/I

ed, the spectrum parameter of the enhancement layer is not used.
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2.D.3.1.4 Replacement and gain control of “unvoiced” parameters.

In state = 1..6, stochastic codebook gain parameter VX_gain1[0], VX_gain1[1] are replaced with the VX_gain1[1]
from the latest error free frame. Also stochastic codebook gain parameter for 4 kbit/s codec
VX_gain2[0]..VX_gain2[3] are replaced with the VX_gain2[3] from the latest error free frame.

Stochastic codebook shape parameter VX_shape1[0], VX_shape1[1],and stochastic codebook shape parameter for

4 kbit/s dec are generated from randomlv generated-indexvalues
=4 PAR

Also, to ¢ontrol volume of output speech, LPC residual signal res[O...159] is gain controlled as shown(in"Eqf(4). In

the equation, T'€S org) [l] is computed from stochastic codebook parameters.

resfii] = mutexres,,,, [i] (0<i<159) (4)

2.D.3.1.9 Frame Masking State Transitions

Figure 2.D.1.— Frame Masking State Transitions
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Annex 2.E
(normative)

VQ codebooks for HVXC

2.E.1| List of the VQ codebooks

In this|Annex, VQ codebook tables listed in the Table 2.E.1 are given. All the codeword values in the-tables in this
Annex must be divided by the values indicated as a factor for each of the tables before use.

Table 2.E.1 — List of the VQ codebooks

harmonic VQ table - 2k CbAm
harmonic VQ table - 4k CbAm4k
stochastic codebook table - 2k ChCelp
stochastic codebook table - 4k CbCelp4k
LSP quantizer table - 2k CbLsp
LSP quantizer table - 4k CbLsp4k

2.E.2 CbAm

VQ codebook for harmonic spectral vector for 2 kbps

Table 2.E.2 — Spectral gain codebook (base layer): gO0[]
dim=1 x 32 codewords
16 bits signed

factor = 212
index Codeword index codeword
0 57 16 26628
1 98 17 22212
2 206 18 17853
3 152 19 20138
4 625 20 12642
5 480 21 13691
6 278 22 16103
7 364 23 14774
8 4544 24 5362
9 3787 25 6172
10 2460 26 8005
11 3077 27 7125
12 826 28 11519
13 1110 29 10688
14 1940 30 8954
15 1482 31 9856
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Table 2.E.3 — Spectral shape (base layer): cb0[16][44]
dim = 44 * 16 codevectors
16 bits signed

factor =277

index codeword
(SE_shape1)
_—

7710 12303 6176 1720

5594 7400 2762 185

2501 4264 3853 2958

4090 6822 6583 4672

3971 4733 3289 2402

0 3414 4836 5483 5375
5788 6150 6913 5797

4675 4611 5268 3911

2219 1691 2596 3258

4269 5670 7460 8297

6711 3040 2429 938

6406 10409 8027 7324

9265 7299 2691 -89

547 2846 4081 3718

2848 4351 5958 8480

9650 8783 5877 4566

1 5500 7227 8808 8891
7361 6209 5672 5526

5247 5120 5262 3651

1414 881 2038 3277

3965 4049 4623 5491

5508 6985 12000 11198

3235 5535 5477 5511

6480 6626 5549 3676

2540 3077 4530 4482

3887 6011 6418 6445

6392 7353 6602 4748

2 4929 6353 6300 4968
4259 4319 4881 6797

11052 13332 15290 16039

13107 9461 5263 2697

2047 2080 3535 4610

3164 -679 -831 700

4236 9106 11295 11039

10359 9003 6981 4421

2691 2005 2262 2279

2289 4095 4052 3312

3592 3944 2875 1864

3 2101 3171 3253 3162
2987 3429 3525 3078

2896 2494 1813 920

292 715 2401 3234

4049 4442 4998 5256

3711 -395 -154 1377

13954 8825 -2191 957

2890 2461 2722 2351

2592 3760 4872 3592

1614 3113 3932 5058
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5208 4689 2860 1190
1548 3179 4830 4917
5052 5547 5793 5944
6135 5499 3854 2075
473 1034 2835 3291
4368 5192 6498 6736
4248 536 -645 -861
2225 5420 8507 10359
9443 4811 -1364 -4304
-2831 434 2964 3312
2106 2885 2677 2142
2840 4028 3783 2347
2311 2970 3318 2793
1998 2021 2407 2170
1991 2124 2534 2117
1596 1733 1779 1550
1795 1555 2944 4183
2887 -736 -1242 -152
1326 4724 9967 15539
16304 10623 3163 -788
1521 5819 8273 6952
4371 4060 3718 3298
4107 5364 4891 3022
3069 4169 4688 3447
2611 3101 3915 4441
4701 4975 3489 1533
-17 219 1874 3136
4116 3947 4988 5386
3392 -1057 -2291 -1434
5676 11275 11435 8100
4416 1903 429 -130
1590 4552 7473 7119
4485 3794 2766 2043
2936 3365 2673 1994
2694 4167 4494 4121
3967 4379 4656 4373
3685 2961 2096 1185
552 1424 3723 5183
5873 5071 5288 5628
4194 397 -662 25
8006 14433 13555 7820
5616 9749 15468 13912
8212 4869 5584 7375
9117 12166 11620 9748
9115 9020 8153 7046
7170 8236 8790 8369
8279 8558 9550 9980
9885 8427 7520 5986
5138 5211 7231 9033
10498 11176 12207 12670
10706 7004 6441 4155
5036 10205 11528 9840
9263 8782 7973 7590
7427 7360 7549 6667
6528 9201 10278 10508
11114 10054 7920 6415
6869 8687 10127 11499
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13521 16759 17481 14237
9991 7277 5499 4023
3069 3202 4544 5645
7247 9846 14884 22076

23893 17146 9262 2938
2928 6339 7501 7908
8465 8757 7683 6864
6934 7277 8001 6882
4939 6921 8146 8670
9110 9483 8002 6317

10 6217 6919 6816 6580
6868 7313 7860 7728
7708 7120 4417 2995
5624 13956 22866 26244

25377 20595 14318 8088
3734 -843 -1401 -767
2324 4896 6745 9373

13292 15734 15021 11516
8153 6101 5412 4278
3763 6757 9367 11234

12719 13716 12301 10678

11 10558 11499 11287 9989
8202 7439 7656 8212
8505 8095 7800 6342
5458 5804 7203 8282
8899 9103 10506 11557

10899 8015 7049 5679
5291 9095 6217 2989
3371 6555 9455 10807

10012 8879 8801 7892
6204 8161 9912 10641
9898 9877 8923 8066

12 7580 7453 7666 7519
7339 8115 8627 8928
8720 7023 5735 4203
3283 3492 4904 5389
4974 4628 5865 7185
9450 14948 24101 24286
7485 7194 760 6246

12284 4764 -576 2634
5063 4651 3470 2519
2409 4105 3939 3596
4844 5418 4188 3338

13 3544 4956 5411 5607
5167 5010 5619 5694

4935 4568 3990 2538

44 412 2354 3498

5146 6572 8301 8349

6779 2113 665 1038

3861 7854 10553 12074

13784 13715 11321 7859
6536 8311 12485 16123

17146 16537 12534 9378
8763 9137 8451 7949

14 8435 9215 9124 8284
7246 6931 7589 8877
10426 10428 10085 8625
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7294 7266 8688 9873
10573 10885 12186 13044
11178 6062 4333 3668

5319 10458 11442 9126

6605 4864 4486 5813

8369 9902 9479 7280

5596 7771 9447 10339
12120 13645 13169 11839

15 11237 10432 8377 6807

5851 5081 6977 8020
10188 11005 9799 7195

4792 4291 5736 6737

6776 6560 7849 9576

8904 5430 4240 2797

dim=44 * 16 codevectors
16 bits signed
factor = 277

Table 2.E.4 — Spectral shape (base layer): cb1[16][44]

index Codeword
(SE_shape?2)

© ISO/IEC 2009 — All rights reserved

5073 9567 9861 7804
9063 9510 6902 4357
3660 4111 4709 6181
7125 6090 8049 9594
7528 5771 6747 7965
0 7779 6443 5107 5658
6264 6812 7159 7779
9055 8740 7823 8271
9104 9062 7726 6345
5475 5241 4112 4086
6450 10299 10485 7481
7272 13230 10938 6723
11197 18250 15132 9622
9201 10191 10757 10474
10315 8562 8277 9264
9009 8390 8987 9757
1 9670 9058 9393 10433
11379 10843 9726 9623
9375 9673 9576 10383
11793 12855 14061 14168
13653 14983 15013 13399
12238 13728 11364 6705
2959 7446 13747 18610
18985 17157 15474 13007
9416 6379 4671 5822
9248 10374 11050 10787
9149 8527 9056 9764
2 8961 7911 8203 9124
8923 8179 7701 7757
8100 8968 10546 12239
13814 13619 11804 9965
8487 7732 6518 5977
7981 11564 10534 7579
881 3834 9534 15687
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19571 21127 21317 20686
18354 16020 14101 14310
15415 13359 12665 12287
11855 11085 11885 12729
12010 11130 10545 11096
12206 12018 11505 11086
10859 11481 12562 14110
16114 16406 14734 13185
12023 11632 10977 11301
14069 18042 15926 11411
7360 14622 15669 9368
2755 2083 5117 7701
7120 4817 3060 3642
4554 3001 2864 3714
4100 3934 4084 4683
4396 3489 2996 3929
5090 5027 4643 4134
3751 3700 4283 5958
7244 7072 5787 4815
4386 3571 1939 1097
2929 6701 7463 7336
5196 10635 12117 10303
7333 5421 5336 6648
9173 12792 165868 15774
11876 5957 4484 5594
6152 5943 7013 8206
7946 6912 6904 8086
9500 9693 9573 9461
8868 9403 9563 10010
10884 10854 9298 7607
7178 7287 6657 5052
6361 10084 8921 5501
3814 7967 12276 15441
13000 8461 5054 3396
3144 3838 5477 7326
8611 6356 5259 4945
4360 4073 5227 6583
6294 5237 5170 5842
6016 5587 5788 5732
5040 4746 5318 6409
7897 7905 6350 5237
4578 4646 4151 4475
8546 16193 17112 11921
3614 8494 13158 15420
14353 11638 9963 11367
14001 15703 14012 11770
10243 44 6543 72
7620 7790 9649 11153
10989 9370 8266 7678
8114 8703 9417 10506
10421 10014 9189 10121
11809 12712 12751 12325
10815 9566 8154 8222
9942 12697 10582 6937
9640 16893 13829 7074
5462 9678 15386 15346
10141 7792 9380 12736
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13929 10195 8097 8979
9992 9693 10282 11185
8 11110 9595 8741 8421
8601 8993 9737 9894
10042 10655 11404 12775
14831 15267 13130 11306
10232 9384 8076 7109
8837 12760 11663 6908
4431 9140 11976 11846
10802 10726 11703 12710
11853 10104 8574 9669
11691 10610 10325 10593
9775 9589 11402 14198
9 15648 15642 15299 14194
11693 8709 6792 6841
7525 9517 12122 16429
20201 21244 18251 13723
8741 6187 5201 5710
8559 12380 10814 7065
6417 13791 17968 17891
13116 9753 9387 10587
10112 9537 8292 9676
11265 10567 10373 10581
10035 9550 10655 11942
10 11224 10169 9913 10739
12516 13678 13764 13060
11483 10871 11190 10454
11006 11958 13540 17694
22764 25085 23894 17793
12022 10893 8946 5785
6643 13495 16708 14546
9833 8439 12580 19060
21155 17246 11261 8975
10488 10761 11801 12682
12643 11747 12055 12582
14 12365 11183 10826 11197
10922 10288 9831 10217
10597 11134 11651 13620
15546 15759 14419 13073
11822 11093 10186 10018
11946 15324 13076 8063
9320 13367 7272 3508
4787 6638 6347 4309
3669 4306 5158 5702
6564 4750 4151 4588
4773 4885 6161 6830
42 6057 4794 4497 5435
5719 5897 5270 4610
4953 6288 6932 7984
8446 7828 6074 5357
4867 4268 2723 3372
7136 12675 11294 5078
9271 12500 5475 5105
13647 13655 7248 5595
5206 5703 8553 11643
10651 7301 6630 8221
7870 7294 8693 9878
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13 9740 8182 8139 7921
8812 9644 10152 10275

10590 10528 9952 9091

9880 10394 8606 7573

6580 5574 3725 2508

5452 13958 21519 22685
7366 14917 18246 15291

9380 6686 7609 8991
8434 6401 4936 7007
11702 13856 13723 12350
10270 8661 9110 10490
14 10160 8741 8462 8722
8443 8320 8454 8981
9163 10173 10973 11715
12739 12526 10981 9192
7477 6617 5552 5244
7887 14437 15124 10911
3647 8297 13029 15393
13816 10428 7568 6298
5446 5598 6989 10927

14126 13634 13227 13814
13809 13528 12929 11754
15 9866 8138 8304 9576
11156 12009 11476 10823
10434 10355 11424 13811
16041 16689 15293 12292
8551 5943 4131 4170
7446 13091 12150 8225

2.E.3 CbAm4k

VQ codepook for harmonic spectral vector quantization for 4kbps.

Table 2.E.5 — Spectral shape (enhabcement layer): cb4k[0][128][2]
dim = 2x128 codewords
16 bits signed
factor = 2”6

index codeword
(SE_shape3)
0 -5773 858
1 -1768 1201
2 644 1969
3 444 46
4 -2723 3150
5 -121 172
6 -4459 6812
7 -1193 2298
8 -11663 2137
9 -2386 -178
10 -3323 1768
11 -195 -15
12 -2449 567
13 45 -11
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14 -7228 3785
15 -2010 1917
16 -1169 3581
17 417 284
18 -684 8757
19 -439 2544
20 -2127 14132
21 501 4365
22 -3449 25883
23 3584 9653
24 -3401 917
25 172 -463
26 -848 6067
27 380 1285
28 -4159 3823
29 -1099 810
30 -4328 16051
31 -2563 4871
32 970 382
33 388 -200
34 7754 1041
35 2254 1818
36 698 598
37 745 -435
38 1684 2655
39 842 137
40 -4839 2005
41 -50 627
42 1287 141
43 701 -127
44 -169 1056
45 242 -411
46 -834 1453
a7 18 93
48 4585 2897
49 1556 348
50 9446 6193
51 3441 976
52 2890 4293
53 1702 898
54 5292 11266
55 274 3043
56 305 827
57 528 -791
58 4109 29
59 1634 -459
61 -83 -244
62 2193 7152
63 1071 1264
64 5773 -858
65 1768 -1201
66 -644 -1969
67 -444 -46
68 2723 -3150
69 121 172
70 4459 -6812
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7 1193 -2298
72 11663 -2137
73 2386 178
74 3323 -1768
75 195 15
76 2449 -567
77 -45 11
78 7228 -3785
79 2010 -1917
80————————1169—3584
81 -417 -284
82 684 -8757
83 439 -2544
84 2127 -14132
85 -501 -4365
86 3449 -25883
87 3584 -9653
88 3401 -917
89 172 463
90 848 -6067
91 -380 -1285
92 4159 -3823
93 1099 -810
94 4328 -16051
95 2563 -4871
96 -970 -382
97 -388 200
98 =(754 -1041
99 -2254 -1818
100 -698 -598
101 -745 435
102 -1684 -2655
103 -842 -137
104 4839 -2005
105 50 -627
106 -1287 141
107 -701 127
108 169 -1056
109 -242 411
110 834 -1453
111 -18 -93
112 -4585 -2897
113 -1556 -348
114 -9446 -6193
115 -3441 -976
116 -2890 -4293
118 -5292 -11266
119 -274 -3043
120 -305 -827
121 -528 791
122 -4109 -29
123 -1634 459
124 210 -1695
125 83 244
126 -2193 -7152
127 -1071 -1264
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Table 2.E.6 — Spectral shape (enhabcement layer): cb4k[1][1024][4]
dim = 4x1024 codewords
16 bits signed

factor = 216
index codeword
(SE_shape4)

0 -3708 4595 174 5466

1 -6642 6292 -2437 -442

2 5553 3819 1853 8413

3 -425 627 -5619 3556

4 -7817 7075 -10600 2258

5 -3925 2833 72 1358

6 -11037 7197 -5288 14434

7 -2425 4350 -333 9257

8 -1515 -215 194 -90

9 -1555 2325 -2488 2620
10 -687 657 -3195 650
11 -3784 3980 -12574 ~5902
12 -1194 1024 -2115 25
13 4326 4919 7640 -326
14 -793 2014 -1672 6939
15 -653 754 <2286 -318
16 -5673 1116 -8246 2246
17 -11688 8435 -16555 -2551
18 1247 1855 -4749 1838
19 1005 7635 -17838 475
20 -1301 1082 -2757 4124
21 -9574 1676 -8532 952
22 -2056 2257 -7359 4384
23 -2787 1039 -5899 11
24 -1070 4111 -1342 -1460
25 -1116 12475 -9995 -650
26 -1723 6725 -6020 -5427
27 1257 12863 -20202 -9518
28 -730 -2201 2676 -568
29 -426 2249 -2616 2826
30 -236 197 -921 -2407
31 -347 3829 -8218 -8722
32 -13058 10488 -8453 9753
33 -5056 2191 -4350 905
34 -1778 15731 -4754 10386
35 -2236 5103 -2860 3991
36 -7333 9303 -15598 16357
37 -6027 13542 -2855 7737
38 -61 12148 -12735 23167
39 1443 14926 -65138 13767
40 -8335 2500 1145 3713
41 -1633 -1142 -251 -2105
42 -3704 2818 -4206 5422
43 681 1046 -4699 -4321
44 -5111 8969 -10188 2045
45 -3247 1963 -1582 2605
46 -2955 7990 -14298 5719
47 -1580 4537 -825 6925
48 -4958 5233 -573 2004
49 -4890 14378 -10816 -4353
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50 2741 2600 -3685 4183
51 -5465 1216 -8887 -3905
52 -6944 5380 -5414 7765
53 -3224 4618 -1955 1816
54 335 10495 -15036 6311
55 -90 4485 -1280 3781
56 290 -398 727 -2585
57 1072 3908 -3961 -8898
58 -1920 1344 -7820 -2107
59 4502 —8827—-17295 6552
60 -967 1650 1808 -4294
61 -480 493 -750 -1257
62 971 368 -5922 5544
63 -462 2029 -8023 -2102
64 -782 470 269 853
65 -661 803 -223 123
66 -2119 266 635 4444
67 -630 -1052 -315 942
68 -3596 473 -2921 1915
69 =277 -356 759 478
70 -2282 2421 -5053 10636
71 -1276 818 -1150 2733
72 355 -532 1715 -1003
73 -53 -1318 1661 582
74 632 -2107 -217 -1528
75 211 -554 -2387 -1385
76 -616 -292 501 527
77 -2509 364 5987 2601
78 391 166 -236 -3245
79 438 -1049 1580 -160
80 -5314 325 1110 295
81 -4272 653 -7224 3198
82 -1 -133 -365 268
83 -1713 1072 -5118 -100
84 -198 -287 48 211
85 -2646 -1197 -1365 624
86 -673 1509 -1153 1719
87 -236 -1532 -859 319
88 2237 58 5065 -7544
89 -1467 312 -3129 -1035
90 3474 -1701 -1247 -1553
91 7069 813 -11959 -7397
92 -61 -242 58 -2288
93 -588 131 1017 1208
94 3938 4608 -446  -10269
95 873 54 -2588 -3892
97 -912 628 -939 696
98 3404 1697 -1102 10570
99 -1136 -638 1377 3107
100 1671 2529 -3694 9330
101 -697 3208 1806 5118
102 3035 3843 -15529 23374
103 -3701 2884 -9284 8114
104 -1406 -309 -1186 730
105 62 -62 8 32
106 1637 -1305 -1739 2757
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107 274 18 -1460 41
108 -2344 265 -1672 629
109 -1109 3991 1669 2016
110 410 923 -10336 6935
111 -403 148 -1632 3694
112 -1298 -807 252 1014
113 325 3999 -3187 -3229
114 1073 1368 -2383 4904
115 -1227 255 -1438 -666
116 670————14——-2684 3137
117 -287 103 63 135
118 255 3490 -11611 9597
119 522 36 -2783 4220
120 1835 -2453 1409 -1043
121 218 -1024 -813 -2278
122 -54 186 -408 -884
123 3969 4248 -5097 -4668
124 26 -991 1669 -862
125 -19 -137 245 -54
126 1085 6265 -376 1538
127 -108 -130 -1726 -1060
128 1121 635 236 988
129 1737 1161 771 1046
130 -1419 1019 -760 1417
131 -356 144 -410 270
132 -4517 438 -722 1664
133 -763 3156 5529 9680
134 -2411 1731 1934 8028
135 1668 -1040 1629 2868
136 -6824 4650 -315 -2845
137 -810 3890 5416 3951
138 -1088 -249 -388 -310
139 1714 -705 -2398 -520
140 1243 8345 6597 302
141 595 12918 13592 9238
142 -15 -744 809 -3756
143 2603 2817 8832 702
144 -3589 2930 274 -1360
145 -11450 7157 -1170 -474
146 -486 138 -202 -726
147 -198 3273 -5179 2160
148 -649 -2464 410 1835
149 -3013 -221 -1093 2541
150 360 458 -597 -1915
151 -129 75 -75 152
152 -5599 10181 -1527  -13002
154 -2093 1851 -4449 -5297
155 -34 7568 -8611 -3506
156 -958 2360 -1516 -4489
157 1209 2368 7398 1540
158 6201 5468 -1745 -7751
159 1834 204 -3621 -1843
160 -4192 2003 -1263 9486
161 48 101 -1465 1441
162 -1987 5262 1146 4680
163 339 445 -67 1228
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164 -9438 9847 -3534 4707
165 -1770 2859 992 3176
166 6020 10262 -774 10647
167 -12 1028 -1248 10011
168 -2051 -420 -50 956
169 652 -684 1852 1829
170 -93 186 -430 1151
171 94 -261 -2394 2313
172 -2006 504 -1688 1855
173 213 11448 4752—7458
174 -814 230 -4472 6898
175 -165 95 -3559 2178
176 -1963 -2056 207 2212
177 -2769 5330 -1410 -1443
178 25 331 158 1048
179 -827 -650 -2209 622
180 -5239 33 -1597 9961
181 -972 -1168 -365 2043
182 -1400 1650 -4458 4091
183 1630 305 -3728 3573
184 -5091 1693 2809 -2600
185 -258 -485 -1732 264
186 580 -2735 -2014 2558
187 125 135 11841 2969
188 -1858 -1064 -981 1674
189 -2773 74 -4578 1621
190 1280 3555 -3417 -2632
191 -2153 3308 -15960 2431
192 -4241 958 416 -865
193 -3128 -2675 -610 -858
194 1026 -2422 -211 -571
195 -228 -3161 1008 -2019
196 -20 -63 -54 -41
197 -986 -1518 1451 2295
198 9 1388 -29 -3287
199 -456 -443 -111 600
200 -2355 38 8709 -6915
201 -1567 -840 1919 117
202 3597 48 -3335 -6013
203 1694 -2322 315 -1579
204 -180 1768 -1223 -4678
205 -5114 3261 8514 1950
206 6386 179 1249  -16705
207 1122 813 -965 -5297
208 -10496 6615 -2131 -9755
209 -7880 1186 -407 393
211 -842 -123 476 -700
212 -900 493 -116 -3041
213 -1045 -407 -332 589
214 -747 5161 -3022  -10826
215 4573 1692 339 -870
216 -3881 3559 5075  -19570
217 -2652 1226 401 -4968
218 7038 1565 -1483 12077
219 899 -918 -616 -2329
220 7936 3162 3507 -6532
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221 3970 187 3887 1722
222 12721 12975 -942 19702
223 12004 5659 2488 -4690
224 -352 266 -911 1398
225 -1089 -2159 -699 -243
226 2629 -586 -1150 2141
227 -129 -893 397 804
228 -2755 289 -1942 3435
229 -287 213 683 701
230 3645 4600——-6882 6219
231 -1395 23 -990 6559
232 -2218 -2573 606 -2765
233 -677 -3951 1530 86
234 130 -3203 -1032 -1364
235 -276 -3743 -919 457
236 -469 127 428 -45
237 -1603 387 1020 80
238 1750 1781 -1595 -381M
239 157 -203 -318 687
240 -2340 127 -2231 -2730
241 -526 67 38 658
242 2557 -1795 986 -113
243 680 -1638 -353 -266
244 -1100 13 1727 1545
245 839 -2868 -84 593
246 -9 5786 -565 2024
247 -148 1 -83 655
248 -1465 226 -319 -5095
249 -1974 -2118 -1354 -1007
250 3150 2292 14 -2752
251 780 -2824 -2501 -139
252 958 5024 1323 252
253 11 -25 7 354
254 9236 13635 -293 -4887
255 1463 3887 -2164 1698
256 -708 3836 -6314 -3506
257 -1970 17471 -12464 -351
258 -869 208 -168 1846
259 -1071 5458 -2417 569
260 -1464 1135 -2463 1733
261 -1187 3095 -5791 1952
262 -4159 3332 -734 3910
263 2275 10821 395 4807
264 86 -624 -1147 -246
265 1117 4502 -4199 -2764
266 166 52 -118 173
268 -311 -1708 2741 -2083
269 -2785 4153 3701 2760
270 -1135 302 550 -1588
271 -1184 971 9 4240
272 -808 68 -1424 26
273 -5136 6187 -3183 -3564
274 -7 -188 -960 324
275 748 1252 -7581 1604
276 -14 -912 2205 -1789
277 -1405 751 1377 554
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278 -648 -514 -1042 836
279 143 953 -515 1550
280 -883 -725 612 -3834
281 -662 2368 -2651 1351
282 1726 4225 973 -1570
283 4675 12839 -9323 -2710
284 -3621 174 12424 -5116
285 -1433 -1693 1521 -2069
286 -267 1064 4460 -2164
28— ——1066—3247—2198 1709
288 -6483 74 -2695 5213
289 2023 3583 -5542 -1418
290 779 3571 -587 5003
291 8624 5214 -562 3138
292 -110 2848 -5952 6395
293 2292 3251 -2925 2462
294 1034 10647 -9901 8040
295 14588 11498 -1318 8601
296 413 2206 934 -3276
297 140 1706 -22 1385
298 206 1621 -209 604
299 5955 10295 72 -2099
300 19 1128 -1935 -7769
301 -1370 1144 2203 378
302 -2795 669 -3004 3822
303 7437 1868 -4126 905
304 -400 26 554 -3070
305 -3637 2283 -3713 -5056
306 -433 901 222 -712
307 -699 8416 770 -46
308 1113 2821 2692 -2759
309 -294 697 400 98
310 1524 1989 -3552 4000
311 5160 4928 2172 1541
312 -1064 1709 2875 15351
313 -760 6388 -492 -3470
314 -2026 4468 -1561 -5057
315 11 19162 -6693 -6267
316 3885 2603 9824  -16992
317 985 1742 339 -6632
318 2117 350 1174 -5597
319 2698 11997 -4125 -5799
320 -232 304 1121 142
321 -3770 4053 -6203 2270
322 -2 -2321 -597 1057
323 -451 681 -671 599
325 -3582 -989 1566 1552
326 531 1194 -1106 1851
327 1116 716 1651 2403
328 -81 -2175 1785 -429
329 -2400 529 1340 1498
330 3614 -1796 546 -359
331 1849 -1169 -37 562
332 -3540 -1102 2407 -391
333 -12764 592 7511 2433
334 -715 6994 3431 -7914

110 © ISO/IEC 2009 — Al rights reserved


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

335 -2516 -1617 2003 -1330
336 -654 -705 256 57
337 -179 653 -1087 -743
338 3320 -318 676 253
339 -154 -473 -615 477
340 -735 -944 1342 -358
341 -503 -742 1803 1393
342 310 1132 4767 542
343 134 -4 288 12
344 1170 828—3968——1735
345 -1877 636 180 724
346 14629 473 2203 -5314
347 4959 3220 -1851 716
348 -3032 2368 6663 -1038
349 -5137 1085 217 6217
350 4773 7174 12228 -6629
351 1695 2016 4811 -791
352 -700 206 -691 999
353 -931 195 -509 254
354 -210 354 24 5106
355 1461 -303 460 1298
356 1767 322 1276 7437
357 -1073 77 3022 -246
358 -328 3909 -5164 13052
359 4962 1555 1346 4890
360 164 -825 148 -664
361 -712 1534 1882 100
362 1639 1477 1551 719
363 458 1604 1689 681
364 -492 693 2036 -752
365 -2953 3422 12980 1546
366 -1684 1399 -743 2662
367 170 975 2754 3402
368 1001 -1123 965 625
369 -1298 -706 383 -913
370 3957 834 -44 2801
374 578 807 589 314
372 1491 -2300 2439 275
373 383 -1387 863 -617
374 3110 763 -3207 3776
375 350 345 254 272
376 -1470 -415 1447 -2557
377 -709 488 425 -357
378 6649 123 2816 576
379 668 7132 -705 -1755
380 404 1746 9037 -2016
382 1569 4734 2570 621
383 948 2114 -481 471
384 -230 -404 -911 -496
385 364 6114 -3405 772
386 219 -1386 -590 392
387 132 409 -12 327
388 -415 -1352 527 839
389 1262 1249 1092 4365
390 -316 -137 284 -576
391 1052 813 784 682
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392 -1133 708 -59 -802
393 -1122 -1 1803 2188
394 -140 -868 -698 -1287
395 30 -191 -227 -322
396 -440 -1237 2506 481
397 -462 222 11632 6914
398 -682 2262 -3326 -7404
399 693 1250 69 1324
400 -837 -670 562 -1320
404 3340 763 15 562
402 20 -429 -138 175
403 -54 303 -643 439
404 692 -1589 1010 -97
405 215 51 496 351
406 -404 -569 3822 -821
407 526 2893 1705 5612
408 -1516 262 1503 -3924
409 -1227 -468 1129 836
410 -813 138 -17 =123
411 -209 750 -4825 -3249
412 -789 -180 1749 -1877
413 -359 1774 1935 3252
414 -94 4214 4910 -1833
415 -3882 7957 5511 3855
416 -367 -47 -342 1252
417 -134 229 -149 -240
418 250 394 -833 716
419 2121 <202 266 2311
420 -4210 116 -748 4067
421 786 -1697 147 2305
422 5624 1248 -5200 3876
423 5066 352 -768 9894
424 204 -382 -154 -238
425 -184 -879 -95 -465
426 -1776 -1346 -649 -43
427 -539 1756 -4159 -445
428 374 -683 -626 -1193
429 -229 1834 -493 2550
430 -1266 149 -2937 1089
431 3233 9153 -9378 3144
432 1149 -1498 174 44
433 -351 332 -22 -165
434 2122 117 617 378
435 -1944 2443 -3429 403
436 -1496 19 58 2165
437 3673 231 -1501 5085
439 3559 11798 -3227 5935
440 -658 -1097 -445 -2784
441 -3450 1745 -2433 -2001
442 -6719 3703 -2081 1694
443 -7042 9134 -13671 -2614
444 364 1059 630 -5065
445 -228 6003 -3945 3588
446 847 4540 -6326 742
447 3283 16010 17227 1636
448 285 -362 322 -672
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449 -473 199 -786 -215
450 -369 229 798 -1100
451 182 -2018 -639 -464
452 -561 111 55 -1666
453 583 -2159 1414 751
454 -4419 3446 3790 -7302
455 39 518 -15 -1495
456 -1016 990 3025 -1759
457 -2307 -200 948 -624
458 2763 — 2359 1216 7404
459 -231 752 577 -1353
460 -752 1261 2326 -10115
461 -1315 740 5628 1252
462 -5387 7958 1691 -19224
463 1006 5692 4524 -8230
464 -2944 1850 2262 -1848
465 -1732 -1352 1341 956
466 -194 1366 3307 -500
467 64 -293 192 -355
468 -456 847 1121 -1999
469 -54 -539 525 31
470 2387 9134 9081 -7328
471 -2028 3516 2003 215
472 -9535 708 11389 -7382
473 -7260 3968 5869 228
474 1707 1846 4683 -4601
475 -953 262 948 96
476 -234 3920 7662 -8159
477 198 731 1058 -1634
478 812 11394 10228 14268
479 -1258 3393 4573 -4991
480 75 -1149 63 -73
481 -3042 -3091 903 67
482 2452 -2662 1675 1564
483 1612 -3458 53 -543
484 165 -2659 745 2079
485 285 -1048 448 364
486 -690 394 -1441 2126
487 1270 -1203 20 1981
488 -319 -987 689 -240
489 212 -524 354 73
490 -2474 -606 -106 -1153
491 -502 -80 -106 -13
492 -1307 -3030 240 -1958
493 -179 2199 1957 1373
494 -4028 935 -2361 -9619
496 2251 -942 2698 1414
497 183 -2076 890 255
498 12708 266 3516 1450
499 2618 -2366 1898 -1164
500 -33 -64 635 197
501 1921 -3074 -837 1172
502 1510 3343 3822 2642
503 328 1840 -568 2628
504 -1948 1732 4074 -774
505 -1101 338 457 252

© ISO/IEC 2009 — All rights reserved

113


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

114

506 2653 1423 1556 3652
507 -2851 2299 -4021 778
508 977 702 1439 -1033
509 512 190 -1255 1133
510 3095 2366 4297 -3993
511 5603 6801 -3278 4825
512 3708 -4595 -174 -5466
513 6642 -6292 2437 442
514 5553 -3819 -1853 -8413
545 425 627——56149——3556
516 7817 -7075 10600 -2258
517 3925 -2833 -72 -1358
518 11037 -7197 5288  -14434
519 2425 -4350 333 -9257
520 1515 215 -194 90
521 1555 -2325 2488 -2620
522 687 -657 3195 -650
523 3784 -3980 12574 5902
524 1194 -1024 2115 =25
525 -4326 -4919 -7640 326
526 793 -2014 1672 -6939
527 653 -754 2286 318
528 5673 -1116 8246 -2246
529 11688 -8435 16555 2551
530 -1247 -1855 4749 -1838
531 -1005 -7635 17838 -475
532 1301 -1082 2757 -4124
533 9574 -1676 8532 -952
534 2056 -2257 7359 -4384
535 2787 -1039 5899 -1
536 1070 -4111 1342 1460
537 1116 -12475 9995 650
538 1723 -6725 6020 5427
539 -1257 -12863 20202 9518
540 730 2201 -2676 568
541 426 -2249 2616 -2826
542 236 -197 921 2407
543 347 -3829 8218 8722
544 13058 -10488 8453 -9753
545 5056 -2191 4350 -905
546 1778 -15731 4754  -10386
547 2236 -5103 2860 -3991
548 7333 -9303 15598  -16357
549 6027 -13542 2855 -7737
550 61 -12148 12735  -23167
551 -1448 -14926 6518  -13767
553 1633 1142 251 2105
554 3704 -2818 4206 -5422
555 -681 -1046 4699 4321
556 5111 -8969 10188 -2045
557 3247 -1963 1582 -2605
558 2955 -7990 14298 -5719
559 1580 -4537 825 -6925
560 4958 -5233 573 -2004
561 4890 -14378 10816 4353
562 2741 -2600 3685 -4183
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563 5465 -1216 8887 3905
564 6944 -5380 5414 -7765
565 3224 -4618 1955 -1816
566 -335 -10495 15036 -6311
567 90 -4485 1280 -3781
568 -290 398 -727 2585
569 -1072 -3908 3961 8898
570 1920 -1344 7820 2107
571 -4502 -8827 17295 6552
5/2——9674—-1650——1808 4294
573 480 -493 750 1257
574 -971 -368 5922 -5544
575 462 -2029 8023 2102
576 782 -470 -269 -853
577 661 -803 223 -123
578 2119 -266 -635 -4444
579 630 1052 315 -942
580 3596 -473 2921 1915
581 277 356 -759 478
582 2282 -2421 5053_( )-10636
583 1276 -818 1150 -2733
584 -355 532 1715 1003
585 53 1318 -1661 -582
586 -632 2107 217 1528
587 -211 551 2387 1385
588 616 292 -501 -527
589 2509 -364 -5987 -2601
590 -391 -166 236 3245
591 -438 1049 -1580 160
592 5314 -325 -1110 -295
593 4272 -653 7224 -3198
594 1 133 365 -268
595 1713 -1072 5118 100
596 198 287 -48 -211
597 2646 1197 1365 -624
598 673 -1509 1153 -1719
599 236 1532 859 -319
600 -2237 -58 -5065 7544
601 1467 -312 3129 1035
602 -3474 1701 1247 1553
603 -7069 -813 11959 7397
604 61 242 -58 2288
605 588 -131 -1017 -1208
606 -3938 -4608 446 10269
607 -873 -54 2588 3892
608 7524 -2222 2307 -5325
610 -3404 -1697 1102 10570
611 1136 638 1377 -3107
612 -1671 -2529 3694 -9330
613 697 -3208 -1806 -5118
614 -3035 -3843 15529  -23374
615 3701 -2884 9284 -8114
616 1406 309 1186 -730
617 -62 62 -8 -32
618 -1637 1305 1739 -2757
619 -274 -18 1460 -41
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620 2344 -265 1672 -629
621 1109 -3991 -1669 -2016
622 -410 -923 10336 -6935
623 403 -148 1632 -3694
624 1298 807 -252 -1014
625 -325 -3999 3187 3229
626 -1073 -1368 2383 -4904
627 1227 -255 1438 666
628 670 -14 2684 -3137
629————287 103 63—-135
630 -255 -3490 11611 -9597
631 -522 -36 2783 -4220
632 -1835 2453 -1409 1043
633 -218 1024 813 2278
634 54 -186 408 884
635 -3969 -4248 5097 4668
636 -26 991 -1669 862
637 19 137 -245 54
638 -1085 -6265 376 -1538
639 108 130 1726 1060
640 1121 -635 236 -988
641 1737 -1161 =774 -1046
642 1419 -1019 760 1417
643 356 -144 410 -270
644 4517 -438 722 -1664
645 763 -3156 -5529 -9680
646 2411 1731 -1934 -8028
647 -1668 1040 -1629 -2868
648 6824 -4650 315 2845
649 810 -3890 -5416 -3951
650 1088 249 388 310
651 1714 705 2398 520
652 -1243 -8345 -6597 -302
653 -595 -12918 -13592 -9238
654 15 744 -809 3756
655 -2603 -2817 -8832 -702
656 3589 -2930 -274 1360
657 11450 -7157 1170 474
658 486 -138 202 726
659 198 -3273 5179 -2160
660 649 2464 -410 -1835
661 3013 221 1093 -2541
662 -360 -458 597 1915
663 129 -75 75 -152
664 5599 -10181 1527 13002
665 5539 -2837 1770 1665
667 34 -7568 8611 3506
668 958 -2360 1516 4489
669 -1209 -2368 -7398 -1540
670 -6201 -5468 1745 7751
671 -1834 -204 3621 1843
672 4192 -2003 1263 -9486
673 -48 -101 1465 -1441
674 1987 -5262 -1146 -4680
675 -339 -445 67 -1228
676 9438 -9847 3534 -4707
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677 1770 -2859 -992 -3176
678 -6020 -10262 774 10647
679 12 -1028 1248 10011
680 2051 420 50 -956
681 -652 684 -1852 -1829
682 93 -186 430 -1151
683 -94 261 2394 -2313
684 2006 -504 1688 -1855
685 -213 -1148 -4752 -7458
686 844—230—4472—-6898
687 165 -95 3559 -2178
688 1963 2056 -207 -2212
689 2769 -5330 1410 1443
690 -25 -331 -158 -1048
691 827 650 2209 -622
692 5239 -33 1597 -9961
693 972 1168 365 -2043
694 1400 -1650 4458 -4091
695 -1630 -305 3728 =3573
696 5091 -1693 -2809 2600
697 258 485 1732 -264
698 -580 2735 2014 -2558
699 -125 -135 11841 -2969
700 1858 1064 981 -1674
701 2773 -74 4578 -1621
702 -1280 -3555 3417 2632
703 2153 3308 15960 -2431
704 4241 -958 -416 865
705 3128 2675 610 858
706 -1026 2422 211 571
707 228 3161 -1008 2019
708 20 63 54 41
709 986 1518 -1451 -2295
710 -9 -1388 29 3287
711 456 443 111 -600
712 2355 -38 -8709 6915
713 1567 840 -1919 117
714 -3597 -48 3335 6013
715 -1694 2322 -315 1579
716 180 -1768 1223 4678
717 5114 -3261 -8514 -1950
718 -6386 -179 1249 16705
719 -1122 -813 965 5297
720 10496 -6615 2131 9755
721 7880 -1186 407 -393
722 1599 -20 3765 2851
724 900 -493 116 3041
725 1045 407 332 -589
726 747 -5161 3022 10826
727 -4573 -1692 -339 870
728 3881 -3559 -5075 19570
729 2652 -1226 -401 4968
730 -7038 -1565 1483 12077
731 -899 918 616 2329
732 -7936 -3162 -3507 6532
733 -3970 -187 -3887 -1722
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734 -12721 -12975 942 19702
735 -12004 -5659 -2488 4690
736 352 -266 911 -1398
737 1089 2159 699 243
738 -2629 586 1150 2141
739 129 893 -397 -804
740 2755 -289 1942 -3435
741 287 -213 -683 -701
742 -3615 -4600 6882 -6219
743 1395 23 990 6559
744 2218 2573 -606 2765
745 677 3951 -1530 -86
746 -130 3203 1032 1364
747 276 3743 919 -457
748 469 -127 -428 45
749 1603 -387 -1020 -80
750 -1750 -1781 1595 3811
751 -157 203 318 -687
752 2340 -127 2231 2730
753 526 -67 -38 -658
754 -2557 1795 -986 113
755 -680 1638 353 266
756 1100 -13 1727 -1545
757 -839 2868 84 -593
758 9 -5786 565 -2024
759 148 -1 83 -655
760 1465 -226 319 5095
761 1974 2118 1354 1007
762 -3150 -2292 -14 2752
763 -780 2824 2501 139
764 -958 -5024 -1323 -252
765 =41 25 -7 -354
766 -9236 -13635 293 4887
767 -1463 -3887 2164 -1698
768 708 -3836 6314 3506
769 1970 17471 12464 351
770 869 -208 168 -1846
771 1071 -5458 2417 -569
2 1464 -1135 2463 -1733
773 1187 -3095 5791 -1952
774 4159 -3332 734 -3910
775 -2275 -10821 -395 -4807
776 -86 624 1147 246
777 1117 -4502 4199 2764
778 -166 -52 118 173
779 -449 -3424 3234 -696
781 2785 -4153 -3701 -2760
782 1135 -302 -550 1588
783 1184 -971 -9 -4240
784 808 -68 1424 -26
785 5136 -6187 3183 3564
786 7 188 960 -324
787 -748 -1252 7581 -1604
788 14 912 -2205 1789
789 1405 -751 1377 -554
790 648 514 1042 -836
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791 -143 -953 515 -1550
792 883 725 -612 3834
793 662 -2368 2651 -1351
794 -1726 -4225 -973 1570
795 -4675 -12839 9323 2710
796 3621 -174 -12424 5116
797 1433 1693 -1521 2069
798 267 -1064 -4460 2164
799 1065 -3217 2198 -1709
800 6483—————F4—2695 5213
801 -2023 -3583 5542 1418
802 =779 -3571 587 -5003
803 -8624 -5214 562 -3138
804 110 -2848 5952 -6395
805 -2292 -3251 2925 -2462
806 -1034 -10647 9901 -8040
807 -14588 -11498 1318 -8601
808 -413 -2206 -934 3276
809 -140 -1706 22 1385
810 -206 -1621 209 -604
811 -5955 -10295 -72 2099
812 -19 -1128 1935 7769
813 1370 -1144 -2203 -378
814 2795 -669 3004 -3822
815 -7437 -1868 4126 -905
816 400 -26 -554 3070
817 3637 2283 3713 5056
818 433 -901 -222 712
819 699 -8416 -770 46
820 -1113 -2821 -2692 2759
821 294 -697 -400 -98
822 -1524 -1989 3552 -4000
823 -5160 -4928 -2172 -1541
824 1064 -1709 -2875 15351
825 760 -6388 492 3470
826 2026 -4468 1561 5057
827 -11 -19162 6693 6267
828 -3885 -2603 -9824 16992
829 -985 1742 -339 6632
830 -2117 -350 -1174 5597
831 -2698 -11997 4125 5799
832 232 -304 1121 -142
833 3770 -4053 6203 -2270
834 2 2321 597 -1057
835 451 -681 671 -599
836 -609 -379 -1198 -1452
838 -531 -1194 1106 -1851
839 -1116 -716 -1651 -2403
840 81 2175 -1785 429
841 2400 -529 -1340 -1498
842 -3614 1796 -546 359
843 -1849 1169 37 -562
844 3540 1102 -2407 391
845 12764 -592 -7511 -2433
846 715 -6994 -3431 7914
847 2516 1617 -2003 1330
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848 654 705 -256 -57
849 179 -653 1087 743
850 -3320 318 -676 -253
851 154 473 615 -477
852 735 944 -1342 358
853 503 742 -1803 -1393
854 -310 -1132 -4767 -542
855 -134 4 -288 -12
856 -1170 -828 -3958 1735
857 1877 636 180 24
858 -14629 -473 -2203 5314
859 -4959 -3220 1851 -716
860 3032 -2368 -6663 1038
861 5137 -1085 -2171 -6217
862 -4773 -7174 -12228 6629
863 -1695 -2016 -4811 791
864 700 -206 691 -999
865 931 -195 509 -254
866 210 -354 -24 -5106
867 -1461 303 -460 -1298
868 -1767 -322 -1276 -7437
869 1073 77 -3022 246
870 328 -3909 5164  -13052
871 -4962 -1555 1346 -4890
872 -164 825 -148 664
873 712 -1534 -1882 -100
874 -1639 1477 -1551 -719
875 -458 =1604 -1689 -681
876 492 -693 -2036 752
877 2953 -3422 -12980 -1546
878 1684 -1399 743 -2662
879 -170 -975 -2754 -3402
880 1001 1123 -965 -625
881 1298 706 -383 913
882 -3957 -834 44 -2801
883 -578 -807 -589 -314
884 -1491 2300 -2439 -275
885 -383 1387 -863 617
886 -3110 -763 3207 -3776
887 -350 -345 -254 -272
888 1470 415 -1447 2557
889 709 -488 -425 357
890 -6649 -123 -2816 -576
891 -668 -7132 705 1755
892 -404 -1746 -9037 2016
893 -78 579 -4192 -809
895 -948 -2114 481 -471
896 230 404 911 496
897 -364 -6114 3405 =772
898 -219 1386 590 -392
899 -132 -409 12 -327
900 415 1352 -527 -839
901 -1262 -1249 -1092 -4365
902 316 137 -284 576
903 -1052 -813 -784 -682
904 1133 -708 59 802
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905 1122 1 -1803 -2188
906 140 868 698 1287
907 -30 191 227 322
908 440 1237 -2506 -481
909 462 -222 -11632 -6914
910 682 -2262 3326 7404
911 -693 -1250 -69 -1324
912 837 670 -562 1320
913 3340 763 -15 -562
914 20 429 138 175
915 54 -303 643 -439
916 -692 1589 -1010 97
917 -215 -51 -496 -351
918 404 569 -3822 821
919 -526 -2893 -1705 -5612
920 1516 -262 -1503 3924
921 1227 468 -1129 -836
922 813 -138 17 123
923 209 -750 4825 3249
924 789 180 -1749 1877
925 359 1774 -1935 -3252
926 94 -4214 -4910 1833
927 3882 -7957 5511 -3855
928 367 47 342 -1252
929 134 -229 149 240
930 -250 -394 833 -716
931 -2121 202 -266 -2311
932 4210 -116 748 -4067
933 -786 1697 -147 -2305
934 -5624 -1248 5200 -3876
935 -5066 -352 768 -9894
936 =204 382 154 238
937 184 879 95 465
938 1776 1346 649 43
939 539 -1756 4159 445
940 -374 683 626 1193
941 229 -1834 493 -2550
942 1266 -149 2937 -1089
943 -3233 -9153 9378 -3144
944 -1149 1498 174 -44
945 351 -332 22 165
946 -2122 117 -617 -378
947 1944 -2443 3429 -403
948 1496 -19 -58 -2165
949 -3673 -231 1501 -5085
950 -699 -3509 -2043 -2589
952 658 1097 445 2784
953 3450 -1745 2433 2001
954 6719 -3703 2081 -1694
955 7042 -9134 13671 2614
956 -364 -1059 -630 5065
957 228 -6003 3945 -3588
958 -847 -4540 6326 -742
959 -3283 -16010 17227 -1636
960 -285 362 -322 672
961 473 -199 786 215
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962 369 -229 -798 1100
963 -182 2018 639 464
964 561 -111 -55 1666
965 -583 2159 -1414 -751
966 4419 -3446 -3790 7302
967 -39 -518 15 1495
968 1016 -990 -3025 1759
969 2307 200 -948 624
970 2763 -2359 -1216 7404
974 234 752 SH—1383
972 752 -1261 -2326 10115
973 1315 -740 -5628 -1252
974 5387 -7958 -1691 19224
975 -1006 -5692 -4524 8230
976 2944 -1850 -2262 1848
977 1732 1352 1341 -956
978 194 -1366 -3307 500
979 -64 293 -192 355
980 456 -847 1121 1999
981 54 539 -525 -31
982 -2387 -9134 -9081 7328
983 2028 -3516 -2003 -215
984 9535 -708 -11389 7382
985 7260 -3968 -5869 -228
986 -1707 -1846 -4683 4601
987 953 262 -948 -96
988 234 -3920 -7662 8159
989 -198 <731 -1058 1634
990 -812 =11394 -10228 14268
991 1258 -3393 -4573 4991
992 -75 1149 -63 73
993 3042 3091 -903 -67
994 -2452 2662 -1675 -1564
995 -1612 3458 -53 543
996 -165 2659 -745 -2079
997 -285 1048 -448 -364
998 690 -394 1441 -2126
999 -1270 1203 -20 -1981
1000 319 987 -689 240
1001 -212 524 -354 -73
1002 2474 606 106 1153
1003 502 80 106 13
1004 1307 3030 -240 1958
1005 179 -2199 -1957 -1373
1006 4028 -935 2361 9619
1007 78 -92 2357 258
1009 -183 2076 -890 -255
1010 -12708 -266 -3516 -1450
1011 -2618 2366 -1898 1164
1012 33 64 -635 -197
1013 -1921 3074 837 1172
1014 -1510 -3343 -3822 -2642
1015 -328 -1840 568 -2628
1016 1948 -1732 -4074 774
1017 1101 -338 -457 -252
1018 -2653 -1423 -1556 -3652
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1019 2851 -2299 4021 -778
1020 977 -702 -1439 1033
1021 -512 -190 1255 -1133
1022 -3095 -2366 -4297 3993
1023 -5603 -6801 3278 -4825

Table 2.E.7 — Spectral shape (enhabcement layer) cb4k[2][512][4]

dim = 4x512 codewords

10 bits signed

factor = 275
index codeword
(SE_shapeb)

0 -412 -994 -739 -344
1 236 -1661 -696 -684
2 -2190 821 -1694 1341
3 -707 1508 61 1107
4 1198 336 93 370
5 -803 459 -843 146
6 1259 3665 436 2673
7 -5678 2246 <1009 947
8 1069 -145 -185 764
9 -52 234 -2248 1307
10 54 723 -828 2248
1 -5190 2683 -3314 4210
12 1910 1707 -1557 4536
13 -3734 4448 -2791 1786
14 681 2683 -3198 10239}
15 -20207 14438 -4021 16989
16 =821 1524 -2028 2000
17 46 263 -961 -1384
18 -5621 3750 -8129 -305
19 -1551 2159 -2029 226
20 -2125 -1176 765 -4
24 261 979 -764 237
22 -1468 1029 -1065 -1167
23 -823 1334 -409 -876
24 -1237 -1215 -1426 -445
25 7 3 117 -388
26 -1877 90 -1748 -2169
27 -451 1766 -647 201
28 1134 643 -735 -105
29 -2354 1324 -886 -2290
30 -604 2078 1214 2999
31 4053 7276 2774 306
32 -386 1110 -1488 91
33 670 24 -1432 173
34 -2221 1788 -9716 1702
35 -1343 2122 -3768 2392
36 40 126 -283 -57
37 865 -807 -576 -312
38 1103 2566 -4258 -64
39 -1057 -155 -1320 1680
40 309 31 1 -682
41 36 -1863 -722 170
42 -480 -113 -2137 -861
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43 -906 864 -110 2023
44 967 -467 68 375
45 -274 433 -396 1233
46 1733 1607 1388 4135
47 -4658 3707 -2344 4721
48 -2776 4606 -4730 -867
49 1978 1217 -4881 -3162
50 -4620 1838 -13993 -7419
51 -2658 6355 -8561 700
52 830——————863—1077——2890
53 472 22 -1019 -893
54 -2349 2474 -4673 -6953
55 496 1994 -2199 -2257
56 770 448 -3023 -3298
57 436 -876 -1691 -1622
58 1138 987 -5905 -7911
59 384 1468 -2813 -324
60 216 86 445 -259
61 -476 -148 -158 70
62 1318 178 -2396 1602
63 -1541 1857 842 1390
64 1104 2194 -991 -1366
65 183 240 -65 -218
66 1676 612 -410 1323
67 2785 515 599 1015
68 -216 96 -849 461
69 281 375 -951 1161
70 167 2080 -4014 3066
7 -1276 -1228 -1647 620
72 -583 -785 -4 -450
73 -485 564 -641 -434
74 139 -150 59 149
75 <1418 -789 -536 1140
76 -320 625 -349 353
77 -1834 1808 -4797 61
78 -634 246 651 3934
79 -6263 1011 -976 3099
80 2044 2788 649 394
81 -15 399 -1583 -494
82 -2441 726 -1402 -99
83 -86 386 225 223
84 =737 1069 -79 -133
85 -2916 3617 -4112 1740
86 975 250 -599 445
87 -2853 1039 -199 550
88 -66 435 -158 -405
90 -523 386 -40 107
91 -2380 4244 1863 -125
92 -809 2683 -2140 -3902
93 -7338 5424 -3747 -5313
94 -3068 375 -431 1535
95 -8049 4056 -672 -3038
96 -1059 9447 -2592 -163
97 -285 3122 415 -518
98 693 3599 -1614 3600
99 -452 108 -1904 627

124

© ISO/IEC 2009 — All rights reserved


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

100 1553 1954 -1475 1034
101 4315 362 -1755 958
102 4709 3342 -8685 5266
103 2318 294 -6746 2268
104 -832 2786 35 327
105 -327 -286 -359 -353
106 206 159 -367 227
107 -827 -1979 -13 -354
108 1294 -427 -997 -283
109 10 137 742 12
110 1515 785 -3089 2309
111 -547 1041 -1296 994
112 2724 7267 3470 -3280
113 4307 87 -3989 -2418
114 -454 516 -4247 -2829
115 -976 2313 -1135 1590
116 1965 3341 3746 -1796
117 119 922 -740 =523
118 316 1407 -2417 1308
119 1171 1377 -1912 -257
120 1645 2575 816 -1268
121 562 -820 -1226 -605
122 1082 142 1702 -2577
123 -284 342 279 -209
124 -411 -376 -97 1217
125 -3046 2378 -627 -523
126 83 -66 -87 77
127 -1852 2106 1081 -487
128 232 762 1513 -252
129 -70 -1473 273 -736
130 1608 305 907 323
131 1307 562 446 1448
132 -1495 1065 7 -118
133 -200 -29 480 458
134 142 -122 409 743
135 -1785 3094 -27 3163
136 116 -210 157 -182
137 -418 -35 76 -299
138 47 863 67 218
139 -3150 2681 1193 896
140 99 429 -454 717
141 -2329 1558 1614 2031
142 81 2328 370 4929
143 -9217 4208 3606 8575
144 -56 1395 605 -1845
145 392 -53 -296 -1474
147 -95 359 805 97
148 -6063 1753 2742 -3384
149 -749 1189 1409 -1212
150 -679 137 629 -1369
151 -576 5069 3880 -729
152 -208 -1798 7117 -1709
153 -1360 -1858 -194 -1201
154 1837 -312 -568 -944
155 -2331 -180 1320 -315
156 -620 511 -138 -2351

© ISO/IEC 2009 — All rights reserved

125


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

157 -646 533 2408 -1218
158 -1855 -1354 1500 160
159 -6498 2601 4574 -776
160 -989 5956 2366 2583
161 -453 1352 544 -776
162 -127 3113 -2159 286
163 -629 -616 -572 77
164 -241 2165 2393 -1884
165 -253 -111 63 -654
166 7 28——498 27
167 -516 228 349 377
168 972 1692 428 2383
169 12 10 -40 -38
170 974 357 -392 -640
171 -1975 -1191 538 1088
172 47 436 304 -584
173 -202 575 229 716
174 107 424 1091 632
175 -4219 2280 3206 3278
176 5301 3994 -60 2715
177 1568 1015 -309 -6296
178 -3493 1401 -3514 -2795
179 =737 1947 -1687 -1067
180 -5407 4499 3109 -8521
181 -1102 3285 263 -2446
182 -2427 596 964 -1298
183 -345 862 375 -97
184 519 602 792 -885
185 1069 -256 517 -1184
186 1374 1187 -3730 -4497
187 40 -1048 -720 -1240
188 -1030 1415 4368 -2676
189 728 -62 337 -690
190 556 796 -230 -1395
191 -1759 1011 2868 1114
192 1371 5701 528 6
193 3030 1144 869 -29
194 3378 3010 2763 1943
195 4054 1751 3238 3947
196 215 1657 -1001 -282
197 124 47 84 -74
198 979 972 -557 905
199 2015 641 2513 929
200 -4 867 -54 -255
201 34 172 70 71
202 647 281 712 1043
204 1085 -638 -134 -793
205 483 2163 1615 1069
206 921 207 3274 198
207 -939 1034 6613 4879
208 3647 499 4586 -1013
209 3299 1829 -1729 -1373
210 1472 -314 648 -478
211 3224 865 -236 2468
212 140 1736 2784 -3675
213 -109 674 -1718 -1344
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214 -463 -907 -1230 -1868
215 -367 494 708 -753
216 316 778 4421 -1091
217 691 15 587 376
218 3163 648 1817 -1144
219 83 308 367 -6
220 1493 2 1757 -2674
221 1778 1130 90 -1162
222 -300 264 -286 -108
223 1769—36564—1894— 674
224 6094 13540 1477 2528
225 2028 192 1053 -4005
226 1446 8069 2503 4816
227 -323 2370 2421 1159
228 -347 6855 -1048 -3343
229 636 1544 -162 -597
230 3994 2764 -2044 557
231 510 345 -1363 1774
232 211 4953 -1633 1087
233 378 559 -550 -81
234 -1555 4061 -93 1843
235 195 353 -69 82
236 -196 1292 -958 -1485
237 69 9 191 255
238 528 471 -25 -389
239 181 824 3944 1653
240 15684 9882 11257 -3356
241 14361 3408 1203 -12054
242 3316 1761 4754 -364
243 4565 344 -1059 -391
244 4585 7075 7707 -13837
245 1228 128 1479 -5643
246 -249 1882 -2060 -6610
247 1507 420 -230 -2383
248 2804 4819 5060 341
249 3754 2544 251 -940
250 1353 855 41 -5
251 972 36 140 -183
252 -3375 1698 1958 -5789
253 -607 522 82 -988
254 -100 551 42 -1312
255 -245 76 168 71
256 412 994 739 344
257 -236 1661 696 684
258 2190 -821 1694 1341
259 707 -1508 -61 -1107
261 803 -459 843 -146
262 -1259 -3665 -436 -2673
263 5678 -2246 1009 -947
264 -1069 145 185 -764
265 52 -234 2248 -1307
266 -54 -723 828 -2248
267 5190 -2683 3314 -4210
268 -1910 -1707 1557 -4536
269 3734 -4448 2791 -1786
270 -681 -2683 3198 -10239
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271 20207 -14438 4021 -16989
272 821 -1524 2028 -2000
273 -46 -263 961 1384
274 5621 -3750 8129 305
275 1551 -2159 2029 -226
276 2125 1176 -765 4
277 -261 -979 764 -237
278 1468 -1029 1065 1167
279 823 -1334 409 876
280————1237—1215—1426———445
281 -7 -3 117 388
282 1877 -90 1748 2169
283 451 -1766 647 -201
284 -1134 -643 735 105
285 2354 -1324 886 2290
286 604 -2078 -1214 -2999
287 4053 -7276 2774 -306
288 386 -1110 1488 -91
289 -670 -24 1432 ~173
290 2221 -1788 9716 702
291 1343 -2122 3768 -2392
292 -40 -126 283 57
293 -865 807 576 312
294 -1103 -2566 4258 64
295 1057 155 1320 -1680
296 -309 -34 -1 682
297 -36 1863 722 -170
298 480 ™3 2137 861
299 906 -864 110 -2023
300 -967 467 -68 -375
301 274 -433 396 -1233
302 -1733 -1607 -1388 -4135
303 4658 -3707 2344 -4721
304 2776 -4606 4730 867
305 -1978 -1217 4881 3162
306 4620 -1838 13993 7419
307 2658 -6355 8561 -700
308 830 -863 -1077 2990
309 -472 -22 1019 893
310 2349 -2474 4673 6953
311 -496 -1994 2199 2257
312 =770 -448 3023 3298
313 -436 876 1691 1622
314 -1138 -987 5905 7911
315 -384 -1468 2813 324
316 -216 -86 -445 259
318 -1318 -178 2396 1602
319 1541 -1857 -842 -1390
320 -1104 -2194 991 1366
321 -183 -240 55 218
322 -1676 -612 410 -1323
323 -2785 -515 -599 -1015
324 216 -96 849 -461
325 -281 -375 951 -1161
326 -167 -2080 4014 -3066
327 1276 1228 1647 -620
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328 583 785 4 450
329 485 -564 641 434
330 -139 150 -59 -149
331 1418 789 536 -1140
332 320 -625 349 -353
333 1834 -1808 4797 -61
334 634 -246 -651 -3934
335 6263 -1011 976 -3099
336 -2044 -2788 -649 -394
337 15 399———1583 494
338 2441 -726 1402 99
339 86 -386 -225 -223
340 737 -1069 79 133
341 2916 -3617 4112 -1740
342 -975 -250 599 -445
343 2853 -1039 199 -550
344 66 -435 158 405
345 1400 -3094 379 982
346 523 -386 40 “07
347 2380 -4244 -1863 125
348 809 -2683 2140 3902
349 7338 -5424 3747 5313
350 3068 -375 431 -1535
351 8049 -4056 672 3038
352 1059 -9447 2592 163
353 285 -3122 -415 518
354 -693 3599 1614 -3600
355 452 -108 1904 -627
356 -1553 -1954 1475 -1034
357 -4315 -362 1755 -958
358 -4709 -3342 8685 -5266
359 -2318 -294 6746 -2268
360 832 -2786 -35 -327
361 327 286 359 353
362 -206 -159 367 -227
363 827 1979 13 354
364 -1294 427 997 283
365 -10 -137 742 12
366 -1515 -785 3089 -2309
367 547 -1041 1296 -994
368 -2724 -7267 -3470 3280
369 -4307 -87 3989 2418
370 454 -516 4247 2829
371 976 -2313 1135 -1590
372 -1965 -3341 -3746 1796
373 -119 -922 740 523
375 1171 1377 1912 257
376 -1645 -2575 -816 1268
377 -562 820 1226 605
378 -1082 -142 1702 2577
379 284 -342 -279 209
380 411 376 97 1217
381 3046 -2378 627 523
382 -83 66 87 =77
383 1852 -2106 -1081 487
384 -232 -762 -1513 252
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385 70 1473 -273 736
386 -1608 -305 -907 -323
387 -1307 -562 -446 -1448
388 1495 -1065 -7 118
389 200 29 -480 -458
390 -142 122 -409 -743
391 1785 -3094 27 -3163
392 -116 210 -157 182
393 418 35 -76 299
394 47 863 ——64+——218
395 3150 -2681 -1193 -896
396 -99 -429 454 -717
397 2329 -1558 -1614 -2031
398 -81 -2328 -370 -4929
399 9217 -4208 -3606 -8575
400 56 -1395 -605 1845
401 -392 53 296 1474
402 2063 -1886 327 -724
403 95 -359 -805 97
404 6063 -1753 -2742 3384
405 749 -1189 -1409 1212
406 679 -137 -629 1369
407 576 -5069 -3880 729
408 208 1798 =717 1709
409 1360 1858 194 1201
410 -1837 312 568 944
411 2331 180 -1320 315
412 620 =511 138 2351
413 646 -533 -2408 1218
414 1855 1354 -1500 -160
415 6498 -2601 -4574 776
416 989 -5956 -2366 -2583
417 453 -1352 -544 776
418 127 -3113 2159 -286
419 629 616 572 =77
420 241 -2165 -2393 1884
421 253 111 -63 654
422 =717 28 498 27
423 516 -228 -349 -377
424 -972 -1692 -428 -2383
425 -12 -10 40 38
426 -974 -357 392 640
427 1975 1191 -538 -1088
428 -47 -436 -304 584
429 202 -575 -229 -716
430 -107 -424 -1091 -632
432 -5301 -3994 60 2715
433 -1568 -1015 309 6296
434 3493 -1401 3514 2795
435 737 -1947 1687 1067
436 5407 -4499 -3109 8521
437 1102 -3285 -263 2446
438 2427 -596 -964 1298
439 345 -862 -375 97
440 -519 -602 =792 885
441 -1069 256 -517 1184

130
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442 -1374 -1187 3730 4497
443 -40 1048 720 1240
444 1030 -1415 -4368 2676
445 -728 62 -337 690
446 -556 -796 230 1395
447 1759 -1011 -2868 -1114
448 -1371 -5701 -528 -6
449 -3030 -1144 -869 29
450 -3378 -3010 -2763 -1943
4564————4054—4754—-3238 3947
452 -215 -1657 1001 282
453 -124 -47 -84 74
454 -979 -972 557 -905
455 -2015 -641 -2513 -929
456 4 -867 54 255
457 -34 172 -70 -1
458 -647 -281 -712 -1043
459 -1029 -55 -872 -3129
460 -1085 638 134 793
461 -483 -2163 -1615 -1069
462 -921 -207 -3274 -198
463 939 -1034 -6613 -4879
464 -3647 -499 -4586 1013
465 -3299 -1829 1729 1373
466 -1472 314 -648 478
467 -3224 -865 236 -2468
468 -140 1736 -2784 3675
469 109 -674 1718 1344
470 463 907 1230 1868
471 367 -494 -708 753
472 -316 =778 -4421 1091
473 <691 -15 -587 -376
474 -3163 -648 -1817 1144
475 -83 -308 -367 6
476 -1493 -2 1757 2674
477 1778 -1130 -90 1162
478 300 -264 286 108
479 1769 -3654 -1894 -674
480 -6094 -13540 1477 -2528
481 -2028 -192 -1053 4005
482 -1446 -8069 -2503 -4816
483 323 -2370 -2421 -1159
484 347 -6855 1048 3343
485 -636 -1544 162 597
486 -3994 -2764 2044 -557
487 -510 -345 1363 =774
489 -378 -559 550 81
490 1555 -4061 93 -1843
491 -195 -353 69 -82
492 196 -1292 958 1485
493 -69 -9 -191 -255
494 -528 -471 25 389
495 -181 -824 -3944 -1653
496 -15684 -9882 11257 3356
497 -14361 -3408 -1203 12054
498 -3316 -1761 -4754 364
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132

499 -4565 -344 1059 391
500 -4585 -7075 -7707 13837
501 -1228 -128 -1479 5643
502 249 -1882 2060 6610
503 -1507 -420 230 2383
504 -2804 -4819 -5060 -341
505 -3754 -2544 -251 940
506 -1353 -855 -41 5
507 -972 -36 -140 183
508 3375 1698 —-1958 5789
509 607 -522 -82 988
510 100 -551 -42 1312
511 245 -76 -168 -71
Table 2.E.8 — Spectral shape (enhabcement layer): cb4k[3][64][4]
dim = 4x64 codewords
16 bits signed
factor = 2”6
index codeword
(SE_shapeb)

0 -3768 947 =5129 3159
1 1856 645 -1585 744
2 -4337 2591 1792 1066
3 -4965 -846 -951 -897
4 -8691 3396 -5050 -2288
5 -2722 -2820 -2120 387
6 -1439 -2113 -366 -1372
7 -3042 265 1742 -5266
8 777 338 487 285
9 8269 4345 -3265 -4617
10 -1473 51 9119 7231
11 -132 126 126 136
12 -899 -707 -2724 -2446
13 1298 2196 -4573 -505
14 -1113 869 733 5361
15 654 -787 -1161 -806
16 -1026 9637 -5916 4157
17 2689 405 86 -1898
18 -6583 15055 4584 5480
19 -5119 3610 8620 -5558
20 -1484 1303 -485 -738
21 390 1243 -86 -628
22 -2005 3752 -2611 -3901
23 283 6610 6930 15838
24 2401 5663 5252 3885
25 23296 5077 7584 -6529
26 -1723 3993 283 1313
27 558 -1877 2107 -2168
28 -1 379 -887 599
29 1464 5776 -374 -3465
30 38 -1486 -3389 1175
31 326 736 -98 -2403
32 3768 -947 5129 -3159
33 -1856 -645 1585 -744
34 4337 -2591 -1792 -1066
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35 4965 846 951 897
36 8691 -3396 5050 2288
37 2722 2820 2120 -387
38 1439 2113 366 1372
39 3042 -265 1742 5266
40 177 -338 -487 -285
41 -8269 -4345 3265 4617
42 1473 -51 -9119 -7231
43 132 -126 -126 -136
44 899 707 2724 2446
45 -1298 -2196 4573 505
46 1113 -869 =733 -5361
47 -654 787 1161 806
48 1026 -9637 5916 -4157
49 -2689 -405 -86 1898
50 6583 -15055 -4584 -5480
51 5119 -3610 -8620 5558
52 1484 -1303 485 738
53 -390 -1243 86 628
54 2005 -3752 2611 3901
55 -283 -6610 -6930 15838
56 -2401 -5663 -5252 -3885
57 -23296 -5077 -7584 6529
58 1723 -3993 -283 -1313
59 -558 1877 -2107 2168
60 1 -379 887 -599
61 -1464 -5776 374 3465
62 -38 1486 3389 -1175
63 -326 -736 98 2403

2.E.4 CbCelp
VQ codebook for stochastic excitation vectof.for 2 kbps
Table 2.E.9 — 1st stage VXC gain codebook (base layer): cbL0_g[16]

dim =1 x 16 codewords
16 bits signed

factor = 242
index codeword
(VX_gain1[])
0 65
1 164
2 325
3 764
4 1505
5 2069
6 2428
7 3257
8 4132
9 4687
10 5729
11 6294
12 7137
13 8037
14 11402
15 18768
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Table 2.E.10 — 1st stage VXC shape codebook(base layer): cbL0_s[64][80]
dim = 80 x 64 codewords

16 bits signed
factor = 2215

134

index codeword
(VX_
shape1[])
0 0 0 1628 0 -9648 0 0 0 0
0 0 0 0 0 1446 0 0 0 {886
0 -5869 5431 0 0 0 0 0 -5434 423
0 0 0 -10553 0 0 -1118 0 0 0 0
0 0 0 0 -2550 0 0 0 0 0
26 0 350 0 0 -339 5478 -541 0 0
0 0 0 0 2070 -16335 9139 0 2613 -15972
0 0 9563 0 3610 0 -116.5/,-3282 0 0
0 0 0 1475 2107 0 755 0 0 -3955
-2615 -965 -407 -708 1825 0 -5847 3465 420 -6981
0 0 -2308 2285 -2949 0 0 6434 -7241 -3798
1 3568 1179 0 4944 0 0 -4981 3712  -2667 -6447
5312 -9873 0 3222 -6426 0 669 5199 0 0
412 -2163 2657 0 0 1597 2207 2172 -7297 0
5462 -971 -3483 749 0 2047 -3053 0 0 -11(458
-2981 0 -4517 3871 -931 4693 10075 2245 -2730 256
0 -3703 4128 676 0 -874 4680 -4808 1978 -8956
1205 8163 0 0 -466 -3607 7256 0 0 617
0 0 2287 0 1506 -1742 1919 0 986 364
2 -3468 0 493 4803 0 1028 550 2746 0 0
116 6542 0 480 1829 -3433 999 -10662 -8148 985
-3087 4157 -309 3235 -10231 5358 -4104  -3156 0 481
-2203 0 5019 0 6958 0 0 -5297 0 557
-4389 0 5956 623 -3635 -3938 344  -2245 5708 1950
0 0 1073 -2434 -6808 2035 0 -3928 0 -2511
-2238 3122 4694 12171 0 0 -1316 0 552 0
-1752 2655 693 -948 5612 3864 -196 1977 0 197
3 -2269 776 -2206 605 -901 -1997 -1395 502 -9523 649
3943 2173 -647 325 -3185 -1515 199 -11174 -1384  -6662
-1582 0 0 -3042 4265 4346 7434 5001 -789 1679
1369 655 -6038 2194 -1661 0 5080 3424 1932 98
-2938 11836 6427 0 0 918 0 -1182 0 -1693
~4632 0 336 -2778 -4905 -3720 57 195 6479 647
6028 -3904 3466 0 3156 -1882 1249  -2516 -106 770
2434 -7902 7161 -1952 -8165 0 -7560 0 0 -5449
4 0 2652 0 696 0 0 -2030  -1140 4057 -2308
1796 -4008 0 0 0 -1746 0 1361 0 1440
-8255 2610 -5339 -463 -2478 -4294 -3816  -4121 0 -6542
0 -4338 -576 0 0 7433 0 5051 -1554  -8066
7895 -2736 7067 289 2992 0 0 4541 1 0
0 0 0 0 0 0 -2440 0 2741 0
0 0 4142 0 0 0 5335 0 10364 0
0 0 0 -5110 0 0 0 13977 -90 -2187
5 2840 0 10564 0 0 0 0 0 0 0
0 4350 -3172 1911 2832 0 0 -4587 0 2496
-4029 -309 3503 6785 0 676 235 0 0 0
0 0 11368 0 -8166 0 0 0 0 -1013
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-5017 0 143 0 286 -10526 0 0 9233 0
2801 3312 0 3537 -2895 3251 -2901 -1217 0 -3317
-2481 -2216 -626 1046 723 -514 0 -1160 0 7014
0 -5144 -5483 2965 4999 -3799 -6616 -4771 -4315 -3333
6 7797 -488 0 3845 1670 2468 5530 7787 0 -1978
6397 -2176 0 522 -3652 652 -1728 2135 -3578 0
-71 0 -11335 1286 -8933 -2911 =377 847 0 -1155
3491 -1048 -1559 5575 4336 8164 0 0 0 -581
0 -764 0 -372 -3988 -3748 0 9410 0 -2331
5896 2403 0 0 0 0 0 0 0 0
0 0 -1125 0 1197 0 0 1459 0 7113
-4932 0 3371 1837 0 0 0 259 0- 17178
7 0 1971 11477 0 -367 -9599 0 3890 3020 0
0 -3923 0 0 0 0 0 -2635 0 0
0 0 0 0 5266 -2257 0 2639 0 6862
0 -2905 846 0 0 7696 -6590 «293 0 0
0 8117 0 9712 3390 0 0 0 0 0
-1065 -5252 -2075 3686 3042 -2580 556 -5459 4931 -1895
-3616 162 -392 5018 -1610 -101 2791 8132 38 -4170
6590 5939 0 4939 0 2589 3788 -197 0 5150
8 2915 -4902 0 -1952 -6332 -6494 -4614 5070 0 6238
-1369 213 -3010 -579 745 2480 0 1121 -8112 0
0 -7134 -4975 0 0 5318 1336 0 -516 -5017
0 0 8462 0 0 564 0 4592 -9288 0
-1438 1780 1410 0 -1208 -3160 1072 2857 5309 -3738
849 0 1435 -552 0 -8434 1680 1106 3764 -1977
98 0 -5953 0 14849 4047 -3176 0 130 0
3853 -3289 -5691 5670 1809 -1264 -329 0 -1706 0
9 -852 11144 3495 -3522 -2924 4615 -2256 960 -705 -2819
266 -3377 -2016 0 0 0 1344 2383 7518 -971
1613 1710 -3127 -2451 -2077 2992 -10137 0 -265 2079
0 -8393 0 2089 446 -334 0 -2613 0 -153
3342 0 4900 -1937 -7294 1668 0 1973 0 -235
0 -3054 1210 55 0 10118 3822 -1164 4682 1485
-3077 1877 -5951 0 -3389 -3625 2156 0 -3513 0
-4489 5203 4396 0 -1647 0 -443 -1805 0 4814
10 7914 -696 0 -973 0 0 -2873 3341 2900 0
4343 -5076 1170 638 -2612 -1071 0 0 -2392 0
3912 -7665 2586 -322 -2691 -202 -10380 -9307 4649 3806
-1057 1274 1739 0 -592 7202 -1524 5719 0 -789
5937 7425 5298 -2991 0 1659 -4841 283 3365 -2322
0 0 -1134 0 3516 0 -4115 4584 1049 =731
0 0 392 -5397 3288 0 4564 -11448 0 1214
0 -2453 -867 0 2145 -1018 0 1303 0 1205
1 -1938 -1729 371 0 0 1984 265 469 -4587 -3683
-4090 0 -786 5759 -3493 7663 -685 2011 -1585 0
5208 4688 2324 2484 983 0 144 9545 2796— 4548
3400 -4490 2241 -173 321 5670 -176 -482 10008 -1300
3679 5685 6846 6285 -7339 -60 4848 -1152 1883 -8428
5050 -2352 0 -2587 -33 -5587 -7823 3089 273 1542
-1374 0 638 2094 2421 -1455 6703 4091 4090 -6905
3113 0 -1907 -1358 0 -558 0 0 176 12935
12 -2019 -4243 0 0 185 -2409 -412 0 -2999 541
0 -4530 1876 0 0 -8879 -862 -1789 9535 -347
-4275 3231 0 189 -3061 -3445 -1998 -782 1297 0
3723 -109 2703 -1393 -3715 3781 -614 -6610 0 779
3172 -6262 -1869 1864 -3723 9765 0 2667 3084 6209
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0 0 -6233 0 4287 5387 2358 1427  -3202 4462

-1146 -91 436 3305 -684 4828 3859 3954 10108 -167

-7522 824 -6239 -1820 0 2383 3595 141  -5560 697

13 -5941 -3208 -3586 -2679 3457 2050 0 -6246 -5370 -892
0 6372 -2173 4247 0 -3670 4879 1486 447 -107

-3250 2538 1010 -4783 -1306  -2882  -1413 0 2587 1033

6844 -46 4332 0 0 -1890 2144 6195  -2670 4559

-1876 0 2828 -9121 0 -2064 0 -8753 -412 1143

0 0 0 9266 0 -4289 0 0 15630 0

0 0 0 0 0 0 0 0 -3536 0

0 0 0 0 0 1043 0 0 1938 _ (3441

14 0 0 0 0 1315 3492 6433 12535 -15578 0
3885 0 0 6219 -5423 3477 0 0 0 0

0 0 0 -2157 0 0 -5362 0 0 0

1369 0 4980 0 0 0 -986 0 0 0

6508 0 0 0 0 0 -6175 2022 0 0

0 1000 0 0 0 4115 -411 0 0 0

0 0 0 0 4732 0 0 0 0 0

-552 -1705 0 0 0 2493 4927 °~1114 1317 0

1§ 7065 0 0 0 4801 0 0" -5461 0 0
0 0 0 21047 0 0 0 0 0 1j979

0 0 0 1009 0 0 4331 0 0 513

0 0 5996 0 0 -763 0 5993 1291 0

-7022 8196 0 5302 0 -4124° -2552 0 0 0

0 0 0 0 -5383 .-7389 0 0 0 0

0 -13760 0 0 -3669 0 0 -1643 0 0

0 2977 0 4044 0 0 0 0 0 6383

16 13648 0 -6472 0 13024 4114 0 0 -1042 0
0 0 0 0 0 0 3187 5351 0 0

0 0 8936 0 0 0 0 0 4985 0

1943 -8121 4195 0 0 -7224 0 -839 0 0

0 0 0 241 -1024 4255 0 0 0 0

0 -352 -9216 72509 0 1151 0 1168 0 6570

-830 0 0 0 -2908 8076 0 5816 5142 0

7360 -713 -1775 -276 42 -885 0 6374 3988 0

17 -1463 3099 0 1129 -296 1663  -9442 -1374 395  -2783
0 0 0 0 -6757 -432 -2752 268 2439 27

814 0 8202 1398 3575 5765 0 5918  -4320 177

-343 -3570 0 0 -362 0 -3256 9844  -3848 0

-5975 781 -6308 5389 -564  -2132 0 1289 0 434

11485 4693 -1464 0 1169 -373  -2657 -1288  -3197 0

2976 819 -5121 0 290 -6066 3512 0 -4592 -3678

-5017 7883 2549 -2245 0 0 -2861 0 0 968

18 0 -105 8171 0 -182 5712 1732  -2874 -51  -71855
5330 -4002 0 2438 2085 128  -7971 647 1517 1079

-2742 8536 4959 -11 351 2243 314 3201 0 -4812

4864 3055 693 274 0 0 0 6266 709 732

-6127 740 -3295 553 1130 0 4146  -6180 2141 3239

0 0 0 0 0 0 0 0 -6369 0

0 0 -8103 12722 0 0 0 0 0 -5372

0 0 4509 0 8314 0 0 0 6881 0

19 -2386 0 0 0 0 0 -985 0 0 0
0 0 -1170 0 0 0 0 0 0 0

14144 0 0 0 3394 5389 11441 0 0 0

0 0 0 0 0 0 0 6490 0 0

-11175 -7384 -944 -51 0 5487 -2815 0 0 0

0 0 7331 -30 772 -3345 -4 5323 0 0
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-3825 861 4892 -3041 0 0 -5795 4004 2822 -3616
-3113 -1839 0 -3353 -2123 4453 2619 -2365 0 -573
20 0 8823 4250 4137 11473 5642 0 4533 -1725 0
0 1444 789 1955 0 -939 2634 5827 -2601 0
3843 3417 -4439 8355 0 -1822 13 -1928 2517 6680
-1708 0 0 0 2300 -1011 0 -3620 6077 -9616
0 -2230 0 2865 1787 0 -2575 -475 -9613 1683
-6370 3044 -1614 5027 0 0 -188 -4008 4652 1786
0 0 -3383 -80 -397 773 5044 -2376 -3987 2986
=2588 1] =2188 71858 =2573 38 7660 6425 4679 0
21 -4949 -7600 0 0 4828 -4138 -735 115 3320 -2284
-455 4452 0 0 -678 2518 -2983 1463 9195 2537
1221 3618 5296 5192 1556 981 -2289 0 =372 0
-203 -508 343 5721 -9816 -8157 0 511 6950 -1274
2501 -217 -1725 -8232 -953 0 -4249 1549 -1561 -1298
-4120 -2452 0 0 0 -7557 -253 5271 -4395 0
1383 1664 -448 0 -6496 0 8286 6876 -2217 -2241
-5546 -4159 3094 89 1928 -1582 -2991 -6757 0 8154
22 -6394 1902 -3271 2294 5468 8427 110 1715 -445 8136
0 0 0 7386 -1552 8494 0 0 2300 -689
-3332 -3630 0 -138 1099 -3992 913 946 0 0
0 -3311 0 0 -5438 3781 -4147 0 -1997 -7183
2832 -1887 -3664 251 147 0 2943 1761 -295 -3906
-5107 0 0 5554 0 ~7204 0 0 -3108 (10958
2828 -2865 -4753 -3109 -5593 -3208 -1682 -1097 -4323 0
0 0 4268 0 -2139 1085 0 -4253 3418 2898
23 0 2676 -567 -4796 178 0 1409 0 6034 36
0 -354 6967 -2796 8976 7085 0 3037 2837 0
4467 2711 -5297 -1146 -6279 -2830 5912 -4656 1005 -2739
0 -320 1205 -6012 -5827 277 2814 -838 3587 1270
-959 -5659 -851 -2368 3944 0 -6922 0 4475 0
2041 -2004 5807 -7 0 93 0 -804 0 2145
-3096 -443 1422 4705 0 -1012 -1070 -3094 -3329 3558
-5845 2769 6684 13751 -159 -4829 0 0 4992 -630
24 -394 -1387 870 -5289 0 1702 6045 -2847 638 0
120 2919 2205 5628 -2922 0 3884 1216 -2743 -8517
0 0 0 -2379 3830 3287 -5517 0 -3794 1250
0 -5108 0 6727 3890 0 8902 2978 0 -2671
378 2132 -7835 2072 -7198 3121 3499 0 -701 0
-1084 <9811 -2812 307 -1685 1395 2176 874 938 2237
0 0 2626 -1287 -2104 -1192 5465 1341 -279 0
9960 4426 -3028 -6230 -8698 0 -480 -2983 2306 1797
25 215 -4147 -323 455 -4713 0 -1598 -12536 0 -3033
<1293 5039 -4209 -2357 3772 3194 -1317 -6097 -97 0
3311 0 2859 -3491 -946 -2342 -2145 2822 2197 -785
-1301 -6387 -4577 0 6077 -2620 -2301 2787 -5771 359
3002 2689 2601 5782 1+ 1149 0 902 2232 -6885
-1706 3623 -7171 5205 =717 819 0 -5399 -3431 -9984
0 -895 -812 2398 0 -230 -6871 0 5805 0
0 -1062 6539 2553 -3109 -511 -8288 1209 4089 3174
26 1641 0 -1375 6902 1479 4840 129 -3638 0 -5979
0 0 2057 1653 3548 -4513 1652 0 -5528 0
0 2222 -318 1322 4640 8416 -1588 0 5503 -6732
0 0 2958 -3042 0 3508 9357 2262 4697 4754
602 455 2598 0 1652 5161 -1436 0 1153 -2628
0 0 -4122 2261 2255 5431 165 232 0 -1523
2961 8009 1679 0 2634 5995 -5033 2076 4643 3632
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10186 -2828 3728 0 -3280 -264  -2782 2747  -4782 4130

27 3962 1547 -2122 0 3027 0 0 -5551 1812  -3402
-1021 2948 5856 -3754 5926 0 -832  -4974 1819 3626

4830 758 0 0 0 7293 0 -7381 -1682 2552

2267 -3943 -3057 =77 0 -7395 0 0 0 8258

-1749 5276 911 -1313 6356 101 7532 1735 0 0

9072 -1778 3454 0 7230 4572 0 -5294 2407 4007

-460 0 -3073 7235 -2091 0 0 0 530 2369

345 -906 -5179 -464 -4748 8088  -5287  -2219 5722 1440

2 =3436 =303 765 445 3825 0 0 1555  .6168 7294
-4325 -161 -2464 0 -3557 4776 6953 1438 0 214

3138 8154 3604 226 0 -4286 -98 1317 0 0

6270 883 -1838 4342 1714 0 543  -7746 0 -5677

0 0 605 1272 -6247 4822 0 -406 _-5400 0

-1097 0 -3924 -8023 0 2634 0 0 0 0

-6244 0 -10975 -2833 0 0 0 -5461 0 2082

0 0 0 -3415 -9918 1542 4593 0 0 0

29 0 5352 0 0 -8238 0 0 -12856 0 0
0 3890 -4495 0 0 0 0422047 0 0

0 0 -5080 0 0 -4531 0 0 0 -12455

1336 2662 -3712 -473 0 -3681 4013 0 0 -2858

0 30 0 0 -1423 0 0 0 -9231 0

-1128 0 3372 2295 -3313 -7195 1280 0 1432 418

0 -2962 -3011 1226 5502 4299 9680 6982 66 894

0 -1637 3362 5338 1142 467 1384  -2865 0 0

30 1018 1847 368 11959 0 7847 4692 -4576  -3965 -2424
-1024 4240 -1882 -1208 0 * -3357 0 -2708 0 -1789

-5718 -2094 1961 791 0 0 0 0 -3306 1323

2281 940 -6635 4014 0 4353 2789 0 4408 033

7680 3426 6043 1490 3924 4250 -2864 0 -2128 098

0 0 -3227 0 -3958 67 9489  -2570 -2475  -2381

-3205 -4690 -8091 0 -2284 -58 0 0 0o -1318

5077 2795 4787 0 -3518 =707 -515 1896 -10246 563

31 6495 3516 5934 4480 976 12457 0 -2461 0 -1943
-473 5375 0 3354 620 3095  -2340 -1644 1973 0

0 3 =593 0 -689 0 5169 -2305 -3561 g592

-1724 2567 -2833 0 7678 3137 636 0 -896  -3601

-1221 -866 6375 3067 -341 945  -5307 -4781 6805 -2

0 0 0 -1628 0 9648 0 0 0 0

0 0 0 0 0 -1446 0 0 0 886

0 5869 -5431 0 0 0 0 0 5434 1423

32 0 0 10553 0 0 1118 0 0 0 0
0 0 0 0 2550 0 0 0 0 0

<26 0 -350 0 0 339 -5478 541 0 0

0 0 0 0 -2070 16335  -9139 0 -2613 15972

0 0 -9563 0 -3610 0 116 3282 0 0

6 6 6 475 2107 6 755 0 6 3955

2615 965 407 708 -1825 0 5847  -3465 -420 6981

0 0 2308 -2285 2949 0 0 -6434 7241 3798

33 -3568 -1179 0 -4944 0 0 4981  -3712 2667 6447
-5312 9873 0 -3222 6426 0 -669  -5199 0 0

-412 2163 -2657 0 0 1597  -2207 -2172 7297 0

-5462 971 3483 -749 0 -2047 3053 0 0 11458

2981 0 4517 -3871 931 -4693 -10075  -2245 2730 -6256

0 3703 -4128 -676 0 874  -4680 4808 -1978 8956

-1205 -8163 0 0 466 3607  -7256 0 0 617

0 0 -2287 0 -1506 1742 -1919 0 -986  -5364
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34 3468 0 -493 -4803 0 -1028 -550 -2746 0 0

-116 -6542 0 -480 -1829 3433 -999 10662 8148 985

3087 -4157 309 -3235 10231 -5358 4104 3156 0 -4481

2203 0 -5019 0 -6958 0 0 5297 0 557

4389 0 -5956 -623 3635 3938 -344 2245 -5708 -1950

0 0 -1073 2434 6808 -2035 0 3928 0 2511

2238 -3122 -4694 12171 0 0 1316 0 -552 0

1752 -2655 -693 948 -5612 -3864 196 -1977 0 -3197

35 2269 -776 2206 -605 901 1997 1395 -502 9523 -2649

=39413 2173 647 =325 31858 1515 =199 11174 1384 6662

1582 0 0 3042 -4265 -4346 -7434  -5001 789 -1679

-1369 -655 6038 -2194 1661 0 -5080 -3424 1932 -98

2938 -11836 -6427 0 0 -918 0 1182 0 1693

4632 0 -336 2778 4905 3720 -57 -195 -6479 -4647

-6028 3904 -3466 0 -3156 1882 -1249 2516 106 770

-2434 7902 -7161 1952 8165 0 7560 0 0 5449

36 0 -2652 0 -696 0 0 2030 1140 -4057 2308

-1796 4008 0 0 0 1746 0 -1361 0 -1440

8255 -2610 5339 463 2478 4294 3816 4121 0 6542

0 4338 576 0 0 -7433 0 -5051 1554 8066

-7895 2736 -7067 -289 -2992 0 0 -4541 -1 0

0 0 0 0 0 0 2440 0 -2741 0

0 0 -4142 0 0 0 -5335 0 -10364 0

0 0 0 5110 0 0 0 -13977 90 2187

37 -2840 0 -10564 0 0 0 0 0 0 0

0 -4350 3172 -1911 -2832 0 0 4587 0 -2496

4029 309 -3503 -6785 0 -676 -235 0 0 0

0 0 -11368 0 8166 0 0 0 0 1013

5017 0 -143 0 -286 10526 0 0 -9233 0

-2801 -3312 0 -3537 2895 -3251 2901 1217 0 3317

2481 2216 626 -1046 -723 514 0 1160 0 -7014

0 5144 5483 -2965 -4999 3799 6616 4771 4315 3333

38 -7797 488 0 -3845 -1670 -2468 -5530 -7787 0 1978

-6397 2176 0 -522 3652 -652 1728 -2135 3578 0

71 0 11335 -1286 8933 2911 377 -847 0 1155

-3491 1048 1559 -5575 -4336 -8164 0 0 0 581

0 764 0 372 3988 3748 0 -9410 0 2331

5896 -2103 0 0 0 0 0 0 0 0

0 0 1125 0 -1197 0 0 -1459 0 -7113

4932 0 -3371 -1837 0 0 0 -259 0 17178

39 0 -1971 -11477 0 367 9599 0 -3890 -3020 0

0 3923 0 0 0 0 0 2635 0 0

0 0 0 0 -5266 2257 0 -2639 0 -6862

0 2905 -846 0 0 -7696 6590 293 0 0

0 -8117 0 -9712 -3390 0 0 0 0 0

1065 5252 2075 -3686 -3042 2580 -556 5459 -4931 1895

3616 162 392 5048 1640 104 2791 8432 38 4170

-6590 -5939 0 -4939 0 -2589 -3788 197 0 -5150

40 -2915 4902 0 1952 6332 6494 4614  -5070 0 -6238

1369 -213 3010 579 -745 -2480 0 -1121 8112 0

0 7134 4975 0 0 -5318 -1336 0 516 5017

0 0 -8462 0 0 -564 0 -4592 9288 0

1438 -1780 -1410 0 1208 3160 -1072 -2857 -5309 3738

-849 0 -1435 552 0 8434 -1680 -1106 -3764 1977

-98 0 5953 0 -14849 -4047 3176 0 -130 0

-3853 3289 5691 -5670 -1809 1264 329 0 1706 0

41 852 11144 -3495 3522 2924 -4615 2256 -960 705 2819
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-266 3377 2016 0 0 0 -1344  -2383 -7518 971

-1613 -1710 3127 2451 2077  -2992 10137 0 265 -2079

0 8393 0 -2089 -446 334 0 2613 0 153

-3342 0 -4900 1937 7294  -1668 0 -1973 0 235

0 3054 -1210 -55 0 -10118 -3822 1164  -4682  -1485

3077 -1877 5951 0 3389 3625  -2156 0 3513 0

4489 -5203 -4396 0 1647 0 443 1805 0 -4814

42 -7914 696 0 973 0 0 2873  -3341  -2900 0
-4343 5076 -1170 -638 2612 1071 0 0 2392 0

=3912 7665 -2586 322 2691 202 10380 9307 4649  .3806

1057 -1274 -1739 0 592  -7202 1524  -5719 0 789

-5937 -7425 -5298 2991 0 -1659 4841 -283  -3365 2322

0 0 1134 0 -3516 0 4115  -4584  -1049 731

0 0 -392 5397 -3288 0 -4564 11448 0 -1214

0 2453 867 0 -2145 1018 0 -1303 0 -1205

43 1938 1729 -371 0 0 -1984 -265 -469 4587 3683
4090 0 786 -5759 3493  -7663 685 -2011 1585 0

-5208 -4688 -2324 2484 983 0 141 9515 2796  -4548

-3400 4490 -2241 173 -321 -5670 176 482 -10008 1300

-3679 -5685 -6846 -6285 7339 60  -4848 1152 1883 428

-5050 2352 0 2587 33 5587 7823  -3089 -273 1542

1374 0 -638 -2094 -2421 1455 6703 -4091  -4090 3905

-3113 0 1907 1358 0 558 0 0 -176  -12935

44 2019 4243 0 0 -185 2409 412 0 2999 1541
0 4530 -1876 0 0 8879 862 1789  -9535 347

4275 -3231 0 -189 3061 3445 1998 782  -1297 0

-3723 109 -2703 1393 3715 ~ -3781 614 6610 0 1779

-3172 6262 1869 -1864 3723  -9765 0 -2667 -3084 -6209

0 0 6233 0 -4287  -5387 -2358 1427 3202  -4462

1146 91 -436 -3305 684  -4828 -3859  -3954 -10108 167

7522 -824 6239 1820 0 -2383  -3595 -141 5560 1697

43 5941 3208 3586 2679 -3457  -2050 0 6246 5370 892
0 -6372 2173 4247 0 3670 -4879  -1486 -447 107

3250 -2538 -1010 4783 1306 2882 1413 0 -2587 -}033

-6844 46 -4332 0 0 1890 -2144  -6195 2670  -4559

1876 0 «2828 9121 0 2064 0 8753 412 1143

0 0 0 -9266 0 4289 0 0 -15630 0

0 0 0 0 0 0 0 0 3536 0

0 0 0 0 0 -1043 0 0 1938 3441

46 0 0 0 0 1315 -3492  -6433 -12535 15578 0
-3885 0 0 -6219 5423  -3477 0 0 0 0

0 0 0 2157 0 0 5362 0 0 0

-1369 0 -4980 0 0 0 986 0 0 0

=6508 0 0 0 0 0 6175 -2022 0 0

0 -1000 0 0 0 -4115 411 0 0 0

0 0 0 0 -4732 0 0 0 0 0

552 1705 0 0 0 2493 4927 1414 1347 0

47 -7065 0 0 0 -4801 0 0 5461 0 0
0 0 0 -21047 0 0 0 0 0 -12979

0 0 0 -1009 0 0 4331 0 0 -4513

0 0 -5996 0 0 763 0 -5993 1291 0

7022 -8196 0 -5302 0 4124 2552 0 0 0

0 0 0 0 5383 7389 0 0 0 0

0 13760 0 0 3669 0 0 1643 0 0

0 -2977 0 -4044 0 0 0 0 0 -6383

48 -13648 0 6472 0 -13024 -4114 0 0 1042 0
0 0 0 0 0 0 -3187  -5351 0 0
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0 0 -8936 0 0 0 0 0 -4985 0
-1943 8121 -4195 0 0 7224 0 839 0 0
0 0 0 -241 1024 -4255 0 0 0 0
0 352 9216 2509 0 -1151 0 -1168 0 -6570
830 0 0 0 2908 -8076 0 -5816 -5142 0
-7360 713 7775 276 -42 885 0 -6374 -3988 0
49 1463 -3099 0 -1129 296 -1663 9442 1374 -395 2783
0 0 0 0 6757 432 2752 -268 -2439 -27
-814 0 -8202 -1398 -3575 -5765 0 -5918 4320 -5177
343 3570 0 0 362 (1] 3256 0844 3848 0
5975 -781 6308 -5389 564 2132 0 -1289 0 -3434
-11485 -4693 1464 0 -1169 373 2657 1288 3197 0
-2976 -819 5121 0 -290 6066 -3512 0 4592 3678
5017 -7883 -2549 2245 0 0 2861 0 0 -3968
50 0 105 -8171 0 182 5712 1732 2874 51 7855
-5330 4002 0 -2438 -2085 -128 7971 <647 -1517 1079
2742 -8536 -4959 1 -351 -2243 =314  -3201 0 4812
-4864 3055 693 271 0 0 0 -6266 709 -4732
6127 -740 3295 -553 -1130 0 -4146 6180 -2141 -3239
0 0 0 0 0 0 0 0 6369 0
0 0 8103 12722 0 0 0 0 0 5372
0 0 -4509 0 -8314 0 0 0 -6881 0
51 2386 0 0 0 0 0 985 0 0 0
0 0 1170 0 0 0 0 0 0 0
-14144 0 0 0 -3394 -5389 -11441 0 0 0
0 0 0 0 0 0 0 -6490 0 0
11175 7384 944 51 0 -5487 2815 0 0 0
0 0 -7331 30 =772 3345 4 -5323 0 0
3825 -861 -4892 3041 0 0 5795 -4004 -2822 3616
3113 1839 0 3353 2123 -4453 -2619 2365 0 573
52 0 -8823 -4250 -4137 11473 -5642 0 -4533 1725 0
0 -1444 -789 -1955 0 939 -2634 -5827 2601 0
-3843 -3417 4439 -8355 0 1822 -13 1928 -2517 -6680
1708 0 0 0 -2300 1011 0 3620 -6077 9616
0 2230 0 -2865 -1787 0 2575 475 9613 -1683
6370 -3044 1614 -5027 0 0 188 4008 -4652 -1786
0 0 3383 80 397 -773 -5044 2376 3987 -2986
2588 0 2188 -7185 2573 -38 -7660 -6425 -4679 0
53 4949 7600 0 0 -4828 4138 735 -115 -3320 2284
455 <4452 0 0 678 -2518 2983 -1463 -9195 -2537
-1221 -3618 -5296 -5192 -1556 -981 2289 0 372 0
203 508 -343 -5721 9816 8157 0 -511 -6950 1274
-2501 217 1725 8232 953 0 4249 -1549 1561 1298
4120 2452 0 0 0 7557 253 -5271 4395 0
-1383 -1664 448 0 6496 0 -8286 -6876 2217 2241
5546 4159 -3094 -89 -1928 1582 2991 6757 0 -8154
54 6394 1902 32 2294 5468 8427 110 1745 445 -8136
0 0 0 -7386 1552 -8494 0 0 -2300 689
3332 3630 0 138 -1099 3992 913 -946 0 0
0 3311 0 0 5438 -3781 4147 0 1997 7183
-2832 1887 3664 -251 -147 0 -2943 -1761 295 3906
5107 0 0 -5554 0 7204 0 0 3108 -10958
-2828 2865 4753 3109 5593 3208 1682 1097 4323 0
0 0 -4268 0 2139 -1085 0 4253 -3418 -2898
55 0 -2676 567 4796 -178 0 -1409 0 -6034 -36
0 354 -6967 2796 -8976 -7085 0 -3037 -2837 0
-4467 -2711 5297 1146 6279 2830 -5912 4656 -1005 2739
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0 320 1205 6012 5827  -277 -2814 838 -3587 -1270
959 5659 851 2368 -3944 0 6922 0 -4475 0

2041 2004  -5807 7 0 -93 0 804 0 -2145

3096 443 1422  -4705 0 1012 1070 3094 3329 -3558

5845  -2769  -6684 -13751 159 4829 0 0 -4992 630

56 394 1387 -870 5289 0 -1702 -6045 2847  -638 0
120  -2919  -2205  -5628 2922 0 -3884 -1216 2743 8517

0 0 0 2379 -3830 -3287 5517 0 3794 -1250

0 5108 0 -6727  -3890 0 -8902 -2978 0 2671

=378 =2132 7835 =2072 7198 =3121 =3499 0 701 0

1084 9811 2812 307 1685 -1395 2176  -874  -938 2237

0 0 -2626 1287 2104 1192 -5465 -1341 279 0

9960 -4426 3028 6230 8698 0 480 2983 -2306 -1797

57 215 4147 323 -455 4713 0 1598 12536 0 3033
1293  -5039 4209 2357 -3772 -3194 1317 6097 97 0

-3311 0 -2859 3491 946 2342 2145 -2822% -2197 785

1301 6387 4577 0 -6077 2620 2301 -2787 5771 359

-3002 2689 2601 -5782 1777 -1149 0 902 2232 6885

1706  -3623 7171 -5205 717 819 0../5399 3431 984

0 895 812  -2398 0 230 6871 0 -5805 0

0 1062 -6539 -2553 3109 511  $288 1209 -4089 -3174

5§ -1641 0 1375 -6902 -1479 -4840 . -129 3638 0 979
0 0 -2057 -1653 -3548 4513, ~-1652 0 5528 0

0 -2222 318 1322  -4640 -8416° 1588 0 -5503 732

0 0 -2958 3042 0 .-3508 -9357 -2262 -4697 -4754

-602 -455  -2598 0 -1652,..-5161 1436 0 -1153 628

0 0 4122 -2261  -2255 °© -5431 165  -232 0 1523

2961  -8009  -1679 0 -2634 -5995 5033 -2076 -4643 -3632

10186 2828  -3728 0 3280 264 2782 2747 4782  -4130

59 3962 1547 2122 0-.0 -3027 0 0 5551 -1812 402
1021  -2948  -5856 3754 -5926 0 832 4974 -1819  -3626

-4830 -758 0 0 0 -7293 0 7381 1682 -2552

2267 3943 3057 77 0 7395 0 0 0 -g258

1749  -5276 911 1313 6356  -101 -7532 -1735 0 0

9072 1778  -3454 0 7230 -4572 0 5294 -2407 -4007

460 0 <3073 -7235 2091 0 0 0 -530 -2369

-345 906 (5179 464 4748 -8088 5287 2219 -5722 1440

60 3436 303 -765 -445  -3825 0 0 -1555 6168  -7294
4325 161 2464 0 3557 -4776 -6953 -1438 0 -2214

3138 8154  -3604 -226 0 4286 98 1317 0 0

-6270 883 1838  -4342 -1714 0 -543 7746 0 677

a 0 605 -1272 6247  -4822 0 406 5400 0

1097 0 3924 8023 0 -2634 0 0 0 0

6244 0 10975 2833 0 0 0 5461 0 -2082

0 0 0 3415 9918 -1542  -4593 0 0 0

61 0 -5352 0 0 8238 0 0 12856 0 0
90— 38904495 o o o 0— 2047 o 0

0 0 5080 0 0 4531 0 0 0 12455

1336 2662 3712 473 0 3681 -4013 0 0 2858

0 -30 0 0 1423 0 0 0 9231 0

1128 0 -3372 -2295 3313 7195 -1280 0 1432  -418

0 2962 3011 1226 -5502 -4299 -9680  -6982 .66  -6894

0 1637 -3362 -5338 -1142  -467 -1384 2865 0 0

62 -1018  -1847 -368  -11959 0 -7847 -4692 4576 3965 2424
1024 4240 1882 1208 0 3357 0 2708 0 1789

5718 2094  -1961 -791 0 0 0 0 3306 -1323

-2281 940 6635 -4014 0 -4353 -2789 0 -4408 -3033
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-7680 -3426 -6043 -1490 -3924  -4250 2864 0 2128  -5098

0 0 3227 0 3958 -67  -9489 2570 2475 2381

3205 4690 8091 0 2284 58 0 0 0 1318

-5077 -2795 -4787 0 3518 707 515 1896 10246 -563

63 -6495 -3516 -5934 -4480 -976  -12457 0 2461 0 1943
473 -5375 0 -3354 -620  -3095 2340 1644 1973 0

0 -3 593 0 689 0 -5169 2305 3561  -4592

1724 -2567 2833 0 -7678  -3137 -636 0 896 3601

1221 866 -6375 -3067 341 -945 5307 4781  -6805 2

2.E.5 CbCelp4k

VQ codebook for stochastic excitation vector for 4 kbps

Table 2.E.11 — 2nd stage VXC gain (enhancement layer) codebook cbL1_g[8]
dim =1 x 8 codewords
16 bits signed
factor = 2

index codeword
(VX_gain2[])

29
351

1523
820
16956
2571
7670
4303

~NO | (A (WIN =IO

Table 2.E.12 — 2nd stage 'VXC shape (enhancement layer) codebook cbL1_s[32][40]
dim = 40 x 32 codewords
16 bits signed
factor = 225

ndex codeword
VX
shape2[])

0 0 0 0 -3670 0 -3592 6877 0 0
0 0 0 0 -1882 0 0 0 5892 0 5063
0 0 0 0 0 11204 0 0 0 0
-619  -6147 0 0 0 0 9657 8329 16851  -18053
0 0 0 -3118 0 0 -5467 0 9244 0
1 2584 0 1675 0 5550 -786 5419 2660 0 15964
-14118 -15419 0 0 0 0 -1030 0 0 0
2789 1168 5227 0 0 0 0 -7551 0 -9213
1105 2945 7478 0 2906 542 -538 -1123 6571 -9293
2 8215 5999 5572 0 1720 -2450 12025 3924 -8051 -2883
2211 0 3123 299 5563 2605 8868 2438 2353 6959
-242 -675 -1992 -5682 -4249 12192 -4202 0 6805 -5750
54 9003 0 2103 0 266 -7156 -846 3992 0
3 4324 5100 -6345 0 1619 -3191 0 6368 0 0
0 -6450 -1637 -2510 -4786 -8345 -4638 -7092 -4275 4220
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16349 -4636 0 0 -10748 0 8287 0 0 -7619

0 0 0 0 0 0 0 0 0 0

4 0 -30522 0 -6518 0 0 0 0 0 0
0 0 0 2300 0 3129 0 0 0 0

0 0 0 5230 0 0 0 7566 0 0

0 -532 0 6930 0 0 0 0 0 59

5 0 -8218 0 0 1674 0 -24232 0 0 712
0 0 0 0 0 0 0 0 0 0

0 10185 -3778 9 -3862 -7654 0 0 -13262 0

0 0 0 0 2098 0 0—19805 0 0

é 795 -10197 0 0 0 0 0 10192 -11014 0
-1663 0 0 0 2713 0 0 0 0 0

0 0 0 0 -18106 0 3056 0 0 0

0 -1230 0 0 4856 15371 0 -7639 0 16108

[ 7534 0 0 0 0 0 4774 0 3514 0
0 0 -1939 0 0 -4330 0 0. '~-16240 0

0 0 0 0 -8721 -6353 0 0 0 0

-7583 -949 0 1701 -4425 0 0 _-8468 -7271 0

8 1000 3659 -1614 5090 -6310 -5811 0 <635 13517 0
0 3450 -1640 0 2814 -4112 -2567 6184 508 10094

0 -1806 5543 -1061 -4553 0 -12870 -3778 10647 57170

-5533  -9268 0 5815 -456 0 0 3105 5292 8540

9 2957 11480 -877 1426 -1279 4972 3974 5746 -614 15998
-8941 404 -6202 0 0 3109 -4787  -3417 1754 0

3235 -6437 7917 4443 -3728 725 -4565 0 -1519 0

0 0 0 0 0 0 0 15292 0 4112

10 -3166 131 20232 0 0 0 -7397 0 0 0
0 15002 0 7723 0 0 0 5995 0 0

0 3968 0 -3532 0 0 0 0 0 0

0 1009 0 -6702 -793 7142 419 7381 6528 1006

1 -10093 10645 -11016 735 0 -7898 -3148 426 494 2241
13739 7757 3838 -753 -4526 0 6304 0 0 -5553

-1579  -2655 0 . 3192 0 0 -4345 -2671  -7876 0

0 -2889 -207 240 4040 5354 0 -12614 0 -4645

1 3752 -14607 4174 -2397 1174 0 1403 3077 6548 0
10126 0 <2811 0 2615 8341 6045 0 2943 0

-341 0,..10856 4636 5544 -11308 346 189 1374 1064

0 -17688 - 14233 7304 3965 1493 0 0 0 0

1B -3907  -2200 0 0 1184 0 0 0 0 0
0 ~-4015 0 0 0 0 0 0 0 0

017747 0 0 -4870 0 10521 0 0 0

-1204~" -7227 -8405 0 2758 4653 -3605 -4825  -4317 -7995

14 938  -7482 190 4838 3207 0 -2449  -8396 1109 -10123
<225 13603 5322 5193 6497 -920 4448 587 -122 -1543

6005 -4309 1921 3173 7250 5770 0 -8388 0 0

0 -3983 0 -2562 19732 0 0 0 0 0
1%—6—0—6400— 060 —0—H624—2115— 0—0—1657
0 6695 0 -2777 0 -11764 8241 0 -13969 0

2647 0 0 0 0 2337 0 0 3062 0

0 0 0 0 3670 0 3592 -6877 0 0

16 0 0 0 1882 0 0 0 -5892 0 -5063
0 0 0 0 0 -11204 0 0 0 0

619 6147 0 0 0 0 -9657 -8329 -16851 18053

0 0 0 3118 0 0 5467 0 -9244 0

17 -2584 0 -1675 0 -5550 786 -5419  -2660 0 -15964
14118 15419 0 0 0 0 1030 0 0 0

-2789  -1168 -5227 0 0 0 0 7551 0 9213
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1105  -2945 -7478 0 -2906 -542 538 1123  -6571 9293
18 -8215 -5999 -5572 0 -1720 2450 -12025 -3924 8051 2883
-2211 0 -3123 299 -5563 -2605 -8868 -2438 -2353 -6959
242 675 1992 5682 4249 -12192 4202 0 -6805 5750
-54 -9003 0 -2103 0 -266 7156 846 -3992 0
19 -4324 -5100 6345 0 -1619 3191 0 -6368 0 0
0 6450 1637 2510 4786 8345 4638 7092 4275 -4220
-16349 4636 0 0 10748 0 -8287 0 0 7619
0 0 0 0 0 0 0 0 0 0
20 1] 30522 1] 6518 0 1] 0 (1] 1] 0
0 0 0 -2300 0 -3129 0 0 0 0
0 0 0 -5230 0 0 0 -7566 0 0
0 532 0 -6930 0 0 0 0 0 -59
21 0 8218 0 0 -1674 0 24232 0 0 -712
0 0 0 0 0 0 0 0 0 0
0 -10185 3778 -9 3862 7654 0 0% 13262 0
0 0 0 0 2098 0 0 19805 0 0
22 -795 10197 0 0 0 0 0,-10192 11014 0
1663 0 0 0 -2713 0 0 0 0 0
0 0 0 0 18106 0 -3056 0 0 0
0 1230 0 0 -4856 -15371 0 7639 0 -16108
23 -7534 0 0 0 0 0 -4774 0 -3514 0
0 0 1939 0 0 4330 0 0 16240 0
0 0 0 0 8721 6353 0 0 0 0
7583 949 0 -1701 4425 0 0 8468 7271 0
24 -1000 -3659 1614 -5090 6310 5811 0 535 -13517 0
0 -3450 1640 0 -2814 4112 2567 -6184 -508 -10094
0 1806 -5543 1061 4553 0 12870 3778 -10647 5770
5533 9268 0 -5815 456 0 0 -3105 -5292 8540
25 -2957 -11480 877 -1426 1279 -4972 -3974 -5746 614 -15998
8941 -404 6202 0 0 -3109 4787 3417 1754 0
-3235 6437 -7917 -4443 3728 =725 4565 0 1519 0
0 0 0 0 0 0 0 -15292 0 t4112
26 3166 131 -20232 0 0 0 7397 0 0 0
0 -15002 0 -7723 0 0 0 -5995 0 0
0 -3968 0 3532 0 0 0 0 0 0
0 -1009 0 6702 793 -7142 -419  -7381 -6528 1006
27 10093 -10645 11016 -735 0 7898 3148 -426 -494 +2241
-13739 --7757 -3838 753 4526 0 -6304 0 0 5553
1579 2655 0 -3192 0 0 4345 2671 7876 0
0 2889 207 -240 -4040 -5354 0 12614 0 4645
28 3752 14607 -4174 2397 -1174 0 -1403 -3077 -6548 0
-10126 0 2811 0 -2615 -8341 -6045 0 -2943 0
341 0 -10856 -4636 -5544 11308 -346 -189 1374 1064
0 17688 -14233 -7304 -3965 -1493 0 0 0 0
29 3907 2200 0 0 -1184 0 0 0 0 0
0 4015 0 0 0 0 0 0 0 0
0 -17747 0 0 4870 0 -10521 0 0 0
1201 7227 8405 0 -2758 -4653 3605 4825 4317 7995
30 -938 7482 -190 -4838 -3207 0 2449 8396 -1109 10123
225 -13603 -5322 -5193 -6497 920 -4448 -587 122 1543
-6005 4309 -1921 -3173 -7250 -5770 0 8388 0 0
0 3983 0 2562 -19732 0 0 0 0 0
31 0 0 6400 0 0 11621 -2715 0 0 1657
0 -6695 0 2777 0 11764 -8241 0 13969 0
-2647 0 0 0 0 -2337 0 0 -3062 0
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2.E.6 CbLsp

Table 2.E.13 — LSP table for the first stage (base layer) Isp_tbl[0][32][10]
dim =10 x 32 codevectors
16 bits signed
factor = 2215

in codeword

(LS

3375 4912 6549 9040 10942 13276 18798 21307 25336~ 28572
2974 4358 6129 8373 10084 12442 19149 23195 26224 28839

3077 4360 6147 9751 12072 14239 16729 19410 25495 28508
2919 4067 6571 9049 11301 13176 15546 21792\ 25596 28758
3935 6019 9204 12175 15469 18353 21731 24243 27476 29137
3746 5894 8346 10956 14067 16427 19980 22820 26182 28388§
3138 4830 6689 9712 13093 14804 17683 ( 20287 23614 27858
3660 5585 8408 11300 13434 15086 18394 21960 25381 27908
2546 3478 5301 11498 13855 15746 18993 21490 26264 28407
2415 3239 5561 12877 15707 17387 ({20352 22286 26337 28318
2887 5150 8479 11388 14513 17282\ ) 20858 23623 26958 29134
2229 4162 7949 11474 14612 16990 19987 22614 25791 28349
2086 3932 8403 12430 16065 49196 22252 24785 27464 29264
3539 5949 9973 13626 17153 20423 23144 25356 28016 29594
3748 6180 9973 12764 15130 17300 20631 23046 26361 28654
4005 6856 12057 14541 17344 19943 22286 24277 26824 28540
2959 4902 6772 9100 42970 14348 17631 22669 24817 27497
1659 3244 6690 9923 13244 16000 19579 22730 26119 28767
2116 2880 4959 10683~ 16288 18759 21936 24273 27098 29082
1623 2982 7079 10655 14022 17143 20470 23340 26641 29021

—
N

20 2954 4057 5645 9387 15193 16955 19540 22376 24759 27631
21 1829 2579 4149 9097 13989 16374 19707 22537 26415 29208
22 2395 3424 5074 8394 15219 18639 20682 22949 25314 27660
23 2155 2832 4495 7776 13914 18654 22078 24004 26849 28673
24 2853 4870 7173 10343 12233 14846 19653 22280 26468 28773
25 2952 4252 6548 8892 10909 16697 19529 21846 25191 27573
26 2438 3437 5374 7557 9440 15048 19085 22361 26340 29023
27 2745 3740 5868 8032 10298 16927 21146 23387 26806 2843%
28 2212 3253 5397 9031 13431 15972 19009 20587 24238 28524
29 2327 3469 5224 7762 13556 15354 18303 22448 25218 28360
30 2114 3126 4926 9253 11770 14176 19094 21896 25847 28980
31 1877 2610 4300 7363 12346 16129 19777 22688 26019  2925%

Table 2.E.14 — LSP table for the second stage of VQ (base layer) with inter-frame prediction
pd_tblI[0][64][5]....Lower 5 LSPs
dim = 5 x 64 codevectors
16 bits signed
factor = 2”18

index codeword
(LSP2&0x3f)
0 2981 1974 3673 2079 3154
1 467 1177 2624 4315 -2970
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2 7204 -2351 -225 2548 1793

3 3151 1499 1654 7626 8950

4 1476 2753 -2614 5096 4202

5 2121 4158 5054 -4650 -4200

6 3688 5151 590 7476 -4205

7 -435 1111 1001 -257 3523

8 199 1958 -2865 -1864 4551

9 -2645 -3880 1767 6223 2994
10 2283 5489 4357 412 -7054
H 1025—668 184 4580 13
12 506 -401 -3597 8910 9823
13 -1358 -388 624 3479 5877
14 -501 -886 -506 10302 4008
15 -4779 3673 611 3201 3169
16 1979 3589 779 1408 7565
17 2129 6236 2383 5214 1688
18 5956 11047 -2496 1672 -1735
19 1969 1523 1908 7647 1473
20 5550 9285 7505 6436 5741
21 6357 13996 6349 -2076 -2341
22 7812 4527 1326 6386 2207
23 3594 4936 -2939 1523 288
24 755 1649 3576 -1211 -401
25 -239 -1389 -2181 765 7891
26 1617 852 3819 15383 92
27 792 -1261 2456 3584 1098
28 1575 1148 3979 7198 -8126
29 2071 1214 -574 1085 307
30 3397 501 4493 1132 -3308
31 -844 794 6753 8625 -1594
32 440 1832 3555 777 2459
33 797 -1148 -936 1547 3481
34 3329 477 -2144 5308 -2666
35 149 -4244 8061 3492 739
36 855 2485 7891 -6944 404
37 4160 6139 -4802 -5122 3500
38 637 1712 6758 7673 4768
39 -63 -2758 1751 8480 -2330
40 -2645 -3741 2750 -225 7649
41 -2021 -4108 6286 11770 7086
42 -8 3906 1311 1583 -1916
43 -3064 -2095 -1437 4685 10533
44 -1667 6748 8748 2755 -1358
45 -60 994 5023 2697 9461
46 -2593 -121 4202 2273 771
47 -4401 =724 12926 3948 3434
49 4538 9141 -1080 962 6478
50 5405 1950 1001 -4055 551
51 1395 4590 16809 6637 1025
52 4538 6252 6019 -252 2855
53 8968 5665 1282 -199 -2789
54 3869 3712 6493 4913 -933
55 4045 2713 438 304 -3185
56 -1114 3025 6289 -367 3639
57 907 -1691 -3196 5450 2254
58 1311 2721 -3743 551 13002
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59 -1077 10402 2066 -398 907
60 1211 1067 1772 -5211 5101
61 3953 66 -3337 -1368 5204
62 744 629 1077 -2087 11838
63 -304 -299 8247 -414 -3557

Table 2.E.15 — LSP table for the second stage of VQ (base layer) with inter-frame prediction
pd_tbI[1][16][5]....Higher 5 LSPs
dim = 5 x 16 codevectors
16 bits signed
factor = 2”18

index codeword
(LSP3&0x0f))
9524 346  -2981 267 -336
2629 -5468 -1733 7104 2469
2336 3321 -2915 6391 2404
-3961 -370 1623 9820 4352
9849 6079 3437 7157 2553
3586 755 1937 -1298 2530
5240 8829 -624 -1243 -464
-2223 3743 -31 1688 5419

6027 -2265 2632 3738 -1646
-792 -3861 5951 2705 -160
671 2637 1455 1216 -2724
-4336 2679 7699 1557 -186
9484 2750 3806 -2873  -4066
3054 4257 8559 6189 1531
1922 4716 7917 -3945 -2375
-881 10551 3992 3806 2097

alnlaln2|S|e|e|N|o|ualsw|iva(o

Table 2.E.16 — LSP table for the second stage of VQ (base layer) without inter-frame prediction
d_tbl[0][64][5] ...Lower 5 LSPs
dim = 5 x 64 codevectors
16 bits signed
factor = 2718

index codeword
(LSP2&0x3f))
0 -223 1541 5665 3589 4611
1 -1733 5350 5348 -2451 2902
2 4365 1696 -1562 10659 -2362
3 2954 3694 8486 1274 1578
4 4567 7319 2747 1699 8294
5 -47 2110 650 2165 983
6 7083 9013 -2564 -8268 3416
7 3979 278 4509 2923 -1523
8 -2687 -4168 10231 5379 2732
9 -1269 -2312 15862 4470 -5888
10 1927 383 9885 10635 102
11 3358 5584 194 4881 -9241
12 -29 -81 -454 3785 7969
13 3743 6973 7581 -6653 637
14 3510 3856 8617 4687 -6399
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15 10040 9558 5277 2257 13
16 -3358 2847 9891 3261 -1167
17 -6430 -1893 9864 11762 6879
18 -191 1827 2063 7943  -3277
19 -1903 -3143 5510 -446 7222
20 16 -2212  -3951 10250 4797
21 -4687 548 2074 7198 3906
22 2074 1735 1153 10121 12945
23 -377 -419 6189 10315 -8486
24 F073—H169—3332—2554—98020
25 -4939 -8029 17592 12255 703
26 -2564 6800 2024 4650 7
27 -1458 6008 13668 5980 5924
28 -3209 -5445 -3395 14132 7644
29 -687 7188 8622 -2095 -6593
30 -912 2008 -5607 6719 3109
31 3513 6559 6921 8247 1853
32 4669 17485 10142 1971 -2771
33 3135 5544 -954  -9437 8593
34 10533 126 -6483 -3484 419
35 8284 3707 1059 35340 -2933
36 10785 12945 -1140 -8242 -8908
37 5337 -89  -3880 -404 8646
38 6491 6700 -1067 ) -2202 1523
39 2485 1591 3112 -2773 4467
40 1725 2511 (. 7398 1536 11975
41 3169 5062 886 6984 3715
42 6868 4021 3720 -3122 -6226
43 8420 8389 -8045 734 322
44 5730..102192 1583 2847 5028
45 6637 -4359 1064 6286 2658
46 1316 2881 3332 -2060 -3492
47 3445 6693 2477 328 1851
48 448 3172 4742 3854 760
49 -1769  -1250 -6430 2102 13361
50 4126 666 -2931 336 477
51 3101 3133 1699 4653 3374
52 5838 996 -8074 6229 3678
53 328 294 8632 -553  -4315
54 844 -147 4902 10163 7196
55 -2157 821 -881  -2902 7178
56 -2763 -5652 1966 6113 8562
57 1442  -4297 1481 8989 385
58 1667 2842 -637  -3439 13508
59 3287 4981 -8630 2231 10179
60 338 2173 10124 -7749 3300
62 -3038 12727 2823 -4664 2621
63 -1376  -1489 634 15435 1937
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Table 2.E.17 — LSP table for the second stage of VQ (base layer) without inter-frame prediction
d_tbI[1][16][5] ...Higher 5 LSPs
dim = 5 x 16 codevectors
16 bits signed
factor = 2218

index codeword
(LSP3&0x0f)
0 9875 -2490 3812 946 -2427
1 3125 -3028 7267 8889 954
2 11600 5883 2380 -3463 -4367
3 2878 8431 9744 -3673 -4653
4 3400 1762 -202 -380 -1056
5 -6367 2517 7846 2265 -58
6 8800 10082 7710 7075 2535
7 2302 6040 3728 6978 1756
8 2412  -3458 -2760 10473 4608
9 -7044  -2173 3982 11235 7959
10 11136 1680 -4422 5780 2074
11 1387 965 4569 802 2606
12 -1717 5264 -3919 6189 5738
13 -2530 8092 12281 9626 4338
14 5219 9477 -2813 £852 1308
15 -4401 12027 3458 1256 1859

2.E.7 CbLsp4k

Table 2.E.18 — VQ codebook for LSP quantization of enhancement layer for 4kbps
vqLsp[256][10].
dim="10 x 256 codevectors
16 bits signed
factor = 2”218

infdex codeword
(L$P5)
0 -1488 1955 6590 -1047 -422 -567 -311 46 -916 -397
1 445 1443 1785 6945 2534 806 2409 1184 707 4334
2 553 2225 250 390 3316 4497 -67 -2833 -169 3250
3 1219 1234 1126 639 1238 1503 5514 4088 258 4326
4 -7116 -923 1856 -2189 1003 -851 -1693 2519 -3541 -1953
5 3885 -4033 1171 1778 1840 -201 423 -254 -1660 110
6 532 -674 26 -1549 531 896 -1359 -2189 -817 2616
7 1160 -652 -444 879 -264 1034 1506 -637 -759 5774
8 -284 -767 2894 163 463 532 1775 1743 1438 3535
9 14 1248 1582 1472 7825 41 1292 -738 638 2979
10 1723 1233 -729  -2381 2160 951 -366 2293 2087 2766
11 633 -1517 -1386 -104 4742 1236 -553 2077 -1963 -19
12 -889 1170 1810 -2026 1300 1412 2235 -2597 -365 -73
13 -315 -1085 1493 -804 4255 581 -384 -1215 4135 1961
14 -367 -1149 843  -3832 -751 1773 -141 1380 2936 1253
15 -1436  -2531 -1351 2589 3187 548 -322 1020 2293 235
16 -3201 -3223 7383 297 -543 651 -678 -323 1849 103
17 279 -953 -88 4524 1394 985 -368 -162 3737 869
18 140 1243 1575 1246 1088 12797 -2644 1357 1423 3826
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19 276 1147 -496 2601 816 5761 -409 2353 180 3808
20 -1839 850 1755 987 -1721 -136  -1827 1149 1978 2236
21 -1593 -989 2006 1295 -178 383 370 2375 2045 -1645
22 676 706 442 -406 582 3248 -2396 -1511 102 -834
23 958 743 -1318 380 143 1849 618 2813 646 -691
24 -1454 -1321 534 -226 -169 498 -728 -3274 6877 4855
25 -2038 907 756 503 2000 -682 -511 -1216 455 2455
26 654 -1055 80 -932 1317 7334 -623 -987 2224 1816
27 -1838 934 -1394 1145 1012 1086 30 -1165 3178 5932
—=28 1650 1000 439 28 855 1335 3090 3629 8464 22246
29 -74 624 981 =277 2096 949 -252 1934 2831 1794
30 -390 -824 10 -502 180 1024 -3594 1312 45313048
31 -441 -689 -748 339 1238 1602 -256 1273 4056 1139
32 -488 847 1551 -1291 -1350 -2360 1121 1975 2557 1389
33 -28 -1340 -598 4263 267 -583 339 2073, (O-5695 -1087
34 604 -1471 -121 -810 -204 556 8401 9515 V* -1066 $29
35 -990 1082 -143 2570 2955 846 3306 2630 -2567 -953
36 612 -870 816 -2482 -2483 -141 219 , <1016 -8297 -4247
37 1846 -970 -555 1981 70 36 -506:.43256 -4191 -3182
38 277 -1461 1531 -1314 =77 -841 5243 -549 -3285 -835
39 -911 =775 878 110 -495 1006 210 728 -3255 7673
40 -435 682 1077 223 1909 -2036 2401 -1488 170 146
41 -1198 -729 200 1756 657 -562 2930 -1896 -760 $69
42 -402 -833 -1728 -1750 -410 1849 1699 -567 594 1553
43 -2410 -992 -784 -55 181 206 2038 -1294 -5254 1128
44 183 -1304 -251 -43 -1774 588 3407 -6621 -2567 -811
45 -968 -765 530 -424 -1 916 945 -1418 -215 -11098
46 -387 -813 -507 -3149 =587 -334 2211 953 177 2276
47 -4723 -2206 387 -2062 1889 242 -460 295 -50 1006
48 148 -1071 5072 591 -2189 271 -891 1074 1059 -269
49 610 -1281 1949 2982 -300 2178 1236 -1529 1117 2360
50 -964 -1344 808 172 218 4011 1237 11201 5525 6017
51 -1284 -902 -1566 935 1881 2420 2133 1300 -508 -605
52 253 -1230 1713 -143 -4161 -46 972 -3265 2170 1523
53 293 -985 224 1218 -1262 392 -21 -1539 3888 -4842
54 1135 777 142 -1582 -2476 2111 752 -1979 -819 -3¢38
55 -1636 -3260 -2040 1427 -1727 1199 704 -383 -1769 -1835
56 84 997 466 1081 -699 -424 1982 -4373 5391 -2342
57 927 1404 173 1332 715 1537 4062 -3081 -2540 265
58 -469 986 610 -1306 -366 2774 955 1021 1785 4607
59 -45 811 -1953 1637 1037 126 376 -1108 -3463 339
60 -466 1024 -256 -234 -559 -601 2253 -4365 7628 2666
61 250 -820 -1061 -430 -1 -1248 2152 -2411 3407 -9281
62 -923 746 -980 -318 -1947 -611 -1862 -41 2343 4071
63 -1280 -879 -1667 1035 -453 -426 -725 -3454 674 1283
64 2634 1214 3448 394 -462 228 382 1273 -558 -1341
65 1627 814 332 1685 527 77 1435 625 2965 60
66 656 770 389 -1721 1732 761 140 -1008 -3829 -5355
67 -206 2713 263 421 -59 -440 477 593 616 576
68 595 -700 -107 -1406 -1509 -2131 -50 341 143 4214
69 2611 -1155 -866 1679 -1 1544 -692 2680 893 -1559
70 758 793 -1172 -1539 -2007 -646 323 30 2017 4193
71 2312 981 -173 653 -1087 -1344 2133 -650 28 968
72 -318 999 2863 -1696 307 681 -926 -1649 -39 -781
73 1284 799 891 -801 1564 -2095 -1583 848 -1212 -327
74 1808 1162 66 -4747 3304 1008 -173 -423 1215 1181
75 2641 1069 -902 232 2953 688 522 268 293 175
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76 797  -1150 1524  -4061 3382 -287 -484 -45  -3144  -3137
77 470 -666 -106  -1850 1222 -829 -293 1278 1657  -5862
78 -1069 1820 -3524  -5746 2775 -406 -445 -44 1401 1840
79 1027 831 -346 950 1179 -982 1914 222 1854 2065
80 -129 733 1895 58 1454 746 1360 1403 1829  -3023
81 300 901 1115 2174 -863 -1753 632 6038  -2705 -874
82 -722 886 485 1167 -214 1057  -3351 2192  -5680  -3009
83 -824 5704 1072 2166 346 -335 528 304 -376 -858
84 1073 1305 1095 269  -3150 618 -826 2718 2248 6336
§6———97/9—1038—193——2/41—1048—-620—20—5764—4654—2798
$6 201 =729  -2020 1455 -100 -444  -1882 1077 -3250 -928
$7 -571 950 -1500 130 -763 1072 1895 4771 1534 _(-3396
$8 -158 875 465 -1906 441 72 1897  -3564 1026 4080
$9 -20 982 -334 -101 2873 -544  -2399 1914 1003~ -1133
90 -1045 729 1377  -2187 874 2318 -872 -52 4335  -146%
91 -697 2235  -2466 177 525 1147 1289  -2700 -424 86
92 697 1379 1799 642 14 -1276 -215 244116386 10749
93 -554 -794 -418 -40 1042 -382 1777 7380 618 -1064
94 1822 1848  -3881 -582 1192 1700 -540 639 4302 316%
95 166 793  -1864 171 1504 175 1231 -792 3369 1618
96 87 1121 1578 1136 -2467 2734 7350 1152 -2241  -8569
97 855 970 -420 301 36 582 .8104 426  -8356  -9449
98 952 1536 432 -2641 -115 -1466 5846 233 1257  -257§
99 -2224 1399 1103 -450 1763 -998 1686 1920 -736 -47
100 -50 1189 1158 1160  -3325 -15702  -2440 -887 4671 1783
101 183 -828  -1639 626 237 395  -2563 167 1248 -11786
102 -87 841 -985 605  -2211 -1697 5499 238 127 434¢

103 -1165 1051 -848 -402 1601 -332 2467 252  -3375 8471
104 253  -1060 417 413 68 -1570  -3920 -10768 1361 -5063
105 -166  -1070 -193 -170 111 -740  -3604  -2427 -11876  -514%
106 -10 616 -659 1902 294 244 2431 -33 1045 1334
107 -1057 -726 -302  -1061 1595 -1635 -514 511 -2395 266
108 -940  -1624 -582 =786 -468 -4660 -1003 -15749 -6529  -2107
109 97 1067 63 -165 1211 -1610 224 1875 -3150 -19091

110 217 1432 -2153 . -1075 833 -1807 3821 1762  -1981 -121

1 209 1024 535 1537 1524 -3995 3431 1481 2876 -237
2 30 -1606 551 1401 -4167 -1196  -2925 613  -2783  -3431

3 -221 1002 -928 526 1723 1525  -2327  -2027  -2499 -607
114 -2516 1084 -673 1540 33 -33  -1258 1336 -2577 -223
5 -5703 2336 -1985 1779 197 370 931 -409 540 -540
116 438 1551 1680 -902  -8699 -284 -91 1765 -2392 1349
i 581 1066 -308 265 -1940 72 -584 -344 564 -10666
118 461 1095  -3661 -587  -3356 -1699 647  -1080 2132 24
19 =2050 1114 -2993 -786 1373 -398 258 -373 3718 -3%
120 741 1008 -744 1369 1576 -2146  -7186  -21217 -308  -2551

124 243 949 -942 -268 122 817 1439  -2225 15141  -4756
122 ——1657——788———16——962—H7+—1864—324——256+—397—3813
123 -819 706  -1349 -35 -290 -2124 -637  -2343 1058 -890
124 -956 -2053 1641 1195 -1850 -4251 10855 -15001 3517 -3817
125 -417 1287 964 -355 359 -935 -2955  -1426 289 -14426
126 1541 -786  -2131 -433 -802 -932  -2248  -2316 4924 96
127 202 1178  -2964 833 -995 -5359 69 -4858 1256 -4349
128 1488 -1955  -6590 1047 422 567 311 -46 916 397
129 -445 1443 1785  -6945  -2534 -806 -2409 1184 =707 -4339
130 -553  -2225 -250 -390 -3316 -4497 67 2833 169  -3250
131 1219 1234 1126 -639 1238 -1503  -5514  -4088 -258  -4326
132 716 923  -1856 2189 1003 851 1693  -2519 3541 1953
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133 -3885 4033 1171 1778 1840 201 -423 254 1660 -110
134 -532 674 -26 1549 -531 -896 1359 2189 817  -2616
135 -1160 652 444 -879 264 -1034  -1506 637 759 5774
136 284 767  -2894 -163 -463 -532 1775 1743 1438  -3535
137 14 1248 1582 1472 -7825 4 1292 738 -638  -2979
138 -1723 1233 729 2381  -2160 -951 366  -2293  -2087  -2766
139 -633 1517 1386 104  -4742 -1236 553  -2077 1963 19
140 889 1170 1810 2026  -1300 1412 -2235 2597 365 73
141 315 1085  -1493 804  -4255 -581 384 1215 4135 1961
142 367 11449 843—3832—F51—1F3—141—1380——2936——1253
143 1436 2531 1351 -2589  -3187 -548 322 1020  -2293 =235
144 3201 3223  -7383 -297 543 -651 678 323  -1849 -103
145 -279 953 88 -4524 1394 -985 368 162 -3737 -369
146 140 1243 1575 -1246 1088 12797 2644 1357 1423 -3826
147 -276 1147 496  -2601 -816 -5761 409  -2353 <180  -3808
148 1839 -850 1755 -987 1721 136 1827  -1149.° 1978  -2236
149 1593 989  -2006  -1295 178 -383 -370  -2375  -2045 1645
150 -676 -706 -442 406 -582 -3248 2396 1511 -102 $34
151 -958 -743 1318 -380 -143 -1849 -618:\.<2813 -646 691
152 1454 1321 -534 226 169 -498 728 3274  -6877  -4855
153 2038 -907 -756 -503  -2000 682 511 1216 -455  -2455
154 -654 1055 -80 932 1317 -7334 623 987 -2224  -1816
155 1838 -934 1394 1145 1012 -1086 -30 1165 -3178  -5932
156 650 1000 -439 -28 -855 -1335 -309 -3629 -8164 -22246
157 74 -624 -981 277  -2096 =949 252 1934 -2831 1794
158 390 824 -10 502 -180 -1024 3594 1312 -453 13048
159 441 689 748 -339 1238 -1602 256 1273  -4056 1139
160 488 -847 1551 1291 1350 2360 1121 1975  -2557 1389
161 28 1340 598  -4263 -267 583 -339 -2073 5695 1087
162 -604 1471 121 810 204 -556 -8401  -9515 1066 -$29
163 990 -1082 143 -2570° -2955 -846  -3306  -2630 2567 953
164 -612 870 -816 2482 2483 141 -219 1016 8297 4247
165 -1846 970 555. ¢ ~1981 -70 -36 506 3256 4191 3182
166 =277 1461 1531 1314 77 841  -5243 549 3285 835
167 911 775 -878 -110 495 -1006 -210 -728 3255  -7673
168 435 -682 _«-1077 -223 1909 2036 -2401 1488 -170 -146
169 1198 729 -200  -1756 -657 562  -2930 1896 760 -569
170 402 833 1728 1750 410 -1849  -1699 567 -594 1553
171 2410 992 784 55 -181 -206  -2038 1294 5254 1128
172 -183 1304 251 43 1774 -588  -3407 6621 2567 811
173 968 765 -530 424 1 -916 -945 1418 215 11098
174 387 813 507 3149 587 334 -2211 -953 177 -2276
175 4723 2206 -387 2062  -1889 -242 460 -295 50 -1006
176 -148 1071 -5072 -591 2189 -271 891 1074 -1059 269
177 -610 1281 1949  -2982 300 -2178  -1236 1529 1117 -2360
178 964 1344 -808 -772 -218 -4011 1237 11201 -5525 -621 7
179 1284 9062 1566 935 1881 2420 2133 1366 508 605
180 -253 1230 1713 143 4161 46 -972 3265 -2170 1523
181 -293 985 -224 1218 1262 -392 21 1539  -3888 4842
182 -1135 =177 -142 1582 2476 -2111 -752 1979 819 3038
183 1636 3260 2040 1427 1727 -1199 -704 383 1769 1835
184 -84 -997 -466  -1081 699 424 1982 4373  -5391 2342
185 -927 1404 173 -1332 -715 -1537  -4062 3081 2540 -265
186 469 -986 -610 1306 366 -2774 -955 1021 1785  -4607
187 45 -811 1953  -1637 1037 -126 -376 1108 3463 -339
188 466  -1024 256 234 559 601  -2253 4365 -7628  -2666
189 -250 820 1061 430 1 1248  -2152 2411 -3407 9281
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154

190 923 -746 980 318 1947 611 1862 41 2343  -4071
191 1280 879 1667  -1035 453 426 725 3454 -674 1283
192 -2634 1214  -3448 -394 462 -228 -382 1273 558 1341
193 -1627 -814 -332 1085 -527 977 1435 625 2965 -860
194 -656 -770 -389 1721 1732 -761 -140 1008 3829 5355
195 206 -2713 -263 -421 59 440 -477 -593 -616 -576
196 -595 700 107 1406 1509 2131 50 -341 143 -4214
197 -2611 1155 866  -1679 1 -1544 692 -2680 -893 1559
198 -758 -793 1172 1539 2007 646 -323 -30 -2017  -4193
189——2312——984 173 663 —1087—1344—-2133—650———28—-068
200 318 -999  -2863 1696 -307 -681 926 1649 39 78/
201 -1284 -799 -891 801  -1564 2095 1583 -848 1212 327
202 -1808 1162 -66 4747  -3304 -1008 173 423 1215 . [~1181
203 -2641  -1069 902 -232  -2953 -688 -522 -268 -293 -17%
204 -797 1150 1524 4061  -3382 287 484 45 3144 3131
205 -470 666 106 1850 1222 829 293 1278 . \-1657 5862
206 1069 1820 3524 5746  -2775 406 445 44~ 1401 -1840
207 -1027 -831 346 -950 1179 982 -1914 -222 1854  -206%
208 129 -733 1895 -58 1454 -746  -1360 -1403 1829 3023
209 -300 901 1115 -2174 863 1753 -632( )-6038 2705 874
210 722 -886 -485 1167 214 -1057 3351 -2192 5680 3009
211 824  -5704 1072 -2166 -346 335 -528 -304 376 858
212 -1073 1305 1095 -269 3150 -618 826 -2718  -2248  -6336
213 -979 1038 1193 271 1048 620 -29 -5764  -4654  -2798
214 -201 729 2020 1455 100 444 1882 1077 3250 928
215 571 -950 1500 -130 763 -1072 1895 4771 1534 3396
216 158 -875 -465 1906 -441 -72 1897 3564 -1026  -4080
217 20 -982 334 101 -2873 544 2399 1914 1003 1133
218 1045 -729 1377 2187 -874 -2318 872 52 1335 146%
219 697  -2235 2466 177 =525 1147 1289 2700 424 -86
220 -697 1379 1799 -642 -14 1276 215  -2441 -16386 -1074¢
221 554 794 418 40 1042 382 1777 -7380 -618 1064
222 -1822 1848 3881 582 1192 -1700 540 -639 4302  -316%
223 -166 -793 1864 171 1504 175 1231 792  -3369 -1618
224 87 1121 1578 1136 2467 2734 7351 1152 2241 856
225 -855 -970 420 -301 -36 -582 8104 -426 8356 9449
226 -952  -1536 -432 2641 115 1466  -5846 -233 1257 2578
227 2224 1399 1103 450 1763 998 -1686  -1920 736 47
228 50 -1189 1158 1160 3325 15702 2440 887 4671 1783
229 -183 828 1639 -626 -237 -395 2563 -167 1248 11786
230 87 -841 985 -605 2211 1697  -5499 -238 127 -4349
231 1165/~ -1051 848 402 1601 332 -2467 -252 3375 -847
232 253 1060 -417 -413 -68 1570 3920 10768  -1361 5063
233 166 1070 193 170 -111 740 3604 2427 11876 514%
234 10 -616 659 1902 -294 -244  -2431 33 1045 1334
235 1057 726 302 1061 -1595 1635 514 511 2395 -262
237 -97 1067 -63 165 1211 1610 -224 1875 3150 19091
238 -217 1432 2153 1075 -833 1807  -3821 1762 1981 121
239 -209  -1024 535 1537 1524 3995  -3431 1481  -2876 237
240 -30 1606 -551 1401 4167 1196 2925 -613 2783 3431
241 221 -1002 928 -526 1723 -1525 2327 2027 2499 607
242 2516 1081 673  -1540 -33 33 1258  -1336 2577 223
243 5703  -2336 1985 1779 -197 -370 -931 409 -540 540
244 -438  -1551 1680 902 8699 284 91 1765 2392 1349
245 -581  -1066 308 -265 1940 -72 584 344 -564 10666
246 461 1095 3661 587 3356 1699 -647 1080 -2132 -24
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247 2050 1114 2993 786 1373 398 -258 373 -3718 35
248 =741 -1008 744 1369 1576 2146 7186 21217 308 2551
249 -243 -949 942 268 -122 -817  -1439 2225 15141 4756
250 1657 -788 -16 902 1171 -1864 -324 2561 -397 3813
251 819 -706 1349 35 290 2124 637 2343 1058 890
252 956 2053 1641 1195 1850 4251 10855 15001 -3517 3817
253 417 1287 -964 355 -359 935 2955 1426 -289 14426
254 -1541 786 2131 433 802 932 2248 2316 -4924 -96
255 -202 1178 2964 -833 995 5359 -69 4858 -1256 4349
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Subpart 3: Speech Coding - CELP

3.1 Scope

3.1.1 General description of the CELP decoder

This subfclause provides a brief overview of the CELP (Code EXcited Linear Prediction) decoder. A basig

diagram pf the CELP decoder is given in Figure 3.1.

LPC
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Shape
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The CEUP decoder primarily‘eonsists of an excitation generator and a synthesis filter. Additionally, CELP de
often include a post-filter. The excitation generator has an adaptive codebook to model periodic components
codebooks to model random components and a gain decoder to represent a speech signal level. Indices
codebooks and gainstare provided by the encoder. The codebook indices (pitch-lag index for the adg
codebook and shape'index for the fixed codebook) and gain indices (adaptive and fixed codebook gains) ar
to generate theexcitation signal. It is then filtered by the linear predictive synthesis filter (LP synthesis filter
coefficients .are reconstructed using the LPC indices, then are interpolated with the filter coefficients of suco
analysis frames. Finally, a post-filter can optionally be applied in order to enhance the speech quality.
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Figure 3.1 — Block diagram of a CELP decoder
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3.1.2 Functionality of MPEG-4 CELP

MPEG-4 CELP is a generic coding algorithm with new functionalities. Conventional CELP coders offer compression
at a single bitrate and are optimized for specific applications. Compression is one of the functions provided by
MPEG-4 CELP, enabling the use of one basic coder for various applications. It provides scalability in bitrate and
bandwidth, as well as the ability to generate bitstreams at arbitrary bitrates. The MPEG-4 CELP coder supports two
sampling rates, namely, 8 and 16 kHz. The associated bandwidths are 100 — 3400 Hz for 8 kHz sampling rate and
50 — 7000 Hz for 16 kHz sampling rate. Furthermore, silence compression and error resilient bitstream reordering
are newly adopted.
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3.1.2.1 Configuration of the MPEG-4 CELP coder

Two different tools can be used to generate the excitation signal. These are the Multi-Pulse Excitation (MPE) tool or
the Regular-Pulse Excitation (RPE) tool. MPE is used for speech sampled at 8 kHz or 16 kHz. RPE is only used for
speech sampled at 16 kHz. The two possible coding modes are summarized in Table 3.1.

ISO/IEC 14496-3:2009(E)

Table 3.1 — Coding modes in the MPEG-4 CELP coder

Coding Mode | Excitation tool

Sampling rate

| RPE

16 kHz

MDD

Qa0 1.1l

3.1.2.1

1l
LI} WIT =

O, TO KIZ

Features of the MPEG-4 CELP coder

The MPEG-4 CELP coder offers the following functionality, depending on the coding mode.

For bg

Multig
bitrate

Table 3.2 — Functionality of the MPEG-4 CELP coder

Coding Mode | Functionality

| Multiple bitrates, FineRate Control

Il Multiple bitrates, Bitrate Scalability, Bandwidth Sealability, FineRate Control

S are supported:

Table 3.3 — Fixed bitrates for the mode | coder

Bitrates for.the 16 kHz sampling rate (bit/s)

14400, 16000, 18667, 22533

Table 3.4 — Fixed bitrates for the mode Il coder

th coding modes, silence compression and error resilient bitsfréam reordering are available.

le bitrates: The available bitrates depend on the coding’mode and the sampling rate. The follow

Bitrates for the 8 kHz sampling rate (bit/s) Bitrates for the 16 kHz sampling rate

(bit/s)

3850, 4250,4650, 4900, 5200,
5500, 57006000, 6200, 6300, 6600,
6900¢-7100, 7300, 7700, 8300,
8700,/9100, 9500, 9900, 10300,
10600, 10700, 11000, 11400, 11800,
12000, 12200

10900, 11500, 12100, 12700,
13300, 13900, 14300,
14700, 15900, 17100, 17900,
18700, 19500, 20300, 21100,
13600, 14200, 14800, 15400,
16000, 16600, 17000,
17400, 18600, 19800, 20600,
21400, 22200, 23000, 23800

ing fixed

During non-active frames, the silence compression tool is used and the CELP coder operates at bitrates shown in
Table 3.5. The bitrate depends on the coding mode, the sampling rate and the frame length.
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Table 3.5 — Bitrates for the silence compression tool

Coding Samplin Band width Bitrate [bit/s]

mode | rate [kHzg] scalability | | ramelength msl —=— =2 Sib | LR-sD

| (RPE) 16 - 15 133 5533 400

10 200 3800 600

Il (MPE) 8 On, 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

Fine Rate Control: Enables fine step bitrate control (permitting variable bitrate operation). This is achieved|purely
by contrglling the transmission rate of the LPC parameters using a combinations)of the two bitstream elgments
interpolation_flag and LPC_present flag. Using FineRate Control it is possjble-to vary the ratio of LPC-frafnes to
total frames between 50% and 100%. This enables the bitrate to be decreased-\with respect to the anchor bitrate, as
defined ip the Semantics.

Bitrate $calability: Bitrate scalability is provided by adding-enhancement layers. Enhancement layers gan be
added wjth a step of 2000 bit/s for signals sampled at 8:kKHz or 4000 bit/s for signals sampled at 16 kHz. A
maximum of three enhancement layers may be combined with any bitrate chosen from Table 3.4.

Bandwidth Scalability: Bandwidth scalability to cover-both sampling rates is achieved by incorporating a bandwidth
extensiof tool in the CELP coder. This is an enbancement tool, supported in Mode I, which may be added if
scalability from the 8 kHz sampling rate to the 46-kHz sampling rate is required. A complete coder with bandwidth
scalability consists of a core CELP coder for-the 8 kHz sampling rate and the bandwidth extension tool to prgvide a
single layer of scalability. The core CELP.coder for the 8 kHz sampling rate can comprise several layers. It ghould
be noted that an 8 kHz sampling rate_ceder with this tool is not the same as a 16 kHz sampling rate coder. Both
configurgtions (8 kHz sampling rate(coder with bandwidth scalability and 16 kHz sampling rate coder) offer greater
intelligibility and naturalness of decoded speech than does the 8 kHz coder alone because they expapd the
bandwidih to 7 kHz. The additional bitrate required for the bandwidth scalability tool can be selected from 4 djscrete
steps for|each core layer bitrate as shown in Table 3.6.

Table 3.6 — Bitrates for the bandwidth scalable mode
Additional bitrate (bit/s)

Bitrate of the core layer (bit/s)

3850 - 4650 +9200, +10400, +11600, +12400
4900 - 5500 +9467, +10667, +11867, +12667
5700 - 10700 +10000, +11200, +12400, +13200

11000 - 12200 +11600, +12800, +14000, +14800

Silence compression: The silence compression tool can be used to reduce the bitrate for input signals with little
voice activity. For such non-active periods, the decoder substitutes the regular excitation signal with synthetically
generated noise. For voice active periods, the regular speech synthesis process is always used. The silence
compression tool is available when the ER-CELP object type is used.

Error resilient bitstream reordering: Error resilient bitstream reordering allows the effective use of advanced
channel coding techniques like unequal error protection (UEP). The basic idea is to rearrange the audio frame
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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 even bit-wise. An error resilient bitstream frame is
build by concatenating these instances. This functionality is available when the ER-CELP object type is used.

3.1.2.3 Algorithmic delay of MPEG-4 CELP modes

The algorithmic delay of the CELP coder comes from the frame length and an additional look ahead length. The
frame length depends on the coding mode and the bitrate. The look ahead length, which is an informative
parameter, also depends on the coding mode. The delays presented below are applicable to the modes where

FineR

scalal

In cas
same

3.2 1

Termsg

te _Control is off \When FineRate Control is on, additional one-frame rlnlny is_introduced ndwidth
ility in the mode Il coder requires an additional look ahead of 5 ms due to down-sampling.
Table 3.7 — Delay and frame length for the mode | coder of the 16 kHz sampling-rate
Bitrate for Mode | (bit/s) Delay (ms) [ Frame Length (ms)
14400 26.25 15
16000 18.75 10
18667 26.56 15
22533 26.75 15
Table 3.8 — Delay and frame length for the mode Il coder.of the 8 kHz sampling rate
Bitrate for Mode |l (bit/s) Delay (ms) | Frame Length (ms)
3850, 4250, 4650 45 40
4900, 5200, 5500, 6200 35 30
5700, 6000, 6300, 6600, 6900, 7100, 7300, 25 20
7700, 8300, 8700, 9100, 9500, 9900, 10300, 10500, 10700
11000, 11400, 11800, 12000, 12200 15 10
Table 3.9 — Delay and frame length for the mode Il coder of the 16 kHz sampling rate
Bitrate for Mode |l (bit/s) Delay (ms) | Frame Length (ms)
10900, 11500, 12100, 12700, 1.3300, 13900, 14300, 25 20
14700, 15900, 17100, 17900, 18700, 19500, 20300, 21100
13600, 14200, 14800, 45400, 16000, 16600, 17000, 15 10
17400, 18600, 19800, 20600, 21400, 22200, 23000, 23800
E silence compfession is used, the algorithmic delay is the same as without silence compression, gince the
frame length ‘and the same additional look-ahead length are used.
[erms-and Definitions
and Definitions can be found in subpart 1, subclause 1.3.
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3.3 Bitstream syntax
3.3.1 CELP object type

3.3.1.1 Header syntax
CelpSpecificConfig()

The following CelpSpecificConfig() is required for the CELP object type:

Table 3.10 — Syntax of CelpSpecificConfig ()
Syntax No. of bits Mnemonie
CelpSpecificConfig (uint(4) samplingFrequencylndex)
{
isBaselLayer 1 uimsbf
if (isBaselLayer)
CelpHeader (samplingFrequencylndex);
}
else
{
isBWSLayer; 1 uimsbf
if (isBWSLayer)
CelpBWSenhHeader ();
}
else
{
CELP-BRS-id; 2 uimsbf
}
}
}
JTable 3.11 — Syntax of CelpHeader()
Syntax No. of bits Mnemonic
CelpHeader (samplingFrequencylndex)
{
ExcitationMode; 1 uimsbf
SampleRateMode; 1 uimsbf
FineRateControl; 1 uimsbf
if (ExcitationMode == RPE) {
RPE_Configuration; 3 uimsbf
}
if (Fyr‘itn’rinnl\/lndp == I\IIPF) {
MPE_Configuration; 5 uimsbf
NumEnhLayers; 2 uimsbf
BandwidthScalabilityMode; 1 uimsbf
}
}
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Table 3.12 — Syntax of CelpBWSenhHeader()

Syntax No. of bits Mnemonic
CelpBWSenhHeader ()
{
BWS_configuration; 2 uimsbf
}

3.3.1.1
Trans

Each
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CELP

s]
{

}

CELP
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the bit
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}

For th
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have {

Frame syntax
mission of CELP bitstreams

ayer of an MPEG-4 CELP audio bitstream is transmitted in an Elementary Stream. In sIPacketPay
hg dynamic data for CELP Audio has to be included:

Base Layer -- Access Unit payload

PacketPayload

CelpBaseFrame () ;

Enhancement Layer -- Access Unit payload

load, the

se and decode the CELP enhancement layer, information‘decoded from the CELP base layer is reqired. For

rate scalable mode, the following data for the CELP enhancement layer has to be included:

PacketPayload

CelpBRSenhFrame () ;

e bandwidth scalable mode, the following data for the CELP enhancement layer has to be included:

PacketPayload

CelpBWSenhFrame () ;

b bitrate scalability and bandwidth scalability are both used simultaneously, first all bitrate enhancement layers

D be conveyed.prior to the bandwidth scalability layer.

© ISO/IEC 2009 — All rights reserved


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

Table 3.13 — Syntax of CelpBaseFrame()

Syntax No. of bits Mnemonic
CelpBaseFrame()
Celp_LPCY();
if (ExcitationMode == MPE) {
MPE_frame();
}
if ((ExcitationMode == RPE) && (SampleRateMode == 16kHz)) {
RPE_frame();
}
}
Table 3.14 — Syntax of CelpBRSenhFrame()
Syntax No. of bits Mnemonic
CelpBRSenhFrame()
{
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_enh_positions [subframe][enh_layer]; 4,12 uimsbf
shape_enh_signs [subframe][enh_layer]; 2,4 uimsbf
gain_enh_index [subframe][enh_layer]; 4 uimsbf
}
}
Table 3.15 — Syntax of CelpBWSenhFrame()
Syntax No. of bits Mnemonic
CelpBWSenhFrame()
{
BandScalable_LSP()
for (subframe = 0; subframe < nrof* subframe_bws; subframe++)
{
shape_bws_delay [subframe]; 3 uimsbf
shape_bws_positions [subframe]; 22, 26, 30, 32 uimsbf
shape_bws_signs-[subframe]; 6, 8,10, 12 uimsbf
gain_bws_index/[subframe]; 1 uimsbf
}
}
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3.3.1.2.1 LPC syntax
Table 3.16 — Syntax of Celp_LPC()

Syntax No. of bits Mnemonic
Celp_LPC()
if (FineRateControl == ON){
interpolation_flag; 1 uimsbf
LPC_Present; 1 uimsbf
If (LPC_PI COoTl It \IIES) {
LSP_VQ();
}
}else {
LSP_VQJ();
}
}
Table 3.17 — Syntax of LSP_VQ()
Syntax No. of bits Mnemonic
LSP_VQ()
if (SampleRateMode == 8kHz) {
NarrowBand_LSP();
}else {
WideBand_LSP();
}
}
Table 3.18 —"Syntax of NarrowBand_LSP()
Syntax No. of bits Mnemonic
NarrowBand_LSP()
{
Ipc_indices [0]; 4 uimsbf
Ipc_indices [1]; 4 uimsbf
Ipc_indices [2]; 7 uimsbf
Ipc_indices [3]; 6 uimsbf
Ipc_indices, [4]; 1 uimsbf
}

© ISO/IEC 2009 — All rights reserved 9


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

Table 3.19 — Syntax of BandScalable_LSP()

Syntax No. of bits Mnemonic
BandScalable LSP()
{
Ipc_indices [5]; 4 uimsbf
Ipc_indices [6]; 7 uimsbf
Ipc_indices [7]; 4 uimsbf
Ipc_indices [8]; 6 uimsbf
Ipc_indices [9]; 7 uimsbf
Ipc_indices [10]; ! uimsbf
}
Table 3.20 — Syntax of WideBand_LSP()
Syntax No. of bits Mnemonic
WideBand_LSP()
{
Ipc_indices [0]; 5 uimsbf
Ipc_indices [1]; 5 uimsbf
Ipc_indices [2]; 7 uimsbf
Ipc_indices [3]; 7 uimsbf
Ipc_indices [4]; 1 uimsbf
Ipc_indices [5]; 4 uimsbf
Ipc_indices [6]; 4 uimsbf
Ipc_indices [7]; 7 uimsbf
Ipc_indices [8]; 5 uimsbf
Ipc_indices [9]; 1 uimsbf
}
3.3.1.2.2| Excitation syntax
Table 3.21 — Syntax of RPE_frame()
Syntax No. of bits Mnemonic
RPE_frame()
{
for (subframe = Q;-subframe < nrof_subframes; subframe++) {
shape_delay [subframe]; 8 uimsbf
shape index [subframe]; 11,12 uimsbf
gaintindices [0][subframe]; 6 uimsbf
gdin) indices [1][subframe]; 3,56 uimsbf
}
}
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Syntax No. of bits Mnemonic
MPE_frame()
{
signal_mode; 2 uimsbf
rms_index; 6 uimsbf
for (subframe = 0; subframe < nrof _subframes; subframe++) {
shape_delay [subframe]; 8,9 uimsbf
shape_positions [subframe]; 14 ... 32 uimsbf
shape_signs [subframe]; 3...12 uimsbf
gain_index [subframe]; 6,7 uimsbf
}
}
3.3.2 | ER-CELP object type
3.3.2.1 Header syntax
ErrorResilientCelpSpecificConfig()
The fdllowing ErrorResilientCelpSpecificConfig () is required for the ERSCELP object type:
Table 3.23 — Syntax of ErrorResilientCelpSpecificConfig ()
Syntax No. of bits Mnemonic
ErrorResilientCelpSpecificConfig (uint(4) samplingFrequencylndex)
{
isBaselLayer; 1 uimsbf
if (isBaseLayer)
{
ER_SC_CelpHeader (samplingFrequencylndex);
}
else
{
isBWSLayer; 1 uimsbf
if (isBWSLayer)
CelpBW-SenhHeader ();
}
else
{
CELP-BRS-id; 2 uimsbf
}
}

J—

© ISO/IEC 2009 — All rights reserved

11


https://standardsiso.com/api/?name=ff1090eee6693c383cde7903fda13605

ISO/IEC 14496-3:2009(E)

Table 3.24 — Syntax of ER_SC_CelpHeader()

Syntax No. of bits Mnemonic
ER_SC_CelpHeader (samplingFrequencylndex)
{
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
}
}

3.3.2.2 Frame syntax

In order {o describe the bit error sensitivity of bitstream elements, error sensitivity categories (ESC) are introfluced.
To descrjbe single bits of elements, the following notation is used.

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 congist of N bit is N-1. The MSB is always the first.bit,in the bitstream.

The follgwing syntax is a replacement for CelpBaseFrame. The syntax for enhancement layer for bitraie and
bandwidth scalability is not affected.

Transmission of CELP bitstreams

The payload data for the ER CELR abject is transmitted as slPacketPayload payload in the base layer and the
optional gnhancement layer Eleméntary Stream.

E