INTERNATIONAL ISO/IEC
STANDARD 14496-3

Second edition
2001-12-15

Information technology — Coding of
audio-visual objects —

Part 3:
Audio

Technologies de l'information — Codage des objets audiovisuels —

Partie 3: Codage audio

Reference number
ISO/IEC 14496-3:2001(E)

1EC

© ISO/IEC 2001



ISO/IEC 14496-3:2001(E)

PDF disclaimer

This PDF file may contain embedded typefaces. In accordance with Adobe's licensing policy, this file may be printed or viewed but shall not
be edited unless the typefaces which are embedded are licensed to and installed on the computer performing the editing. In downloading this
file, parties accept therein the responsibility of not infringing Adobe's licensing policy. The ISO Central Secretariat accepts no liability in this
area.

Adobe is a trademark of Adobe Systems Incorporated.

Details of the software products used to create this PDF file can be found in the General Info relative to the file; the PDF-creation parameters
were optimized for printing. Every care has been taken to ensure that the file is suitable for use by ISO member bodies. In the unlikely event
that a problem relating to it is found, please inform the Central Secretariat at the address given below.

© ISO/IEC 2001

All rights reserved. Unless otherwise specified, no part of this publication may be reproduced or utilized in any form or by any means, electronic
or mechanical, including photocopying and microfilm, without permission in writing from either ISO at the address below or ISO's member body
in the country of the requester.

ISO copyright office

Case postale 56 ¢ CH-1211 Geneva 20

Tel. +412274901 11

Fax + 4122749 09 47

E-mail copyright@iso.ch

Web www.iso.ch
Printed in Switzerland

ii © ISO/IEC 2001 — All rights reserved



ISO/IEC 14496-3:2001(E)

Foreword

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

International Standards are drafted in accordance with the rules given in the ISO/IEC Directives, Part 3.

The main task of the joint technical committee is to prepare International Standards. Draft International Standards
adopted by the joint technical committee are circulated to national bodies for voting. Publication as an International
Standard requires approval by at least 75 % of the national bodies casting a vote.

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

This second edition cancels and replaces the first edition (ISO/IEC 14496-3:1999), which has been technically
revised. It incorporates Amd.1:2000 and Cor.1:2001.

ISO/IEC 14496 consists of the following parts, under the general title Information technology — Coding of audio-
visual objects:

— Part 1: Systems

— Part 2: Visual

— Part 3: Audio

— Part 4: Conformance testing

— Part 5: Reference software

— Part 6: Delivery Multimedia Integration Framework (DMIF)
— Part 7: Optimized software for MPEG-4 visual tools

— Part 8: Carriage of MPEG-4 contents over IP networks

Annexes 2.E, 3.C, 4.A and 5.A form a normative part of this part of ISO/IEC 14496. Annexes 1.A to 1.C, 2.A to 2.D,
3.A, 3.B,3.Dto 3.F, 4.B, 5.B to 5.F, 6.A and 7.A are for information only.

Due to its technical nature, this part of ISO/IEC 14496 requires a special format as several standalone electronic
files and, consequently, does not conform to some of the requirements of the ISO/IEC Directives, Part 2.
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Introduction

Overview

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

MPEG-4, unlike previous audio standards created by ISO/IEC and other groups, does not target a single
application 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, synthesis, manipulation, or
playback. The subparts that follow specify the state-of-the-art coding tools in several domains; 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
standard, exciting new possibilities for object-based audio coding, interactive presentation, 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 of applications, interoperability is a natural
feature of systems that depend on the MPEG-4 Audio standard. A system that uses a particular coder—for
example a real-time voice communication system making use of the MPEG-4 speech coding toolset—can easily
share data and development tools with other systems, even in different domains, that use the same tool—for
example a voicemail indexing and retrieval system making use of MPEG-4 speech coding.

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

New concepts in MPEG-4 Audio

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

« MPEG-4 has no standard for transport. In all of the MPEG-4 tools for audio and visual coding, the coding
standard ends at the point of constructing a sequence of access units that contain the compressed data.
The MPEG-4 Systems (ISO/IEC 14496-1:2001) specification describes how to convert the individually
coded objects into a bitstream that contains a number of multiplexed sub-streams.

There is no standard mechanism for transport of this stream 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 14496-6:1999) 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 bitstream specification allows transmission functions
that are much more sophisticated than are possible with previous MPEG standards.

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.

The following table gives an overview about the multiplex, storage and transmission formats for MPEG-4 Audio
currently available within the MPEG-4 framework:
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Format Functionality Functionality Description
defined in: redefined in:
FlexMux ISO/IEC 14496-1:2001 (MPEG- | - Flexible multiplex scheme
= 4 Systems)
% (Normative)
S | LATM ISO/IEC 14496-3:2001 - Low Overhead Audio Transport Multiplex
= (MPEG-4 Audio)
(Normative)
ADIF ISO/IEC 13818-7:1997 ISO/IEC 14496-3:2001 | (MPEG-2 AAC) Audio Data Interchange
o (MPEG-2 Audio) (MPEG-4 Audio) Format,
g (Normative) (Informative) AAC only
% MP4FF ISO/IEC 14496-1:2001 - MPEG-4 File format
(MPEG-4 Systems)
(Normative)
ADTS ISO/IEC 13818-7:1997 ISO/IEC 14496-3:2001 | Audio Data Transport Stream,
c (MPEG-2 Audio) (MPEG-4 Audio) AAC only
_g (Normative, Exemplarily) (Informative)
E LOAS ISO/IEC 14496-3:2001 - Low Overhead Audio Stream, based on
a (MPEG-4 Audio) LATM, three versions are available:
E (Normative, Exemplarily) AudioSyncStream()
EPAudioSyncStream()
AudioPointerStream()
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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.

MPEG-4 Audio supports low-bitrate coding. Previous MPEG Audio standards have focused primarily on
transparent (undetectable) or nearly transparent coding of high-quality audio at whatever bitrate was required
to provide it. MPEG-4 provides new and improved tools for this purpose, but also standardizes (and has
tested) tools that can be used for transmitting audio at the low bitrates suitable for Internet, digital radio, or
other bandwidth-limited delivery. The new tools specified in MPEG-4 are the state-of-the-art tools that support
low-bitrate coding of speech and other audio.

MPEG-4 is 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 (subclause 1.5.2) specify which of these tools are used together for
various applications.

Further, in previous MPEG standards, a single (perhaps multi-channel or multi-language) piece of content was
transmitted. In contrast, MPEG-4 supports a much more flexible concept of a soundtrack. Multiple tools may
be used to transmit several audio objects, and when using multiple tools together an audio composition
system is used 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.

MPEG-4 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 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.

MPEG-4 provides capabilities for Error Robustness. Improved error robustness for AAC is provided by a
set of error resilience tools. These tools reduce the perceived degradation of the decoded audio signal that is
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caused by corrupted bits in the bitstream. 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 resillient object types.

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

« MPEG-4 provides capabilities for Scalability. Previous MPEG Audio standards provided a single bitrate,
single bandwidth toolset, with different configurations of that toolset specified for use in various applications.
MPEG-4 provides several bitrate and bandwidth options within a single bitstream, providing a scalability
functionality that permits a given bitstream to scale to the requirement of different channels and applications or
to be responsive to a given channel that has dynamic throughput characteristics. The tools specified in MPEG-
4 are the state-of-the-art tools providing scalable compression of speech and audio signals.

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 bitstreams. At the present time, methods to
automatically convert natural sound into synthetic or multi-object descriptions are not mature; therefore, most
immediate solutions will involve interactively-authoring the content stream in some way. This process is similar to
current schemes for MIDI-based and multi-channel mixdown authoring of soundtracks.

Capabilities
Overview of capabilities
The MPEG-4 Audio tools can be broadly organized into several categories:

Speech tools for the transmission and decoding of synthetic and natural speech.

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

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

Composition tools for object-based coding, interactive functionality, and audiovisual synchronization.

Scalability tools for the creation of bitstreams that can be transmitted, without recoding, at several different bitrates.
Upstream tools for the dynamic control the streaming of the server for bitrate control and quality feedback control.
Error robustness (including error resilience as well as error protection).

Each of these types of tools will be described in more detail in the following subclauses.
MPEG-4 speech coding tools

Two types of speech coding tools are provided in MPEG-4. The natural speech tools allow the compression,
transmission, 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
teleconferencing applications. Each of these tools will be discussed.

Natural speech coding

The MPEG-4 speech coding toolset covers the compression and decoding of natural speech sound at 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 techniques 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
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applications 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, and is
specified in subparts 2 and 3.

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 100-3800 Hz band at 8kHz 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 including 2.0-4.0 kbit/s fixed bitrate mode and 2.0 kbit/s maximum variable
bitrate mode.

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 - 4.0kbit/s and a variable bitrate of
either less than 2.0kbit/s or less than 4.0kbit/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 100-3800 Hz band at 8kHz 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 1.5kbit/s average, and at
typical bitrate of 3.0kbit/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 syntax with the error sensitivity classes to be used with the EP-Tool, and the error concealment
functionality is supported for use in error-prone channels such as mobile communication channels. The ER HVXC
speech coder targets applications from mobile and satellite communications, to Internet telephony, to packaged
media and speech databases.

MPEG-4 CELP is a well-known coding algorithm with new functionality. Conventional CELP coders offer
compression at a single bit rate and are optimized for specific applications. Compression is one of the
functionalities provided by MPEG-4 CELP, but MPEG-4 also enables the use of one basic coder in multiple
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 — 3800 Hz for 8 kHz sampling and 50 — 7000 Hz for 16 kHz sampling. The silence compression tool
comprises a Voice Activity Detector (VAD), a Discontinuous Transmission (DTX) unit and a Comfort Noise
Generator (CNG) module. The tool encodes/decodes the input signal at a lower bitrate during the non-active-voice
(silent) frames. During the active-voice (speech) frames, MPEG-4 CELP encoding and decoding are used.

The silence compression tool reduces the average bitrate thanks to compression at a lower-bitrate for silence. In
the encoder, a voice activity detector is used to distinguish between regions with normal speech activity and those
with silence 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 has conducted extensive verification testing in realistic listening conditions in order to prove the efficacy of
the speech coding toolset.

Text-to-speech interface

Text-to-speech (TTS) capability is becoming a rather common media type and plays an important role in various
multi-media application areas. For instance, by using TTS functionality, multimedia content with narration can be
easily created without recording natural speech. Before MPEG-4, however, there was no way for a multimedia
content provider to easily give instructions to an unknown TTS system. With MPEG-4 TTS Interface, a single
common interface for TTS systems is standardized. This interface allows speech information to be transmitted in
the International Phonetic Alphabet (IPA), or in a textual (written) form of any language. It is specified in subpart 6.

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 generate much higher-quality synthetic speech. The interface and its bitstream format is scalable in terms of
this added information; for example, if some parameters of prosodic information are not available, a decoder can
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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 requirements 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 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.

MPEG-4 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
conditions to meet the criterion of “indistinguishable quality” as defined by the European Broadcasting Union.

Subpart 4 of MPEG-4 specifies the AAC tool set, MPEG-4 Twin-VQ and BSAC, in the General Audio (GA) coder.
This coding technique uses a perceptual filterbank, a sophisticated masking model, noise-shaping techniques,
channel coupling, and noiseless coding and bit-allocation to provide the maximum compression within the
constraints of providing the highest possible quality. Psychoacoustic coding standards developed by MPEG have
represented the state-of-the-art in this technology since MPEG-1 Audio; MPEG-4 General Audio coding continues
this tradition.

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

The MPEG-4 low delay coding functionality provides the ability to 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
communications). In contrast to traditional low delay coders based on speech coding technology, the concept of
this low delay coder is based on general perceptual audio coding and is thus suitable for a wide range of audio
signals. Specifically, it is derived from the proven architecture of MPEG-2/4 Advanced Audio Coding (AAC) and all
capabilities for coding of 2 (stereo) or more sound channels (multi-channel) are available within the low delay
coder. It operates at up to 48 kHz sampling rate and uses a frame length of 512 or 480 samples, compared to the
1024 or 960 samples used in standard MPEG-2/4 AAC to enable coding of general audio signals with an
algorithmic delay not exceeding 20 ms. Also the size of the window used in the analysis and synthesis filterbank is
reduced by a factor of 2. No block switching is used to avoid the “look-ahead” delay due to the block switching
decision. To reduce pre-echo artefacts in the case 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 minimized in the encoder in order to reach the desired target delay.
As one extreme case, no bit reservoir is used at all.

The MPEG-4 BSAC is used in combination with the AAC coding tools and replaces the noiseless coding of the
quantized spectral data and the scalefactors. The MPEG-4 BSAC provides fine grain scalability in steps of 1 kbit/s
per audio channel, i.e. 2 kbit/s steps for a stereo signal. One base layer bitstream and many small enhancement
layer bitstreams are used. To obtain fine step scalability, a bit-slicing scheme is applied to the quantized spectral
data. First the quantized spectral values are grouped into frequency bands. Each of these groups contains the
quantized spectral values in their binary representation. Then the bits of a group are processed in slices according
to their significance. Thus all most significant bits (MSB) of the quantized values in a group are processed first.
These bit-slices are then encoded using an arithmetic coding scheme to obtain entropy coding with minimal
redundancy. In order to implement fine 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 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 scalablity, it can improve the quality of an
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audio signal that is decoded from a bitstream transmitted over an error-prone channel, such as a mobile
communication networks or Digital Audio Broadcasting (DAB) channel.

Subpart 7 of MPEG-4 specifies the parametric audio coding tool MPEG-4 HILN (Harmonic and Individual Lines
plus Noise) to code 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 in the HILN coder. HILN allows independent change of speed
and pitch during decoding. Furthermore HILN can be combined with MPEG-4 parametric speech coding (HVXC) to
form an integrated parametric coder covering a wider range of signals and bitrates.

The Parametric Audio Coding tools combine very low bitrate coding of general audio signals with the possibility of
modifying the playback speed or pitch during decoding without the need for an effects processing unit. In
combination with the speech and audio coding tools in MPEG-4, improved overall coding efficiency is expected for
applications of object based coding allowing selection and/or switching between different coding techniques.

This approach allows one to introduce 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 process
in the human vocal tract are applied, advanced source models can be advantageous, especially for very low bitrate
coding schemes.

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

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

A very interesting property of this parametric coding scheme arises from the fact that the signal is described in
terms of frequency and amplitude parameters. This signal representation permits speed and pitch change
functionality by simple parameter modification in the decoder. The HILN Parametric Audio Coder can be combined
with MPEG-4 Parametric Speech Coder (HVXC) to form an integrated parametric coder covering a wider range of
signals and bitrates. This integrated coder supports speed and pitch change. Using a speech/music classification
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 tool is
described in the informative Annex of the MPEG-4 standard.

MPEG-4 Audio synthesis tools

The MPEG-4 toolset providing general audio synthesis capability is called MPEG-4 Structured Audio, and it is
described in subpart 5 of ISO/IEC 14496-3. MPEG-4 Structured Audio (the SA coder) provides very general
capabilities for the description of synthetic sound, and the normative creation of synthetic sound in the decoding
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.

Rather than specify a particular method of synthesis, SA specifies a flexible language for describing methods of
synthesis. 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
synthesis 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 the same on any terminal.

Synthetic audio is transmitted via a set of instrument modules that can create audio signals under the control of a
score. An instrument is a small network of signal-processing primitives that control the parametric generation of
sound according to some algorithm. Several different instruments may be transmitted and used in a single
Structured Audio bitstream. A score is a time-sequenced set of commands that invokes various instruments at
specific times to contribute their output to an overall music performance. The format for the description of
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instruments—SAOL, the Structured Audio Orchestra Language—and that for the description of scores—SASL, the
Structured Audio Score Language—are specified in subpart 6.

Efficient transmission of sound samples, also called wavetables, for use in sampling synthesis is accomplished by
providing interoperability with the MIDI Manufacturers Association Downloaded Sounds Level 2 (DLS-2) standard,
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 conjunction with other kinds of synthesis using the more general-purpose tools. To further enable interoperability
with existing content and authoring tools, the popular MIDI (Musical Instrument Digital Interface) control format can
be used 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
(general-purpose algorithmic synthesis). The resulting standard solves problems not only in very-low-bitrate coding,
but also in virtual environments, video games, interactive music, karaoke systems, and many other applications.

MPEG-4 Audio composition tools

The tools 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 first, a brief
overview 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. 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.

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 bitstream 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 content author
desires) to request that the background music be muted. This functionality would not be possible if the music and
speech were coded into the same audio track.

With the MPEG-4 Binary Format for Scenes (BIFS), specified in MPEG-4 Systems, a subset tool called
AudioBIFS allows content authors to describe sound scenes using this object-based framework. Multiple sources
may be mixed and combined, and interactive control provided for their combination. Sample-resolution control over
mixing is provided in this method. Dynamic download of custom signal-processing routines allows the content
author to exactly request a particular, normative, digital filter, reverberator, or other effects-processing routine.
Finally, an interface to terminal-dependent methods of 3-D audio spatialisation is provided for the description of
virtual-reality and other 3-D sound material.

As AudioBIFS is part of the general BIFS specification, the same framework is used to synchronize audio and
video, audio 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.

MPEG-4 Audio scalability tools

X © ISO/IEC 2001— All rights reserved



ISO/IEC 14496-3:2001(E)

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

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

Bandwidth scalability is a particular case of bitrate scalability, whereby part of a bitstream representing a part of the
frequency spectrum can be discarded during transmission or decoding. This is available for the CELP speech
coder, where an extension layer converts the narrow band base layer encoder into a wide band speech coder. Also
the general audio coding tools which all operate in the frequency domain offer a very flexible bandwidth control for
the different coding layers.

Encoder complexity scalability allows encoders of different complexity to generate valid and meaningful bitstreams.
An example for this is the availability 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 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.

MPEG-4 Audio Upstream

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

MPEG-4 Audio Error robustness

The error robustness tools provide improved performance on error-prone transmission channels. They are
comprised of codec specific error resilience tools and an common error protection tool.

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 bitstreams, which may occur e. g. in the presence of noisy
transmission channels.

e The Virtual CodeBooks tool (VCB11) extends the sectioning information of an AAC bitstream. This permits
the detection of serious errors within the spectral data of an MPEG-4 AAC bitstream. Virtual codebooks
are used to limit the largest absolute value possible within a any scalefactor band that uses escape values.
While using to the same codebook used by codebook 11, the sixteen virtual codebooks introduced by
VCB11 provide sixteen different limitations of the spectral values belonging to the corresponding
subclause. Therefore, errors in the transmission of spectral data that result in spectral values exceeding
the indicated limit can be located and appropriately concealed.

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

* The Huffman codeword reordering (HCR) algorithm for AAC spectral data is based on the fact that some of

the codewords can be placed at known positions so that these codewords can be decoded independent of
any error within other codewords. Therefore, this algorithm avoids error propagation to those codewords,
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the so-called priority codewords (PCW). To achieve this, segments of known length are defined and those
codewords are placed at the beginning of these segments. The remaining codewords (non-priority
codewords, non-PCW) are filled into the gaps left by the PCWs using a special algorithm that minimizes
error propagation to the non-PCWs codewords. This reordering algorithm does not increase the size of
spectral data. Before applying the reordering algorithm, the PCWs are determined by sorting the
codewords according to their importance.

Error protection

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

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:

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

e providing a generic and bandwidth-efficient error protection framework, which covers both fixed-length
frame bitstreams and variable-length frame bitstreams

» providing a UEP configuration control with low overhead.
Error resilient bitstream reordering

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

Audio Bitstream Channel

Encoder :} formatter :D Coding
~z

Channel

<&

Audio Bitstream Channel
Decoder (,‘:' unformatter K—— Decoding

The basic principle is depicted in the figure above. A bitstream is reordered according to the error sensitivity of
single bitstream elements or even single bits. This new arranged bitstream is channel coded, transmitted and
channel decoded. Prior to audio decoding, the bitstream is rearranged to its original order. The reordered syntax,
that is the syntax of the bitstream transmitted over the channel, is defined in the corresponding subparts.
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Information technology — Coding of audio-visual objects —

Part 3:
Audio

Structure of this part of ISO/IEC 14496:
This part of ISO/IEC 14496 contains seven subparts:

Subpart 1: Main

Subpart 2: Speech coding — HVXC

Subpart 3: Speech coding — CELP

Subpart 4: General Audio coding (GA) — AAC, TwinVQ, BSAC
Subpart 5: Structured Audio (SA)

Subpart 6: Text To Speech Interface (TTSI)

Subpart 7: Parametric Audio Coding — HILN
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Subpart 1: Main
1.1 Scope

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

MPEG-4, unlike previous audio standards created by ISO/IEC and other groups, does not target a single
application 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, synthesis, manipulation, or
playback. The subparts that follow specify the state-of-the-art coding tools in several domains; 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
standard, exciting new possibilities for object-based audio coding, interactive presentation, 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 of applications, interoperability is a natural
feature of systems that depend on the MPEG-4 Audio standard. A system that uses a particular coder—for
example, a real-time voice communication system making use of the MPEG-4 speech coding toolset—can easily
share data and development tools with other systems, even in different domains, that use the same tool—for
example, a voicemail indexing and retrieval system making use of MPEG-4 speech coding. A multimedia terminal
that can decode the Natural Audio Profile of MPEG-4 Audio has audio capabilities that cover the entire spectrum of
audio functionality available today and into the future.

1.2 Normative references

The following normative documents contain provisions which, through reference in this text, constitute provisions
of this part of ISO/IEC 14496. For dated references, subsequent amendments to, or revisions of, any of these
publications do not apply. However, parties to agreements based on this part of ISO/IEC 14496 are encouraged to
investigate the possibility of applying the most recent editions of the normative documents indicated below. For
undated references, the latest edition of the normative document referred to applies. Members of ISO and IEC
maintain registers of currently valid International Standards.

ISO/IEC 11172-3:1993, Information technology — Coding of moving pictures and associated audio for digital storage
media at up to about 1,5 Mbit/s — Part 3: Audio

ITU-T Rec. H.222.0 (1995) | ISO/IEC 13818-1:2000, Information technology — Generic coding of moving pictures
and associated audio information: Systems

ISO/IEC 13818-3:1998, Information technology — Generic coding of moving pictures and associated audio
information — Part 3: Audio

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

ITU-T Rec. H.223 (2001), Multiplexing protocol for low bit rate multimedia communication

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

MIDI Manufacturers Association, 1998, The MIDI Downloadable Sounds Specification v. 98.2
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1.3 Terms and definitions

1.3.1.

1.3.2.

1.3.3.

1.34.

1.3.5.

1.3.6.

1.3.7.

1.3.8.

1.3.9.

1.3.10.

1.3.11.

1.3.12.

1.3.13.

1.3.14.

1.3.15.

1.3.16.

1.3.17.

1.3.18.

1.3.19.

1.3.20.

1.3.21.

1.3.22.

1.3.23.

AAC: Advanced Audio Coding.
API: Application Programming Interface.

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

audio buffer: A buffer in the system target decoder (see ISO/IEC 13818-1:2000) for storage of
compressed audio data.

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 operate
by decoding all or part of a bitstream produced according to the newer coding standard.

bitrate: The rate at which the compressed bitstream is delivered to the input of a decoder.

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

bitstream 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.

BSAC: Bit Sliced Arithmetic Coding

byte: Sequence of 8-bits.

byte aligned: A bit in a coded bitstream is byte-aligned if its position is a multiple of 8-bits from either
the first bit in the stream for the Audio_Data_Interchange Format (see subclause 1.A.2.1) or the first bit
in the syncword for the Audio_Data_Transport_Stream Format (see subclause 1.A.2.2).

CELP: Code Excited Linear Prediction.

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): Using a scene description to mix 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.
CRC: The Cyclic Redundancy Check to verify the correctness of data.

data element: An item of data as represented before encoding and after decoding.

decoded stream: The decoded reconstruction of a compressed bitstream.

decoder: An embodiment of a decoding process.

decoding (process): The process that reads an input coded bitstream and outputs decoded audio
samples.
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1.3.24.

1.3.25.

1.3.26.

1.3.27.

1.3.28.

1.3.20.

1.3.30.

1.3.31.

1.3.32.

1.3.33.

1.3.34.

1.3.35.

1.3.36.

1.3.37.

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.
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de-emphasis: Filtering applied to an audio signal after storage or transmission to undo a linear
distortion due to emphasis.

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

downmix: A matrixing of n channels to obtain less than n channels.

editing: The process by which one or more coded bitstreams are manipulated to produce a new coded
bitstream. Conforming edited bitstreams must meet the requirements defined in part 3 of ISO/IEC
14496.

elementary stream (ES): A sequence of data that originates from a single producer in the transmitting
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.

emphasis: Filtering applied to an audio signal before storage or transmission to improve the signal-to-
noise ratio at high frequencies.

encoder: An embodiment of an encoding process.

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

entropy coding: Variable length lossless coding of the digital representation of a signal to reduce
statistical redundancy.

EP: Error Protection
ER: Error resilience or Error Resilient (as appropriate)

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

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

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 bitstreams of the
older coding standard.

Fs: Sampling frequency.

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

HCR: Huffman codebook reordering

HILN: Harmonic and Individual Lines plus Noise

Huffman coding: A specific method for entropy coding.

HVXC: Harmonic Vector Excitation Coding (very low bit rate speech)
IPQF: inverse polyphase quadrature filter

low frequency enhancement (LFE) channel: A limited bandwidth channel for low frequency audio
effects in a multichannel system.

LPC: Linear Predictive Coding.
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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.

1.3.57.

1.3.58.

1.3.50.

1.3.60.

1.3.61.

1.3.62.

1.3.63.

1.3.64.

1.3.65.

1.3.66.

1.3.67.

1.3.68.

1.3.69.

1.3.70.

LSP: Line Spectrum Pair.
LTP: Long Term Prediction.

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

multichannel: A combination of audio channels used to create a spatial sound field.
multilingual: A presentation of dialogue in more than one language.

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

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.

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

PNS: Perceptual Noise Substitution.
PQF: polyphase quadrature filter

prediction: The use of a predictor to provide an estimate of the sample value or data element currently
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.
PSNR: Peak Signal to Noise Ratio.

random access: The process of beginning to read and decode the coded bitstream at an arbitrary
point.

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

RVLC: Reversible Variable Length Coding

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

SAOL: The MPEG-4 Structured Audio Orchestra language, used to transmit the description of
synthesis algorithms in MPEG-4.

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

SASL: The MPEG-4 Structured Audio Score Language, used to transmit synthesis control parameters
in MPEG-4.
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1.3.71.

1.3.72.

1.3.73.

1.3.74.

1.3.75.

1.3.76.

1.3.77.

1.3.78.

1.3.79.

1.3.80.

1.3.81.

1.3.82.

1.3.83.

1.3.84.

1.3.85.
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side information: Information in the bitstream necessary for controlling the decoder.

Structured audio: Audio coding by means of transmitting descriptions that are synthesized into sound
as they are received. See subpart 5.

stuffing (bits); stuffing (bytes): Code-words that may be inserted at particular locations in the coded
bitstream 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.

syncword: A code embedded in audio transport bitstreams that identifies the start of a transport frame.
TLSS: Tools for Large Step Scalability. The TLSS tools comprise the frequency selective switch (FSS)
tool and the upsampling filter tool, described in subpart 4. In addition, all other methods, which are
required to implement all the scalability modes of the generic audio coder, as defined in subpart 4, are
also included in the TLSS tools.

TTSI: Text to Speech Interface.

TwinVQ: Transform domain Weighted Interleave Vector Quantization.

variable bitrate: Operation where the bitrate varies with time during the decoding of a coded bitstream.

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

variable length coding: A reversible procedure for coding that assigns shorter code-words to frequent
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 to symbols.
VCB11: Virtual Codebooks for codebook 11

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

1.4 Symbols and abbreviations

The mathematical operators used in this part of ISO/IEC 14496 are similar to those used in the C programming
language. However, integer division with truncation and rounding are specifically defined. The bitwise operators are
defined assuming two's-complement representation of integers. Numbering and counting loops generally begin

from zero.

1.4.1Arithmetic operators

+ Addition.

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

++ Increment.

- - Decrement.
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1

DIV

%

Sign( )

INT ()

NINT ( )

sin
cos
exp
v
log10
loge

log2

Multiplication.
Power.

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.

Integer division with rounding to the nearest integer. Half-integer values are rounded away from zero
unless otherwise specified. For example 3//2 is rounded to 2, and —3//2 is rounded to —2.

Integer division with truncation of the result towards —co.
when x > 0

X
0 when x ==
-X whenx <0

Absolute value.

| x|
| x|
I x|

Modulus operator. Defined only for positive numbers.
Sign. Sign(x) =1 whenx>0
Sign(x) =0 when x ==
Sign(x) = -1 when x <0

Truncation to integer operator. Returns the integer part of the real-valued argument.

Nearest integer operator. Returns the nearest integer value to the real-valued argument. Half-integer
values are rounded away from zero.

Sine.

Cosine.

Exponential.

Square root.
Logarithm to base ten.

Logarithm to base e.

Logarithm to base 2.

1.4.2L ogical operators

I
&&

Logical OR.
Logical AND.

Logical NOT

1.4.3Relational operators

Greater than.
Greater than or equal to.

Less than.
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<= Less than or equal to.

== Equal to.

I= Not equal to.

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

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

1.4.4Bitwise operators

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

& AND

| OR

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

1.4.5Assignment

= Assignment operator.

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

11172. 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 Remainder 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

s 3,14159265358...

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

The bitstream retrieved by the decoder is described in the syntax section of each subpart. Each data item in the
bitstream is in bold type. It is described by its name, its length in bits, and a mnemonic for its type and order of

transmission.

The action caused by a decoded data element in a bitstream depends on the value of that data element and on
data elements previously decoded. The decoding of the data elements and the definition of the state variables used
in their decoding are described in in the subclauses following the syntax section of each subpart. The following
constructs are used to express the conditions when data elements are present, and are in normal type:

Note this syntax uses the 'C'-code convention that a variable or expression evaluating to a non-zero value is
equivalent to a condition that is true.

while ( condition ) {
data_element

do {
data_element

} while ( condition )

if ( condition) {
data_element

-

else {
data_element

for (expr1; expr2; expr3)
data_element

-

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

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

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.

Expr1 is an expression specifying the initialisation of the loop. Normally it specifies the
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 an
expression that is performed at the end of each iteration of the loop, normally it
increments a counter.

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

for (i=0;i<n;i++){
data_element

_—

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

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

Data_element [ ]

Data_element [n]
Data_element [m][n]

10

data_element [ ] is an array of data. The number of data elements is indicated by the
context.

data_element [n] is the n+1th element of an array of data.

data_element [m][n] is the m+1,n+1 th element of a two-dimensional array of data.
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Data_element [I][m][n] data_element [I][m][n] is the [+1,m+1,n+1 th element of a three-dimensional array of
data.

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

While the syntax is expressed in procedural terms, it should not be assumed that this implements a satisfactory
decoding procedure. In particular, it defines a correct and error-free input bitstream. Actual decoders must include a
means to deal with incorrect bitstreams and to find the start of the described elements.

Definition of bytealigned function

The function bytealigned ( ) returns 1 if the current position is on a byte boundary, that is the next bit in the
bitstream is the first bit in a byte. Otherwise it returns 0.

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

The number of bits for each data element is written in the second column. "X..Y" indicates that the number of bits is
one of the values between X and Y including X and Y. "{X;Y}" means the number of bits is X or Y, depending on the
value of other data elements in the bitstream.

1.5 Technical overview

1.5.1MPEG-4 audio object types

1.5.1.1 Audio object type definition

Table 1.1 — Audio Object Type definition

C
o
£ 14 olx| 2| .- a
g |Olw > o @f 5
TOOISEiww&wgao—%é_oziﬂﬂéﬁ g
Nl S ZIEl2 22 X2 elalelZ|S| & Z 5 25 at
o |<lela|al2|s|8[Z2|F| <2 EIQIE|8|o|0| =5 3
<~ o0 (7)) ol .=
|28 = @ =X 8| E|T =
Audio Object | ~ - 3| s w e}
Type B
Null 0
AAC main X X 2) 1
AACLC X X 2
AAC SSR XX 3
AACLTP X XX 2) 4
(Reserved) 5
AAC Scalable X XXX 6
TwinVQ X X 7
CELP X 8
HVXC X 9
(Reserved) 10
(Reserved) 11
TTSI X 12
Main synthetic X[ X[X 3) 13
Wavetable X | X 4) 14
synthesis
General MIDI X 15
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Algorithmic X 16
Synthesis and
Audio FX
ERAACLC X X X 17
(Reserved) 18
ERAACLTP X XX X 5) 19
ER AAC X X X X 20
scalable
ER TwinVQ X X 21
ER BSAC X X X 22
ER AACLD XX X X 23
ER CELP X X[ X 24
ER HVXC X X X 25
ER HILN X X 26
ER Parametric X X X X 27
(Reserved) 28
(Reserved) 29
(Reserved) 30
(Reserved) 31
Notes -

1) The error-robust tool is composed of error resilience and error protection. With respect ot the decoder it is
mandatory to equip the bit parsing function for error protection. However, it is optional to have the error
detection and correction function.

2) Contains AAC-LC.

3) Contains Wavetable synthesis and Algorithmic Synthesis and Audio FX.

4) Contains General MIDI.

5) Contains ER AAC LC.

1.5.1.2 Description

1.5.1.2.1 NULL Object

The NULL object provides the possibility to feed raw PCM data directly to the audio compositor. No decoding is
involved, However, an audio object descriptor is used to specify the sampling rate and the audio channel
configuration.

1.5.1.2.2 AAC - Main Object

The AAC Main object is very similar to the AAC Main Profile that is defined in ISO/IEC 13818-7. However,
additionally the PNS tool is available. The AAC Main object type bitstream syntax is compatible with the syntax
defined in ISO/IEC 13818-7. All the MPEG-2 AAC multi-channel capabilities are available. A decoder capable to
decode a MPEG-4 main object stream can also parse and decode a MPEG-2 AAC raw data stream. On the other
hand, although a MPEG-2 AAC coder can parse an MPEG-4 AAC Main bitstream, decoding may fail, since PNS
might have been used.

1.5.1.2.3 AAC - Low Complexity (LC) Object

The MPEG-4 AAC Low Complexity object type is the counterpart to the MPEG-2 AAC Low Complexity Profile, with
exactly the same restrictions as mentioned above for the AAC Main object type.

1.5.1.2.4 AAC - Scalable Sampling Rate (SSR) Object

The MPEG-4 AAC Scalable Sampling Rate object type is the counterpart to the MPEG-2 AAC Scalable Sampling
Rate Profile, with exactly the same restrictions as mentioned above for the AAC Main object type.
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1.5.1.2.5 AAC - Long Term Predictor (LTP) Object

The MPEG-4 AAC LTP object type is similar to the AAC Main object type. However, a Long Term Predictor
replaces the MPEG-2 AAC predictor. The LTP achieves a similar coding gain, but requires significantly lower
implementation complexity. The bitstream syntax for this object type is very similar to the syntax defined in ISO/IEC
13818-7. An MPEG-2 AAC LC profile bitstream can be decoded without restrictions using an MPEG-4 AAC LTP
object decoder.

1.5.1.2.6 AAC Scalable Object

The scalable AAC object uses a different bitstream syntax to support bitrate- and bandwidth- scalability. A large
number of scalable combinations are available, including combinations with TwinVQ and CELP coder tools.
However, only mono, or 2-channel stereo objects are supported.

1.5.1.2.7 TwinVQ Object

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 bit rate mono and stereo audio coding is available. Scalable audio coding schemes are also available in the
Scalable Audio Profile combined with AAC scalable object type.

1.5.1.2.8 CELP Object

The CELP object is supported by the CELP speech coding tools, which provide coding at 8 kHz and 16 kHz
sampling rate at bit rates in the range 4-24 kbit/s. Additionally, bit rate scalability and bandwidth scalability are
available in order to provide scalable decoding of CELP bitstreams. CELP Object always contains exactly one
mono audio signal.

1.5.1.2.9 HVXC Object

The HVXC object is supported by the parametric speech coding (HVXC) tools, which provide fixed bitrate modes
(2.0-4.0kbit/s) in a scalable and a non-scalable scheme, a variable bitrate mode (< 2.0kbit/s) and the functionality of
pitch and speed change. Only 8 kHz sampling rate and mono audio channel are supported.

1.5.1.2.10 TTSI Object

The TTSI object is supported by the TTSI tools described in subpart 6. It allows very-low-bitrate phonemic
descriptions of speech to be transmitted in the bitstream and then synthesized into sound. No particular speech
synthesis method is specified in MPEG-4; rather, the TTSI tools specify an interface to non-normative synthesis
methods. This method has a bit rate ranging 200 ~ 1200 bit/s. The TTSI object also supports synchronization of the
synthesized speech with the facial animation defined in ISO/IEC 14496-2.

1.5.1.2.11 Main Synthetic Object

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

1.5.1.2.12 Wavetable Synthesis Object

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.
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1.5.1.2.13 General Midi Object

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.

1.5.1.2.14 Algorithmic Synthesis and Audio FX Object

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

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

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

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

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

1.5.1.2.17 Error Resilient (ER) AAC scalable object type

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

1.5.1.2.18 Error Resilient (ER) TwinVQ object type

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

1.5.1.2.19 Error Resilient (ER) BSAC object type

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

1.5.1.2.20 Error Resilient (ER) AAC LD object type

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

1.5.1.2.21 Error Resilient (ER) CELP object type

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

1.5.1.2.22 Error Resilient (ER) HVXC object type

The ER HVXC object is supported by the parametric speech coding (HVXC) tools, which provide fixed 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
the error concealment functionality are supported for the use for error-prone channels. Only 8 kHz sampling rate
and mono audio channel are supported.
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1.5.1.2.23 Error Resilient (ER) HILN object type

The ER HILN object is supported by the parametric audio coding tools (HILN: Harmonic and Individual Lines 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.

1.5.1.2.24 Error Resilient (ER) Parametric object type

The ER Parametric object is supported by the parametric audio coding and speech coding tools HILN and HVXC.
This integrated parametric coder combines the functionalities of the ER HILN and the ER HVXC objects. Only 8
kHz sampling rate and mono audio channel are supported.

1.5.2Audio profiles and levels

1.5.2.1 Profiles

Eight Audio Profiles have been defined:

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

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

3. The Scalable Audio Profile, a superset of the Speech Audio Profile, is suitable for scalable coding of speech
and music, for transmission methods such as Internet and Digital Broadcasting.

4. The Main Audio Profile is a rich superset of all the other Profiles, containing tools for natural and synthetic
audio. The Main Audio Profile is a superset of the other three profiles (scalable, speech, synthesis).

5. The High Quality Audio Profile contains the CELP speech coder and the Low Complexity AAC coder
including Long Term Prediction. Scalable coding coding can be performed by the AAC Scalable object type.
Optionally, the new error resilient (ER) bitstream syntax may be used.

6. The Low Delay Audio Profile contains the HVXC and CELP speech coders (optionally using the ER bitstream
syntax), the low-delay AAC coder and the Text-to-Speech interface TTSI.

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

8. The Mobile Audio Internetworking Profile contains the low-delay and scalable AAC object types including
TwinVQ and BSAC. This profile is intended to extend communication applications using non-MPEG speech
coding algorithms with high quality audio coding capabilities.

Table 1.2 — Audio Profiles definition

. . High | Low Mobile
Spee_ch Synthfatlc Scala_ble Mal_n Quality | Delay Natural Audio Object
Audio Object Type pudio | Audio | Audlo | Aud | Audio | Audio | AUGC | MMemet |y ip

rofile Profile Profile Profile ) ) Profile | working

Profile | Profile '

Profile
Null 0
AAC main X X 1
AAC LC X X X X 2
AAC SSR X X 3
AAC LTP X X X X 4
(reserved) 5
AAC Scalable X X X X 6
TwinVQ X X X 7
CELP X X X X X X 8
HVXC X X X X X 9
(reserved) 10
(reserved) 11
TTSI X X X X X X 12
Main synthetic X X 13
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Wavetable synthesis (Subset of (Subset of 14
Main Main

Synthetic) Synthetic)

General MIDI (Subset of (Subset of 15
Main Main

Synthetic) Synthetic)
Algorithmic Synthesis (Subset of (Subset of 16
and Audio FX Main Main

Synthetic) Synth)
ERAACLC X X X 17
(reserved) 18
ERAACLTP X X 19
ER AAC Scalable X X X 20
ER TwinvVQ X X 21
ER BSAC X X 22
ER AACLD X X X 23
ER CELP X X X 24
ER HVXC X X 25
ER HILN X 26
ER Parametric X 27
(reserved) 28
(reserved) 29
(reserved) 30
(reserved) 31

1.5.2.2 Complexity units

Complexity units are defined to give an approximation of the decoder complexity in terms of processing power and

RAM usage required for processing MPEG-4 Audio bitstreams in dependence of specific parameters.

The approximated processing power is given in “Processor Complexity Units” (PCU), specified in integer numbers

of MOPS. The approximated RAM usage is given in “RAM Complexity Units” (RCU), specified in mostly integer

numbers of kWords (1000 words). The RCU numbers do not include working buffers that can be shared between

different objects and/or channels.

If a profile level is specified by the maximum number of complexity units, then a flexible configuration of the

decoder handling different types of objects is allowed under the constraint that both values for the total complexity
for decoding and sampling rate conversion (if needed) do not exceed this limit.

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.

Table 1.3 — Complexity of Audio Object Types and SR conversion

Object Type Parameters PCU (MOPS) RCU Remark
AAC Main fs = 48 kHz 5 5 1)
AACLC fs = 48 kHz 3 3 1)
AAC SSR fs = 48 kHz 4 3 1)
AAC LTP fs = 48 kHz 4 4 1)
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

16
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TTSI - - 4)
General MIDI 4 1
Wavetable Synthesis | fs = 22.05 kHz depends on | depends on
bitstreams (3) | bitstreams (3)
Main Synthetic depends on depends on
bitstreams (3) | bitstreams (3)
Algorithmic Synthesis depends on depends on
and AudioF X bitstreams (3) | bitstreams (3)
Sampling Rate Mf=23,4,6 2 0.5
ERAACLC fs =48 kHz 3 3 1)
ERAACLTP fs =48 kHz 4 4 1)
ER AAC Scalable fs =48 kHz 5 4 1), 2)
ER TwinvVQ 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)
ER AACLD 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)

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

Notes -

1) PCU proportional to sampling frequency.

2) Includes core decoder.

3) See ISO/IEC 14496-4.

4) The complexity for speech synthesis is not taken into account.
5) Parametric coder in HILN mode, for HYXC mode see ER HVXC.
6) PCS depends on fs and ns, see below.

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

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

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

1.5.2.3 Levels within the profiles

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

Note: For the case of scalable coding schemes, only the first instantiation of each object type will be counted to
determine the number of objects relevant to the level definition and complexity metric. For example, in a scalable
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coder consisting of a CELP core coder and two enhancement layers implemented by means of AAC scalable
objects, one CELP object and one AAC scalable object and their associated complexity metrics are counted since
there is almost no overhead associated with the second (and any further) GA enhancement layer.

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

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

3. Synthetic Audio 3: All bitstream elements may be used with:
» "High processing” (exact numbers in ISO/IEC 14496-4:2000).
* no more than twelve TTSI objects.

« Levels for Scalable Audio Profile

Four levels are defined by configuration; complexity units define the fourth level:
1. Maximum 24 kHz of sampling rate, one mono object (all object Types).
2. Maximum 24 kHz of sampling rate, one stereo object or two mono objects (all object Types).
3. Maximum 48 kHz of sampling rate, one stereo object or two mono objects (all object Types).
4. Maximum 48 kHz of sampling rate, one 5.1 channels object or multiple objects with at maximum one
integer factor sampling rate conversion for a maximum of two channels.
Flexible configuration is allowed with PCU < 30 and RCU < 19.

+ Levels for Main Audio Profile

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

For Object Types not belonging to the Synthetic Profile four levels are defined:
1. Natural Audio 1: PCU < 40, RCU < 20
2. Natural Audio 2: PCU < 80, RCU < 64
3. Natural Audio 3: PCU < 160, RCU < 128
4. Natural Audio 4: PCU < 320, RCU < 256

For Object Types belonging to the Synthetic Profile the same three Levels are defined as above, i.e. Synthetic
Audio 1, Synthetic Audio 2 and Synthetic Audio 3.

Four Levels are then defined for Main Profile:
1. Natural Audio 1 + Synthetic Audio 1
2. Natural Audio 2 + Synthetic Audio 1
3. Natural Audio 3 + Synthetic Audio 2
4. Natural Audio 4 + Synthetic Audio 3
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Levels for the High Quality Audio Profile
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Table 1.4 — 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 5.1 48 25 12° 0% 0
4 5.1 48 100 427 0% 0
5 2 22.05 5 8 20% 9
6 2 48 10 8 20% 9
7 5.1 48 25 12°° 20% 22
8 5.1 48 100 427 20% 22

This number does not cover FEC for the EP header, i. e. FEC for the EP header is always permitted. In case
of several audio objects the limit is valid independently for each audio object. This value is the maximum
redundancy for the Audio object, which has the longest maximum frame length, in each profile & level. For
audio object types supporting variable frame lengths and arbitrary bitrates (i. e. any AAC audio object type)
this does just extend the required decoder input buffer but does not affect the amount of redundancy actually
applied. Nevertheless, the application of any class FEC is not permitted if 0% is specified.
Level 5 to 8 do not include RAM and computational complexity for the EP tool.

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

Levels for the Low Delay Audio Profile

Table 1.5 — Levels for the Low Delay Audio Profile

Level Max. Max. Max PCU “ | Max RCU * | EP-Tool: Max. | EP-Tool:
channels/object | sampling rate redundancy by Max. #
[kHz] class FEC stages of
interleaving
per object
1 1 8 2 1 0% 0
2 1 16 3 1 0% 0
3 1 48 3 2 0 % 0
4 2 48 24 12 ° 0 % 0
5 1 8 2 1 100% 5
6 1 16 3 1 100% 5
7 1 48 3 2 20% 5
8 2 48 24 127 20% 9

This number does not cover FEC for the EP header, i. e. FEC for the EP header is always permitted. In case
of several audio objects the limit is valid independently for each audio object. This value is the maximum
redundancy for the Audio object, which has the longest frame length, in each profile & level. For audio object
types supporting variable frame lengths and arbitrary bitrates (i. e. any AAC audio object type) this does just
extend the required decoder input buffer but does not affect the amount of redundancy actually applied.
Nevertheless, the application of any class FEC is not permitted if 0% is specified.
Level 5 to 8 do not include RAM and computational complexity for the EP tool.

Sharing of work buffers between multiple objects or channel pair elements is assumed.
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*1:

*2:

Levels for the Natural Audio Profile

Table 1.6 — Levels for the Natural Audio Profile

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

This number does not cover FEC for the EP header, i. e. FEC for the EP header is always permitted. In case
of several audio objects the limit is valid independently for each audio object. This value is the maximum
redundancy for the Audio object, which has the longest frame length, in each profile & level. For audio object
types supporting variable frame lengths and arbitrary bitrates (i. e. any AAC audio object type) this does just
extend the required decoder input buffer but does not affect the amount of redundancy actually applied.
Nevertheless, the application of any class FEC is not permitted if 0% is specified.

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

No RCU limitations are specified for this profile.

*1:

*2:

*3:
*4:

20

Levels for the Mobile Audio Internetworking Profile

Table 1.7 — Levels for the Mobile Audio Internetworking Profile

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

This number does not cover FEC for the EP header, i. e. FEC for the EP header is always permitted. In case
of several audio objects the limit is valid independently for each audio object. This value is the maximum
redundancy for the Audio object, which has the longest frame length, in each profile & level. For audio object
types supporting variable frame lengths and arbitrary bitrates (i. e. any AAC audio object type) this does just
extend the required decoder input buffer but does not affect the amount of redundancy actually applied.
Nevertheless, the application of any class FEC is not permitted if 0% is specified.

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 1.3).

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

1.6.1Introduction

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

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

1.6.2Syntax

1.6.2.1 AudioSpecificConfig

Table 1.8 — Syntax of AudioSpecificConfig()

Syntax No. of bits Mnemonic
AudioSpecificConfig ()
{
audioObjectType; 5 bslbf
samplingFrequencyindex; 4 bslbf
if ( samplingFrequencylndex==0xf )
samplingFrequency; 24 uimsbf
channelConfiguration; 4 bslbf

if ( audioObjectType == 1 || audioObjectType == 2 ||
audioObjectType == 3 || audioObjectType == 4 ||
audioObjectType == 6 || audioObjectType == 7 )
GASpecificConfig();

if ( audioObjectType == 8)
CelpSpecificConfig();

if ( audioObjectType ==9)
HvxcSpecificConfig();

if ( audioObjectType == 12)
TTSSpecificConfig();

if ( audioObjectType == 13 || audioObjectType == 14 ||
audioObjectType == 15 || audioObjectType==16)
StructuredAudioSpecificConfig();

if ( audioObjectType == 17 || audioObjectType == 19 ||
audioObjectType == 20 || audioObjectType == 21 ||
audioObjectType == 22 || audioObjectType == 23 )
GASpecificConfig();

if ( audioObjectType == 24)
ErrorResilientCelpSpecificConfig();

if ( audioObjectType == 25)
ErrorResilientHvxcSpecificConfig();

if ( audioObjectType == 26 || audioObjectType == 27)
ParametricSpecificConfig();

if ( audioObjectType == 17 || audioObjectType == 19 ||
audioObjectType == 20 || audioObjectType == 21 ||
audioObjectType == 22 || audioObjectType == 23 ||
audioObjectType == 24 || audioObjectType == 25 ||
audioObjectType == 26 || audioObjectType == 27 ) {
epConfig; 2 bslbf
if (epConfig == 2 || epConfig == 3 ) {

ErrorProtectionSpecificConfig();

}
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if (epConfig ==3) {
directMapping; 1 bsibf
if (! directMapping ) {
/* tbd */
}

1.6.2.1.1 HvxcSpecificConfig

Defined in ISO/IEC 14496-3 subpart 2.

1.6.2.1.2 CelpSpecificConfig

Defined in ISO/IEC 14496-3 subpart 3.

1.6.2.1.3 GASpecificConfig

Defined in subclause in ISO/IEC 14496-3 subpart 4.

1.6.2.1.4 StructuredAudioSpecificConfig

Defined in ISO/IEC 14496-3 subpart 5.

1.6.2.1.5 TTSSpecificConfig

Defined in ISO/IEC 14496-3 subpart 6.

1.6.2.1.6 ParametricSpecificConfig

Defined in subclause in ISO/IEC 14496-3 subpart 7.

1.6.2.1.7 ErrorProtectionSpecificConfig

Defined in subclause 1.8.2.1.

1.6.2.1.8 ErrorResilientCelpSpecificConfig

Defined in subclause ISO/IEC 14496-3 subpart 3.

1.6.2.1.9 ErrorResilientHvxcSpecificConfig

Defined in subclause ISO/IEC 14496-3 subpart 2.

1.6.2.2 Payloads

For the NULL object the payload shall be 16 bit signed integer in the range from -32768 to +32767. The 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
should be zero-padded at the end for transport schemes which require byte alignment.

The following table shows an overview about where the Elementary Stream payloads for the Audio Object Types
can be found and where the detailed syntax is defined.
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Table 1.9 — Audio Object Types

Audio Object Type definition of elementary stream payloads
and detailed syntax
AAC MAIN ISO/IEC 14496-3 subpart 4
AAC LC ISO/IEC 14496-3 subpart 4
AAC SSR ISO/IEC 14496-3 subpart 4
AAC LTP ISO/IEC 14496-3 subpart 4
AAC scalable ISO/IEC 14496-3 subpart 4
TwinVQ ISO/IEC 14496-3 subpart 4
CELP ISO/IEC 14496-3 subpart 3
HVXC ISO/IEC 14496-3 subpart 2
TTSI ISO/IEC 14496-3 subpart 6

Main synthetic

ISO/IEC 14496-3 subpart 5

Wavetable synthesis

ISO/IEC 14496-3 subpart 5

General MIDI ISO/IEC 14496-3 subpart 5
Algorithmic Synthesis | ISO/IEC 14496-3 subpart 5
and Audio FX

ERAACLC ISO/IEC 14496-3 subpart 4
ER AACLTP ISO/IEC 14496-3 subpart 4
ER AAC scalable ISO/IEC 14496-3 subpart 4
ER Twin VQ ISO/IEC 14496-3 subpart 4
ER BSAC ISO/IEC 14496-3 subpart 4
ER AACLD ISO/IEC 14496-3 subpart 4
ER CELP ISO/IEC 14496-3 subpart 3
ER HVXC ISO/IEC 14496-3 subpart 2
ER HILN ISO/IEC 14496-3 subpart 7

ER Parametric

ISO/IEC 14496-3 subpart 2 and 7

1.6.3Semantics

1.6.3.1 AudioObjectType

A five bit field indicating the audio object type. This is the master switch which selects the actual bitstream syntax of
the audio data. In general, different object type use a different bitstream syntax. The interpretation of this field is
given in the Audio Object Type table in subclause Table 1.1.

1.6.3.2 samplingFrequency

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

samplingFrequencyindex.

1.6.3.3 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 Table 1.10.
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Table 1.10 — Sampling Frequency Index

samplingFrequencylndex Value
0x0 96000
0x1 88200
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1.6.3.4 channelConfiguration

A four bit field indicating the audio output channel configuration:

0x2 64000
0x3 48000
0x4 44100
0x5 32000
0x6 24000
0x7 22050
0x8 16000
0x9 12000
Oxa 11025
0xb 8000
Oxc 7350
Oxd reserved
Oxe reserved
Oxf escape value

Table 1.11 — Channel Configuration

value | number of audio syntactic elements, channel to speaker mapping
channels listed in order received

0 - - defined in GASpecificConfig

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 surround rear speakers,
Ife _element front low frequency effects speaker

7 7+1 single_channel_element, center front speaker
channel_pair_element, left, right center front speakers,
channel_pair_element, left, right outside front speakers,
channel_pair_element, left surround, right surround rear speakers,
Ife_element front low frequency effects speaker

8-15 - - reserved

1.6.3.5 epConfig

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

24
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Table 1.12 — 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 in case of non-scalable configurations.

Each instance of each sensitivity category belonging to one frame is stored separately
within a single access unit, i.e. there exist as many elementary streams as instances
defined within a frame.

The error protection decoder has to be applied. The definition of EP classes is not
normatively defined, but defined at application level. However, the restictions imposed
on EP classes as defined in subclause 1.8 must be satisfied.

The error protection decoder has to be applied. The mapping between EP classes
and ESC instances is signaled by the data element directMapping.

1.6.3.6 direct mapping

This data element identifies the mapping between error protection classes and error sensitivity category instances.

Table 1.13 — 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.

1.6.4Upstream

1.6.4.1 Introduction

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

The need for an up-stream channel is signaled to the client terminal by supplying an appropriate elementary stream
descriptor declaring the parameters for that stream. The client terminal opens this up-stream channel in a similar
manner as it opens the downstream channels. The entities (e.g. media encoders & decoders) that are connected
through an up-stream channel are known from the parameters in its elementary stream descriptor and from the
association of the elementary stream descriptor to a specific object descriptor.

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

1.6.4.2 Syntax

Table 1.14 — Syntax of AudioUpstreamPayload()

Syntax No. of bits Mnemonic
AudioUpstreamPayload()
{
upStreamType; 4 uimsbf
switch ( upStreamType ) {
case 0: /* scalablity control */
numOfLayer; 6 uimsbf
for (layer = 0; layer < numOfLayer; layer++ ) {
avgBitrate[layer]; 24 uimsbf
}
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break;
case 1: /* BSAC frame interleaving */
numOfSubFrame; 5 uimsbf
break;
case 2: [* quality feedback */
multiLayOrSynEle; 1 uimsbf
if ( multiLayOrSynEle ) {
layOrSynEle; 6 uimsbf
}
else {
layOrSynEle = 1;
}
numFrameExp[layOrSynEle]; 4 uimsbf
lostFrames[layOrSynEle]; numFrameExp uimsbf
[layOrSynEle]
break;
case 3: /* bitrate control */
avgBitrate; 24 uimsbf
break;

default: /* reserved for future use */

break;

1.6.4.3 Definitions

upStreamType

avgBitrate[layer]

numOfSubFrame

multiLayOrSynEle

layOrSynEle

A 4-bit unsigned integer value representing the type of the up-stream as defined in the
following Table 1.15

Table 1.15 — Definition of upStreamType

UpStreamType | Type of Audio up-stream
0 scalability control
1 BSAC frame interleaving
2 quality feedback
3 bitrate control
4—-15 reserved for future use

The average bitrate in bits per second of a large step layer, which the client requests to be
transmitted from the server.

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

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

A 6-bit unsigned integer value representing the number of the syntactic elements (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 (2"“’"F ramekxp —1)

considered in the following lostFrames value.

lostFrames[layOrSynEle] This field contains the number of lost frames with respect to the indicated layer or
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syntactic element within the last recently passed frames signalled by numFrameExp.
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avgBitrate The average bitrate in bits per second of the whole Audio object, which the client requests
to be transmitted from the server.

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.

1.6.4.4.2 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 frame loss rate in percent can be derived using the following formula:

lostFrames [ZayOrSynEle]

2 numFrameExp [layOrSynEle] _ 1

[100%

frameLossRate[layOrSynEle] =

1.6.4.4.4 Decoding of bitrate control

avgBitrate is parsed.

1.7 MPEG-4 Audio transport stream

1.7.10verview

This subclause defines a mechanism to transport ISO/IEC 14496-3 (MPEG-4 Audio) streams without using
ISO/IEC 14496-1 (MPEG-4 Systems) for audio-only applications. Figure 1.1 shows the concept of MPEG-4 Audio
transport. The transport mechanism uses a two-layer approach, namely a multiplex layer and a synchronization
layer. The multiplex layer (Low-overhead MPEG-4 Audio Transport Multiplex: LATM) manages multiplexing of
several MPEG-4 Audio payloads and AudioSpecificConfig() elements. The synchronization layer specifies a self-
synchronized syntax of the MPEG-4 Audio transport stream which is called Low Overhead Audio Stream (LOAS).
The Interface format to a transmission layer depends on the conditions of the underlying transmission layer as
follows:

* LOAS shall be used for the transmission over channels where no frame synchronization is available.

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

A multiplexed element (AudioMuxElement()/EPMuxElement()) without synchronization shall be used
only for transmission channels where an underlying transport layer already provides frame

synchronization that can handle arbitrary frame size.

The details in the LOAS format and the AudioMuxElement() format are described in subclauses 1.7.2 and 1.7.3,
respectively.

© ISO/IEC 2001— Al rights reserved 27



ISO/IEC 14496-3:2001(E)

MPEG-4 Audio Payloads AudioSpecificConfig Elements

t... ¢ ¢QCO¢

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

EPMuxElement() ¢

AudioMuxElement() Synchronization Layer

T Low Overhead Audio Stream (LOAS)

Underlying Transmission Layer

Figure 1.1 — Concept of MPEG-4 Audio Transport

The mechanism defined in this subclause should not be used for transmission of TTSI object (12), Main Synthetic
object (13), Wavetable Synthesis object (14), General MIDI object (15) and Algorithmic Synthesis and Audio FX
object (16). For these object types, other multiplex and transport mechanisms might be used, e.g. those defined in
MPEG-4 Systems.

1.7.2Synchronization Layer

The synchronization layer provides the multiplexed element with a self-synchronized mechanism to generate
LOAS. The LOAS has three different types of format, namely AudioSyncStream(), EPAudioSyncStream() and
AudioPointerStream(). The choice for one of the three formats is dependent on the underlying transmission layer.

e AudioSyncStream()

AudioSyncStream() consists of a syncword, the multiplexed element with byte alignment, and its length information.
The maximum byte-distance between two syncwords is 8192 bytes. This self-synchronized stream shall be used
for the case that the underlying transmission layer comes without any frame synchronization.

* EPAudioSyncStream()

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

e AudioPointerStream()
AudioPointerStream() shall be used for applications using a underlying transmission layer with fixed frame
synchronization, where transmission framing can not be synchronized with the variable length multiplexed element.

Figure 1.2 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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constant length Sync Frame

Variable Length AudioMuxElemenu/<

audioMuxElementStartPointer

constant length Sync Frame

F

\audioMuxElementStan‘Pointer

Figure 1.2 — Synchronization in AudioPointerStream()

1.7.2.1 Syntax

Table 1.16 — Syntax of AudioSyncStream()

Syntax No. of bits Mnemonic
AudioSyncStream()
while (nextbits() == 0x2B7 ) { /* syncword */ 11 bslbf
audioMuxLengthBytesLast; 13 uimsbf
AudioMuxElement( 1 );
ByteAlign();
Table 1.17 — Syntax of EPAudioSyncStream()
Syntax No. of bits Mnemonic
EPAudioSyncStream()
{
while (nextbits() == 0x4de1 ) { /* syncword */ 16 bslbf
futureUse; 4 uimsbf
audioMuxLengthBytes; 13 uimsbf
frameCounter; 5 uimsbf
headerParity; 18 bslbf
EPMuxElement( 1, 1);

© ISO/IEC 2001— Al rights reserved
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}

Table 1.18 — Syntax of AudioPointerStream()

Syntax No. of bits Mnemonic
IAudioPointerStream( length )

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

AudioMuxElement( 1);

1.7.2.2 Semantics

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

alignment.

futureUse A 4-bit field for future use.

audioMuxLengthBytes A 13-bit field indicating the byte length of the multiplexed element.

frameCounter A 5-bit field indicating a sequential number which is used to detect lost frames. The
number is continuously incremented for each multiplexed element as a modulo
counter.

headerParity A 18-bit field which contains a BCH (36,18) code shortened from BCH (63,45) code
for the elements audioMuxLengthBytes and frameCounter. The generator

polynomial is X 5+x" +x"0+x"+x"+x” +x%+x*+x?+x+1. The value is calculated with this

generation polynomial as described in subclause 1.8.4.3.

audioMuxElementStartPointer A field indicating the start point of the multiplexed element. The number of bits
required for this field is calculated as nbits = ceil(log2( the transmission frame
length )). The transmission frame length should be provided from the transmission
layer. The maximum possible value of this field is reserved to signal that there is no
start of an access unit in this sync frame.

AudioMuxElement() A multiplexed element as specified in subclause 1.7.3.

EPMuxElement() An error resilient multiplexed element as specified in subclause 1.7.3.

1.7.3Multiplex Layer

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, zero-padding bits for byte
alignment shall follow the multiplexed element. The number of the padding bits should be less than 8. These
padding bits should be removed when the multiplexed element is de-multiplexed into the MPEG-4 Audio payloads.
Then, the MPEG-4 Audio payloads are forwarded to the corresponding MPEG-4 Audio decoder tool.

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

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

e The represented timeframe of one AudioMuxElement() is similar to a multiple of a super-frame timeframe.

* The relative number of bits for a certain layer within any AudioMuxElement() compared to the total number
of bits within this AudioMuxElement() is equal to the relative bitrate of that layer compared to the bitrate of
all layers.
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e In case of coreFrameOffset=0 and latmBufferFullness=0, all core coder frames and all AAC frames of a
certain super-frame are stored within the same instance of AudioMuxElement().
e In case of coreFrameOffset>0, several or all core coder frames are stored within previous instances of
AudioMuxElement().
* Any core layer related configuration information refers to the core frames transmitted within the current
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 within the
current AudioMuxElement().
» The value of latmBufferFullness can be used to determine the location of the first bit of the first AAC frame
of the current layer of the first super-frame stored within the current AudioMuxElement() by means of a
backpointer:

backPointer = —meanFrameLength + latmBufferFullness + currentFrameLength

The backpointer value specifies the location as a negative offset from the current AudioMuxElement(), i. e.
it points backwards to the beginning of an AAC frame located in already received data. Any data not
belonging to the payload of the current AAC layer is not taken into account. If latmBufferFullness==0’, then

the AAC frame starts after the current AudioMuxElement().

1.7.3.1 Syntax

Table 1.19 — Syntax of EPMuxElement()

Syntax

No. of bits Mnemonic

EPMuxElement( epDataPresent , muxConfigPresent )

if( epDataPresent ) {

epUsePreviousMuxConfig;

epUsePreviousMuxConfigParity;

if( lepUsePreviousMuxConfig) {
epSpecificConfigLength;
epSpecificConfigLengthParity;
ErrorProtectionSpecificConfig();
ErrorProtectionSpecificConfigParity();

}

ByteAlign();

EPAudioMuxElement( muxConfigPresent );

}else {

AudioMuxElement( muxConfigPresent );
ByteAlign();

1 bslbf
2 bslbf
10 bslbf
11 bslbf

Table 1.20 — Syntax of AudioMuxElement()

Syntax

No. of bits Mnemonic

{

}

AudioMuxElement( muxConfigPresent )

if( muxConfigPresent ) {

useSameStreamMux;
if (luseSameStreamMux)
StreamMuxConfig();

if (audioMuxVersion == 0) {

for( i=0; i<=numSubFrames; i++ ) {
PayloadLengthinfo();
PayloadMux();
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}
if( otherDataPresent ) {
for( i=0; i<otherDatalLenBits; I++ ) {
otherDataBit; 1 bsibf
}
}
}
else {
/* tbd */
}
Table 1.21 — Syntax of StreamMuxConfig()
Syntax No. of bits Mnemonic
StreamMuxConfig()
{
audioMuxVersion; 1 bslbf
if (audioMuxVersion == 0) {
streamCnt = 0;
allStreamsSameTimeFraming; 1 uimsbf
numSubFrames; 6 uimsbf
numProgram; 4 uimsbf
for ( prog = 0; prog <= numProgram; prog++ ) {
numlLayer; 3 uimsbf
for (lay = 0; lay <= numLayer; lay++ ) {
progSindx[streamCnt]=prog; laySIndx[streamCnt]=lay;
streamID [ prog][ lay] = streamCnt++;
if (prog==0&lay==0){
AudioSpecificConfig();
lelse {
useSameConfig; 1 uimsbf
if (luseSameConfig )
AudioSpecificConfig();
}
frameLengthType[streamID[prog][ lay]]; 3 uimsbf
if (frameLengthType[streamID[prog][lay] == 0 ) {
latmBufferFullness[streamID[prog][ lay]]; 8 uimsbf
if (! allStreamsSameTimeFraming ) {
if ((AudioObjectType[lay]==6 ||
AudioObjectType[lay]== 20) &&
(AudioObjectType[lay-1]==8 ||
AudioObjectTypel[lay-1]==24)) {
coreFrameOffset; 6 uimsbf
}
}
} else if( frameLengthType[streamID[prog][ lay]] == 1) {
frameLength[streamID[prog][lay]]; 9 uimsbf
}elseif (  frameLengthType[streamID[prog][ lay]] ==
frameLengthType[streamID[prog][ lay]] ==
frameLengthType[streamID[prog][ lay]] == 3 ) {
CELPframeLengthTableIlndex[streamID[prog][lay]]; 6 uimsbf
}elseif (  frameLengthType[streamID[prog][ lay]] ==
frameLengthType[streamID[prog][ lay]] == 7 ) {
HVXCframeLengthTablelndex[stream|D[prog][ lay]]; 1 uimsbf
}
}
}
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otherDataPresent;
if (otherDataPresent) {
otherDatalenBits = 0; /* helper variable 32bit */
do {
otherDatalLenBits = otherDatalLenBits * 2/8;
otherDataLenEsc;
otherDataLenTmp;
otherDatalLenBits = otherDatalLenBits + otherDataLenTmp;
} while (otherDatalLenEsc);

crcCheckPresent;

if( crcCheckPresent ) crcCheckSum;
}
else {

/* tbd */
}

ISO/IEC 14496-3:2001(E)

—

uimsbf

uimsbf
uimsbf

uimsbf
uimsbf

Table 1.22 — Syntax of PayloadLengthinfo()

Syntax

No. of bits

Mnemonic

PayloadLengthinfo()

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

} else {
numChunk;
for (chunkCnt=0; chunkCnt <= numChunk; chunkCnt++) {
streamindx;
prog = progCIindx[chunkCnt] = progSIndx[streamIndx];
lay =layClndx[chunkCnt] =laySIndx [streamIndx];
if( frameLengthType[streamID[prog][lay]] == 0) {
do { /* not necessarily a complete access unit */
tmp;
MuxSlotLengthBytes[streamID[prog][lay]] += tmp;
} while (tmp == 255);
AuEndFlag[stream|D[prog][lay]];
}else {
if ( framelLengthType[streamID[prog][lay]] == 5 ||
frameLengthType[streamID[prog][lay]] == 7 ||
frameLengthType[streamID[prog][lay]] == 3 ) {
MuxSlotLengthCoded[streamID[prog][lay]];
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uimsbf

uimsbf

uimsbf
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bslbf

uimsbf
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Table 1.23 — Syntax of PayloadMux()

Syntax

No. of bits Mnemonic

PayloadMux()
{

}

} else {

if( allStreamsSameTimeFraming ) {

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

for (lay = 0; lay <= numLayer; lay++ ) {
payload [streamID[prog][ layl];

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

payload [streamID[prog][ lay]];

1.7.3.2 Semantics

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

muxConfigPresent | Description

0 out-band transmission of StreamMuxConfig()

1 in-band transmission of StreamMuxConfig()
epDataPresent Description

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

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

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

1

The configuration for the MPEG-4 Audio EP tool
is not present. The previous configuration should
be applied
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epUsePreviousMuxConfigParity A 2-bits element which contains the parity for epUsePreviousMuxConfig.
Each bit is a repetition of epUsePreviousMuxConfig. Majority decides.
epHeaderLength A 10-bit field to indicate the size of ErrorProtectionSpecificConfig()
epHeaderLengthParity: A 11-bit field for epHeaderLength, calculated as described in subclause 1.8.4.3
with “1)Basic set of FEC codes”.
Note: This means shortened Golay(23,12) is used
ErrorProtectionSpecificConfig() Configuration information for the EP tool which is applied to
AudioMuxElement() as defined in subclause 1.8.2.1.
ErrorProtectionSpecificConfigParity() The parity bits for ErrorProtectionSpecificConfig(), calculated as
described in subclause 1.8.4.3 with “1) Basic Set of FEC codes”.
EPAudioMuxElement() Error resilient multiplexed element that is generated by applying the EP tool to
AudioMuxElement() as specified by ErrorProtectionSpecificConfig(). Therefore data
elements in AudioMuxElement() are subdivided into different categories depending
on their error sensitivity and collected in instances of these categories. Following
sensitivity categories are defined:

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

Note 1: There might be more than one instance of error sensitivity category 1 and 2
depending on the value of the variable numSubFrames defined in
StreamMuxConfig(). Figure 1.3 shows an example for the order of the
instances assuming numSubFrames is one (1).

—» 0 M 1a > 2a b —» 20 —» 3 >

Figure 1.3 — Instance order in EPAudioMuxElement()
Note 2: EPAudioMuxElement() has to be byte aligned, therefore bit_stuffing in
ErrorProtectionSpecificConfig() should be always on.

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

audioMuxVersion A data element to signal the bitstream syntax version. possible values: 0 (default),
1 (reserved for future extensions).
otherDataBit A 1-bit field indicating the other data information.

allIStreamsSameTimeFraming A flag indicating whether all payloads, which are multiplexed in PayloadMux(),
share a common time base.

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

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

numLayer A field indicating how many scalable layers are multiplexed (numLayer+1). The
minimum value is 0 indicating 1 layer.

useSameConfig A flag indicating whether AudioSpecificConfig() for the payload in the previous

layer or program is applied for the payload in the current layer or program.
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frameLengthType

latmBufferFullness

coreFrameOffset

frameLength

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

AudioSpecificConfig() in the previous layer or
program should be applied.

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

framelLengthType | Description

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

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

2 Reserved

3 Payload for a CELP object with one of 2 kinds of frame

length. The payload length is specified by two table-
indexes, 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-
indexes, namely CELPframelLengthTableIlndex and
MuxSlotLengthCoded.

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

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

state of the bit reservoir. It is transmitted as the number of available bits in the bit
reservoir divided by the number of audio channels divided by 32 and truncated to
an integer value (mean number of 32 bit words per channel remaining in the
encoder buffer after encoding the first audio frame in the AudioMuxElement()). A
value of hexadecimal FF signals that the bitstream is a variable rate bitstream. In
this case, buffer fullness is not applicable.

identifies the first CELP frame of the current super-frame. It is defined only in case
of scalable configurations with CELP core and AAC enhancement layer(s) and
transmitted with the first AAC enhancement layer. The value 0 identifies the first
CELP frame following StreamMuxConfig() as the first CELP frame of the current
super-frame. A value > 0 signals the number of CELP frames that the first CELP
frame of the current super-frame is transmitted earlier in the bitstream.

A field indicating the frame length of the payload with frameLengthType of 1. The
payload length in bits is specified as 8 * (frameLength + 20).

CELPframeLengthTablelndex A field indicating one of two indexes for pointing out the frame length for a CELP or

ER_CELP object. (Table 1.25and Table 1.26)

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

otherDataPresent

36

ER_HVXC object. (Table 1.24)
A flag indicating the presence of the other data than audio payloads.
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otherDatalLenBits
otherDataLenEsc

otherDataLenTmp
crcCheckPresent

crcCheckSum
tmp

MuxSlotLengthCoded

numChunk

streamindx
chunkCnt
progSindx,laySindx
progCindx,layCindx

ISO/IEC 14496-3:2001(E)

otherDataPresent | 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 field indicating whether there is more than one otherDataLenTmp data element
following.

A field used to calculate otherDatalenBits.

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

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

A field indicating the CRC check bits.

A field indicating the payload length of the payload with frameLengthType of 0. The
value 255 is used as an escape value and indicates that at least one more tmp
value is following. The overall length of the transmitted payload is calculated by
summing up the partial values.

A field indicating one of two indexes for pointing out the payload length for CELP,
HVXC, ER_CELP, and ER_HVXC objects.

A field indicating the number of payload chunks (numChunk+1). Each chunk may
belong to an access unit with a different time base; only used if
allStreamsSameTimeFraming is set to zero. The minimum value is 0 indicating 1
chunk.

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

Helper variable to count number of chunks.

Helper variables to identify program and layer number from streamindx.

Helper variables to identify program and layer number from chunkCnt.

AuEndFlag A flag indicating whether the payload is the last fragment, in the case that an
access unit is transmitted in pieces.
AuEndFlag Description
0 The fragmented piece is not the last one.
1 The fragmented piece is the last one.
Table 1.24 — Frame length of HVXC [bits]
MuxSlotLengthCoded
frameLengthType[] [HVXCframeLengthTablelndex)]] 00 | o1 | 10 [ 11
6 0 40
6 1 80
7 0 40 28 2 0
7 1 80 40 25 3
Table 1.25 — Frame Length of CELP Layer 0 [bits]
Fixed-Rate 1-of-4 Rates (Silence 1-of-2 Rates (FRC)
frameLengthType[] Compression) frameLengthType[]=3
=4 frameLengthType[]=5
MuxSlotLengthCoded MuxSlotLengthCoded
CELPframeLenghTable 00 01 10 11 00 01
Index
0 154 156 23 8 2 156 134
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1 170 172 23 8 2 172 150
2 186 188 23 8 2 188 166
3 147 149 23 8 2 149 127
4 156 158 23 8 2 158 136
5 165 167 23 8 2 167 145
6 114 116 23 8 2 116 94
7 120 122 23 8 2 122 100
8 126 128 23 8 2 128 106
9 132 134 23 8 2 134 112
10 138 140 23 8 2 140 118
11 142 144 23 8 2 144 122
12 146 148 23 8 2 148 126
13 154 156 23 8 2 156 134
14 166 168 23 8 2 168 146
15 174 176 23 8 2 176 154
16 182 184 23 8 2 184 162
17 190 192 23 8 2 192 170
18 198 200 23 8 2 200 178
19 206 208 23 8 2 208 186
20 210 212 23 8 2 212 190
21 214 216 23 8 2 216 194
22 110 112 23 8 2 112 90
23 114 116 23 8 2 116 94
24 118 120 23 8 2 120 98
25 120 122 23 8 2 122 100
26 122 124 23 8 2 124 102
27 186 188 23 8 2 188 166
28 218 220 40 8 2 220 174
29 230 232 40 8 2 232 186
30 242 244 40 8 2 244 198
31 254 256 40 8 2 256 210
32 266 268 40 8 2 268 222
33 278 280 40 8 2 280 234
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
40 390 392 40 8 2 392 346
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
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
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61 338 | 340 40 8 2 | 340 296
62-63 reserved

Table 1.26 — Frame Length of CELP Layer 1-5 [bits]

Fixed-Rate 1-of-4 Rates (Silence
frameLengthType Compression)

=4 framelLengthType[]=5

MuxSlotLengthCoded
CELPframelLenghTablelndex 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 Error protection

1.8.10verview of the tools

For error resilient audio object types, the error protection (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:

» There exists one elementary stream per scalability layer, or just one elementary stream in case of non-
scalable configurations.

* 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.

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 1.4 summarises the usage of EP classes, depending on the value of
epConfig.
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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:

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

« providing a generic and bandwidth-efficient error protection framework, which covers both fixed-length
frame bitstreams and variable-length frame bitstreams

* providing a UEP configuration control with low overhead

The basic idea of UEP is to divide the frame into sub-frames according to the bit error sensitivities (these sub-
frames are referred to be as classes in the following subclauses), and to protect these sub-frames with appropriate
strength of FEC and/or CRC. If this would not be done, the decoded audio quality is determined by how the most
error sensitive part is corrupted, and thus the strongest FEC/CRC has to be applied to the whole frame, requiring
much more redundancy.

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 1.4 — EP classes for different epConfig values

In order to apply UEP 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.

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).

To utilize these characteristics, the EP tool uses two paths to transmit the frame configuration parameters. One is
the out-of-band signaling, which is the same way as the transmission of codec configuration parameters. The
parameters that are shared by the frames are transmitted through this path. In case there are several patterns of
configuration, all these patterns are transmitted with indices. The other is the in-band transmission, which is made
by defining the EP-frame structure with a header. Only the parameters that are not transmitted out-of-band are
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transmitted through this path. With this parameter transmission technique, the amount of in-band information, which
is a part of the redundancy caused by the EP tool, is minimized.

With these parameters, each class is FEC/CRC encoded and decoded. To enhance the performance of this error
protection, an interleaving technique is adopted. The objective of interleaving is to randomize burst errors within the
frames, and this is not desirable for the class that is not protected. This is because there are other error resilience
tools whose objective is to localize the effect of the errors, and randomization of errors with interleaving would have

a harmful influence on such part of bitstream.

The outline of the EP encoder and EP decoder is figured out in Figure 1.5 and Figure 1.6.

Audio Codec

Class Information
(as side info.
to the bitstream)

Audio Bitstreams
(data for each class)

ErrorProtectionSpecificConfig()

Control

A 4

Figure 1.5 — Outline of EP encoder
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ErrorProtectionSpecificConfig() ERROR_PROTECTION_STREAM

y
- SRS
decoder
> De-interleaver
Header
A 4 A\ 4
.|SRCPC or RS
e | decoder ®e v
[ . |SRCPC or RS
Control v "I decoder
| CRC
° decoder ®°e v
° CRC
decoder
Scope of EP tool Audio Bitstreams/
Class Error Check

A r v

Audio Codec

Figure 1.6 — Outline of EP decoder

1.8.2Syntax

1.8.2.1 Error protection specific configuration

This part defines the syntax of the specific configuration for error protection.

Table 1.27 — Syntax of ErrorProtectionSpecificConfig()

Syntax No. of bits Mnemonic
ErrorProtectionSpecificConfig()
{
number_of_predefined_set; 8 uimsbf
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_classJi]; 6 uimsbf
for (j = 0;j < number_of classli]; j++) {
length_escapeli][il; 1 uimsbf
rate_escapeli][jl; 1 uimsbf
crclen_escapeli][jl; 1 uimsbf
if (number_of concatenated frame != 1) {
concatenate_flag[i][j]; 1 uimsbf
¥
fec_typelil[jl; 2 uimsbf
if( fec_type[i][j] == 0) {
termination_switch[i][j]; 1 uimsbf
}
if (interleave_type == 2) {
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}

header_protection;

if ( header_protection
header_rate;
header_crclen;

}

rs_fec_capability;

interleave_switch[i][j]; 2
}
class_optional; 1
if (length_escape[i]]==1){ [/*ESC?*/

number_of_bits_for_length[i][j]; 4
}
else {

class_length[i][j]; 16
}

if (rate_escapeli]j1!'=1){ /*notESC */
if(fec_type[il[i])}{

class_rate[i][j] 7
telsef
class_rate[i][j] 5
}
}
if ( crclen_escapeli]jl'=1){ /* not ESC */
class_crclen[i][j]; 5
}
}
class_reordered_output; 1
if ( class_reordered_output == 1) {
for (j=0;j < number_of class]i]; j++ ) {
class_output_orderf[i][j]; 6
}
}

==1){

ISO/IEC 14496-3:2001(E)

uimsbf

uimsbf

uimsbf

uimsbf

uimsbf

uimsbf

uimsbf

uimsbf

uimsbf

uimsbf

uimsbf
uimsbf

uimsbf

1.8.2.2 Error protection bitstream payloads

This part defines the syntax of the error protected audio bitstream payload. This kind of syntax can be selected by
setting epConfig=2. It is common for all audio object types. If MPEG-4 Systems is used, one rs_ep_frame() is

directly mapped to one access unit.

Table 1.28 — Syntax of rs_ep_frame ()

Syntax No. of bits  Mnemonic
rs_ep frame()

ep_frame();

rs_parity_bits; Nrsparity  bslbf
}
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Nrsparity: see subclause 1.8.4.7
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Table 1.29 — Syntax of ep_frame ()

Syntax No. of bits  Mnemonic
ep_frame()
{
if (interleave_type == 0){
ep_header();
ep_encoded_classes();
}
if (interleave_type == 1}
interleaved_frame_mode1; 1- bslbf
}
if (interleave_type == 2}
interleaved_frame_mode2; 1- bslbf
}
stuffing_bits; Nstuff bslbf
}
Table 1.30 — Syntax of ep_header ()
Syntax No. of bits  Mnemonic
ep_header()
choice_of _pred,; Npred uimsbf
choice_of_pred_parity; Npred_parity bslbf
class_attrib();
class_attrib_parity; Nattrib_parity ~ bslIbf
}
Npred: the smallest integer value greater than log2 (# of pre-defined set).
Npred_parity: See subclause 1.8.4.3
Nattrib_parity: See subclause 1.8.4.3
Table 1.31 — Syntax of class_attrib ()
Syntax No. of bits  Mnemonic
class_attrib(class_count, length_escape,
rate_escape, crclen_escape, frame_pred)
{
for(j=0; j<class_count; j++){
if (length_escape[frame_pred][j] == 1}
class_bit_count[j]; Nbitcount uimsbf
}
if (rate_escape[frame_pred][j] == 1){
class_code_rate[j]; 3 uimsbf
}
if (crclen_escape[frame_pred][j] == 1){
class_crc_count[j]; 3 uimsbf
}
}
if (bit_stuffing == 1){
num_stuffing_bits; 3 uimsbf
}
}
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class_count: number of class for this frame
frame_pred: selected predefined set for this frame
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Table 1.32 — Syntax of ep_encoded_classes ()

Syntax

No. of bits Mnemonic

}

ep_encoded_classes(class_count)

for(j=0; j<class_count; j++){
ep_encoded_class[j]; bslbf

1.8.3General information

1.8.3.1 Definitions

ErrorProtectionSpecificConfig ():  Error protection specific configuration that is out-of-band information.

number_of_predefined_set
interleave_type

bit_stuffing

The number of pre-defined set.

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.

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.

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 1.33 — concatenated frames depending on number_of_concatenated_frame

Codeword

000 001 | 010 | 011 | 100 | 101 | 110 | 111

number of concatenated frame | reserved 1 2 3 4 5 6 7

number_of_class]i]
length_escapeli][j]

rate_escapeli][j]
crclen_escapeli][j]

concatenate_flag[i][j]

fec_typel[i][i]

termination_switch[i][j]
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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. If 1, the length is
variable. Note that in case “until the end”, this value should be 1, and the
number_of_bits for_length[i][j] value should be 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 class of i-th pre-defined set is concatenated or
not. O 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”) are used
to protect the j-th class of i-th pre-defined set. Note that the class length which is
signaled to be protected by RS code shall be byte aligned, in either case that the
length is signaled in the out-of-band information or that the length is signaled as in-
band information. If this field is set to “2”, it indicates that this class is RS encoded
in conjunction with next class as one RS code. Note that more than two succeeding
classes have 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 class is 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.
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interleave_switch[i][j]

class_optional

number_of_bits_for_length[i][j]

class_length[i][j]

class_rate[i][j]

class_crclen[i][j]

class_reordered_output

class_output_order][i][j]

header_protection

header_rate, header_crclen

rs_fec_capability

rs_ep_frame()
rs_parity_bits

ep_frame()

ep_header()
ep_encoded_classes()
interleaved_frame_mode1

interleaved_frame_mode2
stuffing_bits
choice_of_pred

choice_of_pred_parity
class_attrib_parity
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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 as the
number of bits within the current class if ( fec_type == 0 ), but same as the number
of bytes wihtin the current class if ( fec_type==1 || fec_type == 2)

2 — interleaved with intraclass-interleaving: interleaving width is 28 if ( fec_type ==
0); but this value is reserved if ( fec_type == 1 || 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 2N
predefinition sets, where N equals the number of optional classes.(See subclause
1.8.4.2)

This field exists only when the length_escapeli][j] is 1. This value shows the
number of bits for the class length in-band signaling. This value should be set
considering possible maximum length of the class. The value 0 indicates the “until
the end” functionality (see subclause 1.8.4.1).

This field exists only when the length_escapeli][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_escape[i][j] is 0. In case fec_typelil[j] is O,
this value shows the SRCPC code rate of the j-th class in i-th pre-defined set,
which is the fixed value while the transmission. The value from 0 to 24 corresponds
to the code rate from 8/8 to 8/32, respectively. In case fec_typelil[j] is 1 or 2, this
value shows the number of erroneous bytes which can be corrected by RS code
(see subclause 1.8.4.7). All the classes which is signaled to be concatenated with
fec_typeli][j] shall have the same value of class_rate[i][j].

This field exists only when the crclen_escape][i][j] is 0. This value shows the CRC
length of the j-th class in i-th pre-defined set, which is the fixed value while the
transmission. The value should be 0 — 18, which represents CRC length 0, 1, 2, 3,
4,5,6,7,8,9,10,11, 12, 13, 14, 15, 16, 24 or 32. (See subclause1.8.4.5)

If this value is “1”, the classes output from ep decoder is re-ordered. If “0”, no such
processing is made. See subclause 1.8.4.9.

This field only exists when class_reordered_output is set to “1”, to signal the order
of the class after re-ordering. The j-th class of i-th pre-defined 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 of basic
set of FEC, and 1 indicates the use of extended header error protection, as defined
in subclause 1.8.4.3. 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_crclen[i][j]
respectively, while these error protection is utilized for the protection of header part.
This field indicates the correction capability of SRS code to protect the whole frame
(see subclause1.8.4.7). This capability is given as number of erroneous bytes that
can be corrected. The value “0” indicates SRS is not used.

Reed-Solomon error protected frame that is applied Reed-Solomon code.

The Reed-Solomon parity bits for ep_frame(). See subclause 1.8.4.7.

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.

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.
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class_attrib() Attribution information for each class

class_bit_count[j] 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.

class_code_rate[j] The coding rate for the audio data belonging to the class, as defined in the table
below. This field only exists in case the rate_escape in out-of-band information is 1
(escape).

Table 1.34 — The coding rate for the audio data belonging to the class

Codeword 000 001 010 011 100 101 110 111
Puncture 8/8 8/11 8/12 8/14 8/16 8/20 8/24 8/32
Rate

Puncture FF,00 | FF,A8 | FF,AA | FF,EE | FF,FF | FF,FF | FF,FF | FF, FF
Pattern 00,00 | 00,00 | 00,00 00, 00 00,00 | AA,00 | FF,00 | FF,FF

class_crc_count[j] The number of CRC bits for the audio data belonging to the class, as defined in the
table below. This field only exists in case the crclen_escape in out-of-band
information is 1 (escape).

Table 1.35 — The number of CRC bits for the audio data belonging to the class

Codeword | 000 | 001 | 010 | 011 | 100 | 101 | 110 | 111
CRC bits 0 6 8 10 12 14 16 32

num_stuffing_bits the number of stuffing bits for the EP frame octet alignment. This field only exists in
case the bit_stuffing in out-of-band information is 1.
ep_encoded_class[j] CRC/SRCPC encoded audio data of j-th class.Note that if class_bit_count[j] == 0,

audio data of j-th class is not encoded by CRC/SRCPC/SRS.
1.8.4Tool description

1.8.4.1 Out-of-band information

The content of out-of band information is represented by means of ErrorProtectionSpecificConfig(). Some
configuration examples are provided in Annex 1.B.

The length of the last class can be specified to last “until the end”. In MPEG-4 Systems, the systems layer
guarantees the audio frame boundary by mapping one audio frame to one access unit. Therefore, the length of the
“until the end” class can be calculated from the length of other classes and the total EP-encoded audio frame
length.

The flag class_optional might be used to reduce the redundancy within ErrorProtectionSpecificConfig(). However,
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 2N 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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« Each pre-defined set expands 2"°°! pre-defined sets, where NCO[i] is the number of classes with

(class_optional == 1) in i-th original pre-defined set. Hereafter, any class with (class_optional == 1) is
referred to as optClass.

 These expanded pre-defined sets start from “all the optClasses don’t exist” to “all the optClasses

exists”.
Algorithm:
transPred = 0;
for (i =0; i <nPred; i++) { /* for all predefinition sets */
for (j =0; j <pow( 2, NCJi] ); j++) { [/* unwaping */
for ( k =0; k < NCqi]; k++ ) { /* for all optional classes */
if (] & ( Ox01 << k) ) {
opt G assExi sts[k] = 1;
}
el se {
opt C assExi sts[k] = O;
}

Defi neTransPred(transPred, i,
transPred ++;

opt Cl assExi sts);

where,

optClassExists[k] signals whether k-th optClass of the pre-defined set exists (1) or not (0) in the defining new
pre-defined set.

DefineTransPred ( transPred, i, optClassExists) defines transPred-th new pre-defined set used for the
transmission. This new pre-defined set is a copy of i-th original pre-defined set, except it don’t
have optClasses whose optClassExists equals to 0.

Example

ErrorProtectionSpecificConfig() defines pre-defined sets as follows:

Table 1.36 — The example of pre-defined set

Pred #0 Pred #1

Class A | class optional = 1 Class E | class_optional =1
Class B class optional =0 Class F | class optional =0
Class C | class optional = 1

Class D | class optional =0

After the pre-processing described above, the pre-defined sets used for ep_frame() becomes as follows:

Table 1.37 — The example of pre-defined sets after the pre-processing

Pred #0 | Pred #1 Pred#2 | Pred#3 | Pred#4 | Pred #5
Class B Class A | Class B Class A | Class F Class E
Class D ClassB | ClassC | Class B Class F
ClassD | ClassD | Class C
Class D
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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:

* The choice of pre-defined set
*  The number of stuffing bits for byte alignment
» The class information which is not included in the out-of-band information

The EP decoder cannot decode the audio frame information without these parameters, and thus they have to be
error protected stronger than or equal to the other parts. On this error protection, the choice of pre-defined set has
to be treated differently from the other parts. This is because the length of the class information can be changed
according to which pre-defined set is chosen. For this reason, this parameter is FEC encoded independently from
the other parts. At decoder side, the choice of pre-defined set is decoded first, and then the length of the remaining
header part is calculated with this information, and decodes that.

The FEC applied for these parts are as follows:

Basic set of FEC codes:

Table 1.38 — Basic set of FEC codes for in-band information

Number of bit 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 - -

Npred_parity( or Nattrib_parity) = total number of bits — Number of bit to be protected
Note that Number of bit 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 in the same way as the class information. The SRCPC
code rate and the number of CRC bits are signaled. The encoding and decoding method for this is the same as
described below within the CRC/SRCPC description.
The generation polynomials for each FEC is as follows:
BCH(7,4):  x’+x+1
BCH(15,7):  x%+x"+x%+x"+1
Golay(23,12): X T+ x P+ x P +x+ 1

BCH(31,16): XXX O x PP X e x4+ 1

With these polynomials, the FEC (n, k) for /-bit information encoding is made as follows:

Calculate the polynomial R(x) that satisfies

M(x) x™ = Q(X)G(x) + R(x)
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M(x): Information bits. Highest order corresponds to the first bit to be transmitted

G(x): The generation polynomial from the above definition

This polynomial R(x) represents parity to choice_of_pred or class_attrib(), and set to choice_of_pred_parity or
class_attrib_parity respectively. The highest order corresponds to the first bit. The decoder can perform error
correction using these parity bits , while it is optional operation.

1.8.4.4 Concatenation functionality

EP tool has a functionality to concatenate several source coder frames to build up a new frame for the EP tool. In
this concatenation, the groups of bits belonging to the same class in the different source coder frames 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 number_of concatenated frame in
ErrorProtectionSpecificConfig(), 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 illustrated in Figure 1.7.

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 L Input frame 2 R Input frame N

Class0/1|Class1/1}e #|ClassM/1||Class0/2|Class1/2|® e|ClassM/2pe/ClassO/N |Class1/N p aClassM/N

¥ Concatenate  class by
Frame after Concatenation

»

ClassO/N [Class1/1|Class1/2|® ¢|Class1/N pe|ClassM/1|ClassM/2» ¢ClassM/N

Class0/1|Class0/2|e

< > > > — > /> «—>

<

Treat as single Treat as independent Treat as independent
(concatenate_flag[i][0]=1) (concatenate_flag[i][1]=0) (concatenate_flag[il[M]=0)
l Class restructuring
Oclass0 Oclass1 |Oclass2 |® ¢|OclassN ®e|Oclass [Oclass p ¢Oclass(P
P[M] (PIM]+1) | [M]+N-1)

Pm] J=<2m 1if concatenate_flagl[i][j] == 1
i=0 Nif concatenate_flag[i][j] == 0

*Oclass: Output class to be proceed for CRC/FEC

Figure 1.7 — Concatenation procedure

1.8.4.5CRC

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 CRCT:  x+1
2-bit CRC CRC2:  x’+x+1
3-bit CRC CRC3:  x’+x+1
4-bit CRC CRC4:  x*+x’+x*+1

5-bit CRC CRC5:  x’+x*+x°+x+1
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6-bit CRC CRC6 :  X*+x*+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
10-bit CRC CRC10 : x"%+x°+x°+x*+x+1
11-bit CRC CRC11 : X" +x"%+x* +x*+x+1
12-bit CRC CRC12 : x"*+x" T +x°+x°+x+1

ISO/IEC 14496-3:2001(E)

13-bit CRC CRC13 : x"*+x"?+x” +x%+x°+x* +x*+1
14-bit CRC CRC14 : x"*+x"%+x° +x*+x°+1

15-bit CRC CRC15 : x"*+x"*+x" +x"%+x" +x°+x*+1
16-bit CRC CRC16 : x"®+x"*+x°+1

24-bit CRC CRC24 : X**+x**+x%+x°+x+1

32-bit CRC CRC32 : x**+xP+x*+xP2+x"C+x 2 4x" +x 04+ x%+x" +x°+x* +x* +x+1
With these polynomials, the CRC encoding is made as follows:

Calculate the polynomial R(x) that satisfies
M(x)xX* = 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
k: The number of CRC bits.
With this polynomial R(x), the CRC encoded bits W(x) is represented as:

W(x) = M(x)x" + R(x)
Note that the value k should be chosen so that the number of CRC encoded bits does not exceed 2.

Using these CRC bits, the decoder should perform 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. See the informal annex (example of error concealment).

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.

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.
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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 1.8.

1

WVt
H H
’L d; /'y 7'
U > o 1 o 2 o3 o 4
> P\m, =u,.;Udy m;=u.,di "mg=u30d s i‘ my :ut—4[:|dt—4l
2
& D ;Vt( )
y v v T 3
B B B
v v .4
IJLI (| 1 ‘Vt( )
| - |_| |_' Ll

Figure 1.8 — Shift register realization for systematic recursive convolutional encoder

To obtain the output vectors v;at each time instant ¢, one has to know the content of the shift registers m/, mtz,
m¢’, m; (corresponds to the state) and the input bit u;at time t.

We obtain the output v; @ Vi ® and Vi @
vi?=m! om0 (uOd)
v=mfomPomé o (uCd)
vi=mfomPom! 0 (uCd)
with
d=m’omZom m®=u.0dy ms=us 0des MZ=Ueo [ 0io, My = Uy [ dyq

Finally we obtain for the output vector v; = (vt(”, v,(z), vt(‘?), v,(")) at time t depending on the input bit u; and the current
state m;= (m,’, mé, m¢, m{’):

Vi = u,

Vt(2)=mt4ﬂmt3ﬂ (U[Ddt)=mtsﬂmt2ﬂmt1ﬂ Ut
Vi®=m!Omé Omé 0 (u 0d)=m O0m{ 0 u,
Vi=m! Oom’ Om! 0 (uOd)=m Omé 0 u

with m, = (m,", m;>, m;*>, my*)=(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

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,_; is given in Table 1.39. The receiver may use these tail bits (TB) for additional error detection.
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The appendix (u,.3, Un.o, Up.1 U,) to the information sequence can be calculated with the following condition:

for all t with n-3<t<n:u; [Jd; =0

Hence we obtain for the tail bit vector u’=(U,.s, Up.s, Un.1, U,) depending on the state m,.s =(My.3', Mn.3>, Mps>s Mn.3")

Up3 = dn-3 = mn-34ﬂ mn-SZD mn-31

Up2 = dn-2 = mn-24ﬂ mn—ZZD mn-21= rnn-33 0 mn-31ﬂ 0= mn-33ﬂ mn-31
Up1 = dn-1 = mn-14ﬂ mn—135 mn-12= rnn-32D 000= rnn-32

Uy =dp =my3'0000=mys

Table 1.39 - Tail bits for systematic recursive convolutional code

4 3 2 1

state Mp.3 Mp-3 Mp.3 Mp-3 Un-3 Un-2 Un-1 U,
Mns
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 are listed

in Table 1.40.

Table 1.40 — Puncturing tables (all values in hexadecimal representation)

Rate r

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

£.0)

FF

FF| FF | FF | FF | FF | FF | FF | FF | FF | FF

FF

FF

£(1)

00

80 | 88 A8 AA | EA EE FE FF FF FF

FF

FF

F.(2)

00

00 | 00 00 00 00 00 00 00 80 88

A8

£®)

00

00 | 00 00 00 00 00 00 00 00 00

00

00

Rate r

8/21 | 8/22 | 8/23 | 8/24 | 8/25 | 8/26 | 8/27 | 8/28 | 8/29 | 8/30

8/31

8/32

£.(0)

FF | FF | FF | FF | FF | FF | FF | FF | FF | FF

FF

FF

£ (1)

FF | FF | FF | FF | FF | FF | FF | FF | FF | FF

FF

FF

£@)

EA EE FE FF FF FF FF FF FF FF

FF

FF

F.(3)

00 00 00 00 80 88 A8 AA EA EE

FE

FF
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The puncturing is made with the period of 8, and each bit of Pr(i) indicates the corresponding vt(i) from the SRC
encoder is punctured (not transmitted) or not (transmitted). Each bit of Pr(i) is used from MSB to LSB, and 0/1
indicates not-punctured/punctured respectively. The code rate is a property of the class, thus the choice of the table
is made according which class the current bit belongs to. After this decision which bits from vi(i) is transmitted, they
are output in the order from vt(0) to vt(3).

1.8.4.6.4 Decoding process of SRCPC code

At the decoder, the error correction should be performed using this SRCPC code, while it is the optional operation
and the decoder may extract the original information by just ignoring parity bits.

Decoding of SRCPC can be achieved using Viterbi algorithm for the punctured convolutional coding.

1.8.4.7 Shortened Reed-Solomon codes

Shortened RS codes RS(255-/, 255-2k-I) defined over GF(28) is used to protect EP encoded frame or to protect
each class. Here, k is the number of correctable errors in one RS codeword. / is for the shortening.

First, the EP encoded frame is divided into N parts, so that its length is less than or equal to (255-2k) octets. This
division is made from the beginning of the frame so that the length of the sub-frame becomes (255-2k) octets,
except the last part. Then for each of N sub-frames, the parity digits are calculated. For the transmission, these N
parity digits are appended at the end of the EP frame. This process is illustrated in Figure 1.9.

8(255-2k) : 8(255-2k) 8(255-2k)

A
.Y
A
Y
A
b

RS Parity RS Parity RS Parity
1 2 3

Frame to be transmitted

) (2) 3)

Figure 1.9 — RS encoding of EP frame

In case RS code is used for EP for whole frame, the correction capability of SRS code t is transmitted within the
out-of-band information as rs_fec_capability. This value can be selected as an arbitrary integer value satisfying
0<2k<254. The SRS code defined in the Galois Field GS(28) is generated from a generator polynomial g(x) = (x-
a)(x-a°)x-a*), where a denotes a root of the primitive polynomial m(x)=x>+x"+x>+x’+1. The binary representative
of d is shown in the Table 1.41 below, where the MSB of the octet is transmitted first.

Table 1.41 — Binary representation for a’ (0 <i < 254 ) over GF(2°)

a | binaryrep. 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 | a™ | 01100100
a’ | 00010000 | a®® | 10011001 [[ a™ | 10111000 | a™° | 11001000
a> | 00100000 | a* | 00101111 || a™° | 01101101 | a™" | 10001101
a® | 01000000 | a™ | 01011110 || a™ | 11011010 | a™° | 00000111
a’” | 10000000 | a”" | 10111100 |[[ a™ | 10101001 | a™ | 00001110
a® | 00011101 | a | 01100101 [[ a™® | 01001111 | a®® | 00011100
a’ | 00111010 | a”™ | 11001010 || a™" | 10011110 | a®' | 00111000
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a° | 01110100 [| a” | 10001001 | a™° | 00100001 | a** | 01110000
a' | 11101000 || a”™ | 00001111 | a™>° | 01000010 | a° [ 11100000
a‘ | 11001101 [ a”™ | 00011110 | a'* | 10000100 | a°>* | 11011101
a° | 10000111 || a”” | 00111100 | a'*' | 00010101 | a°™ | 10100111
a | 00010011 | a” | 01111000 | a" | 00101010 | a°® | 01010011
a” | 00100110 | a” | 11110000 | 2™ | 01010100 [ a*°" | 10100110
a® | 01001100 | a®* | 11111101 | @™ | 10101000 | a°® | 01010001
a’” | 10011000 | a®" | 11100111 | a™ | 01001101 [ a°” | 10100010
a® | 00101101 | a* | 11010011 | &' | 10011010 | a°° | 01011001
a” | 01011010 | a®* | 10111011 | a™" | 00101001 [ a°"" | 10110010
a” | 10110100 | a®* | 01101011 | a'® | 01010010 | a°"* | 01111001
a” | 01110101 | a® | 11010110 | @™ | 10100100 [ a°" | 11110010
a” | 11101010 [[ a® | 10110001 || a™ | 01010101 | a°™* | 11111001
a” | 11001001 || a® | 01111111 || a™' | 10101010 | a°° [ 11101111
a” | 10001111 | a® | 11111110 | a™ | 01001001 | a°° | 11000011
a” | 00000011 || a® | 11100001 | a™> | 10010010 | a°'* | 10011011
a” | 00000110 || a> | 11011111 || a> | 00111001 | a°° | 00101011
a”’ | 00001100 || a” | 10100011 | a™> | 01110010 | a°° [ 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 || a® | 11100010 | a™ | 01110011 | a**° | 00001001
a” | 10011101 || a> | 11011001 || a™> | 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 [[ "' | 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
a” | 11010100 [ @™ | 00011010 | a™ | 11100101 | & | 11110011
a” | 10110101 [[ a™ | 00110100 | @' | 11010111 | a=* | 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 | @' | 11110001 | a** | 00001011
a’” | 00100011 [ a"" | 11001110 || @ | 11111111 | a*° | 00010110
a” | 01000110 [ a"* | 10000001 || @' | 11100011 [ a**° | 00101100
a” | 10001100 [ a" | 00011111 || a"”" | 11011011 [ a**" | 01011000
a* | 00000101 [ @™ | 00111110 || a® | 10101011 [ a*** | 10110000
a> | 00001010 | a'™ | 01111100 | &' | 01001011 | a°* | 01111101
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 | = [ 01101100
a> | 11010010 [[ a° | 11000101 | a™*" | 11011100 | a=' [ 11011000
a® | 10111001 || a™* | 10010111 | a'>° | 10100101 | a*>* | 10101101
a® | 01101111 [ a | 00110011 | a'> | 01010111 | 2> | 01000111
a” | 11011110 || a® | 01100110 || a"° | 10101110 | a=* | 10001110
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In case RS is used for UEP for each class, this is indicated by fec_type in ErrorProtectionSpecificConfig(). The
SRS code shall be applied for each class, as the same manner with SRCPC encoding. One limitation for SRS code
is that it can only be applied for the class whose length is known with ErrorProtectionSpecificConfig() or
ep_header(), i. e. SRS code cannot be applied to the class whose length is defined as “Until the End”.

If the target information bits for SRS code are not byte-aligned, bits with value ‘0’ shall be added before SRS
encoding, and deleted before transmission. At the decoder side, if SRS decoding is performed, same number of
‘0’s should be added before SRS decoding procedure, and deleted again after SRS decoding.

The decoder should perform error correction using these parity bytes, while this is an optional operation and the
decoder may ignore these parity bytes added.

Before the SRS encoding, the EP frame is divided into sub-frames so that the length is less than or equal to 255-
2k. The length of sub-frames are calculated with as follows:

L: The length of EP frame in octet
N: The number of sub-frames
I The length of i-th sub-frame
N = minimum integer small than (L / (255-2k))
l; = 255-2k, for i<N
L mod (255-2k), fori= N
For each of these sub-frames, the SRS parity digits with length of 2k octets are calculated using g(x) as follows:
u(x): polynomial representative of a sub-frame. Lowest order corresponds to the first octet.
p(x): polynomial representative of the parity digits. Lowest order corresponds to the first octet.
p(x) = x* u(x) mod g(x)
The number of bits for rs_parity_bit is as follows:
Nrsparity = 8N

1.8.4.8 Recursive interleaving

The interleaving is applied in multi-stage manner. Figure 1.10 shows the interleaving method.
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I:l Protected bits
- Non-protected bits

Write Order

Figure 1.10 — One stage of interleaving

In the multistage interleaving, the output of this one stage of interleaving is treated as a non-protected part in the
next stage. Figure 1.11 shows the example of 2 stage interleaving.

3-bit Protected o
9-bit Protected EEEEEEEEE

63-bit non-Protected Emmmmmm S

1-ststage 2-ndstage  on Channel

Figure 1.11 — Example of multi-stage interleaving

By choosing the width W of the interleave-matrix to be the same as the FEC code length (or the value 28 in case of
SRCPC codes), the interleaving size can be optimized for all the FEC codes.

In actual case, the total number of bits for the interleaving may not allow to use such rectangular. In such case, the
matrix as shown in Figure 1.12 is used.
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Figure 1.12 — Interleave matrix in non-rectangular case

1.8.4.8.1 Definition of recursive interleaver
Two information streams are input to this interleaver, X;and Y.

X, 0<=i<l,

Y;, 0<=j<l,
where I, and /, is the number of bits for each input streams X; and Y, respectively. X;is set to the interleaving matrix
from the top left to the bottom right, into the horizontal direction. Then Y; is set into the rest place in vertical
direction.
With the width of interleaver W, the size of interleaving matrix is shown as Figure 1.13. Where,

D=(lk+1)/ W

d=hL+1l,-D*W

Where ‘/’ indicates division by truncation.

Figure 1.13 — The size of interleaving matrix
The output bitstream Z, (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:
k=m*D+min(m,d)+n
In the matrix, X;is set to

m=imod W, n=ilW,
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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 1.14 where:
D=IL/W

d=L,-D*W

T

a

Figure 1.14 — 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, set by Y; is
represented as follows:

Set j to O;
for m=0to D1 {
for k =m* D+ mMn(m d) +D + (m<d ?1: 0) to (ml) * D+ mn(ml, d) - 1 {
Zk:Y,?
o+
}
}

1.8.4.8.2 Modes of interleaving
Two modes of interleaving, mode 1 and mode 2 are defined in the following subclauses.

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, and then 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 1.15.

X
Header > Output
Y Interleaver
X >
»
Class 0 "| Interleaver
Y
X
Class 1
Interleaver
ﬁ
Class 2

Figure 1.15 — Interleaving process of mode1 specification
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1.8.4.8.2.2 Interleaving operation in mode 2

In mode 2, a flag indicates whether the class is processed with interleaver, and how it is interleaved. This flag
interleave_switch is signaled within the out-of-band information. The value 0 indicates the class is not processed 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 1.16 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.

Class Information RS Parity

>

I Write Direction for SRS encoded Class Information

A

Figure 1.16 — Interleaving matrix in RS encoded class case
The interleaving process to obtain interleaved_frame_mode2 is as follows (N: number of classes):

clear buffer BUF_NO /* Buffer for non-interleaved part. */
clear buffer BUF.Y /* Buffer for Y input in the next stage */

for j =0to N1 {
if (interleave_switch[i][j] == 3) {
concat enate ep_encoded_cl ass[j] at hte end of BUF_NO;
}

}
set BUF_NO into BUF_Y;
cl ear buffer BUF_NO
for j = N1to O {
if (interleave_switch[i][j] == 0) {
concatenate ep_encoded_class[j] at the end of BUF_NQ
} elseif ( interleave_switch[i][j] != 3){
if (interleave_switch[i][j] == 1) {
set the size of the interleave window to be the I ength of ep_encoded_class[j];
} elseif (interleave_switch[i][j] == 2 ) {
set the size of the interleave wi ndow to be 28;
}

i nput ep_encoded_class[j] into the recursive interleaver as X input;

input BUF_Y into the recursive interleaver as Y input;
set the output of the interleaver into BUFY;

60 © ISO/IEC 2001— All rights reserved



ISO/IEC 14496-3:2001(E)

concatenate BUF_NO at the end of BUFY;

input class_attrib() followed by class_attrib_parity into the recursive interleaver as X

i nput ;

input BUF_Y into the recursive interleaver as Y input;

set the output of the interleaver into BUFY;

i nput choice_of _pred foll owed by choice_of _pred _parity into the recursive interleaver as X
i nput ;

input BUF_Y into the recursive interleaver as Y input;

set the output of the interleaver into BUFY;

set BUF_Y into interl eaved_franme_node2;

Interleave Switch ? (0: No interleaving, 1:Inter without Intra, 2: Inter with Intra)

X

X v Interleaver > Output

»!

Header *1

Header *2

g
Y | Interleaver
™l W=code

W=code len(Header FEC)
2| Class 1 > len(Header FEC)

X Interleaver
1| Class 2 >
Y Interleaver >
Y

0| Class 0

W=28

0| Class 3
W=code
3| Class 4 len(class 2
Concatenate-

Concatenate
3 Class 5 (| 2

L

i

Concatenat:

*1 First part of Header:  class_attrib() followed by class_attrib_parity
*2 Second part of Header : choice_of_pred followed by choice_of pred_parity

Figure 1.17 — Interleave process with class-wise control of interleaving

The width of interleave matrix is chosen according to the FEC used. In case block codes are used, i.e. In-band
information is protected with “Basic set of FEC codes” as shown in Table 1.38, the length of the codeword is used
as this width (see subclause 1.8.4.3). In case the RCPC code is used, 28-bit is used as this width.

1.8.4.9 Class reordered output

EP tool has a function to re-order the class output to the audio decoder, in order to align the bitstream order as
defined for that codec, independently from the EP tool configuration and audio encoder to EP tool interface. Note
that this interface is out of the scope of this specification, and is up to the implementation, while the interface to the
audio decoder shall be aligned to the standard bitstream to avoid additional signaling from the encoder side.

The order of the class after this re-ordering is signaled as class_output_order]i][j] in the out-of-band information.

The ep decoder re-orders the classes in the EP frame transmitted using i-th pre-defined set, so that the j-th class of
EP frame is output as (class_output_order[i][j])-th class when output to the audio decoder.
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Annex 1.A
(informative)

Audio Interchange Formats

1.A.1 Introduction

The full capabilities and flexibility of MPEG-4 Audio, like the composition of audio scenes out of multiple audio
objects, synthetic audio, and text to speech conversion, is available only if MPEG-4 Audio is used together with
MPEG-4 Systems (ISO/IEC-14496-1). The interchange formats, defined in here in Annex A, only support a small
subset of the capabilities of MPEG-4 Audio, by defining formats for the storage and transmission of a single mono

or stereo or multi-channel audio object, very similar to the formats defined in MPEG-1 and MPEG-2.

As already stated in the introduction to subpart 1, the normative elements in MPEG-4 Audio end with the definition
of the payloads (roughly equivalent to a bitstream frame in MPEG-1 and MPEG-2), and the coder configuration
structures (resembling the MPEG-1/2 header information). However, there is no normative definition in MPEG-4
Audio how these elements are multiplexed, as this is required only for a limited number of applications.
Nevertheless, this informative annex describes such a multiplex. However, MPEG-4 decoders are not obliged to

comply to these interface formats.

1.A.2 Interchange format streams

1.A.2.1 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()
raw_data_stream()
}
Table 1. A.2 — Syntax of adif _header()
Syntax No. of bits Mnemonic
adif_header()
{
adif_id 32 bslbf
copyright_id_present 1 bsibf
if( copyright_id_present )
copyright_id 72 bslbf
original_copy 1 bslbf
home 1 bsibf
bitstream_type 1 bsibf
bitrate 23 uimsbf
num_program_config_elements 4 bsibf
for (i=0;i<num_program_config_elements + 1; i++ ) {
if( bitstream_type ==‘0")
adif_buffer_fullness 20 uimsbf

62 © ISO/IEC 2001— Al rights reserved




ISO/IEC 14496-3:2001(E)

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()
byte alignment()

1.A.2.2 Audio_Data_Transport_Stream frame, ADTS

Table 1. A.4 — Syntax of adts_sequence()

Syntax No. of bits

Mnemonic

adts_sequence()

{

while (nextbits()==syncword) {
adts_frame()

}

Table 1. A.5 — Syntax of adts_frame()

Syntax No. of bits

Mnemonic

adts_frame()
{
byte_alignment()
adts_fixed_header()
adts_variable_header()
adts_error_check()
for(i=0; i<no_raw_data_blocks_in_frame+1; i++) {
raw_data_block()

}

1.A.2.2.1 Fixed Header of ADTS

Table 1. A.6 — Syntax of adts_fixed_header()

Syntax No. of bits

Mnemonic

adts_fixed header()
{

Syncword

ID

Layer
protection_absent
Profile_ObjectType

N =N = =
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sampling_frequency_index 4 uimsbf
private_bit 1 bslbf
channel_configuration 3 uimsbf
original/copy 1 bslbf
home 1 bslbf
Emphasis 2 bslbf
}
1.A.2.2.2 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 bslbf
copyright_identification_start 1 bslbf
aac_frame_length 13 bslbf
adts_buffer_fullness 1 bslbf
no_raw_data_blocks_in_frame 2 uimsbf
}
1.A.2.2.3 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
}

1.A.3 Decoding of interface formats

1.A.3.1 Audio_Data_Interchange_Format (ADIF)

1.A.3.1.1 Definitions: Bitstream elements for ADIF:

64

adif_sequence(): A sequence according to the Audio_Data_Interchange_Format (Table 6.1).

adif_header(): Header of the Audio_Data_Interchange_Format located at the beginning of an adif_sequence
(Table 6.2).

adif_id: ID that indicates the Audio_Data_Interchange Format. Its value is 0x41444946 (most significant bit
first), the ASCII representation of the string ,ADIF“ (Table 6.2).

copyright_id_present: Indicates whether copyright_id is present or not (Table 6.2).

copyright_id: The field consists of an 8-bit copyright_identifier, followed by a 64-bit copyright number (Table
6.2). The copyright identifier is given by a Registration Authority as designated by SC 29. The
copyright_number is a value which identifies uniquely the copyrighted material. See ISO/IEC 13818-3,
subclause 2.5.2.13.

original_copy: See ISO/IEC 11172-3, subclause 2.4.2.3 definition for copyright.

home: See ISO/IEC 11172-3, subclause 2.4.2.3 definition for original/copy.
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» bitstream_type: A flag indicating the type of a bitstream (Table 6.2): ‘0’ constant rate bitstream. This bitstream
may be transmitted via a channel with constant rate ‘1’ variable rate bitstream. This bitstream is not designed
for transmission via constant rate

» bitrate: A 23 bit unsigned integer indicating either the bitrate of the bitstream in bits/sec in case of constant rate
bitstream or the maximum peak bitrate (measured per frame) in case of variable rate bitstreams. A value of 0
indicates that the bitrate is not known (Table 6.2).

* num_program_config_element: Number of program config elements specified for this adif _sequence().

« adif_buffer_fullness: State of the bit reservoir after encoding the first raw_data_block() in the adif_sequence.
It is transmitted as the number of available bits in the bit reservoir.

« program_config_element(): Contains information about the configuration for one program. See subpart 4 for
the definition.

» raw_data_block(): Defined in subpart 4.

1.A.3.1.2 Description

The raw_data_block() contains all data which belongs to the audio (including ancillary data). Beyond that,
additional information like sampling frequency is needed to fully describe an audio sequence. The
Audio_Data_Interchange_Format (ADIF) contains all elements that are necessary to describe a bitstream
according to this standard.

The Audio_Data_Interchange_Format (ADIF) contains one header at the start of the sequence followed by a
raw_data_stream (). The raw_data_stream() may not contain any further channel_configuration_elements.

As such, the ADIF is useful only for systems with a defined start and no need to start decoding from within the
audio data stream, such as decoding from disk file. It can be used as an interchange format in that it contains all
information necessary to decode and play the audio data.

1.A.3.2 Audio_Data_Transport_Stream (ADTS)

1.A.3.2.1 Definitions: Bitstream elements for ADTS:

» original_copy: See ISO/IEC 11172-3, subclause 2.4.2.3 definition for copyright.

* home: See ISO/IEC 11172-3, subclause 2.4.2.3 definition for original/copy.

» adts_sequence(): A sequence according to Audio_Data_Transport_Stream ADTS (Table A.4).

« adts_frame(): An ADTS frame, consisting of a fixed header, a variable header, an optional error check and a
specified number of raw_data_blocks() (Table A.5).

» adts_fixed_header(): Fixed header of ADTS. The information in this header does not change from frame to
frame. It is repeated every frame to allow random access into a bitstream bitstream (Table A.6).

» adts_variable_header(): Variable header of ADTS. This header is transmitted every frame as well as the fixed
header, but contains data that changes from frame to frame (Table A.7).

e adts_error_check(): CRC error detection data generated as described in ISO/IEC 11172-3, subclause 2.4.3.1.

The following bits are protected and fed into the CRC algorithm in order of their appearance:
all bits of the headers
first 192 bits of any
single_channel_element (SCE)
channel_pair_element (CPE)
coupling_channel_element (CCE)
low frequency enhancement channel (LFE).
In addition, the first 128 bits of the second individual_channel_stream in the channel pair_element must be
protected. All information in any program configuration element or data element must be protected. For any
element where the specified protection length of 128 or 192 bits exceeds its actual length, the element is zero
padded to the specified protection length for CRC calculation.

Note that “all bits of the header” refers to the bits in the adts_fixed _header and adts_variable header; that the
id_syn_ele bits shall be excluded from CRC protection, and that if the length of a CPE is shorter than 192 bits, zero
data are appended to achieve the length of 192 bits. Furthermore, if the first ICS of the CPE ends at the Nth bit
(N<192), the first (192 — N) bits of the second ICS are protected twice. For example, if the second ICS starts at the
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190th bit of CPE, the first 3 bits of the second ICS are protected twice. Finally, if the length of the second ICS is
shorter than 128 bits, zero data are appended to achieve the length of 128 bits.

66

byte alignment(): If called from within a raw_data_block then align with respect to the first bit of the
raw_data_block, else align with respect to the first bit of the header.

syncword: The bit string ‘1111 1111 1111’. See ISO/IEC 11172-3, subclause 2.4.2.3.

ID: MPEG identifier, set to ‘1’ if the audio data in the ADTS stream are MPEG-2 AAC (See ISO/IEC 13818-7)
and set to ‘0’ if the audio data are MPEG-4. See also ISO/IEC 11172-3, subclause 2.4.2.3.

layer: Indicates which layer is used. Set to ‘00’. See ISO/IEC 11172-3, subclause 2.4.2.3.

protection_absent: Indicates whether error_check() data is present or not. Same as syntax element
‘protection_bit" in ISO/IEC 11172-3, subclause 2.4.1 and 2.4.2.

profile_ObjectType: The interpretation of this bitstream 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 ADTS stream defined in ISO/IEC
13818-7. If ID is equal to ‘0’ this element denotes the MPEG-4 Audio Object Type according to the table
defined in subclause 5.1.1.

Table 1. A.9 — MPEG-2 Audio profiles and MPEG-4 Audio object types

»  MPEG-2 profile (ID == 1) »  MPEG-4 object tvpe (ID ==0)
»  Main profile + AAC Main

*  Low Complexity profile (LC) « AACLC

»  Scalable Sampling Rate profile (SSR) + AACSSR

»  (reserved) « AACLTP

sampling_frequency_index: Indicates the sampling frequency used according to the table defined in
subclause 6.2.2.
sampling_frequency: Integer value of the sampling frequency used.
private_bit: See ISO/IEC 11172-3, subclause 2.4.2.3.
channel_configuration: Indicates the channel configuration used. If channel_configuration is greater than 0,
the channel configuration is given by Table 6.3, see subclause 6.3.4. If channel_configuration equals 0, the
channel configuration is not specified in the header and must be given by a program_config_element following
as first bitstream element in the first raw_data_block after the header, or by the implicit configuration (see
subpart 4) or must be known in the application.
copyright_identification_bit: One the bits of the 72-bit copyright identification field (see copyright_id above).
The bits of this field are transmitted frame by frame; the first bit is indicated by the copyright_identification_start
bit set to ‘1. The field consists of an 8-bit copyright_identifier, followed by a 64-bit copyright_number. The
copyright identifier is given by a Registration Authority as designated by SC29. The copyright_number is a
value which identifies uniquely the copyrighted material. See ISO/IEC 13818-3, subclause 2.5.2.13.
copyright_identification_start: One bit to indicate that the copyright_identification_bit in this audio frame is
the first bit of the 72-bit copyright identification. If no copyright identification is transmitted, this bit should be
kept '0".

'0" no start of copyright identification in this audio frame

1" start of copyright identification in this audio frame
See ISO/IEC 13818-3, subclause 2.5.2.13.
aac_frame_length: Length of the frame including headers and error_check (Table A.8) in bytes.
adts_buffer_fullness: State of the bit reservoir after encoding the first raw_data_block() in the ADTS frame. It
is transmitted as the number of available bits in the bit reservoir divided by the number of audio channels
divided by 32 and truncated to an integer value. A value of hexadecimal 7FF signals that the bitstream is a
variable rate bitstream. In this case, buffer fullness is not applicable.
no_raw_data_blocks_in_frame: A field indicating how many raw data blocks are multiplexed
(number_of raw_data_blocks_in_frame+1). The minimum value is O indicating 1 raw_data_block() (Table 1.
A.7).
data_available(): Function that returns ‘1’ as long as data is available, otherwise ‘0’ (Help elements).
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1.A.3.2.2 Description

The raw_data_block() contains all data which belongs to the audio (including ancillary data). Beyond that,
additional information like sampling_frequency is needed to fully describe an audio sequence. 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.

The Audio_Data_Transport_Stream (ADTS) is similar to syntax used in ISO/IEC 11172-3 and 13818-3. This will be
recognized by ISO/IEC 11172-3 decoders as a “Layer 4” bit-stream.

The fixed header of the ADTS contains the syncword plus all parts of the header which are necessary for decoding
and which do not change from frame to frame. The variable header of the ADTS contains header data which
changes from frame to frame.

The ADTS only supports a raw_data_stream() with only one program. The program may have up to 7 channels
plus an independently switched coupling channel.
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Annex 1.B
(informative)

Error protection tool

Text file format of out-of-band information, and its example for AAC, Twin-VQ, CELP, and HVXC are presented. In
addition, the example of error concealment is presented.

1.B.1 Text format of out-of-band information

The ASCII text representation of out-of-band information is as follows.

/* BEG N */
printf(“%l\n”, nunber_of predefined_set);
printf(“%l\n”, interleave_type);
printf(“%l\n”, bit_stuffing);
printf(“%l\n”, nunber_of concatenated_frane);
for(i=0; i<nunber_of_predefined_set; i++){
printf(“%l\n”, nunber_of _class[i]);
for(j=0; j<nunmber_of_class[i]; j++){

printf(“% % % % %\n", |length_escape[i][j], rate_escape[i][j], crclen_escape[i][j]
, concatenate_flag[i][j], fec_type[il[j]);
if( fec_type[i][j] == 0)

printf(“%\n”, termnation_switch[i][j] )

if(interleave_type == 2)

printf(“%\n”, interleave_switch[i][]j]);
printf(“%l\n“, class_optional) ;

i f(length_escape[i][j] == 1) /* ESC */
printf(“%l\n”, nunber_of bits for_lentgh[il[j]);
C */

el se /* not ES
printf(“%l\n”, class_length[i][j]);

if(rate_escape[i][j] '= 1) /* not ESC */
printf(“%\n", class_rate[i][j]);

if(crclen_escape[i][j] !'= 1) /* not ESC */

printf(“%l\n”, class_crclen[i][j]);

printf(“%l\n”, class_reordered_output);
if (class_reordered_output ==1){
for(j=0 ; j<number_of _class[i] ;j++){
printf(“%l\n”, class_output_prder[i][j])

}
printf(“%l\n”, header_protection);
i f( header_protection == 1){
printf(“%l\n”, header_rate);
printf(“%l\n”, header_crclen);
}
printf(“%\n”, rs_fec_capability);

/* END */
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1.B.2 Example of out-of-band information

1.B.2.1 Example for AAC

based on the error sensitivity category assignement described within the normative part, the following error
protection setup could be used, while sensitivity categories are directly mapped to classes. This example shows
just a simple setup using one channel and no extension_payload().

class length interleaving | SRCPC puncture rate | 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

1.B.2.2 Example for Twin-VQ
This subclause describes examples of the bit assignment of UEP to the Scalable Audio Profile (TwinVQ object).

Here two encoding modes, PPC (Periodic Peak Component) - enable mode and disable mode, are described.
Normally, encoder can adaptively select the PPC switch, but we force the switch always ON or always OFF in this
experiment. If PPC is ON, 43 bits are assigned to quantize periodic peak components and these bits should be
protected as side information.

For each mode we show bit assignment of four different bitrates, 16 kbit/s mono, 32 kbit/s stereo, 8 kbit/s + 8 kbit/s
scalable mono and 16 kbit/s + 16 kbit/s stereo for each mode.

In all cases, error correction and detection tools are applied to only 10 % of bits for the 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 comparing with the original source rate is around 10 % in case of PPC switch is ON, and less
than 10% in case of the switch is OFF.

(A) PPC(Periodic Peak Component) enable version

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

/* number of predefined sets */

[* interleaving */

/* bitstuffing */

/* number_of_concatenated_frame */

/* number of classes */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 /* fec_type, termination_switch, class_optional */

121 /* bits used for class length (0 = until the end) */

4 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

8 /* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 [* fec_type, termination_switch, class_optional */

839 /* bits used for class length (0 = until the end) */

0 I* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 /* crc length */

000 /*class_reordered_output, header_protection, rs_fec capability */

N 2O
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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

/* number of predefined sets */

/* interleaving */

/* bitstuffing */

/* number_of_concatenated_frame */

/* number of classes */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 /* fec_type, termination_switch, class_optional */

238 /* bits used for class length (0 = until the end) */

4 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

10 /* crc length */

0000 /*length_esc, srcpe_esc, crc_esc, concatenate_flag */
000  /*fec_type, termination_switch, class_optional */
1682  /* bits used for class length (0 = until the end) */

0 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 /* crc length */

000 /*class_reordered_output, header_protection, rs_fec capability */

N 2O

8 kbit/s + 8 kbit/s scalable mono
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
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

/* number of predefined sets */

/¥ interleaving */

[* bitstuffing */

/* number_of_concatenated_frame */

/* number of classes */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000  /*fec_type, termination_switch, class_optional */

121 /* bits used for class length (0 = until the end) */

4 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

8 /* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 /* fec_type, termination_switch, class_optional */

359 /* bits used for class length (0 = until the end) */

0 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 /* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000  /*fec_type, termination_switch, class_optional */

AR aAaO -~

72 /* bits used for class length (0 = until the end) */
4 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
8 [* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */

000 /* fec_type, termination_switch, class_optional */

408 /* bits used for class length (0 = until the end) */

0 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 /* crc length */

000  /*class_reordered_output, header_protection, rs_fec_capability */

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
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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
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/* number of predefined sets */

[* interleaving */

[* bitstuffing */

/* number_of_concatenated_frame */

/* number of classes */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 /* fec_type, termination_switch, class_optional */

238 /* bits used for class length (0 = until the end) */

4 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

10 /* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 /* fec_type, termination_switch, class_optional */

722 /* bits used for class length (0 = until the end) */

0 I* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 /* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 [* fec_type, termination_switch, class_optional */

146 /* bits used for class length (0 = until the end) */

4 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

10 /* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 /* fec_type, termination_switch, class_optional */

814 /* bits used for class length (0 = until the end) */

0 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 /* crc length */

000 [* class_reordered_output, header_protection, rs_fec_capability */

[ QUL N L L N

(B)PPC disable version

16 kbit/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

/* number of predefined sets */

[* interleaving */

[* bitstuffing */

/* number_of_concatenated_frame */

[* number of classes */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 /* fec_type, termination_switch, class_optional */

N2 O

78 /* bits used for class length (0 = until the end) */
4 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
8 /* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */

000 [* fec_type, termination_switch, class_optional */

882 /* bits used for class length (0 = until the end) */

0 I* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 /* crc length */

000 /*class_reordered_output, header_protection, rs_fec capability */

* 32 kbit/s stereo
Class 1: 152 bit(fixed),SRCPC code rate 8/12, 10 bit CRC
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Class 2: 1768 bit(fixed),SRCPC code rate 8/8,no CRC

/* number of predefined sets */

/* interleaving */

/* bitstuffing */

/* number_of_concatenated_frame */

/* number of classes */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000  /*fec_type, termination_switch, class_optional */

152 /* bits used for class length (0 = until the end) */

4 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

10 /* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 /* fec_type, termination_switch, class_optional */
1768 /* bits used for class length (0 = until the end) */

0 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 [* crc length */

000 /*class_reordered_output, header_protection, rs_fec_capability */

N 2O

8 kbit/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

/* number of predefined sets */

/* interleaving */

[* bitstuffing */

/* number_of_concatenated_frame */

/* number of classes */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 /* fec_type, termination_switch, class_optional */

AR Ao~

78 /* bits used for class length (0 = until the end) */
4 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
8 [* crc length */

0000 /*length_esc, srcpe_esc, crc_esc, concatenate_flag */
000  /*fec_type, termination_switch, class_optional */

402 /* bits used for class length (0 = until the end) */

0 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 /* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */
000 /* fec_type, termination_switch, class_optional */

72 /* bits used for class length (0 = until the end) */
4 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
8 /* crc length */

0000 /*length_esc, srcpc_esc, crc_esc, concatenate_flag */

000  /*fec_type, termination_switch, class_optional */

408 /* bits used for class length (0 = until the end) */

0 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 [* crc length */

000 /*class_reordered_output, header_protection, rs_fec capability */

* 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
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ISO/IEC 14496-3:2001(E)

[ QUL N L G

0000
000
152

4

10
0000
000
808

0

0
0000
000
146

4

10
0000
000
814

0

[* number of predefined sets */

[* interleaving */

[* bitstuffing */

/* number_of_concatenated_frame */

/* number of classes */

[* length_esc, srcpc_esc, crc_esc, concatenate_flag */
[* fec_type, termination_switch, class_optional */

[* bits used for class length (0 = until the end) */

/* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

[* crc length */

/* length_esc, srcpc_esc, crc_esc, concatenate_flag */
[* fec_type, termination_switch, class_optional */

[* bits used for class length (0 = until the end) */

I* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

[* crc length */

[* length_esc, srcpc_esc, crc_esc, concatenate_flag */
[* fec_type, termination_switch, class_optional */

[* bits used for class length (0 = until the end) */

I* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

[* crc length */

/* length_esc, srcpc_esc, crc_esc, concatenate_flag */
[* fec_type, termination_switch, class_optional */

[* bits used for class length (0 = until the end) */

/* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

0 /*crclength */

0 0 0 /* class_reordered_output, header_protection, rs_fec_capability */

1.B.2.3 Example for CELP

The following tables provide an overview of the number of bit that are assigned to each error sensitivity category,
dependent on the configuration.

1.B.2.3.1 MPE-Narrowband Mode

Table 1. 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
17 4 190 9500 6 13 20 57 94
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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 12200 4 9 12 41 56
27 4 186 6200 6 13 20 49 98
28 reserved

29 reserved

30 reserved

31 reserved

1.B.2.3.2 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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Table 1. B.3 — Characteristic parameters for wideband CELP with RPE
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RPE Mode [subframes |Bit/frame |bitrate |ERCO0 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.2.4 Example for HVXC

* 2 kbit/s source coder
Class 1: 22bit(fixed), SRCPC code rate 8/16, 6 bit CRC
Class 2: 4 bit(fixed), SRCPC code rate 8/8,1 bit CRC
Class 3: 4 bit(fixed), SRCPC code rate 8/8,1 bit CRC
Class4: 10bit(fixed), SRCPC code rate 8/8,no CRC

I* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */

I* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */

/* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */

I* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */

1 I* number of predefined sets */

2 /* bit interleaving */

0 [* bitstuffing */

2 [* 2 frame concatenate */

4 [* number of classes */

00010020

22 /* bits used for class length (0 = until the end) */
8 I* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
6 /* crc length */

00000030

4 [* bits used for class length (0 = until the end) */
0 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
1 /* crc length */

00000030

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

10 /* bits used for class length (0 = until the end) */
0 I* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
0 /* crc length */

»  4kbit/s source coder

Class 1: 33bit(fixed),SRCPC code rate 8/16, 6bit CRC
Class 2: 22bit(fixed),SRCPC code rate 8/8, 6bit CRC
Class 3: 4bit(fixed),SRCPC code rate 8/8, 1bit CRC
Class 4: 4bit(fixed),SRCPC code rate 8/8, 1bit CRC
Class 5: 17bit(fixed),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

33 /* bits used for class length (0 = until the end) */
8 I* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */
6 /* crc length */

I* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */

© ISO/IEC 2001— Al rights reserved




ISO/IEC 14496-3:2001(E)

00010030
22

0

6
00000030
4

0

1
00000030
4

0

0
00010030
17

0

0

/* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */
/* bits used for class length (0 = until the end) */

/* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

/* crc length */

/* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */
/* bits used for class length (0 = until the end) */

/* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

/* crc length */

/* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */
/* bits used for class length (0 = until the end) */

/* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

/* crc length */

/* length_esc, srcpc_esc, crc_esc , concatenate, FEC type, No termination, interleave SW, class option */
/* bits used for class length (0 = until the end) */

/* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

/* crc length */

1.B.2.5 Example for ER BSAC

This subclause describes examples of the bit assignment of Unequal Error Protection (UEP) to the ER BSAC
Object Type.

The lower error sensitivity category (ESC) described in subclause 4.5.2.6.3 of subpart 4 indicates the class with the
higher error sensitivity, whereas the higher ESC indicates the class with the lower sensitivity. Based on the error
sesitivity category of the BSAC syntax, the following 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 9 bit in-band field intra-frame 8/24 6
1 others 11 bit in-band field no 8/8 none

In this example, error correction 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
comparing with the original source rate is around 10 %.

And, the predefined set for UEP can be set up in addition to the UPE class setup as follows :

OO 2 a0~ O 2NN O

/* number of predefined sets */

/* interleaving */
/* bitstuffing */

/* number_of_concatenated_frame */

/* number of classes */

/* length_esc, srcpc_esc, crc_esc, concatenate_flag */
/* number of bits for length */

/* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

/* crc length */

/* length_esc, srcpc_esc, crc_esc, concatenate_flag */
/* number of bits for length */

/* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

/* crc length */

1.B.3 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 is affected by errors, such as bitstream transmission error. This is especially valid in
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applying the MPEG-4/Audio tools to radio applications. The bitstream of a frame is compensated. The error
detection and decision method to replace a frame bitstream are not defined in this subclause and decided based
on each application.

1.B.3.1 Example for CELP

1.B.3.1.1 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.

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 using the frame data received in the past and the usable subpart of the current frame data. When frame data
is not available (the FE mode), the decoder generates the speech using only the past frame data.

This tool operates according to a flag (the BF _flag) that indicates whether the frame data is complete (BF_flag=0),
or is damaged by corruption and/or lost (BF_flag=1). The flag is usually given by the channel coder or the
transmission system.

This tool operates in Coding Mode Il (subclause 3.1.2.1 of ISO/IEC 14496-3:2001), which has narrow band,
wideband and band width scalable modes that use Multi-Pulse Excitation at sampling rates of 8 and 16 kHz.

1.B.3.1.2 Definitions

BE: Bit Error

BWS: BandWidth Scalable

FE: Frame Erasure

LP: Linear Prediction

LSP: Line Spectral Pair

MPE: Multi-Pulse Excitation

NB: Narrow Band

RMS: Root Mean Square (the frame energy)
WB: WideBand

1.B.3.1.3 Helping variables

frame_size: the number of samples in a frame
g_ac: the adaptive codebook gain

g_ec: the MPE gain

Ipc_order: the order of LP

signal_mode: the speech mode

signal_mode_pre:the speech mode of the previous frame

1.B.3.1.4 Specifications of the error concealment tool

The error concealment tool operates based on the transition model with six states depicted in Figure 1.B.1. The
state indicates the quality of the transmission channel. The bigger the state number is, the worse the channel
quality is. Each state has a different concealment operation. The initial state in decoding is State 0 and the state is
transited based on the BF_flag. Each concealment operation is described in the following subclauses.
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Figure 1.B.1 — State transition model for controlling the error concealment

—» BF flag=1
= =% BF flag=0

1.B.3.1.4.1 Operations in States 0 and 5

The decoding 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 0 following State 5, and in State 5:

(1) for the first 80 samples in and after the frame where the BF flag is changed from 1 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>1.0){
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_ac’+1.0) /g_ac/2.0;

g_ac=(g_ac+1.0)/2.0;
}l

where these operations continue in, at most, four subframes.

1.B.3.1.4.2 Operations in States 17, 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.3.1.4.2.1 Speech mode

FE mode:

The speech mode (signal_mode) is decoded from the previous frame data.
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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.3.1.4.2.2 Multi-Pulse Excitation (MPE)

FE mode:

The MPE is decoded from the randomly generated frame data.

BE mode:

The MPE is decoded from the frame data received in the current frame.

1.B.3.1.4.2.3 RMS

For State 7 through K, the RMS in the last subframe of the previous frame is used after being attenuated in the first
subframe of the current frame. In the following subframes, the RMS in the previous subframe is used after being

attenuated. The attenuation level P, depends on the state as follows:

att

_|0.4dB  for State I,....K
1.2dB for State K +1,...

where K is the smaller number of 4and K, and K, is the maximum integer satisfying frame sizex K, < 320.

1.B.3.1.4.24 LSP
The LSPs decoded in the previous frame are used. In the BWS mode, the LSP codevectors should be buffered for
the interframe prediction described in subclause 3.5.6.3.3 of ISO/IEC 14496-3:2001. However, when the frame
data is corrupted or lost, the correct codevector can not be obtained. Therefore, the buffered codevector (blsp[0][])
is estimated from the LSP (qlsp_pre[]) in the previous frame, the predicted LSP (vec_haf{]) and the prediction
coefficient (cb[0][]) in the current frame as follows:
for (i=0;i<Ipc_order; i++) {

bisp[0] [i] = (qlsp_preli] - vec_hat]i])/cb[0] [i];

1.B.3.1.4.2.5 Delay of the adaptive codebook

FE mode:

All the delays of the adaptive codebook are decoded from the delay index received in the last subframe of the
previous frame.

BE mode:

(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 10, 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 170, 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.3.1.4.2.6 Gains
1.B.3.1.4.2.6.1 Index operation

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.

BE mode:

The gains are decoded from current frame data.
1.B.3.1.4.2.6.2 Adjustment operation

FE mode:

(1) When signal_mode_pre=0, the gains g_ac’and g _ec’ are decoded from the current frame data. The gains g _ac
and g _ec 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:

(9g_ac™g_ac’)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,, and norm,, are the respective RMS values of the adaptive and the excitation codevectors.

(2) When signal_mode_pre=1, the gains are decoded from the current frame data.

(3) When 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= 0.95 x 10(—0.4/20)
gec= XX 1070420
After the first 320 samples,
g ac= 0.95 x 10(—1.2/20)

g ec= X %1020

norm
where X = 0.05 X &

norm,,
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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:

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’™ 1.25689*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;

g _ec=g _ec_pre*0.7943;
}

(2) When signal_mode_pre=2 or 3, the operation is identical to that for signal_mode pre=2 or 3 in the FE mode.
1.B.3.2 Error concealment for the silence compression tool
In frames where the bitstream received at the decoder is corrupted or lost due to transmission bit errors, error

concealment is performed. When the received TX flag is 7, the decoding process is identical to that of the error
concealment for the MPEG-4 CELP. For TX flag=0, 2 or 3, the decoding process for the TX flag=0 is used.

1.B.4 Example of EP tool setting and error concealment for HVXC

This subclause describes one example of the implementation of EP (Error Protection) tool and error concealment
method for HYXC. Some of perceptually important bits are protected by FEC (forward error correction) scheme and
some are checked by CRC to judge whether or not erroneous bits are included. When CRC error occures, error
concealment is executed to reduce perceptible degradation.

It should be noted that error correction method and EP tool setting, error concealment algorithm described below
are one example, and they should be modified depending on the actual channel conditions.

1.B.4.1 Definitions

--- 2/4kbit/s common parameters ---

LSP1 LSP index 1 (5 bit)
LSP2 LSP index 2 (7 bit)
LSP3 LSP index 3 (5 bit)
LSP4 LSP index 4 (1 bit)
VUV voiced/unvoiced flag (2 bit)
Pitch pitch parameter (7 bit)
SE_shape1 spectrum index O (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)
VX_shape1[1] stochastic codebook index 1 (6 bit)
VX_gain1[0] gain codebook index 0 (4 bit)
VX_gain1[1] gain codebook index 1 (4 bit)
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--- only 4kbit/s parameters ---

LSP5 LSP index 5 (
SE_shape3 4k spectrum index 0 (
SE_shape4 4k spectrum index 1 (
SE_shape5 4k spectrum index 2 (
SE_shape6 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 (
VX_shape2[3] 4k stochastic codebook index 3 (
VX _gain2[0] 4k gain codebook index 0 (
VX_gain2[1] 4k gain codebook index 1 (
VX_gain2[2] 4k gain codebook index 2 (
VX _gain2[3] 4k gain codebook index 3 (

1.B.4.2 Channel coding

1.B.4.2.1 Protected bit selection

According to the sensitivity of bits, encoded bits are classified to several classes. The number of bits for each class
is shown in the Table 1. B.4, Table 1. B.5 (2kbit/s), Table 1. B.6 and Table 1. B.7 (4kbit/s). As an example, bitrate
setting of 3.5kbit/s(for 2kbit/s) and 6.2kbit/s(for 4kbit/s) are shown. In these cases, two source coder frames are

processed as one set. Suffix “p” means parameters of the “previous” frame, and “c” means those of the “current”
frame.

For 3.5kbit/s mode, 6 classes are used. CRC check is applied for class |, Il, lll, IV, and V bits. Class VI bits are
not checked by CRC.

The Table 1. B.4 below shows protected/unprotected(class I...VI) bit assignment in the case where both previous
and current frames are voiced.

Table 1. B.4 — Number of protected/unprotected bits at 3.5kbit/s(voiced frame)

voiced frame
para-meters | class l|class Il |class Ill |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 1M - - - - 4/4 10
LSP4p/c 11 - - - - - 2
VUVpl/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
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The Table 1. B.5 shows protected/unprotected(class I...VI) bit assignment in the case where both previous and
current frames are unvoiced.

Table 1. B.5 — Number of protected/unprotected bits at 3.5kbit/s(unvoiced frame)

unvoiced frame
para-meters class lI|class Il |class Ill |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
VUVplc 2/2 - - - - - 4
VX_gain1[0]p/c 4/4 - - - - - 8
VX_gain1[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

When the previous frame is unvoiced and the current frame is voiced, or when the previous frame is voiced and the
current frame is unvoiced, the same protected/unprotected bit assignment rules as shown above are used.

For 6.2kbit/s mode, 7 classes are used. CRC check is applied for class I, II, I, IV, V, and VI bits. Class VII bits are

not checked by CRC.

The Table 1. B.6 shows protected/unprotected(class I...VIl) bit assignment in the case where both previous and

current frames are voiced.

Table 1. B.6 — Number of protected/unprotected bits at 6.2kbit/s(voiced sound)

voiced sound
Para-meters class l|class Il|class Ill[class IV |class V |class VI | class VIl | total
bits bits bits bits bits bits bits

LSP1p/c 5/5 - - - - - - 10
LSP2p/c 4/4 - - - - - 3/3 14
LSP3p/c 1/1 - - - - - 4/4 10
LSP4p/c 11 - - - - - - 2
LSP5p/c 1/1 - - - - - 717 16
VUVpl/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_shapeZ2c - - - - - 4 - 4
SE_shape3p/c 5/5 - - - - - 2/2 14
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SE_shape4p/c 11 9/9 - - - - - 20
SE_shape5p/c 171 8/8 - - - - - 18
SE_shape6p/c 11 5/5 - - - - - 12
Total 66 44 4 4 4 4 34 160

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 6.2kbit/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 10
LSP4p/c 11 - - - - - - 2
LSP5p/c 1/1 - - - - - 7/7 16
VUVplc 2/2 - - - - - - 4
VX_gain1[0]p/c 4/4 - - - - - - 8
VX_gain1[1]p/c 4/4 - - - - - - 8
VX_shape1[0]p/ - - - - - - 6/6 12
VX_shape[1]p/ - - - - - - 6/6 12
VX_gain2[0]p/c 3/3 - - - - - - 6
VX_gain2[1]p/c 3/3 - - - - - - 6
VX_gain2[2]p/c 3/3 - - - - - - 6
VX_gain2[3]p/c 2/2 - - - - - 1/1 6
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/ - - - - - - 5/5 10
total 66 0 0 0 0 0 94 160

When the previous frame is unvoiced and the current frame is voiced, or when the previous frame is voiced and the
current frame is unvoiced, the same protected/unprotected bit assignment rules as shown above are used.

The bit order for UEP input is shown from Table 1. B.8 through Table 1. B.11 (for 2kbit/s), and from Table 1. B.12
through Table 1. B.15 (for 4kbit/s). These tables show the bit order for each of the combinations of V/UV condition
of 2 frames. For example, if previous frame is voiced and current frame is voiced at 2kbit/'s mode, Table 1. B.8 is
used. The bit order is arranged according to the error sensitivity. The column “Bit” denotes the bit index of the
parameter. “0” means LSB.

Table 1. B.8 — Bit Order for 2kbit/s(voiced frame -- voiced frame)

voiced frame — voiced frame
No. | Item Bit No. | Item Bit No. | Item Bit
Class | Bit 28 | SE_gainc 1 54 | SE_shapeic 1
VUVp 1 29 | SE_gainc 0 55 | SE_shapeic 0
1| VUVp 0 30 | LSP1c 4 Class V Bit
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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
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_shapelp 3 69 | Pitchp 0
17 | Pitchp 2 45 | SE_shapelp 2 70 | LSP2c 4
18 | Pitchp 1 46 | SE_shapeilp 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 2kbit/s(voiced frame — unvoiced frame)
voiced frame — unvoiced frame

No. | Item Bit No. | Item Bit No. | Item Bit
Class I 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 _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[0O]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
11 | LSP1p 1 40 | LSP2c 4 64 | LSP2p 0
12 | LSP1p 0 41 | LSP2c 3 65 | LSP3p 3
13 | Pitchp 6 42 | LSP3c 4 66 | LSP3p 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
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17 | Pitchp 2 45 | SE_shapelp 2 70 | VX_shape1[0]c 3
18 | Pitchp 1 46 | SE_shapelp 1 71 | VX _shape1[0]c 2
19 | LSP2p 6 47 | SE_shape1p 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
23 | VUVc 0 50 | SE_shape2p 1 76 | VX_shapei[1]c 3
24 | LSP4c 0 51 | SE_shape2p 0 77 | VX_shapei[1]c 2
25 | VX _gain1[0]c 3 Class IV Bit 78 | VX_shapei[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 2kbit/s(unvoiced frame — 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 V Bit
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_gain1[1]p 3 36 | Pitchc 51 60 | VX_shape1[0]p 3
8 | VX _gain1[1]p 2 37 | Pitchc 4| 61 | VX _shapel[O]p 2
9 [ VX_gain1[1]p 1 38 | Pitchc 3| 62| VX_shapel[0]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_shapel[l]p 4
13 | LSP1p 2 42 | LSP3c 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_shapel[1]p 1
16 | LSP2p 6 44 | LSP2p 2| 69 | VX_shapel[l]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 | VUVc 0 50 | VX_shape1[0]p 5| 76 | LSP3c 2
24 | LSP4c 0 51 | VX_shape1[0]p 4 | 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
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Table 1. B.11 — Bit Order for 2kbit/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 _gain1[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
3 | VX _gain1[0]p 3 32 | VX _gaini[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 _shape1[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 _gaini1[1]p 2 37 | LSP1c 0| 61| VX shape1[0]p 2
9 | VX_gain1[1]p 1 38 | LSP2c 6 62 | VX _shape1[O]p 1
10 | VX _gain1[1]p 0 39 | LSP2c 5| 63| VX_shape1[0]p 0
11 | LSP1p 4 40 | LSP2c 4| 64 | VX _shapel1[1]p 5
12 | LSP1p 3 41 | LSP2c 3| 65| VX _shapel[l]p 4
13 | LSP1p 2 42 | LSP3c 4| 66 | VX shapel1[1]p 3
14 | LSP1p 1 43 | LSP3c 3| 67| VX_shapeil[l]p 2
15 | LSP1p 0 Class Il Bit 68 | VX_shapel[1]p 1
16 | LSP2p 6 44 | LSP2p 2| 69 | VX shapel[1]p 0
17 | LSP2p 5 45 | LSP2p 1 70 | VX_shape1[0]c 3
18 | LSP2p 4 46 | LSP2p 0| 71| VX_shapel[0]c 2
19 | LSP2p 3 47 | LSP3p 2| 72| VX_shape1[0]c 1
20 | LSP3p 4 Class lll Bit 73 | VX_shape1[0]c 0
21 | LSP3p 3 48 | LSP3p 1 74 | VX_shapel[1]c 5
22 | VUVc 1 49 | LSP3p 0| 75| VX_shapei[l]c 4
23 | VUVc 0 50 | VX_shape1[O]p 5| 76 | VX_shapei[l]c 3
24 | LSP4c 0 51 | VX _shape1[0]p 4 77 | VX _shape1[1]c 2
25 | VX_gain1[0]c 3 Class IV Bit 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 4kbit/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_shapelp 3
1 VUVp 0 57 SE_shape3c 5 111 SE_shapelp 2
2 LSP4p 0 58 SE_shape3c 4 112 SE_shapelp 1
3 SE_gainp 4 59 SE_shape3c 3 113 SE_shapelp 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_shape5c 8 117 SE_shape2p 0
9 LSP1p 3 65 SE_shape6c 5 Class V Bit
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10 LSP1p 2 Class Il Bit 118 | SE_shapeic 3
1 LSP1p 1 66 SE_shape4p 8 119 | SE_shapeic 2
12 LSP1p 0 67 SE_shapedp 7 120 SE_shapeic 1
13 Pitchp 6 68 SE_shapedp 6 121 SE_shapeic 0
14 Pitchp 5 69 SE_shapedp 5 Class VI Bit

15 Pitchp 4 70 SE_shapedp 4 122 SE_shape2c 3
16 Pitchp 3 7 SE_shapedp 3 123 SE_shape2c 2
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_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_shape5p 1 132 LSP3p 0
27 | SE_shape3p 2 82 SE_shape5p 0 133 LSP5p 6
28 LSP3p 4 83 SE_shape6p 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_shapebp 5 87 SE_shapebp 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 0 920 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_shapeé4c 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
40 SE_gainc 0 95 SE_shapeé4c 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_shapebc 3 152 LSP5¢c 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_shapebc 0 155 LSP5¢c 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_shapebc 2 158 SE_shape3c 1
53 LSP2c 5 108 SE_shape6c 1 159 SE_shape3c 0
54 LSP2c 4 109 SE_shape6c 0
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Table 1. B.13 — Bit Order for 4kbit/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
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 _shapei[1]c 4
1 LSP1p 1 66 SE_shapedp 8 119 | VX shapei[1]c 3
12 LSP1p 0 67 SE_shapedp 7 120 VX_shape1[1]c 2
13 Pitchp 6 68 SE_shapedp 6 121 VX_shapei[1]c 1
14 Pitchp 5 69 SE_shapedp 5 Class VI Bit
15 Pitchp 4 70 SE_shapedp 4 122 VX_shape1[1]c 0
16 Pitchp 3 7 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_shape4p 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_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_shapebp 3 135 LSP5p 4
30 | SE_shapedp 9 85 SE_shape6p 2 136 LSP5p 3
31 | SE_shape5p 8 86 SE_shapebp 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_gain10lc | 3 91 LSP2c 0 142 SE_shape3p 0
37 | VX gain1[0]lc | 2 92 LSP3c 3 143 | VX _shape2[0]c 1
38 | VX gain1[0]lc | 1 93 LSP3c 2 144 | VX _shape2[0]c 0
39 | VX_gain10lc| O 94 LSP3c 1 145 | VX _shape2[i]c 4
40 | VX _gaini[1lc | 3 95 LSP3c 0 146 | VX_shape2[1]c 3
41 | VX _gaini[1lc | 2 96 LSP5c 6 147 | VX _shape2[1]c 2
42 [ VX_gain1[1lc | 1 97 LSP5c 5 148 | VX _shape2[i]c 1
43 | VX _gaini[1lc| O 98 LSP5c 4 149 | VX _shape2[1]c 0
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44 LSP1c 4 99 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[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 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
53 LSP3c 4 108 | VX _shape1[0]c 0 159 | VX shape2[3]c 0
54 LSP5c 7 109 | VX _shapeil[l]c 5
Table 1. B.14 — Bit Order for 4kbit/s(unvoiced frame — voiced frame)
unvoiced 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 VX_shape1[1]p 4
1 VUVp 0 57 SE_shape3c 5 111 VX _shapel[1]p 3
2 LSP4p 0 58 SE_shape3c 4 112 | VX _shapei[1]p 2
3 | VX gain10lp| 3 59 SE_shape3c 3 113 VX_shape1[1]p 1
4 | VX gain1[0]p | 2 60 SE_shape3c 2 Class IV Bit
5 | VX gain1[0lp | 1 61 LSP3c 4 114 | VX _shapei[1]p 0
6 | VX gain1[Olp| O 62 LSP5c 7 115 | VX_shape2[0]p 4
7 | VX gain1[1lp| 3 63 SE_shapedc 9 116 | VX_shape2[0]p 3
8 | VX gaini[1lp| 2 64 SE_shape5c 8 117 | VX _shape2[0]p 2
9 | VX gain1[1]p | 1 65 SE_shape6c 5 Class V Bit
10 | VX _gain1[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 7 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 VII 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[0lp | 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[1]lp | 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[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
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31 | VX gain2[3lp | 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_shape4c 7 140 | VX shape2[3]p 2
35 LSP4c 0 90 SE_shapeé4c 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_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_shapeé4c 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 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_shape3c 1
53 LSP2c 5 108 SE_shape6c 1 159 SE_shape3c 0
54 LSP2c 4 109 SE_shape6c 0
Table 1. B.15 — Bit Order for 4kbit/s(unvoiced frame — unvoiced frame)
unvoiced frame — unvoiced frame
No.| ltem | Bit [ No. ltem Bit | No. | ltem | Bit
Class 1bit 55 VX _gain2[0]c 2 Class lll Bit
0 VUVp 1 56 VX_gain2[0]c 1 110 | VX shapeil[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 _shapeil[1]p 2
3 | VX gain1[0lp | 3 59 VX_gain2[1]c 1 113 | VX shapel[1]lp 1
4 | VX gain1Olp| 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]lp 0
6 | VX gain1i[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[0]p 3
8 | VX gaini[llp| 2 64 VX_gain2[3]c 2 117 | VX _shape2[0]p 2
9 [ VX gain1[1]lp| 1 65 VX_gain2[3]c 1 Class V Bit
10 [ VX gaini[1lp| O Class Il Bit 118 | VX _shapei[1]c 4
1 LSP1p 4 66 VX_gain2[3]p 0 119 | VX _shapel[i]c 3
12 LSP1p 3 67 LSP2p 2 120 | VX _shapel[i]c 2
13 LSP1p 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 _shapel[i]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
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18 LSP2p 4 73 LSP3p 0 125 | VX_shape2[0]c | 2
19 LSP2p 3 74 LSP5p 6 Class VII 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[0lp | 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
27 | VX gain2[1lp| O 82 VX_shape1[0]p 4 133 VX_shape2[2]p 4
28 | VX gain2[2lp| 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 LSP4c 0 90 LSP2c 1 141 VX_shape2[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[0]c 0
39 [ VX_gain1[0lc| O 94 LSP3c 1 145 | VX _shape2[1]c 4
40 | VX _gaini[1lc | 3 95 LSP3c 0 146 | VX _shape2[1]c 3
41 | VX _gaini[1lc | 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 | VX _gaini[1lc | O 98 LSP5c 4 149 | VX shape2[1]c 0
44 LSP1c 4 99 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 LSP5¢c 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[0Q]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
53 LSP3c 4 108 | VX shape1[0]c 0 159 | VX shape2[3]c 0
54 LSP5c 7 109 | VX _shapeil[l]c 5

1.B.4.3 EP tool setting

1.B.4.3.1 Bit assignment

The Table 1. B.16 below shows an example bit assignment for the use of the EP tool. In this table, bit assignments

for both of the 2kbit/s and 4kbit/s source coder are described.
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Table 1. B.16 — The bit assignment for the use of the EP tool

2kbit/s source coder | 4kbit/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 |l total 5 50
Class lll
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 VIl total 34
Total Bit of All Classes | 140 248
Bitrate 3.5 kbit/s 6.2 kbit/s

Class I:

CRC covers all the Class | bits, and Class | bits including CRC are protected by convolutional coding.
Class II-V(2kbit/s), 1I-VI(4kbit/s):

At least one CRC bits cover the source coder bits of these classes.
Class VI(2kbit/s), VII(4kbit/s) :

The source coder bits are not checked by CRC nor protected by any error correction scheme.

1.B.4.4 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.4.4.1 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.4.4.1.1 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
calculated from all LSP indexes received in the current frame. If LSP4=1 (LSP quantization mode with inter-frame
coding), then LSP parameters are calculated with the following method.

In this mode, LSP parameters from LSP1 index are interpolated with the previous LSPs.

LSP,

base

(n)=pLLSP,,, (n)+(1 - p)LSP,,(n) forn=1.10 (1)

prev

LSP,

base

(n) is the previous LSPs, LSP,

(1) is the decoded
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 indexes LSP2, LSP3 and LSP5 are not

used and LSP, (n) is used as current LSP parameters.

base

(n) is LSP parameters of the base layer, LSP,

prev

Table 1. B.17 — p factor

frame p

DB WN|—IO
(@]
~

Y
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1.B.4.4.1.2 Mute variable

According to the “state” value, a variable “mute” is set to control output level of speech.

The “mute” value below is used.

In state=7, the average of 1.0 and “mute” value of the previous frame( = 0.5 ( 1.0 + previous “mute value” ) ) is
used, but when this value is more than 0.8, “mute” value is replaced with 0.8.

Table 1. B.18 — mute value

State mute

1.000
0.800
0.700
0.500
0.250
0.125
0.000
Average/0.800

~NORWN—IO
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1.B.4.4.1.3 Replacement and gain control of “voiced” parameters
In state=1..6, spectrum parameter SE_shape1, SE_shape2, spectrum gain parameter SE_gain, spectrum

parameter for 4kbit/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...l27] " is gain controlled as shown in Eq.(1). In the equation, Am(m,g)[i] is computed from the received

spectrum parameters from the latest error free frame.
Amli] = mute Odm,,[]  fori=0..127 (1)

If previous frame is unvoiced and current state is state=7, Eq.(1) is replaced with Eq.(2).
Amli] = 0.6 Omute Odm,,[]  fori=0.127 (2)

As described before, SE_shape1 and SE_shape?2 are individually protected by 1 bit CRC. In state=0 or 7, when
CRC errors of these classes are detected at the same time, the quantized harmonic magnitudes with fixed

dimension Am,,[1..44] are gain suppressed as shown in Eq.(3).
Am,, [i1=s[{10Am,,, ., [i] fori=1..44 (3)
s[i] is 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
i1 1010 [0.25 |040 |0.55 [0.70 [0.85 |1.00

At 4kbit/s, SE_shape4, SE_shape5, and SE_shape6 are checked by CRC as Class Il bits. When CRC error is
detected, the spectrum parameter of the enhancement layer is not used.

1.B.4.4.1.4 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 4kbit/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 4kbit/s codec are generated from randomly generated index values.

Also, to control volume of output speech, LPC residual signal res[O...159] is gain controlled as shown in Eq.(4). In

the equation, TES 1) [l] is computed from stochastic codebook parameters.

res[i] = muteCres,,, [ | (0< i< 159) (4)
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1.B.4.4.1.5 Frame Masking State Transitions

Figure 1.B.2 — Frame Masking State Transitions
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(informative)

Patent statements

ISO/IEC 14496-3:2001(E)

The International Organization for Standardization (ISO) and the International Electrotechnical Commission (IEC)
draw attention to the fact that it is claimed that compliance with this part of ISO/IEC 14496 may involve the use of
patents, as indicated in the following table.

ISO and IEC take no position concerning the evidence, validity and scope of these patent rights.

Notes: 1. The presence of a name of a company in the list below indicates that a patent statement has
been received from that company
2. The presence of a cross indicates that the statement identifies the part of the MPEG-4 standard
to which the statement applies
3. No cross in a line indicates that the statement does not identify which part of the standard the
statement applies
Company Part 1 Part 2 Part 3 Part 5 Part 6
1. Alcatel X X X X X
2. Apple X X
3. AT&T X X X
4. BBC X X X X X
5. Bosch X X X X X
6. British Telecommunications X X X X X
7. Canon X X X X X
8. CCETT X X X X X
9. Columbia Innovation Enterprise X X X X X
10. Columbia University X X X X X
11. Creative X X X
12. CSELT X
13. DemoGraFX X X X X X
14. DirecTV X X X
15. Dolby X X X X X
16. EPFL X X X X
17. ETRI X X X X X
18. France Telecom X X X X X
19. Fraunhofer X X X X X
20. Fujitsu X X X X X
21. GC Technology Corporation X X X
22. General Instrument X X
23. Hitachi X X X X X
24, Hyundai X X X X X
25. IBM X X X X X
26. Institut fuer Rundfunktechnik X X X X
27. Intertrust
28. JVC X X X X X
29. KDD Corporation X X
30. KPN X X X X X
31. LG Semicon
32. Lucent
33. Matsushita Electric Industrial Co., Ltd. X X X X X
34. Microsoft X X X X X
35. MIT
36. Mitsubishi X X X X X
37. Motorola X X
38. NEC X X X X X
39. NHK X X X X X
40. Nokia X X X X
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41, NTT X X X X X
42. NTT Mobile Communication Networks X

43, OKI X X X X X
44, Optibase X X

45, Philips X X X X X
46. PictureTel Corporation X X

47. Rockwell X X X X X
48. Samsung X X X X
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Subpart 2: Speech coding - HVXC

2.1 Scope

MPEG-4 parametric speech coding uses Harmonic Vector eXcitation Coding (HVXC) algorithm, where harmonic
coding of LPC residual signals for voiced segments and Vector eXcitation Coding (VXC) for unvoiced segments are
employed. HVXC allows coding of speech signals at 2.0 kbps and 4.0 kbps with a scalable scheme, where 2.0
kbps decoding is possible not only using the 2.0 kbps bit-stream but also using a 4.0 kbps bit-stream. HVXC also
provides variable bit rate coding where a typical average bit-rate is around 1.2-1.7 kbit/s. Independent change of
speed and pitch during decoding is possible, which is a powerful functionality for fast data base search. The frame
length is 20 ms, and one of four different algorithmic delays, 33.5 ms, 36ms, 53.5 ms, 56 ms can be selected.

Furthermore as an extension of HVXC, ER_HVXC object type offers error resilient syntax and the 4.0kbit/s variable
bitrate mode.

Bitstream HVXC Decoder
—O

O—’ Decoder ™ and Synthesiser

'y [y

Pitch control factor IZ}

Speed control factor IZI

Figure 2.1 - Block diagram of the parametric speech decoder

2.2 Definitions

2.2.1. DFT: Discrete Fourier Transform.

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

2.2.3. excitation: A time domain signal which excites the LPC synthesis filter.

2.2.4. FFT: Fast Fourier Transform.

2.2.5. fundamental frequency: A parameter which represents signal periodicity in frequency domain.
2.2.6. harmonics: Samples of frequency spectrum at multiples of the fundamental frequency.

2.2.7. harmonic magnitude: Magnitude of each harmonic.

2.2.8. harmonic synthesis: A method to obtain a periodic excitation from harmonic magnitudes.

2.2.9. HVXC: Harmonic Vector eXcitation Coding (parametric speech coding)
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2.2.10. IFFT: Inverse Fast Fourier Transform.
2.2.11. initial phase: A phase value at the onset of voiced signal in harmonic synthesis.

2.2.12. 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.

2.2.13. LPC: Linear Predictive Coding.

2.2.14. LPC synthesis filter: An IIR filter whose coefficients are LPC coefficients. This filter models the time
varying vocal tract.

2.2.15. LPC residual signal: A signal filtered by the LPC inverse filter, which has a flattened frequency spectrum.
2.2.16. LSP: Line Spectral Pairs.
2.2.17. mixed voiced frame: A speech segment which has both voiced and unvoiced components.

2.2.18. pitch: A parameter which represents signal periodicity in the time domain. It is expressed in terms of the
number of samples.

2.2.19. pitch control: A functionality to control the pitch of the synthesized speech signal without changing its
speed.

2.2.20. postfilter: A filter to enhance the perceptual quality of the synthesized speech signal.

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

2.2.22. spectral envelope: A set of harmonic magnitudes.

2.2.23. speed control: A functionality to control the speed of the synthesized speech signal without changing its
pitch or phonemes.

2.2.24. SQ: Scalar Quantization.

2.2.25. unvoiced frame: A speech segment which looks like random noise with no periodicity.

2.2.26. variable bit rate: The number of bits representing a coded frame varies frame by frame over time.
2.2.27. voiced frame: A speech segment which has periodicity and a relatively high energy.

2.2.28. VQ: Vector Quantization.

2.2.29. VIUV decision: Decision whether the current frame is voiced or unvoiced or mixed voiced.

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

2.2.31. white Gaussian noise: A noise sequence which has a Gaussian distribution.

A general glossary and list of symbols and abbreviations is located in Section 1.
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2.3 Bitstream syntax

An MPEG-4 Natural Audio Object HVXC/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
variable bitrate mode described in subclauses 2.3.3 and 2.3.4 are called ER_HVXC.

The bitstream syntax is described in pseudo-C code.

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 Section 1, subclause 1.6).

The following HvxcSpecificConfig() is required:

HvxcSpecificConfig () {
isBaselLayer 1 uimsbf
if (isBaseLayer) {
HVXCconfig()
}

}

HVXC object type provides unscalable modes and a 2kbit/s base layer plus a 2kbit/s enhancement layer scalable
mode. In this scalable mode the basic layer configuration must be as follows:

HVXCvarMode =0 HVXC fixed bit rate
HVXCrateMode = 0 HVXC 2kbps
isBaselLayer=1 base layer

Table 2.1 - Syntax of HVXCconfig()

Syntax No. of bits  Mnemonic
HVXCconfig()
HVXCvarMode 1 uimsbf
HVXCrateMode 2 uimsbf
extensionFlag 1 uimsbf

if (extensionFlag) {
< to be defined in MPEG-4 Version 2 >

}
}
Table 2.2 - HVXCvarMode
HVXCvarMode Description
0 HVXC fixed bit rate
1 HVXC variable bit rate
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Table 2.3 - HVXCrateMode

HVXCrateMode HVXCrate Description

0 2000 HVXC 2 kbit/s

1 4000 HVXC 4 kbit/s

2 3700 HVXC 3.7 kbit/s
3 (reserved)

Table 2.4 - HVXC constants

NUM_SUBF1 NUM_SUBF2
2 4

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 Section 1, subclause 1.6).

HVXC Base Layer -- Access Unit payload

al PduPayl oad {
HVXCf rame() ;

}

HVXC Enhancement Layer -- Access Unit payload

To parse and decode the HVXC enhancement layer, information decoded from the HVXC base layer is required.

al PduPayl oad {
HVXCenhaFr ame() ;

}

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
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Table 2.6 - Syntax of HVXCfixframe(rate)

Syntax No. of bits  Mnemonic
HVXCfixframe(rate)
{
if (rate >= 2000){
idLspl1()
idVUV()
idExc1()
}
if (rate >= 3700){
idLsp2()
idExc2(rate)
}
}
Table 2.7 - Syntax of HYXCenhaFrame()
Syntax No. of bits  Mnemonic
HVXCenhaFrame()
idLsp2()
idExc2(4000)
}
Table 2.8 - Syntax of idLsp1()
Syntax No. of bits  Mnemonic
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
idvVUV()
{
VUV 2 uimsbf
}
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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!=0){
Pitch 7 uimsbf
SE_shapel 4 uimsbf
SE_shape2 4 uimsbf
SE_gain 5 uimsbf
}
else{
for (sf_num=0;sf_num<NUM_SUBF1;sf_num++){
VX_shapel [sf_num)] 6 uimsbf
VX_gainl [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_shape4 10 uimsbf
SE_shapeb 9 uimsbf
if (rate>=4000){
SE_shape6 6 uimsbf
}
}
else{
for (sf_num=0;sf_num<NUM_SUBF2-1;sf num++){
VX_shape2[sf _num] 5 uimsbf
VX_gain2[sf_num)] 3 uimsbf
}
if (rate>=4000){
VX_shape?[3] 5 uimsbf
VX_gain2[3] 3 uimsbf
}
}
}
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idLsp1(), idExcl(), 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()

Syntax No. of bits  Mnemonic
HVXCvarframe()
{
idvarvVUuV()
idvarLsp1()
idvareExcl()
}
Table 2.15 - Syntax of idvarVUV()
Syntax No. of bits  Mnemonic
idvarVUV()
{
VUV 2 uimsbf
}
Table 2.16 - VUV (for variable bit rate mode)
VUV  Description
0 Unvoiced Speech
1 Background Noise
2 Mixed Voiced Speech
3 Voiced Speech
Table 2.17 - Syntax of idvarLsp1()
Syntax No. of bits  Mnemonic
idvarLsp1()
if (VUV 1= 1){
LSP1 5 uimsbf
LSP2 7 uimsbf
LSP3 5 uimsbf
LSP4 1 uimsbf
}
}
Table 2.18 - Syntax of idvarExc1()
Syntax No. of bits  Mnemonic
idvarExcl()
if (VUV 1= 1){
if (VUV 1= 0){
Pitch 7 uimsbf
SE_Shapel 4 uimsbf
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SE_Shape?2 4 uimsbf
SE_Gain 5 uimsbf

}

else{
for (sf_num=0;sf_num<NUM_SUBF1;sf_num++){

VX_gainl[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() {
isBaselLayer 1 uimsbf
if (isBaselLayer) {

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 2kbit/s

isBaselLayer=1 base layer
Table 2.19 — Syntax of ErHvxcConfig()
Syntax No. of bits Mnemonic
ErHVXCconfig()
HVXCvarMode; 1 uimsbf
HVXCrateMode; 2 uimsbf
extensionFlag; 1 uimsbf
if(extensionFlag) {
var_ScalableFlag; 1 uimsbf
}
}
Table 2.20- HVXCvarMode
HVXCvarMode Description
0 ER _HVXC fixed bitrate
1 ER HVXC variable bitrate
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Table 2.21 - HVXCrateMode

HVXCrateMode | HVXCrate Description
0 2000 ER HVXC 2 kbhit/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
al PduPayl oad {
Er HVXCf r ame() ;
}

ER_HVXC Enhancement Layer -- Access Unit payload
To parse and decode the ER_HVXC enhancement layer, information decoded from the ER_HVXC base layer is

required.

al PduPayl oad {
Er HVXCenhaFr ane() ;
}

Table 2.23 — Syntax of ErHVXCframe()

Syntax No. of bits  Mnemonic
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();

10
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2.3.4.1 Bitstream syntax of the fixed rate mode

Table 2.25 — Syntax of ErHVXCfixframe()

Syntax No. of bits  Mnemonic
ErHVXCfixframe(rate)
{
if (rate == 2000) {
2k_ESCO0();
2k_ESC1()
2k_ESC2();
2k_ESC3();
}
else if (rate >= 3700) {
4k_ESCO(rate);
4k_ESC1(rate)
4k_ESC2();
4k_ESC3();
4k_ESCA4(rate);
}
}
Table 2.26 — Syntax of 2k_ESCO0()
Syntax No. of bits  Mnemonic
2k_ESCO0()
{
VUV, 1-0; 2 uimsbf
if (VUV!=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_gainl[0], 3-0; 4 uimsbf
VX_gainl[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4-3; 2 uimsbf
}
}

© ISO/IEC 2001— All rights reserved
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Table 2.27 — Syntax of 2k_ESC1()

Syntax No. of bits  Mnemonic
2k_ESC1()
{
if (VUV!=0) {
SE_shapel, 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!=0) {
SE_shape2, 3-0; 4 uimsbf
}
else {
LSP3, 1-0; 2 uimsbf
VX_shapel[0], 5-4; 2 uimsbf
}
}

Table 2.29 — Syntax of 2k_ESC3()

Syntax No. of bits  Mnemonic
2k_ESC3()
{
if (VUV!I=0) {
LSP2, 4-0; 5 uimsbf
LSP3, 3-0; 4 uimsbf
Pitch, O; 1 uimsbf
}
else {
VX_shapel[0], 3-0; 4 uimsbf
VX_shapel[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!=0) {
LSP4, 0; 1 uimsbf
SE_gain, 4-0; 5 uimsbf
LSP1, 4-0; 5 uimsbf
Pitch, 6-1; 6 uimsbf
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LSP2, 6-3; 4 uimsbf
SE_shapes, 6-2; 5 uimsbf
LSP3, 4; 1 uimsbf
LSP5, 7; 1 uimsbf
SE_shape4, 9; 1 uimsbf
SE_shapeb, 8; 1 uimsbf
if (rate>=4000) {
SE_shape®b, 5; 1 uimsbf
}
}
else {
LSP4, O; 1 uimsbf
VX_gain1[0], 3-0; 4 uimsbf
VX_gaini[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4; 1 uimsbf
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
}
}
}
Table 2.31 — Syntax of 4k_ESC1()
Syntax No. of bits  Mnemonic
4k_ESC1(rate)
{
if (VUV!=0) {
SE_shape4, 8-0; 9 uimsbf
SE_shape5, 7-0; 8 uimsbf
if (rate>=4000) {
SE_shape6, 4-0; 5 uimsbf
}
}
else {
if (rate>=4000) {
VX_gain2[3], O; 1 uimsbf
}
LSP2, 2-0; 3 uimsbf
LSP3, 3-0; 4 uimsbf
LSP5, 6-0; 7 uimsbf
VX_shapel[0], 5-0; 6 uimsbf
VX_shapel[1], 5; 1 uimsbf
}
}
Table 2.32 — Syntax of 4k_ESC2()
Syntax No. of bits  Mnemonic
4k_ESC2()
if (VUV!=0) {
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2.3.4.2 Bitstream syntax for the scalable mode

Bitstream syntax of the base layer for scalable mode is the same as that of ErHVXCfixframe(2000).

SE_shapel, 3-0; 4 uimsbf
}
else {
VX_shapel[1], 4-1; 4 uimsbf
}
}
Table 2.33 — Syntax of 4k_ESC3()
Syntax No. of bits  Mnemonic
4k_ESC3()
if (VUVI=0) {
SE_shape2, 3-0; 4 uimsbf
}
else {
VX_shapel[1], O; 1 uimsbf
VX_shape?[0], 4-2; 3 uimsbf
}
}
Table 2.34 — Syntax of 4k_ESC4()
Syntax No. of bits  Mnemonic
4k_ESCA4(rate)
if (VUV!=0) {
LSP2, 2-0; 3 uimsbf
LSP3, 3-0; 4 uimsbf
LSP5, 6-0; 7 uimsbf
Pitch, 0O; 1 uimsbf
SE_shapes, 1-0; 2 uimsbf
}
else {
VX_shape?[0], 1-0; 2 uimsbf
VX_shape?[1], 4-0; 5 uimsbf
VX_shape?[2], 4-0; 5 uimsbf
if (rate>=4000) {
VX_shape?2[3], 4-0; 5 uimsbf
}
}

syntax of enhancement layer, ErHVXCenhaFrame(), for scalable mode is shown below.
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Table 2.35 — Syntax of ErHVXCenh_fixframe()

Syntax

No. of bits

Mnemonic

ErHVXCenh_fixframe()

Enh_ESCO();
Enh_ESC1();
Enh_ESC2();

Bitstream
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B}
Table 2.36 — Syntax of Enh_ESCO0()
Syntax No. of bits  Mnemonic
Enh_ESCO0()
if (VUV!=0) {
SE_shapes, 6-2; 5 uimsbf
LSP5, 7; 1 uimsbf
SE_shape4, 9; 1 uimsbf
SE_shapeb, 8; 1 uimsbf
SE_shape6, 5; 1 uimsbf
SE_shape4, 8-6; 3 uimsbf
}
else {
LSP5, 7; 1 uimsbf
VX_gain2[0], 2-0; 3 uimsbf
VX_gain2[1], 2-0; 3 uimsbf
VX_gain2[2], 2-0; 3 uimsbf
VX_gain2[3], 2-1; 2 uimsbf
}
}
Table 2.37 — Syntax of Enh_ESC1()
Syntax No. of bits  Mnemonic
Enh_ESC1()
if (VUVI=0) {
SE_shape4, 5-0; 6 uimsbf
SE_shape5, 7-0; 8 uimsbf
SE_shape6, 4-0; 5 uimsbf
}
else {
VX_gain2[3], 0; 1 uimsbf
LSP5, 6-0; 7 uimsbf
VX_shape?[0], 4-0; 5 uimsbf
VX_shape?[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 (VUVI=0) {
LSP5, 6-0; 7 uimsbf
SE_shapes, 1-0; 2 uimsbf
}
else {
VX_shape?[2], 3-0; 4 uimsbf
VX_shape?[3], 4-0; 5 uimsbf
}

© ISO/IEC 2001— All rights reserved
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1}

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_ESCO0();
Var2k_ESC1();
Var2k_ESC2();
Var2k_ESC3();
}
}else {
Vardk_ESCO();
Vardk_ESC1();
Vardk_ESC2();
Vardk_ESC3();
Vardk_ESCA4();
}
}
Table 2.40 — Syntax of Var2k_ESCO0()
Syntax No. of bits  Mnemonic
Var2k_ESCO()
{
VUV, 1-0; 2 uimsbf
if (VUV==2 || VUV==3) {
LSP4, O; 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_gainl[0], 3-0; 4 uimsbf
VX_gainl[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4-3; 2 uimsbf
}
}
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Table 2.41 — Syntax of Var2k_ESC1()

© ISO/IEC 2001— All rights reserved

Syntax No. of bits  Mnemonic
Var2k_ESC1()
if (VUV==2 || VUV==3) {
SE_shapel, 3-0; 4 uimsbf
}
else if (VUV==0) {
LSP2, 2-0; 3 uimsbf
LSP3, 2; 1 uimsbf
}
}
Table 2.42 — Syntax of Var2k_ESC2()
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
}
}
Table 2.43 — Syntax of Var2k_ESC3()
Syntax No. of bits  Mnemonic
Var2k_ESC3()
if (VUV==2 || VUV==3) {
LSP2, 4-0; 5 uimsbf
LSP3, 3-0; 4 uimsbf
Pitch, 0O; 1 uimsbf
}
}
Table 2.44 — Syntax of Var4k_ESCO0()
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_shapes, 6-2; 5 uimsbf
LSP3, 4; 1 uimsbf
LSP5, 7; 1 uimsbf
SE_shape4, 9; 1 uimsbf
SE_shapeb, 8; 1 uimsbf

17
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SE_shapeb, 5; 1 uimsbf
}
else if (VUV==0) {
LSP4, O; 1 uimsbf
VX_gainl[0], 3-0; 4 uimsbf
VX_gainl[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4-3; 2 uimsbf
}
else {
UpdateFlag, O; 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 Var4dk_ESC1()
Syntax No. of bits Mnemonic
Vardk_ESC1()
if (VUV==2 || VUV==3) {
SE_shape4, 8-0; 9 uimsbf
SE_shapeb, 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_shapel[0], 5-0; 6 uimsbf
VX_shapel[1], 5-0; 6 uimsbf
}
else {
if (UpdateFlag==1) {
LSP2, 2-0; 3 uimsbf
LSP3, 2-0; 3 uimsbf
}
}
}
Table 2.46 — Syntax of Var4dk_ESC2()
Syntax No. of bits Mnemonic
Vardk_ESC2()
if (VUV==2 || VUV==3) {
SE_shapel, 3-0; 4 uimsbf
}
}
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Syntax No. of bits Mnemonic
Vardk_ESC3()
if (VUV==2 || VUV==3) {
SE_shape2, 3-0; 4 uimsbf
}
}
Table 2.48 — Syntax of Var4dk_ESC4()
Syntax No. of bits Mnemonic
Vardk_ESCA4()
if (VUV==2 || VUV==3) {
LSP2, 2-0; 3 uimsbf
LSP3, 3-0; 4 uimsbf
LSP5, 6-0; 7 uimsbf
Pitch, 0O; 1 uimsbf
SE_shapes, 1-0; 2 uimsbf
}
}
Table 2.49 — Syntax of BaseVar_ESCO0()
Syntax No. of bits Mnemonic
BaseVar_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; 1 uimsbf
LSP3, 4; 1 uimsbf
LSP2, 5; 1 uimsbf
}
else if (VUV==0) {
LSP4, O; 1 uimsbf
VX_gainl[0], 3-0; 4 uimsbf
VX_gainl[1], 3-0; 4 uimsbf
LSP1, 4-0; 5 uimsbf
LSP2, 6-3; 4 uimsbf
LSP3, 4-3; 2 uimsbf
}
else {
UpdateFlag, O; 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
}
}
}
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Table 2.50 — Syntax of BaseVar_ESCL1()

Syntax No. of bits Mnemonic
BaseVar_ESC1()
if (VUV==2 || VUV==3) {
SE_shapel, 3-0; 4 uimsbf
}
else if (VUV==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
BaseVar_ESC2()
if (VUV==2 || VUV==3) {
SE_shape2, 3-0; 4 uimsbf
}
else if (VUV==0) {
LSP3, 1-0; 2 uimsbf
VX_shapel[0], 5-4; 2 uimsbf
}
}
Table 2.52 — Syntax of BaseVar_ESC3()
Syntax No. of bits Mnemonic
BaseVar_ESC3()
if (VUV==2 || VUV==3) {
LSP2, 4-0; 5 uimsbf
LSP3, 3-0; 4 uimsbf
Pitch, 0O; 1 uimsbf
}
else if (VUV==0) {
VX_shapel[0], 3-0; 4 uimsbf
VX_shapel[1], 5-0; 6 uimsbf
}
}
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2.3.4.4 Enhancement Layer of the scalable mode of the variable bitrate mode

Table 2.53 — Syntax of ErHVXCenh_varframe()

Syntax No. of bits Mnemonic
ErHVXCenh_varframe()
EnhVar_ESCO0();
EnhVar_ESC1();
EnhVar_ESC2();
}
Table 2.54 — Syntax of EnhVar_ESCO()
Syntax No. of bits Mnemonic
EnhVar_ESCO0()
if (VUV==2 || VUV==3) {
SE_shape3, 6-2; 5 uimsbf
LSP5, 7; 1 uimsbf
SE_shape4, 9; 1 uimsbf
SE_shapeb, 8; 1 uimsbf
SE_shape6, 5; 1 uimsbf
SE_shape4, 8-6; 3 uimsbf
}
}
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
}
}

© ISO/IEC 2001— All rights reserved
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2.4 Bitstream semantics

2.4.1Decoder configuration (HvxcSpecificConfig,ErrorResilientHvxcSpecificConfig)
HVXCvarMode: A flag indicating HVXC variable rate mode(Table 2.1).

HVXCrateMode: A 2 bit field indicating HVXC bit rate mode(Table 2.1).

extensionFlag: A flag indicating the presence of MPEG-4 Version 2 data (Table 2.1).

var_ScalableFlag: A flag indicating ER_HVXC variable scalable mode(Table 2.22).

isBaselLayer: A one-bit identifier representing whether the corresponding layer is the base layer (1) or the
enhancement layer (0).

2.4.2Bitstream frame (alPduPayload)

LSP1: This 5 bits field represents the index of the first stage LSP quantization (base layer, Table 2.8 and Table
2.17).

LSP2: This 7 bits field represents the index of the second stage LSP quantization (base layer, Table 2.8 and 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
guantization (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).

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 to 147
samples(Table 2.12 and Table 2.18).

SE_shapel: This 4 bits field represents the index of the spectral envelope shape (base layer, Table 2.12 and
Table 2.18).

SE_shape2: This 4 bits field represents the index of the spectral envelope shape (base layer, Table 2.12 and
Table 2.18).

SE_gain: This 5 bits field represents the index of the spectral envelope gain (base layer, Table 2.12 and Table
2.18).

VX_shapel[sf_num]: This 6 bits field represents the index of the sf_num-th subframe’s VXC shape (base layer,
Table 2.12 and Table 2.18).

VX_gainl[sf_num]: This 4 bits field represents the index of the sf_num-th subframe’s VXC gain (base layer, Table
2.12 and Table 2.18).

SE_shape3: This 7 bits field represents the index of the spectral envelope shape (enhancement layer, Table 2.13).

SE_shape4: This 10 bits field represents the index of the spectral envelope shape (enhancement layer, Table
2.13).

SE_shapeb: This 9 bits field represents the index of the spectral envelope shape (enhancement layer, Table 2.13).
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SE_shape6: This 6 bits field represents the index of the spectral envelope shape (enhancement layer, Table 2.13).

VX_shape2[sf_num]: This 5 bits field represents the index of the sf _num-th subframe’s VXC shape
(enhancement layer, Table 2.13).

VX_gain2[sf_num]: This 3 bits field represents the index of the sf_num-th subframe’s VXC gain (enhancement
layer, Table 2.13).

UpdateFlag: This 1 bit field represents a flag to indicate update noise frame(only for ER_HVXC 4kbit/s variable
rate mode).

2.5 HVXC decoder tools

2.5.10verview
HVXC provides an efficient coding scheme for Linear Predictive Coding (LPC) residuals based on harmonic and
stochastic vector representation. Vector quantization (VQ) of the spectral envelope of LPC residuals with a
weighted distortion measure is used when the signal is voiced. Vector excitation coding (VXC) is used when the
signal is unvoiced. The major algorithmic 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

« 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 steps; de-
guantization of parameters, generation of excitation signals for voiced frames by sinusoidal synthesis (harmonic
synthesis) and noise component addition, generation of excitation signals for unvoiced frames by codebook look-
up, and LPC synthesis. To enhance the synthesized speech quality spectral post-filtering is used.
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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 delay mode
at 2.0-4.0 kbps with a scalable scheme. The figure below shows the framing structure of each delay mode. The
frame length is 20 ms for all the delay modes. For example, use of low delay encode and low delay decode mode
results 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 (hormal 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:

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.
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2.5.2LSP decoder

2.5.2.1 Tool description
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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.

When the bitrate is 2 kbps, the LSPs of the current frame, which are coded by split and two-stage vector
guantization, 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

Definitions of constants

LPCORDER : 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 LSP coefficients

(middle frequency part of enhancement layer, =0.020)

THRSLD_H : minimum distance between adjacent LSP coefficients
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(high frequency part of enhancement layer, =0.020)

Definitions of variables

gLsp[] : quantized LSP parameters

LSP1 : the index of the first stage LSP quantization (base layer)

LSP2, LSP3 : 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 _tblI[][][] : look-up tables for the second stage decoding process of the VQ without interframe prediction

pd _tbI[][][] : look-up tables for the second stage decoding process of the VQ with interframe prediction.

vaLsp[][] : 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 narrowband
CELP. The decoding process is as described below.

Converting indices to LSPs
The LSPs of the current frame (Isp_current[] ), which are coded by split and two-stage vector quantization, are

decoded with a two-stage decoding process. The dimension of each vector is described in the tables below. The
LSP1 and 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][i]
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
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In the first stage, the LSP vector of the first stage Isp_ first[] is decoded simply by looking up the table Isp_tbI[]J[][] -
(The table Isp_tbI[J[][] is shown in Annex 2.E)

for (i =0; i <dinf0O][0]; i++) {
Isp_first[i] = Isp_tbl[O][LSP1][i];

In the second stage, 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 selected.

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
decoded vector, and the remaining bits represent the index for the table d_tbI[J[I[]. (The table d_tblI[J[][] is shown
in Annex 2.E)

sign = LSP2>>6;
i dx = LSP2&0x3f;
if (sign == 0) {
for (i =0; i <dinf1][0]; i++) {
Isp_current[i] = Isp_first[i] + d_tbl[O][idx][i];

}
el se {
for (i =0; i <dinf1][0]; i++) {
Isp_current[i] = Isp_first[i] - d_tbl[O][idx][i];
}

}
sign = LSP3>>4;
i dx = LSP3&0xO0f ;
if (sign == 0) {
for (i =0; i <dinf1][1]; i++) {
Isp_current[dinf1][O]+i] = Isp_first[dinf21][0]+i] + d_tbl[1][idx][i];

}
el se {
for (i =0; i <dinf1][1]; i++) {
Isp_current[dinf1][0]+i] = Isp_first[dinf1][0]+i] - d_tbl[1][idx][i];
}

}

Decoding process of VQ with interframe prediction

In order to obtain LSPs of the current frame Isp_current[] , the decoded vectors of the second stage are added to
the LSP vector Isp_ predict[] which are predicted from the decoded LSPs of the previous frame Isp_ previous[] and
the decoded first stage LSP vector Isp_ first[]. As with the decoding process of VQ without interframe prediction,

the MSB of the LSP2 and LSP3 represents the sign of the decoded vector, and the remaining bits represent the
index for the table pd_tbI[][][]. (The table pd_tbI[][][] is shown in Annex 2.E)
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for (i = 0; i < LPCORDER, i++) {
I sp_predict[i] = (1l-ratio_predict)*lsp first[i]
+ ratio_predict*lsp_previous[i]

sign = LSP2>>6;
i dx = LSP2&0x3f;
if (sign == 0) {
for (i =0; i <dinf1][0]; i++) {
I sp_current[i] = Isp_predict[i] + pd_tbl[O][idx][i];
}
}

el se {
for (i =0; i <dinf1][0]; i++) {
Isp_current[i] = Isp_predict[i] - pd_tblI[O][idx][i];
}

sign = LSP3>>4;
i dx = LSP3&0xO0f;
if (sign == 0) {
for (i =0; i <dinf1][1]; i++) {
Isp_current[dinf1][0]+i] = Isp_predict[dinf1][0]+i] + pd_tbl[1][idx][i];

}
}
el se {
for (i =0; i <dinf1][1]; i++) {
Isp_current[dinf1][0]+i] = Isp_predict[dinf1][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 filter which is

derived from the decoded LSPs. The decoded LSPs are arranged in ascending order, having a minimum distance
between adjacent coefficients.

for (i = 0; i < LPCORDER, i++) {
if (Isp_current[i] < mn_gap) Isp_current[i] = m n_gap;

}
for (i = 0; i < LPCORDER-1; i++) {
if (Isp_current[i+1]-Isp_current[i] < min_gap) {
Isp_current[i+1] = Isp_current[i]+m n_gap;
}

for (i = 0; i < LPCORDER, i++) {
if (Isp_current[i] > 1-min_gap) Isp_current[i] = 1-m n_gap;

}
for (i = LPCORDER-1; i > 0; i--) {
if (Isp_current[i]-Isp_current[i-1] < mn_gap) {
Isp_current[i-1] = Isp_current[i]-m n_gap;
}
}

for (i = 0; i < LPCORDER;, i++) {
gLsp[i] = Isp_current[i];

© ISO/IEC 2001— All rights reserved 29



ISO/IEC 14496-3:2001(E)

Storing the coefficients

After the LSP decoding process, the decoded LSPs have to be stored in memory, since they are used for prediction
at the next frame.

for (i =0; i < LPCORDER; i++) {
| sp_previous[i] = Isp_current[i];
}

It must be noted that the stored LSPs Isp_ previous[] must be initialized as described below when the whole
decoder is initialized.

for (i = 0; i < LPCORDER;, i++) {
I sp_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];

After the calculation, the LSPs are stabilized again.

for (i =0; i <2; i++) {
if (gLsp[i+1l] - gLsp[i] < 0) {
tnp = qgLsp[i+1];
qLsp[i +1] = qLsp[i];
qLsp[i] = tnp;

if (qgLsp[i+1] - gLsp[i] < THRSLD L) {
gLsp[i + 1] = gbLsp[i] + THRSLD_L;
}

}

for (i =2; i <6; i++) {
if (gLsp[i+1] - gLsp[i] < THRSLD M {
tmp = (qlsp[i+1] + glsp[i])/2.0;
gLsp[i+1] = tnmp + THRSLD M 2. 0;
gLsp[i] = tnp - THRSLD M 2. 0;

}
for (i =6; i < LPCORDER-1; i++) {
if (qLspl[i+1] - gLsp[i] < 0) {
tnp = glsp[i+1];
aLsp[i +1] = glsp[i];
gLsp[i] = tnp;

if (qgLsp[i+1] - gLsp[i] < THRSLD H {
gLsp[i] = gLsp[i+1l] - THRSLD_H;

2.5.2.4 Tables

See LSP quantizer table of Annex 2.E.
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2.5.3Harmonic VQ decoder

2.5.3.1 Tool description

ISO/IEC 14496-3:2001(E)

The decoding process consists of two major steps for the base layer, that is, inverse vector quantization of spectral
envelope vectors and dimension conversion. For the enhancement layer, additional inverse-quantizers are used .
The operations of each step are given below.

Index
SE_shape 1

VQ of
SE
Shape6

VQ of
SE SE Gain
Shape?2
T ]
VQ of -
SE Small Signal
Shape2 Suppression
P Gain table
Index 04
SE_shape 2 Dimension
Conversion
Index O
SE_gain
+
VQ of VQ of VQ of
SE SE SE
Index Shape3 [ |Shape4 | |Shape5
SE_shape3 Q—T
SE_shape4 ()
SE_shape5 O
SE_shape6 O

2.5.3.2 Definitions

Definitions of constants

Figure 2.6 - Structure of Harmonic VQ decoder

*OOutput

SAMPLE : the number of samples in frequency spectrum ranging from 0 to 27 (=256)

R : over sampling rate in the dimension conversion (=8)

vgdim0 : vector dimension of spectral envelope quantization (=44)

JISU : order of the over sampling filter in up sampled domain (=9)

f _coef[] : over sampling filter coefficients

Definition of variables

Pitch : the index of linearly quantized pitch lag value
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pch : pitch lag value in the current frame
pch_mod : pitch modification factor
wOf : the original fundamental frequency where SAMPLE represents 271

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 271

HVXCrate : operating bit rate of the decoder

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_ shape4, SE_ shape5, SE_shapeb6 : the indices of spectral envelope shape (enhancement layer)

g0[] : SE_ gain codeword

cbO[][] : SE_ shapel codeword

cbq[][] : SE_ shape2 codeword

cb4k[O0][1[] : SE_ shape3 codeword

cb4k[1[][] : SE_shape4 codeword

cb4k[2][1[] : SE_shape5 codeword

cb4k[3][][] : SE_shape6é codeword

re[] : input of the dimension conversion

rel0, rell: 8 times over sampled values in the dimension conversion
ip_ratio : linear interpolation ratio of the dimension conversion

target[] : reconstructed vector due to the vector quantizers for the enhancement layer
am[] : reconstructed harmonic magnitudes vector

feneq : rms of quantized spectral envelope vector in the current frame

fenegold : rms of quantized spectral envelope vector in the previous frame

32
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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

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 xR represents 277), are calculated as follows:

send = (int)(0.95 x pch x0.5)

_ SAMPLE xR
pch

wO

Harmonic magnitudes decoding

Decoding of harmonic magnitudes consists of the following steps;
(S1) Inverse vector quantization of the base layer
(S2) Suppression of small signals
(S3) Dimension conversion of base layer output

(S4) Inverse vector quantization of the enhancement layer

For the 2.0kbps mode, S1, S2 and S3 above are executed to obtain the harmonic magnitudes. For the 4.0 and
3.7kbps mode, S4 is executed in addition to S1, S2 and S3.

In the 2.0 kbps mode, a combination of two-stage shape vector quantization and a scalar gain quantization is used,
whose indices are SE_shapel, SE_shape2 and SE_gain respectively. The dimension of the two shape
codebooks is fixed (=44). In S1, two shape vectors represented by SE_shapel and SE_shape?2 are added and
then multiplied by the gain represented by SE_gain. The spectral envelope vector obtained in S1 covers frequency
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 of the original dimension, send , dimension conversion is then applied to the
spectral envelope vector in S3. In the 4.0 kbps mode, additional stage with a split VQ scheme composed of four
vector quantizers is used for the enhancement layer. SE_shape3, SE_shape4, 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 S3 for harmonic magnitudes at the lowest 14 harmonic frequencies. When 3.7kbps mode is
selected, SE_shape6 is not available and S4 is carried out for the harmonic magnitudes of only the lowest 10
harmonic frequencies.
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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 7hbits 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.

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 [|] ,
with the offsets of 1 through 7, where

sin ri(i —32) /8

n(i-32)/8

This FIR filtering allows decimated computation, in which only the points used at the next stage are computed.
They are the left and right adjacent points of the final output of the dimension converter.

f _coef [i] = (05-05cos27i/64)  0<i<64

At the second over-sampling stage, 1st order linear interpolation is applied to obtain the necessary output points.
In this way, harmonic magnitudes vectors of variable-dimension are obtained from spectral envelope vectors of
fixed dimension (=44).

(S1) Inverse vector quantization of the base layer:

gedvec[0] = 0.0f;
for (i =0; i < vqdinD; i++)
gedvec[i +1] = gO[ SE _gai n] *(chO[ SE_shapel][i] +cbl[ SE_shape2][i]);

(S2) Small sighal suppression:

feneq = 0. 0f;

for (i =0; i < vqdinD; i++)
feneq += gedvec[i +1] *qedvec[i +1];

feneq = sqrt(feneqg/ (float)vqgdi nD);

if (feneq < 1.0f || 0.5f*(feneqol d+feneq) < 1.4f) {
for (i =0; i < vqgdinD; i++) gedvec[i+1l] = 0.0f;

}

feneqol d = feneq;

(S3) Dimension conversion of the base layer output:

for (i =0; i < (JISK-1)/2; i++)
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re[i] = 0.0f;

for (i =0; i <= vqdinD; i++)
re[i+(JISU-1)/2] = gedvec[i];

for (i =0; i < (JISU-1)/2; i++)
re[i+vqdi m0+1+(JI SU-1)/2] = qedvec[vqdi n0];

wof = (float)(SAMPLE*0. 5*0.95)/ (fl oat)vqdi nD;

ii = 0;
for (i =0; i <=vqdinD & ii <= send; i++) {
for (p =0; p<R&Iii <= send; p++) {
ip_ratio = (i *R+p+1) *wOf -w0*ii;
if (ip_ratio > 0) {
ip_ratio /= wof;
rel0 =rell = 0.0f;
for (j =1, j <JISU, j++) {
rel0 += f_coef[j*R-p]*re[i+];
rell += f_coef[j*R-(p+1l)]*re[i+];

anfii] =relO*ip_ratio + rel1*(1.0f-ip_ratio);
ii++;

(S4) Inverse vector quantization of the enhancement layer:

target[0]=0.;
k = 1;
for (i =0; i < 2; i++ k++)

target[k] = ch4k[O0][ SE_shape3][i];
for (i =0; i < 4; i++ k++)

target[k] = ch4k[1][ SE_shaped][i];
for (i =0; i < 4; i++ k++)

target[k] = ch4k[2][ SE_shape5][i];
i f(HVXCrate >= 4000){

for (i =0; i < 4; i++ k++)

target[k] = cb4k[3][SE_shapeb][i];

el se{
for (i =0; i < 4; i++ k++)
target[k] = 0.0f;
}
if (send > 14) {
for (i = 15; i <= send; i++)
target[i] = 0.0f;

for (i = 0; i <= send; i++)
anfi] += target[i];

2.5.3.4 Tables

See harmonic VQ table of Annex 2.E
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2.5.4Time domain decoder

2.5.4.1 Tool description

For unvoiced segments of speech, a scheme that is similar to VXC (Vector Excitation Coding) is used. The time
domain decoder generates 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 sample with the gain value. In the 2.0 kbps mode, only the output of the first stage (base layer) is used. 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 5 ms.

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

VX_Shapel O——— 3 Shape -—b|}
vX_Gainl O———»] Gain J

VX_Shape2 O Shape | [:
VX_Gain2 O—— | Gain J

Figure 2.7 - Time domain VQ decoder

o
"t
O

2.5.4.2 Definitions
Definitions of constants

DimShape : the first stage VXC frame length (=80)
DimShape2 : the second stage VXC frame length (=40)

Definition of variables
HVXCrate : operating bit rate of the decoder

res[i] : VXC decoder output (0<i<FRM)
cbLO_g[i] : i -th entry of the first stage VXC gain codebook
cbLO_9[i][j] : j-th component of i -th entry of the first stage VXC shape codebook

cbL1 g[i] : i -th entry of the second stage VXC gain codebook
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cbLl d[i][j] : j-th component of i -th entry of the second stage VXC shape codebook
VX _gain][i] : the index of the i -th subframe’s VXC gain (base layer, i =0,1)

VX _shapel[i] : the index 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 _shape2[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; i < DinBhape; i++)
res[i] = cbLO_g[VX gain[0]] * cbLO_s[VX shape[O0]][i];
for (i = 0; i < DinBhape; i++)

res[i + DinShape] = cbLO_g[VX gain[1]] *cbLO_s[VX_ shape[1]][i];

To add the enhancement layer:

i f (HVXCrate >= 4000){ /* 4.0 kbps node */
for (i =0; i < 4; i++){
for (j = 0; j < D nBhape2; j++){
res[j +Di nShape2*i] += cbL1 _g[VX gain2[i]]*cbLl1_s[VX shape2[i]][j];

}

}
el se{ /* 3.7kbps node */

for (i =0; i <3; i+:){
for (j = 0; j < DinBhape2; j++){
res[j +Di nBhape2*i] += cbL1l_g[VX gain2[i]]*cbLl1_s[VX shape2[i]][j];

2.5.4.4 Tables

See stochastic codebook table of Annex 2.E.

2.5.5Parameter interpolation for speed control

2.5.5.1 Tool description

The scheme for Speed Control is explained in this subclause. The decoder has a scheme for parameter
interpolation to generate the input for the “Voiced Component Synthesizer” and “Unvoiced Component
Synthesiszer” at any arbitrary time instant. By this scheme, a sequence of parameters in modified intervals are
computed and applied to the both of the synthesizers. In this way, decoder output in a modified time scale is
obtained.

© ISO/IEC 2001— All rights reserved 37



ISO/IEC 14496-3:2001(E)

2.5.5.2 Definitions
Definitions of constants
FRM : frame interval (=160)
P : LPC 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

vuv[n] : V/UV index at time index n

Isp[n][i] : decoded LSPs at time index n (0<i<P)

send[n] : number of harmonics at time index n

am[n][i] : harmonic magnitudes at time index n (0<i<send[n])
vex[n][i] : decoded VXC excitation signal at time index n (0<i<FRM)

param[n] : parameter at time index n

and interpolated parameters as:

mdf _ pch[m] : pitch lag value at time index m

mdf _vuv[m] : V/UV index at time index m

mdf _Isp[m][i] : decoded LSPs at time index m (0<i<10)

mdf _send[m] : number of harmonics at time index m

mdf _am[m][i] : harmonic magnitudes at time index m (0<i <send[n])

mdf _vex[m][i] : decoded VXC excitation signal at time index m (0<i<FRM)

mdf _ param[m] : parameter at time index m

where n and m are the time indices (frame number) before and after the time scale modification. The frame
intervals are both 20 ms.
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spd : the ratio of speed change (05<spd <2.0)

N, : the duration of the original speech (total frame number)

N, : the duration of the speed controlled speech (total frame number)
fry, fry : 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 :

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 0sm<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| = paran{ m x spd] (2.5.5.2)
where param are: pch,vuv,Isp and am. In general, however, mx spd is not an integer.
We therefore define:
Ofr, = M xspd
o = N >spaL] (2.5.5.3)
Dfrl = fro +1

to generate parameters at a time index mx spd by linearly interpolating the parameters at time indices fr, and fr;.
In order to execute linear interpolation, let us define:

Oeft =mxspd - fr,

E’ight = fr, -m xspd (2.5.5.4)

Then Eq.(2.5.5.2) can be approximated as:
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mdf _ paramm] = param fry] x right + paran{ fr,] xleft (2.5.5.5)
where param are: pch,vuv,lsp and am.
For Isp[n][i and am[n[[] , this linear interpolation is applied with the index i being fixed.

As for the parameter vex:

vex[n[[i] has excitation signals for UV frames by codebook look-up.

FRM samples from vex[n[[i] centering around the time mx 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 frl, prior to the interpolation, have to be considered.

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[n] =0 case is regarded as
“Unvoiced”. In the case of variable rate coding, “Background Noise” mode (vuv[n] =1) is also treated as “Unvoiced".
e  When V/UV decisions at fr, and fr; are Voiced - Voiced:
New V/UV index mdf _vuv[m] is obtained as follows;
tmp_vuv = vuv[ fry] x right +vuv[ fr;] xleft
if (tmp_vuv >2)
mdf _vuv[m] =3
else if (tmp_vuv>1)
mdf _vuv[m]=2
else if (tmp_vuv >0)

mdf _vuv[m] =1

New pitch lag value mdf _ pch[m] is obtained as follows;

if (0.57 < pch[fry]/ pch[ fr;] && pch[ fry]/ peh[ fry]1<1.75)
mdf _ pch[m] = pch[ fry] % right + pch[ fr;] xleft

else

if (left <right)
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mdf _ pch[m] = pch[ fr,]
else

mdf _ pch[m] = pch[ fr; ]

All the other parameters are interpolated by Eq.(2.5.5.5).

e  When V/UV decisions at fr, and fr; 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 mxspd .

*  When V/UV decisions at fry and fr; are Voiced - Unvoiced:
If left <right

All the parameters at time fr, are used instead of computing the parameters at mx spd .
If left > right

All the parameters at time fr; are used instead of computing the parameters at mxspd .
mdf _vex[m][i] is also generated by Gaussian noise having the same energy as that of FRM samples from
vex| fry][i] . (0<i < FRM)

*  When V/UV decisions at fr, and fr; are Unvoiced - Voiced:
If left <right
All the parameters at time fr, are used instead of computing the parameters at mx spd .
mdf _vex[m][i] is also generated by Gaussian noise having the same energy as that of FRM samples from
vex| frof[if . (0<i<FRM)
If left > right
All the parameters at time fr; are used instead of computing the parameters at mx 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 Synthesizer” in the

same way 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 decoding is

executed. 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 05<spd <20.
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2.5.6Voiced component synthesizer

2.5.6.1 Tool description

The voiced component synthesizer consists of the steps below;
* harmonic magnitudes modification
« 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.

Lsp o—f LSP
Interpolation

. Harmonic
V/UV O— Harmonic Excitation LSP-LPC
pitch O—> Synthesizer Conversion
. - am_h([i] Voiced
am[i] O— Harmonic - * Excitation LPC
VIUV O—H Mag_n_ltud_es G‘>—' Synthesis ROSt —
pitch O—{ Modification — o Filter Filter
am_noise[i]
White Overlap Noise
Gaussian FFT X IFFT ,Z?j?j |~ Component

Figure 2.8 - Voiced component synthesizer

2.5.6.2 Definitions
Definitions of constants

Pl : mm=314159265358979....
FRM : frame interval (=160)

SAMPLE : frame length of analysis (=256)
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WAVE _ LEN : length of one pitch period waveform (=128)

WDEVI : threshold of the ratio of the fundamental frequency change (=0.1)

LD_ LEN : decode interval shifting for low delay mode (=20)
RND_ MAX : maximum number generated by random number generator (=0x7fffffff)

SCALEFAC : scale factor for the modified harmonic magnitudes for noise component generation (=10)

c_dig[i] : trapezoid window for the harmonic synthesis of pitch discontinuous waveform shown in the Figure 2.9
(0<i<FRM +LD_LEN)

ham[i] : Hamming window (0 <i < SAMPLE )
ham_ Z[i]: zero padded Hamming window (0<i<2XxFRM )

HAMLD : the length of the Hamming window for low delay mode (=240)

P : LPC order (=10)

Definitions of variables

am2[i] : harmonic magnitudes at the ending boundary of decode interval. They are obtained as am[i] in the
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 bitstream.
vuvl :V/UV index at the beginning boundary of the decode interval
vuv0 : 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 lag value
in the current frame) in the subclause 2.5.3.3.

pchl : pitch lag value[sample] at the beginning boundary of the decode interval

send2 : the number of harmonics at the ending boundary of the decode interval

sendl : the number of harmonics at the beginning boundary of the decode 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]

pha2[i] : harmonic phase values at the ending boundary of the decode interval

phalfi] : harmonic phase values at the beginning boundary of the decode interval
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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 over sampling ratio

wave2[i] : one pitch period waveform generated from pitch and harmonic magnitudes at the ending boundary of the
decode interval (0 <i <WAVE _ LEN)

wavel[i] : one pitch period waveform generated from pitch and harmonic magnitudes at the beginning boundary of
the decode interval (0<i <WAVE_ LEN)

Ip12, Ipl2r : the length of over-sampled waveform needed to reconstruct a waveform of the decode interval (in case
of continuous pitch transition)

Ipl, 1p2, 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)

out?[] : cyclically extended waveform generated from wave2[i]
outl]] : cyclically extended waveform generated from wavelli]

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] : re-sampled waveform from outl[] (in case of discontinuous pitch transition, 0<i < FRM)

sv[i] : generated voiced excitation signal (0<i < FRM)

ng[i] : Gaussian noise with zero mean and unit variance (0<i < SAMPLE )

wng[i] : Hamming windowed Gaussian noise (0<i < SAMPLE)

rmg[i] : spectral amplitude array (0<i < SAMPLE /2)

ang[i] : spectral phase array (0<i < SAMPLE /2)

re[i]: real 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 21T is expressed as SAMPLE (= 256)

cngfi] : the IFFT result of the current frame for noise component generation (0 <i < SAMPLE )
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cns_z[i] : zero padded array to cns[] (0<i<2xFRM)
cns_z_ p[i] : the previous frame’s cns_ z[] for overlap and add (0<i<2xFRM)

add _uv[i] : generated noise component at the decode interval (0<i < FRM)

Isp2[] : the de-quantized LSPs of the current frame obtained as gLsp[] in the subclause 2.5.2.3.
Isp][] : the de-quantized LSPs of the previous frame
Ispip[l[] : the 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

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 current frame. If the frame shifting is O (LD_LEN =0), the synthesized waveform is identical to that of the
normal delay mode. This is shown in the figure below.

During the period from N =0 to N =LD_LEN, pitch lag, harmonic magnitudes and LSP parameters 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].

N =-160 N=0

AT

) -

Decode Interval
— —

LD_LEN

Figure 2.9 - Decode interval
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2.5.6.3.1 Harmonic magnitudes modification

Harmonic magnitudes, am2[i], are modified for harmonic excitation synthesis and noise component generation
independently according to the V/UV index of the current frame, vuv2 .

The modified harmonic magnitudes am_h[i] for harmonic excitation synthesis and am_noise[i] for noise
component generation are obtained as described below.

When V/UV index, vuv2, is O:

Do Nothing (just VXC decoder works).

When V/UV index, vuv2 , is 1:

am_h[i]= D am2[i] (1<i<send2xB_TH1)
_[amz[l]xAHl (send2 xB_TH1 <i <send?)
0 (1<i<send2xB_THI)

am_noise[i] =
- 1= %CALEFAC xam2[i]x AN1 (send2 xB_TH1 <i <send2)

When V/UV index, vuv2, is 2:

O am2[i] (1<i<send2xB_TH2)
am_h[i]= E am2[i]x AH2 (send2xB_TH2 <i <send2 xB_TH2_2)
Fam2[i]x AH2_2 (send2 xB_TH2_2 <i <send?2)
O 0 (I=si<send2xB_TH2)
am_ noise[i] = E SCALEFAC xam2[i]x AN2 (send2xB_TH2 <i <send2xB_TH2_2)
BSCALEFAC xam2[i]x AN2_2 (send2 xB_TH2_2 <i <send2)

When V/UV index, vuv2, is 3:

am_h[i]= D am2[i] (1<i<send2xB_TH3)
_[@mZ[I]xAHS (send2 xB_TH3 <i <send?)
0 (1<i<send2xB_THJ)

am_ noise[i] =
-~ noisef1] = %CALEFACxamz[u]xANs (send2 xB_TH3 <i <send?)

Table 2.63 - Constant values for harmonic magnitude modification
2 kbps:

B TH1 AN1 AHl1 |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
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4 kbps:

B TH1I AN1 AH1 |B TH2Z AN2 AH2 |B TH2 2 AN2 2 AH2 2 |B TH3 AN3 AH3
0.5 0.3 0.9 0.5 0.3 0.9 0.85 0.5 0.5 0.8 0.2 1.0

2.5.6.3.2 Harmonic excitation synthesis

Harmonic excitation signal sv[i] (0<i < FRM) can be obtained by a fast synthesis method composed of an IFFT
and sampling rate conversion.

First, using harmonic magnitudes and phase values, a waveform over one pitch period is generated by an IFFT.

According to the pitch continuity, one of two different operations of cyclic extension and re-sampling of a waveform
over one pitch 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*Pl/pchl;

The fundamental frequency at the ending boundary of the decode interval, w02 , is computed as

w02 = 2. 0*Pl/ pch2;

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 O
(Unvoiced), harmonic phase values pha2[] are initialized using random phase values uniformly distributing

between 0to 0577.

For nomal delay mode :

if (vuvl == 0 & & vuv0 == 0) {
for (i = 0; i < WAVE LEN 2; i++)

pha2[i] = O.5*PI*(_fIoat)randon()/(float)RND_MAX;
el se {
for (i = 0; i < WAVE LEN 2; i++)
pha2[i] = phal[i] + 0.5*(w01+w02)*i*FRM

}
For low delay mode:

if (vuvl == 0 & & vuv0 == 0) {
for (i =0; i < WAVE LEN 2; i++)

pha2[i] = 0.5*PI *(_f | oat) randon()/ (fl oat) RND_MAX;
el se {
for (i =0; i < WAVE LEN 2; i++) {
pha2[i] = phal[i] + 0.5*(w01+w02)*i*(FRM LD _LEN) + w01*i*LD LEN;
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At the end boundary of the decode interval we have a spectrum with send2 harmonics, whose magnitudes are
am_h[i](l<i<send2) and phase values are pha2[i] (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 values of
am_h[i] and pha2[i] are used. 128 point IFFT is applied to these arrays of magnitudes and phase values with the

constraint that the results be real numbers. 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 is pch2 , the over-sampling rate ovsr2 is

ovsr2 = WAVE_LEN pch2;
Similarly the over-sampling rate ovsrl for the waveform over one pitch period at the beginning boundary of the
decode interval, wavell] ,is

ovsrl = WAVE_LEN pchl;

Pitch continuity check

When the ratio of the fundamental frequencies, |(W02—W01)/W02|, is less than WDEVI(=0.), 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.

Cyclic extension and re-sampling operation (continuous pitch transition)

Waveforms over one pitch period, wavel]] and wave?[], 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:

| p12 = ceil (FRWO. 5*(over 1+ovsr2));
| p12r = fl oor (FRWO. 5*(ovsr 1+ovsr2) +0. 5) ;
st = WAVE _LEN - (I pl2r W\AVE_LEN);
for (i =0; i <1pl2; i++) {
outl[i] = wavel[i WMAVE LEN];
out2[i] = wave2[ (st+i)WAVE_LEN ;
}

For low delay mode:

| p12 = cei |l ((FRM LD_LEN) *0. 5*(over 1+ovsr2) +LD LEN*ovsr1);
| p12r = fl oor (( FRM LD_LEN) *0. 5*(ovsr 1+ovsr2) +LD_LEN*ovsr 1+0. 5) ;
st = WAVE _LEN - (I pl2r W\AVE_LEN);
iflatl floor(ovsri1*LD LEN+O. 5);
iflat2 floor(ovsr2*LD LEN+O. 5);
for (i 0; i < Ipl2+iflat2+10; i++) {
out 1[i] wavell[i 9AVE LEN] ;
out 2[i] wave2[ (st +i ) WMAVE_LEN] ;

}
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These two waveforms, outl]] and out2[], have the same “pseudo” pitch period (=WAVE _ LEN [sample]) and they
are aligned. So simply adding these two waveforms using triangular windows produces the waveform out3[].

For normal delay mode:

for (i =0; i < |1pl2; i++)
out3[i] = outl[i]*(float)(lpl2-i)/(float)lpl2 + out2[i]*(float)i/(float)lpl2;

For low delay mode:

for (i =0; i <iflatl; i++)
out3[i] = outlfi];
for (i =iflatl; i < 1pl2; i++)
out3[i] = outl[i]*(float)(lpl2-i)/(float)(lpl2-iflatl)
+ out2[i]*(float)(i-flatl)/(float)(lpl2-iflatl);

for (i =1pl2; i < Ipl2+iflat2; i++)
out3[i] = 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 -
f (i) =J' @Wsrlxm+ovsr2 x—t @dt.
0 FRM FRM

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++) {
ovsrc = ovsrl*(float)(FRMi)/(float) FRM + over2*(float)i/ (fl oat) FRM
ffi += ovsrc;
ffim= floor(ffi);
ffip = ceil (ffi);
if (ffim== ffip)
sv[i] = out3[(int)ffip];
el se
sv[i] = (ffi-ffim*out3[(int)ffip] + (ffip-ffi)*out3[(int)ffini;

For low delay mode:

sv[0] = out3[iflatl];
ffi = 0;
for (i =1; i <FRM i++) {
ovsrc = ovsrl*(float) (FRMLD LEN-i)/(float)(FRM LD _LEN)
+ over2*(float)i/(float)(FRW LD _LEN);
ffi += ovsrc;
ffim= floor(ffi);
ffip = ceil (ffi);
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if (ffim==ffip)
sv[i] = out3[(int)ffip+tiflatl];
el se
sv[i] = (ffi-ffim*out3[(int)ffip+iflatil]
+ (ffip-ffi)*out3[(int)ffimriflatl];

Cyclic extension and re-sampling operation (discontinuous pitch transition)

Waveforms over one pitch period, 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
waveforms, outl]] and out2[], are obtained.

| p1 ceil (FRwovsrl);

| p2 ceil (FRMFovsr2);

| p2r = fl oor (FRMFovsr2+0.5);

st = WAVE_LEN - (I p2r WMAVE_LEN);

For normal delay mode:

for (i =0; i <Ipl; i++)
outl[i] = wavel[i WAVE _LEN];
for (i =0; i <1p2; i++)
out2[i] = wave2[ (st+i)9WAVE_LEN ;

For low delay mode:

iflatl = floor(ovsr1*LD LEN+O. 5);
iflat2 = floor(ovsr2*LD LEN+O. 5);

for (i =0; i < |pl+iflatl+l0; i++)
outl[i] = wavel[i WMAVE LEN];

for (i =0; i < |p2+iflat2+10; i++)
out2[i] = wave2[ (st+i)WAVE_LEN ;

where Ipl 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, outl]] and out2[], are re-sampled independently using the same linear interpolation method
as in the case of “continuous pitch transition”.

For normal delay mode:

svl[0] = outl[O0];
ffi = 0;
for (i =1; i <FRM i++) {
ffi += ovsri,;
ffim= floor(ffi);
ffip = ceil (ffi);
if (ffim== ffip)
svi[i] = outl[(int)ffip];
el se
svi[i] = (ffi-ffim*outl[(int)ffip] + (ffip-ffi)*outl[(int)ffing;

}
sv2[ 0] = out2[0];
ffi = 0;
for (i =1, i <FRM i++) {
ffi += ovsr2;
ffim= floor(ffi);
ffip =ceil(ffi);
if (ffim==ffip)
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sv2[i] = (ffi-ffim*out2[(int)ffip] + (ffip-ffi)*out2[(int)ffini;

For low delay mode:

svl[0] = outlf[iflatl];
ffi = 0;
for (i =1, i <FRM i++) {
ffi += ovsrli;
ffim= floor(ffi);
ffip =ceil (ffi);
if (ffim==ffip)
svl[i] = outl[(int)ffip+iflatl];
el se
svi[i] = (ffi-ffim*outd[(int)ffip+iflatl]
+ (ffip-ffi)*outd[(int)ffimriflatl];

}
sv2[0] = out2[iflat2];
ffi = 0;
for (i =1; i <FRM i++) {
ffi += ovsr2;
ffim= floor(ffi);
ffip = ceil (ffi);
if (ffim== ffip)
sv2[i] = out2[(int)ffip+iflat2];
el se
sv2[i] = (ffi-ffim*out2[(int)ffip+iflat2]
+ (ffip-ffi)*out2[(int)ffimiflat2];

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 < HMFLAT; i++)
c_dis[i] = 1.0f;
for (i = HMFLAT; i < HM FLAT+HM DOMN; i ++)
c_dis[i] = (-i+(HM_FLAT+HM DOMWN) )/ (f 1 oat) HV_DOWN;
for (i = HM FLAT+HM DOWN;, i < FRM i ++)
c_dis[i] = 0.0f;

For normal delay mode:

for (i =0; i < FRM i++)
sv[i] = svi[i]*c dis[i] + sv2[i]*(1.0-c dis[i]):

For low delay mode:
for (i =0; i < FRM i++)

}

sv[i] = svi[i]*c_dis[i+LD_LEN] + sv2[i]*(1.0-c_dis[i+LD LEN]):
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c_disfi] Analysis window 10 —c_dis[i]

HM_FLAT \:
H / :

HM_DOWN
HM_UP

Figure 2.10 - Synthesis window for discontinuous pitch

2.5.6.3.3 Noise component generation

For the noise component generation for voiced excitation, white Gaussian noise is first generated. It is then colored
and gain adjusted by the modified harmonic magnitudes, am_noise[], and weighted overlap and add is used to

generate a continuous noise component in the time domain.

Hamming window of length SAMPLE (= 256) , ham[i] , is first defined.

For normal delay mode,

for (i = 0; i < SAWPLE; i++)
hanfi] = 0.54-0.46*cos(2.0*PlI*i/(SAMPLE-1));
For low delay mode,

for (i =0; i < (SAVPLE-HAMLD)/ 2; i ++)
hanfi] = 0.0;

for (i = (SAMPLE-HAMLD)/2; i < (SAMPLE+tHAMLD)/2; i ++)
hanfi] = 0.54-0.46*cos(2.0*PI*i/(SAWLE-1));

for (i = (SAMPLE+tHAMLD)/2; i < SAMPLE; i ++)
hanfi] = 0.0;

Window ham[] is normalized to have a unit energy.

Let ns[i] (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 wng[i] is obtained.

for (i = 0; i < SAWPLE;, i++)
wns[i] = ns[i]*hanfi];

256 point FFT of wng[i] is computed and spectral amplitude array rms[i] (0<i < SAMPLE /2) and spectral phase
array ang[i] (0 <i< SAMPLE /2) are computed as

for (i =0; i <= SAMPLE/ 2; i++) {
rns[i] = sqrt(re[i]*re[i]+inmi]*infi]);
ang[i] = atan2(infi], re[i]);
}
where re[i] (0 <i <SAMPLE) and im[i](0<i<SAMPLE) are real part and imaginary part of the FFT coefficients

respectively. Then spectral amplitude rmg[] is colored and gain adjusted by the modified harmonic magnitudes,
am_noise[] . (w0 is the fundamental frequency of the current frame where w0 of value SAMPLE represents 27t.)
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for (i =0; i <=send2; i++) {
if (i ==0)

Ib = 0;
el se
b = ub+1;
if (i == send2)
ub = SAMPLE/ 2
el se

ub = floor((float)i*wl+w0/2.0+0.5);
if (ub >= SAWPLE 2)
ub = SAMPLE/ 2;

bw = ub-1 b+1;
s = 0.0;
for (j =1b; j <= ub; j++)

s +=rme[j]*rms[j];

s = sqrt(s/(float)bw;

for (j =1b; j <= ub; j++)
roms[j] *= am.noise[i]/s;

256 point IFFT is computed with the colored and gain adjusted spectral amplitude array rms[] and the original
spectral phase array ang[] with a constraint that the result be real numbers. Let the result of IFFT be
cng[i] (0<i <SAMPLE) .

It should be noted that when the current frame is “Unvoiced”
frame (vuv2 =0),cng[i]=0.0 (0<i <SAMPLE) .

In order to generate noise component signal over the decode interval, weighted overlap and add with the previous
frame's IFFT result is performed. The array cns_z[i](0<i<2xFRM) shown below is obtained by padding

(FRM —SAMPLE /2) of zeros to both sides (beginning and ending) of cng[] .

for (i =0; i < FRMSAMPLE/ 2; i++)

cns_z[i] = 0.0;

for (i = FRM SAMPLE/ 2; i < FRWSAMPLE/ 2; i ++)
cns_z[i] = cns[i-FRWSAMPLE 2] ;

for (i = FRWSAWMPLE/ 2; i < 2*FRM i ++)
cns_z[i] = 0.0;

In the same manner, zero padded Hamming window array ham_z[i] (0<i <2 xFRM) is defined as:

for (i =0; i < FRMSAMPLE/ 2; i++)

ham z[i] = 0.0;

for (i = FRMSAMPLE/ 2; i < FRWSAMPLE/ 2; i ++)
ham z[i] = han{i- FRWSAMPLE/ 2] ;

for (i = FRWSAWPLE/ 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,
add_uv[i] (0<i < FRM), is obtained by combining cns_z[] and cns_z_ p[].

For normal delay mode,

for (i =0; i <FRM i++)
add_uv[i] = (cns_z_p[ FRM+i ] *ham z[ FRM+i ] +cns_z[i]*ham z[i])
[ (ham z[ FRM+i ] *ham z[ FRM+i ] +ham z[i ] *ham z[i])

For low delay mode, noise component at the shifted decode interval is obtained as follows:
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for (i =0; i < FRMLD LEN, i++)
add_uv[i] = (cns_z_p[ FRM+ +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]);
for (i = FRMLD 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:

for (i =0; i < FRM i++)
sv[i] += add_uv[i];

2.5.6.3.4 LPC synthesis

The voiced excitation signal obtained above, sv[i](0<i<FRM), is fed into the LPC synthesis filter, whose
coefficients are updated every 2.5 ms (=20 samples).

By linearly interpolating de-quantized LSPs of the previous and the current frame, Ispl[][] and Isp2[][], the 8 sets of
the interpolated LSPs, Ispip[][], are obtained.

for (i =0; i <8; i++)
for (j =0; j <P j++)
Ispip[i][j] = (2.0*i+1.0)/16.0*I sp2[j] + (16.0-2.0*i-1.0)/16.0*Ispl[j];
For the low delay mode, since the decode interval is shifted by LD_ LEN(=20) samples (2.5 ms), the 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.

for (i =0, i <7, i++)
;o

for (j = 0; < P j+4)
Ispip[i]l[j] = (2.0*%i+1.0)/14.0*I sp2[j] + (14.0-2.0*i-1.0)/14.0*Ispl[j];
for (j =0, j <P j++)
I'spip[7][j] = Isp2[j];

The 8 sets of the interpolated LSPs, Ispip[][], are converted to the linear predictive coefficients, alpaip[][],
respectively.

The transfer function of the i -th interval of 2.5 ms (20 samples) of the LPC synthesis filter is

H.(2) = ! (0<i<8)

P
z alphaip[i][n] z ™"
n=0

Output of the LPC synthesis filter is fed into the postfilter described in subclause 2.B.1.3.1. The output signal is in
the range from -32768 to 32767.
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2.5.7Unvoiced component synthesizer

2.5.7.1 Tool description

The unvoiced component synthesizer is composed of three steps, which are windowing the unvoiced excitation
signal, LPC synthesis filter, and post filter operation. For unvoiced segments, the VXC (CELP) scheme is used.

2.5.7.2 Definitions

Definitions of constants

FRM : frame interval (=160)

LD_LEN : decode interval shifting for low delay mode (=20)

w_celp_upli] : the window from voiced frame to unvoiced frame (0<i < FRM + LD_ LEN )

w_ celp_down[i] : the window from unvoiced frame to voiced frame (0<i <FRM +LD_LEN)

P : LPC order (=10)

Definitions of variables

gRes[i] : decoded unvoiced excitaion signal obtained as reg[i] in subclause 2.5.4.3 (0<i<FRM)
old_gRed[i] : the last half of the decoded unvoiced excitation signal of the previous frame (0<i <FRM/2)
suv[i] : unvoiced excitaion signal over the decode interval (0<i <FRM)

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 qLsp[] in the subclause 2.5.2.3

Ispd[] : de-quantized LSPs of the previous frame

alpha2[] : LPC coefficients converted from the LSPs Isp2[]

alphall] : LPC coefficients converted from the LSPs Isp1[]

2.5.7.3 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_ gRes[] .

for (i =0; i <FRM2; i++) {
suv[i] = old_gRes[i];
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suv[i+FRM 2] = qRes[i];
old_gRes[i] = gRes[i+FRM 2];
}
For low delay mode, excitation signal of LD_ LEN (= 20) samples shifted version is used.

for (i =0; i < FRM2-LD_LEN;, i++) {
suv[i] = old_gRes[i+LD_LEN;
suv[i +FRM 2] = qRes[i +LD_LEN];
old_gRes[i] = gRes[i+FRM 2];

for (i = FRM2-LD LEN, i < FRM 2; i++) {
suv[i] = qRes[i-FRM 2+LD_LEN];
suv[i+FRM 2] = qRes[i +LD_LEN];
old_gRes[i] = gRes[i+FRM 2];

}

The unvoiced excitation signal generated is windowed to be smoothly connected to a voiced frame. Figure 2.11
and Figure 2.12 shows the window shape for excitation waveform where V/UV is changed from unvoiced to voiced
and from voiced to unvoiced respectively. The parameters in the figure are set as: TD_UP =30,TD_ FLAT =50,

TD_DOWN =30, HM_DOWN =60, HM_FLAT =50, HM_UP =60. These windows for an unvoiced frame are
used only when an unvoiced frame is placed adjacent to voiced or mixed voiced frame.

for (i =0; i < FRM TD_UP- TD_FLAT; i ++)

w_cel p_up[i] = 0.0;
for (i = FRMTD_UP-TD_FLAT; i < FRM TD_FLAT; i ++)

w_cel p_up[i] = (float)(i-FRWTD UP+TD_FLAT)/ (fl oat) TD_UP;
for (FRM TD_FLAT; i < FRWLD_LEN, i ++)

w_cel p_up[i] = 1.0;

for (i = 0; i < TD_FLAT; i++)

w_cel p_down[i] 1.0;
for (i = TD_FLAT; < TD_FLAT+TD DOWN; i ++)

w_cel p_down[i] = (float)(TD_FLAT+TD DOWN-i)/ (fl oat) TD_DOWN,;
for (i = TD_FLAT+TD DOANN, i < FRMrLD_LEN, i ++)

w_cel p_down[i] = 0.0;

For normal delay mode,

if (vuvl I'= 0 & & vuv2 !'=0) {
for (i =0; i <FRM i++)
s_uv[i] = 0.0f;

else if (vuvl '=0 && vuv2 == 0) {
for (i =0; i <FRM i++)
s_uv[i] *= w_celp_up[i];

else if (vuvl == 0 & vuv2 = 0) {
for (i =0; i <FRM i++)
s_uv[i] *= w_cel p_down[i]

For low delay mode, windowing position is shifted by LD_ LEN samples.

if (vuvl I'= 0 & & vuv2 !'=0) {
for (i =0; i <FRM i++)
s_uv[i] = 0.0f;

else if (vuvl '=0 && vuv2 == 0) {
for (i =0; i <FRM i++)
s_uv[i] *= w_celp_up[i+LD LEN];

else if (vuvl == 0 & vuv2 = 0) {
for (i =0; i <FRM i++)
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s_uv[i] *= w_cel p_down[i+LD_LEN|

Unvoiced frame Voiced frame

w_celp_down[i] — — 10-c_dis]i]

/f HM_FLAT
\
TD_FLATj HM_UP

TD_DOWN

Figure 2.11 - Synthesis window for unvoiced/voiced

Voiced frame Unvoiced frame
c_dis[i] | — w_celp_up[i]

HM_FLAT\:E
TR

HM_DOWN TD_UP TD FLAT

Figure 2.12 - Synthesis window for voiced/unvoiced

The first half of the unvoiced excitation signal, suv[i] (0<i < FRM /2), is fed into the LPC synthesis filter

Hl(z) ) .
Z alphailn]z ™"

n=0
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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:

H, (Z) ) .
Z alpha2[n]z™"
n=0

where alpha2[] are linear predictive coefficients converted from the de-quantized LSPs of the current frame, Isp2[] .

For low delay mode, since the decode interval is shifted by LD_LEN samples, unvoiced excitation
signal, suv[i] (0<i<FRM /2-LD_LEN), is fed into the LPC synthesis filter H;(z) and unvoiced excitation signal,
suv[i] (FRM /2 - LD_ LEN <i <FRM), is fed into the LPC synthesis filter H,(z) .

Output of the LPC synthesis filter is fed into the postfilter described in subclause 2.B.1.3.2.

The output signal is in the range from -32768 to 32767.

2.5.8Variable rate decoder

2.5.8.1 Tool description

This subclause describes tools for variable rate decoding with HVXC core. This tool allows HVXC to operate at
variable bit rates, where the average bit rate is reduced to 1.2 - 1.7 kbps for typical speech material. The major
part of the algorithm is composed of "background noise decoding”, where only the mode bits are received during

the "background noise mode", and unvoiced frame is received with certain period of time for background noise
generation.

2.5.8.2 Definitions

Definitions of constants

BGN_ INTVL : maximum background noise interval (=8)
Definitions of variables

idVUV : V/UV decision of the current frame

prevLSP1: previously transmitted LSP vector
prevLSP2 : previously transmitted LSP vector before prevLSP1

bgnCnt : frame count of successive “Background Noise” frames

2.5.8.3 Decoding process

idVUV is a parameter that has the result of V/UV decision and defined as;
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[0 Unvoiced Speech
. EL Background noise interval
idvuv = . .
Mixed voiced speech
EB  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/IUV 2 bit/20 msec 2 bit/20 msec 2 bit/20 msec
LSP 0 bit/20 msec 18 bit/20 msec 18 bit/20 msec
Excitation 0 bit/20 msec 8 bit/20 msec 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 “Mixed voiced speech” and “Voiced speech” (idVUV =2,3), the same decoding method as fixed bit rate mode
is used.

In the decoder, two sets of LSP parameters, prevLSPland prevLSP2, are hold where prevLSP1 represents
previously transmitted LSP parameters and prevLSP2 represents previously transmitted LSP parameters before
prevLSP1. For “Background Noise” frame (idVUV =1), VXC decoder is used in the same manner as UV frame, but
no LSP parameters are 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 of VXC

decoding. During the period of "Background Noise" frame, “Unvoiced speech (UV)” frame is inserted every
(BGN_INTVL +1) (=9) frames to transmit background noise parameters. This UV frame may or may not be a real

UV frame of the beginning of speech bursts. Whether or not the frame is real UV is judged by the transmitted gain
index. If the gain index is smaller than or equal to that of previous one+2, then this UV frame is regarded as
"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 prevLSPland 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

are set as: prevLSP1=LSP(1)and prevLSP2 = LSP(0) and LSP vector of Frame#i , LSP(i) (2<i<9), are generated
as
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prevLSP2 x (2 x BGN_INTVL -2 xbgnCnt —1) +prevLSP1 x(2 xbgnCnt +1)

LSP(i) =
2xBGN_INTVL

where BGN_INTVLis maximum background noise interval (=8) and bgnCntis frame count of successive
“Background Noise” frames.

In this example, bgnCnt = 0for Frame #2, bgnCnt =1 for Frame #3, ..., bgnCnt =7 for Frame #9. As for gain index

of VXC decoding during Frame #2...Frame #9, the gain index of Frame #1 is used. When parameters of Frame
#10 are received, prevLSPland prevLSP2 are updated as: prevLSP1=LSP(10)and prevLSP2 =LSP(1). For

decoding of Frame #10, gain index is first checked whether or not it is greater than “Frame #1’s index value + 2”. If
yes, Frame #10 is decoded as usual UV frame; otherwise it is decoded as “Background Noise” frame and LSP(1) is

used instead of LSP(10) while received gain index is used for both cases.

uv UV BN BN BN BN BN BN BN BN uv
Frame: 1 #0 0 g1 0 g2 0 #3 01 #4a 0 a5 1 #6 01 g7 1 #8 1 #9 1 g0 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 Data (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
Unvoiced speech (VUV=0) segment. When VUV=0 is selected, then it is checked whether the segment is real
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“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

Definitions of constants

NUM_SUBFL1: the number of subframes in one frame(=2)

NUM_SHAPE_LO: the number of codebook index(=64)

BGN_INTVL: background noise update interval(=12)

Definitions of variables

prevLSP1: transmitted LSP parameters

prevLSP2: 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 randomly generated integer value between -3 and 3

2.5.9.3 Transmission Payload

Transmission payloads with four different bitrates are used depending on V/UV decision and the result of
background noise detection. VUV flag and UpdateFlag indicate the type of transmission payloads.

VUV is a parameter that has the result of V/UV decision and defined as;

Unvoiced speech
Background noise interval

Voiced speech 1

<
C
<
I
) L

Voiced speech 2

To indicate whether or not the frame marked “VYUV=1" is noise update frame, a parameter “UpdateFlag” is
introduced. UpdateFlag is used only when VUV=1.

_ not noise update frame
UpdateFlag = ﬁ 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). Decoder output signals for background noise interval are
generated using the LSP and excitation parameters transmitted at noise update frames.

If the current frame or the previous frame is “Background noise” mode, differential mode in LSP 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/IUV 2bit/20msec 2bit/20msec 2bit/20msec 2bit/20msec
UpdateFlag 1bit/20msec 1bit/20msec Obit/20msec Obit/20msec
LSP Obit/20msec 18bit/20msec 18bit/20msec 26bit/20msec
Excitation 4bit/20msec 20bit/20msec 52bit/20msec
(gain only)
Total 3bit/20msec 25bit/20msec 40bit/20msec 80bit/20msec
0.15 kbit/s 1.25 kbit/s 2.0 kbit/s 4.0 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 mode, and
unvoiced frame (VUV=0) is processed in the same manner as 2 kbit/s fixed bitrate mode. When the background

noise mode is selected (VUV=1), decoder output signal is generated in the same manner as unvoiced speech at
2 kbit/s fixed bitrate mode. The decoder parameters for back ground noise interval are generated by using the
parameters transmitted at noise update frames (VUV=1, UpdateFlag=1) and sometimes at preceding unvoiced
frames (VUV=0). The subclauses below show how to generate the decoder parameters for back ground noise
interval.

2.5.9.4.1 LSP decoding

In the decoder, two sets of previously transmitted LSP parameters, prevLSP1 and prevLSP2, are held.
prevLSP1: transmitted LSP parameters

prevLSP2: transmitted LSP parameters before prevLSP1

“Background noise” mode occurs only after “unvoiced” or “background noise” mode. When the “background noise”
mode is selected, LSP parameters are transmitted only when the frame is “noise update frame” (UpdateFlag=1). If
new LSP parameters are transmitted, prevLSP1 is copied to prevLSP2 and newly transmitted LSPs are copied to
prevLSP1 regardless of VUV decision.

LSP parameters for each frame during the “background noise” mode are generated by the interpolation between
prevLSP1 and prevLSP2 using the equation:

gLsp(i) = ratio CprevLspl(i) + (1 - ratio) CprevLsp2(i)A 1 =1..10 (2.5.9.1)

where

2 [{bgnintval +rnd) +1
2BGN _INTVL (25.9.2)

gLsp(i) is the i-th LSP to be used for decoding operation of the current frame, prevLspl(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 counts

ratio =
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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 O or greater than 1, the value of rnd is set to O and ratio is recomputed.

2.5.9.5 Excitation generation

During the period of “background noise” mode, the Gain index (VX_gain[0]) transmitted in the noise update frame is
used for all the subframes, the values of Shape index (VX_Shapel[0,1]) are randomly generated between 0 and
NUM_SHAPE_LO-1. These excitation parameters are used with the interpolated LSP parameters as described
above to generate the signals of background noise mode.

LSP index —————pf Inverse VQ of LSP-—)‘» Interpolation for BGN — LSP Interpolation for UV

T A
UpdateFlag
V/UV/BGN
Random Number
—»  Generator I p Celp Shape Index
Celp Gain Index >

Figure 2.15 - Additional diagram for variable rate decoder
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Annex 2.A
(informative)

HVXC Encoder tools

2.A.1 Overview of encoder tools

Figure 2.A.1 shows the overall structure of the encoder. Speech input at a sampling rate of 8kHz is formed into
frames with a length and interval of 256 and 160 samples, respectively. LPC analysis is carried out using
windowed input data over one frame. LPC residual signals are computed by the inverse filtering of input data using
quantized and interpolated LSP parameters. The residual signals are then fed into the pitch and spectral magnitude
estimation block, where the spectral envelopes for LPC residual are estimated in the same manner as in the MBE
coder except that only a two-bit V/UV decision is used per frame. The spectral envelope for voiced segment is then
vector quantized with weighted distortion measure. For unvoiced segment, a closed loop search for the vector
excitation coding is carried out. Detailed configurations are described below.

<ndices>
VQ
of ]
LPC LSP
™ Analysis 0 LSP
CalCUltiON Of s-f -= == +m==smws s s
Perceptual - Voiced
Weighting
— ! v
InputO | imvese | | DFT  |Lgef FinePitchigy VIUV 0 VIUV
P o Filter . o Search Decision
L)
.| Open-loop Spectral
| Pitch Search Envelope ]
Pitch
v
S\p/)(gct(r);ll Spectral Env elope
Envelope
v Unvoiced <& Excitation
Perceptual o Parameters
Weighting

I Filter

! Perceptualy N Calculation
Stochastic € )
’_' Codebook _’l>" Weighted A,é_)_. g _|

LPC Syn. Filtgr Error

Shape

Figure 2.A.1 - Blockdiagram of the HVXC encoder
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2.A.2 Normalization

2.A.2.1 Tool description

The normalization process is composed of three operations, that is, LPC analysis, LSP parameter quantization, and
inverse filtering. These operations are described below.

2.A.2.2 Normalization process

2.A.2.2.1 LPC analysis

10th order LPC coefficients are computed for every frame, using Hamming-windowed input signals by
autocorrelation method.

2.A.2.2.2 LSP quantization
The same LSP quantizer as that of the narrowband CELP is used.

LPC coefficients are first converted to Line Spectral Pair (LSP) parameters. LSP parameters are then quantized
with a Vector Quantization (VQ). In case of the base layer, there are two methods for quantizing the LSPs as
described in the decoding section; a two-stage VQ without interframe prediction, and a combination of the VQ and
the inter-frame predictive VQ. At the encoding process, both methods are used to quantize the LSPs and one of
them is selected by comparing the quantization error. The quantization error is calculated as a weighted euclidean
distance.

In the case of the enhancement layer, a 10-dimensional vector quantizer, which has an 8 bit codebook, is added to
the bottom of the current LSP quantizer scheme of the 2.0 kbps coder. The bit rate of LSPs is increased from
18 bits/20 msec to 26 bits/20 msec.

The encoding process of the base layer is as follows.

The weighting coefficients (w[]) are,

01 1 N
EISD[O] * Isp[1] - Isq[ g (i=0)
1= 1 * - <j< _
W= Slsp[i] - |SF{i -J] Isp[i +1] _|sp[ i] (o Np —1)
0 1 L —

glsp[Np—]] —Isg Np -2 +lO—Isp[Np—1]

where Np is the LP analysis order and Isp[]s are the converted LSPs.

w fact = 1.;
for (i=0;i<4;i++) wWi] *= w_ fact;
for (i=4;i<8;i++) {

w_fact *= .694;

wi] *= w fact;

}

for (i=8;i<10;i++) {
w_fact *= .510;
wi] *= w fact;
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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 errl[] is given by:

dim-1

errl[n] = Z [(Isp[sp +i] —lsp_tbl[n[n )2 M/[sp +i]} n =0

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 second stage, above-mentioned two quantization methods, which are two-split vector quantizer, are applied
respectively. Total quantization errors in the second stage are calculated for all combinations of the first stage
candidates and the second stage candidates and the one which has the minimum error is selected. As a result,
indices of the first stage are determined and corresponding indices and signs for the second stage are stored in
LSP2 and LSP3. The flag which indicates the selected quantization method is also stored in LSP4. The
guantization error in the second stage err2_total is given by:

VQ without interframe prediction:

err2_total = err2[0] +err 1

dim-1

err2[n] = Z

{(Isp_ res[sp +i] —sign[n] @ _tol[ i nf § )* msp +i]} n =01

Isp_ res[sp + i] = Isr{ sp +i] —lsp_ firs{ sp +]
where Isp_first[] is the quantized LSP vector of the first stage, 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. (d_tbI[J[][] is shown in Annex 2.E.)
VQ with interframe prediction:

err2_total = err2[0] +errq 1

dim-1

err2[n] = 5 {(Isp_ pres[sp +i] —sign[n] (d_tol[ ] nf } )2 w[sp +i]} n=01

1=0

Isp_ pres[sp + i] = Isr{ sp +i] -
{(1— ratio_ predict) (sp_ first[sp + i] +ratio_ predict [Isp_ previous[ sp +i]}

where Isp_first[] is the quantized LSP vector of the first stage, 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, dim is the dimension of the n-th split
vector and ratio_predict=0.7. (pd_tbI[][][] is shown in Annex 2.E.)
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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

The quantized LSPs Isp_current[] are stabilized in order to ensure stability of the LPC synthesis filter which is
derived from the quantized LSPs. The quantized LSPs are arranged in ascending order, having a minimum
distance between adjacent coefficients.

for (i=0;i<LPCORDER;i ++) {
if (Isp_current[i] < mn_gap) Isp_current[i] = m n_gap;

}
for (i=0;i<LPCORDER-1;i++) {
if (Isp_current[i+1]-Isp_current[i] < min_gap) {

I sp_current[i+1] = Isp_current[i]+m n_gap;
}
}
for (i=0;i<LPCORDER;i ++) {
if (Isp_current[i] > 1-min_gap) Isp_current[i] = 1-mi n_gap;

}
for (i=LPCORDER-1;i>0;i--) {
if (Isp_current[i]-Isp_current[i-1] < min_gap) {
I sp_current[i-1] = Isp_current[i]-m n_gap;
}
}

for (i=0;i<LPCORDER;i ++){
gLsp[i] = Isp_current[i];

where min_gap = 4.0/256.0

After the LSP encoding process, the current LSPs have to be stored in memory, since they are used for prediction
at the next frame.

for (i=0;i<LPCORDER;i ++) {
| sp_previous[i] = Isp_current[i];
}

It must be noted that the stored LSPs Isp_previous[] must be initialized as described below when the whole of the
encoder is initialized.

for (i=0;i<LPCORDER;i ++) {
I sp_previous[i] = (i+1) / (LPCORDER+1);
}

The third stage for the enhancement layer (4.0 and 3.7 kbps) has 10-dimensional VQ structure. The error between
the quantized version of the base layer and the original version is quantized and corresponding index is stored in
LSP5.

After the quantization, the LSPs of the enhancement layer gLsp[] are stabilized again.
for (i =0; i < 2; i++)

if (gLsp[i + 1] - gLsp[i] < 0)

{

tmp = gLsp[i + 1];
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gLsp[i + 1] = qgLlsp[i];
} gLsp[i] = tnp;

if (gLsp[i + 1] - glLsp[i] < THRSLD_L)
{

gLsp[i + 1] = gLsp[i] + THRSLD L;

for (i =2; i <6; i++)
if (gLsp[i + 1] - glLsp[i] < THRSLD M
{
tnp = (qLsp[i + 1] + gLsp[i]) / 2.0;

gLsp[i + 1] =tnmp + THRSLD M/ 2.0;
gLsp[i] =tnmp - THRSLD M/ 2.0;

for (i =6; i < LPCORDER - 1; i++)
if (gLsp[i + 1] - gLsp[i] < 0)
{
tnmp = qlsp[i + 1];
gksp[i + 1] = gLsp[i];

} gLsp[i] = tnp;

if (gLsp[i + 1] - glLsp[i] < THRSLD_H)
{

gLsp[i] = qLsp[i + 1] - THRSLD H;
where, 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 LSP VQ Shits
2nd stage  (5+5)LSP VQ (7+5+1)bits
3rd stage 10LSP VQ 8bits

2.A.2.2.3 LPC inverse filter

LSPs are converted to alpha parameters to form a LPC inverse filter in a direct form. LPC residual signals are then
computed by inverse filtering the input signal. Only the current frame’s quantized LPC is used without any
interpolation for the inverse filtering to compute the LPC residual signal. The residual signal is then 256 point
Hamming windowed to compute the power spectrum. The transfer function of the LPC inverse filter is,

P
A(z) = r; a,z”"

where P =10 and a,=1. LPC coefficients a, 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 keep encoder

delay 26 ms. When the normal delay mode is used, pitch tracking uses one frame ahead and the encoder delay
becomes 46 ms.

2.A.3.3 Pitch tracking

For the low delay mode of HVXC, pitch tracking algorithm does not use the pitch value of the future (look ahead)
frame. The pitch tracking algorithm operates based on reliable pitch "rblPch”, V/UV decision of the previous frame
"prevVUV", and past/current pitch parameters.

The basic operation is as follows:

«  When prevVUV =0 and rblPch !=0, pitch is tracked based on rblPch. However, the pitch value of the previous
frame has higher priority.

*  When prevVUV = 0 and rblPch =0, pitch is tracked based on rbIPch.

»  When prevVUV !=0 and rblPch = 0, tracking is conducted based on the pitch of the previous frame.
e When prevWUV = 0 and rbIPch = 0, current pitch parameter is simply used.

prevVUV =0 represents Voiced, and prevVUV = 0 represents Unvoiced status respectively.

By this strategy, pitch tracking is carried out without any look ahead. Source code of the pitch tracking is shown
below.

t ypedef struct

float pitch; [* pitch */
float prob; /* 1st peak devided by 2nd peak of autocorrelation */
float rOr; /* 1st peak of autocorrelation - nodified */
float rawROr; /* 1st peak of autocorrelation - raw */
float rawPitch; /* pitch with no tracking */

}

NgbPr m

static int NearPitch(

fl oat po,

fl oat pl,

fl oat ratio)

{

return((p0 * (1.0 - ratio) < pl) & (pl < p0 * (1.0 + ratio)));
}

static float TrackingPitch(
NgbPrm *crntPrm /* current paraneter */
NgbPrm *prevPrm /* previous paranmeter */

i nt *scanlimt, /* Nunber of autocorrel ation peaks */

fl oat *ac, /* Autocorrelation */

int peakPos[ PEAKMAX], /* Position of autocorrelation peaks */
int prevvlv) /* VI'W of ptrevious frame */
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float Kkinete;

float pitch;

i nt i

static float prevRawp= 0.0;
i nt st0, stl1, st2;

float stdPch;

static float rbl Pch = 0. 0;
static fl oat prevRbl Pch = 0. 0;
rbl Pch = gl obal _pitch;

if (prevvlV !'= 0 & & rbl Pch !'= 0.0)

st0 Anbi guous(prevPrm >pitch, rbl Pch, 0.11);
stl Anbi guous(crnt Prm >pitch, rbl Pch, 0.11);
if(!(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;
el se
pitch = prevPrm >pitch;
}

el se
pitch = Get StdPch2El ns(crntPrm prevPrm scanlimt, peakPos, ac);

else if (!st0)
{
if (NearPitch(prevPrm >pitch, crntPrm >pitch, 0.2))
pitch = crntPrm >pitch;
else if ((gpMax * 1.2 > crntPrm >pitch) &&
Near Pi t ch(prevPrm >rawPi tch, crntPrm >pitch, 0.2))
pitch = crntPrm >pitch;
el se
pitch = prevPrm >pitch;

else if (!stl)

if ((crntPrm>rawPitch I'= crntPrm>pitch) &&

Near Pitch(crnt Prm >rawPi tch, prevPrm >rawPitch, 0.2))
pitch = crntPrm >rawPitch;

el se

pitch = crntPrm >pitch;

}
el se
if (NearPitch(prevPrm >pitch, crntPrm >pitch, 0.2))
pitch = crntPrm >pitch;
el se
pitch = rbl Pch;
}

}
else if (prevWW == 0 && rbl Pch !'= 0.0)
{
st1l = Anbi guous(crntPrm >pitch, rblPch, 0.11);
if (!stl)
pitch = crntPrm >pitch;
el se
pitch = rbl Pch;
}
else if (prevWW !'= 0 && rbl Pch == 0.0)

st1l = Anbi guous(crnt Prm >pitch, prevPrm >pitch, 0.11);
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if (!stl)
pitch = Get StdPch2El ns(crntPrm prevPrm scanlimt, peakPos, ac);
el se

{
if (prevPrm>rOr < crntPrm >rO0r)
pitch = crnt Prm >pitch;
el se
pitch = prevPrm >pitch;
}
}

el se
pitch = crnt Prm >pitch;

crntPrm >pitch = pitch;
prevRbl Pch = rbl Pch;

prevRawp = pitch;
return(pitch);

2.A.4 Harmonic magnitudes extraction

2.A.4.1 Tool description

Harmonic magnitudes extraction consists of two steps: fine pitch search and estimation of the spectral envelope.
The operation 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 fraction 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 point DFT is applied to the LPC residual signals to obtain the original spectrum. Using the original spectrum,
estimation of the spectral envelope is carried out in the part of the above mentioned fine pitch search. The spectral
envelope is a set of spectral magnitudes estimated at each harmonic. This magnitude estimation is carried out by
computing an optimal amplitude A, using pre-defined basis function E(j), and original spectrum X(j). Let a,,

and b, be the indices of DFT coefficient of lower and higher boundary of the m-th band respectively, covering m-th
harmonic band. The amplitude estimation error ¢, is defined as:

o= 3 (-l )

Solving
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gives

N :Z:mIX(j)IIE(J)I
Y0

i=an

This value is defined as spectral magnitude. Basis function E(j) can be obtained by DFT of 256 point Hamming
window.

2.A.5 Perceptual weighting

2.A.5.1 Tool description
The frequency response of a perceptual weighting filter is computed which is for the use of weighted vector

quantization of the harmonic spectral envelope. Here, a perceptual weighting filter is derived from linear predictive
coefficients a,. The transfer function of the perceptual weighting filter is;

P

ZanA”z'”

n=

w(z) =3
ZanB"z‘”
n=

where A= 0.9 B= 0.4 could be used. In this tool, the frequency response of the LPC synthesis filter h(z) is also
computed so that it could be incorporated where,

In this tool, frequency response of w(z)h(z)is computed and outputed as an array *per_weight, which could be
used as 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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2.A.6.2 Encoding process

2.A.6.2.1 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-
dimension VQ. A band-limited interpolation is used for the sampling frequency conversion to obtain the fixed-
dimension spectral vectors. 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 for a spectral envelope by a
combination of low pass filter and 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, coef [l] , with the offsets of
1 through 7, where

sinni(i —32) /8
n(i-32)/8

This FIR filtering allows decimated computation, in which only the points used at the next stage are computed.
They are the left and right adjacent points of the final output of the dimension converter.

coef [i] = (05-05cos27i / 64) 0<i<64

At the second over-sampling stage, 1st order linear interpolation is applied to obtain the necessary output points.
In this way, we get fixed-dimension (= 44) spectral vectors.

2.A.6.2.2 Vector quantization

A fixed-dimension (= 44) spectral vector is then quantized. In the base layer, a two-stage vector quantization
scheme is employed for the spectral shape together with a scalar quantizer for the gain. The weighted distortion
measure D is used for the codebook search of both shape and gain.

D =|WH(x -g(s; +52))||2

where X is a source vector, s; is the output of Spectral Envelope (SE) shapel codebook, s, is the output of SE
shape2 codebook, and g is the output of the SE gain codebook. Corresponding indices are denoted as

SE_shapel, SE_shape2 and SE_gain respectively. The dimension of the shape codebooks is fixed (=44). The
diagonal components of the matrices H and W are the magnitudes of the frequency response of the LPC
synthesis filter and the perceptual weighting filter, respectively.For enhancement layer, additional vector quantizers
are added to the bottom of the quantizer of the base layer. The 2.0kbps mode uses only the quantizers of the base
layer.
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For 4.0kbps 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 3.7kbps mode is selected.

5, Index

[ " SE_shape 1
VQ of
SE
Shapel SE Gain
N
T
VQ of
SE
Shape2 =Index )
. SE_gain
Gain table
_ Index
” SE_shape 2
Dimension
Conversion
Input -
(o, >+
VQ of VQ of VQ of
SE SE SE |y
Shape3 Shape4 Shape6
» Index
SE_shape3
» SE_shape4

— SE_shape6

Figure 2.A.2 - Vector quantization of spectral envelope

2.A.7 V/IUV decision

2.A.7.1 Tool description

A V/UV decision is made every 20 ms frame. The decision is made based on: similarity of the shape of the
synthesized spectrum and original spectrum, signal power, maximum autocorrelation of LPC residual signals
normalized by residual signal power, and number of zero crossing.

2.A.7.2 Encoding process

The V/UV decision is composed of three different modes, that is, Unvoiced, Mixed 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
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When the first decision is Voiced V/UVis1  forrOr < TH2 - Mixed Voiced 1
V/IUVis2  for TH2<=r0r < TH1 - Mixed Voiced 2
V/UV is 3 for TH1<=rOr - Fully Voiced

Example:

TH1=0.7

TH2=0.5

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 Tool description

When a speech segment is unvoiced, Vector Excitation Coding (VXC) algorithm is used. Figure 2.A.3 shows the
overall structures of the VXC encoder. The operation of the VXC is described below.

2.A.8.2 Encoding process
LPC analysis is carried out first, and LPC coefficients (a ) are then converted to LSP parameters in the same

manner as in the voiced case. LSP parameters are quantized, and quantized LSPs are converted to LPC
coefficients (a).

The perceptually weighted LPC synthesis filter H(z) is expressed as:

where A(z) is a transfer function of the LPC synthesis filter, and W(z) is a perceptual weighting filter derived from
LPC coefficients.

Let x,(n) be perceptually weighted input signal. Subtracting zero-input response z(n) from x,,(n), we obtain

reference signal, r(n), for the analysis-by-synthesis procedure of the VXC. Optimal shape and gain vectors are
searched using the distortion measure E:

E= Nz_:(r(n) -g ><syn(n))2

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
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N-1

Z r(n) x syn(n)

N-1

Zosyn(m)2

E, =

2. Search g that minimize

Eg =(gref _9)2

where

N-1

Z r(n) x syn(n)

— n:
gref - N-1

Z syn(m)2

The quantization error e(n) is computed as:
e(n) =r(n) -g xsyn(n)

When the bit-rate is 4 kbps, one more stage is used for the quantization of unvoiced segments, and e(n) is used as
reference input to the second stage VQ.

The operation of the second stage VQ is the same as that of the first stage VQ.

The 2.0 kbps coder uses 6bits shape and 4 bit gain codebooks for the unvoiced excitation for every 10 msec. The
corresponding indices are VX_shape[i], VX_gain[i] (i=0,1). The 4.0 kbps scheme adds 5 bits shape and 3 bits
gain codebooks for every 5msec at the bottom of the current quantizer. The corresponding indices are
VX_shapeZ2[i], VX _gain2[i] (i=0,1,2,3). 3.7 kbps mode may use the same encoding procedure as that of 4.0kbps
mode 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

1st stage (80dimension 6bits shape + 4bits gain) x 2
2nd stage  (40dimension 5bits shape + 3bits gain) x 4
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Figure 2.A.3 - Vector Excitation Coding (VXC) for unvoiced sighals

2.A.9 Variable rate encoder

This subclause describes a tool for variable rate coding with the HVXC core. This tool allows HVXC to operate at
variable bit rates. The major part of the algorithm is composed of "background noise interval detection”, where only
the mode bits are transmitted during the "background noise mode", and unvoiced frame is inserted with certain
period of time to send parameters for background noise generation

In the encoding algorithm, minimum level tracker has temporal minimum level in order to adjust a threshold value
by which a decision is made about whether or not the input segment is speech.

Minimum level tracking

Parameters are defined as follows:

lev: r.m.s. of a speech frame

vCont: number of continuous voiced frames

cdLev: candidate value of minimum level

prevLev: r.m.s. of a previous frame

gmlSetState: number of frames in which the candidate value is set

gmlResetState:number of frames in which the candidate value is not set after setting of minimum level

gml:minimum level

The minimum level is tracked according to the algorithm shown below.

if (vCont > 4)
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{
cdLev = 0.0;
gm SetState = 0;
gm Reset St at e++;
}
else if (lev < MN_GW)
{
*gnl = M N_GW;
gm Reset State = 0;
gm SetState = 0;
}
else if (*gm > lev)
{
*gm = lev;
gm Reset State = 0;
gm SetState = 0;
}
else if ((lev < 500.0 & cdLev * 0.70 < lev & lev < cdLev * 1.30) || lev < 100.0)
{
if (gm SetState > 6)
{
*gml = | ev;
gm Reset State = 0;
gm Set State = 0;
}
el se
{
cdLev = lev;
gm Reset State = 0;
g Set St at e++;
}
}
else if ((lev < 500.0 & prevLev * 0.70 < lev & lev < prevLev * 1.30) || lev < 100.0)
{
cdLev = lev;
gm Reset State = O0;
g Set St at e++;
}
else if (gn ResetState > 40)
{
*grd = M N_GW;
gm Reset State = O0;
gm Set State = 0;
}
el se
{
cdLev = 0.0;
gl Set State = 0;
gm Reset St at e++;
}

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 xmax(lev, refLev) +(L0 —A) xmin(lev, 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 (refLev < B *gml && contV < 2) {
idvuVv = 1;
}

For the frames where "unvoiced" decision is made:

if (refLev < B *gml) { /* condition-1 */
if (bgnCnt < 3) {
bgnCnt++;

else {
if (bgnintvl < 8) {
idvuv=1:
bgnintvi++;

}

else {
bgnintvI=0;
}

}
}
else {
bgnCnt=0;
}

where B is a constant. In this case we set B=2.0

Each parameter is defined below.

countV : number of consecutive voiced 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;

[0 Unvoiced speech
. B Background noise interval
idvuvV = . .

% Mixed voiced speech

FB  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 rate 2kbps HVXC.

Table 2.A.5 - Bit allocations of the encoded parameters for the variable bit rate mode

Mode (idvVUV) Back Ground Noise (1) UV (0) MV (2), V (3)
V/IUV 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 28hbit/20msec 40bit/20msec
0.1kbps 1.4kbps 2.0kbps

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.

pitch (from Open Loop Pitch Search) ————= \yuv/BGN

numzZeroXP (from Zero Crossing Counter) ———=

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 subclause one example of the implementation of HVXC variable rate mode encoder of 4.0 kbit/s maximum is
described. 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 unvoiced frames.
During 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 cepstrum
coefficients. The log 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
bgnChnt: background noise counter

80 © ISO/IEC 2001— All rights reserved



ISO/IEC 14496-3:2001(E)

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_rms. The current RMS value “rms” is then divided by current Min_rms to obtain the value
“ratio”.

rms

ratio = ——
min_rms

This value is used for signal stability detection as described in 2.A.10.4.

2.A.10.3 Spectral comparison

The spectral envelope is computed using Linear Prediction (LP) coefficients. LP coefficients are converted to

i 2
cepstrum parameters C []. From cepstrum parameters, log squared magnitude response |n|HL(eJQ)| is

computed as:
. 2 M
InH, ()" =2 DZOCL(m) cos(Qm)

The average level of each of the frequency bands at the n-th frame is computed as:

i+l

. 2 M
log Amp(n, i) =%j§'”'”|HL(e’Q)| do =%%Z%CL(m)Sin(9m)& i=0...3

Here, w is the band width (=500Hz), and i is the band number where 4 bands between 0 and 2kHz are computed.
From the obtained log squared magnitude values of the last 4 frames, averaged values for each band is computed
as:

) 18 ..
aveAmp(n,i) ==Y log Amp(n— j,i
p(n,i) 4; g Amp(n - j,i)

Using these equations, The difference “Wdif ” between the current level and averaged level for each of the
frequency band i is computed as shown below.

L1 L .
wdif _\/Z;(IOQ 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 regardless as
the value of stFlag. When background noise is detected in unvoiced interval (VUV=0), VUV is set to 1. When
background noise parameters have to be updated, “UpdateFlag” is set to 1. In order to secure stable operation of
the background noise detection algorithm, the variables, background noise counter (bgnCnt) and background noise
interval counter (bgnintvl), are introduced. BGN_CNT and BGN_INTVL are predefined constants.

2.A.10.6 Transmitted parameters decision

VUV is a parameter that has the result of V/UV decision and defined as;

[0 Unvoiced speech

Background noise interval
VUV = )
% Voiced speech 1

@ Voiced speech 2

In order to indicate whether or not the frame marked “VYUV=1" is noise update frame, a parameter “UpdateFlag” is
introduced. UpdateFlag below is used only when VUV=1.

- not noise update frame
UpdateFlag = ﬁ) noise update frame
At noise update frame, averaged LSP and Celp Gain parameters are computed.

As for LSP, raw LSPs are averaged around the last 3 frames.
1 2
aveLsp[n][i] = 3 Z Lsp[n—jI[i]. i=1,...NP
J:

where aveLsp[n][] denotes the averaged LSP at the n-th frame and Lsp[n][] denotes the raw LSP at the n-th

frame. NP is the order of LSP. aveLsp[n][] is quantized and coded, where LSP coding by differential mode is
inhibited.
As for Celp gain, raw Celp gains around the last 4 frames(8 subframes) are averaged.
1 3 1
aveGain[n] = 3 Z Z’ Gain[n - j][k]

1=

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 4kbit/s variable rate mode

Mode(VUV) Back Ground Noise(1) Uv(0) V(2,3)
UpdateFlag=0 | UpdateFlag=1
VIUV 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
0.15kbit/s 1.25kbit/ss 2.0kbit/ss 4.0kbit/s
Compute ratio
S[n RMS > » UV/BGN
UV/BGN
Spectral wdif Judgement
; —»
Comparison »  UpdateFlag
VUV 1

LSP and Celp Gain

i

Figure 2.A.5 - Additional Blockdiagram for Encoder
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START

No

VUV=0 ? and
tFlag = 0 or 22

No bgnCnt = 0
bgnintvl=0
bgnCnt++
bgnCnt > No
BGN_CNT 2
Vuv=1
No
Yes T
bgnintvl++ bgnintvl=0
bgnintvl <
BGN_INTVL?
UpdateFlag=1
UpdateFlag=0 bgnintvl = 0
|

END

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 spectral 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 postfilters for voiced and
unvoiced signals is recommended.

In the description below, each of the voiced speech and unvoiced speech obtained is fed into the independent
postfilters.

The use of a postfilter is required, however, the configuration and constants of the postfilters described here is one
example and not normative, and they could be modified.

2.B.1.2 Definitions

Pf, (z):Transferfunctionof spectralshapingfilterforvoicedspeech.
w (2):Transferfunctionof spectralshapingfilterforunvoicedspeech
I -gainadjustmentfactorforspectralshaping.

S(n}LPCsythesisfilterH (z Joutput.

S, (n)SpectralshapingfilterPf, (z Joutput.

pf

St )Spectralshapedandgainadjustedoutput.

dj *
vspeech )PostfiIteredvoicedspeech.

(n
(n
[
" prev(n )Spf'(n)computedusingpreviousframe'sanandra
(n
uvspeech(n }Postfilteredunvoicedspeech.

2.B.1.3 Processing

Each of the operation of the postfilter 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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iany”z‘”
va(z):“;—(l—éz‘l)
Zanﬁnz_n

Output of the LPC synthesis filter s(n) is first fed into the spectral shaping filter va(z), where a,are linear

predictive coefficients converted from de-quantized and linearly interpolated LSPs, which are updated every 2.5
ms. p =10,y =05, =08, d = 015 x oy where the value of dis limited to the range of 0<d<05. When low delay

decode mode is selected, the decode frame interval is shifted by 2.5 ms and interpolation of LSPs is carried out for
the first 17.5ms of decode frame interval shown in Figure 2.9, and the latest LSPs are used for the last 2.5 ms
without interpolation.

Gain adjustment:

The output of the spectral shaping filter, S (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 every 160 sample frame while LSPs are
updated every 2.5ms. The gain adjustment factor r.y; is computed as follows:

The spectrally shaped and gain adjusted output s ' (n) is obtained as:

Spr (N) =TygiSpe (N) (0= n<159)

Smoothing process:

The spectrally shaped and gain adjusted output spf' (n) is then smoothed to avoid discontinuities due to parameter
change at the beginning of each frame. Postfiltered voiced output vspeech(n) isobtained as follows

n % ' n_ (0=sn<19)
- n)+—sp (N
vspeech(n) - @ 20 Pf_prev( ) 20 Pf ( )
H Spe () (20 < n < 159)

I I
where Spi e, (M) is @ spr (N) computed using previous frame’s a,and ry; .
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2.B.1.3.2 Unvoiced speech

Spectral shaping:

P

Zany”z"“
ST (g

Pf,, (2) =5
Z a,B"z™"
n=

Similarly the transfer function of the spectral shaping filter for unvoiced speech is given as Pfuv(z), where a,are

linear predictive coefficients converted from de-quantized LSPs, which are updated every 20 ms. When normal
decode mode is selected, LSP coefficients are updated at the middle of decode frame interval. If low delay decode
mode is selected , decode frame interval is shifted by 2.5 ms and LSP update happens at 7.5 ms point from the
beginning of the decode interval in Figure 2.9 p=10,y =05, =08,0=01. The gain adjustment and the

smoothing process are the same as in the voiced part described above, and produces postfiltered unvoiced
speech uvspeech(n) .

The output of each of the postfilters, vspeech(n) and uvspeech(n) are added to generate postfiltered speech output.

2.B.2 Post processing

2.B.2.1 Tool description

The output of the postfilter is fed into the post processing part. Post processing is composed of three filters, those
are, high pass filter, high frequency emphasis filter, and low pass filter. High pass filter is used to remove
unnecessary low frequency components, high frequency emphasis is used to increase the brightness of the

speech, and low pass filter is used to remove unnecessary high frequency components. The filter configurations
and constants described here is one example and not normative, and they could be modified.

2.B.2.2 Definitions
HPF (z): Transfer function of high pass filter.

Emp(z): Transfer function of high frequency emphasis filter.

LPF(z): Transfer function of low pass filter.

2.B.2.3 Processing
The three filters below are applied to the output of the postfilter.

High Pass Filter:

1+ Azt +B;z ™ A+ Azt +B,z7?

HPF(z) = G;
™1+ Clz'1 + Dlz'2 1+ sz"l + Dzz"2
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High Frequency Emphasis:

Low Pass Filter:

2.B.2.4 Tables

Emp(z) = GG

Table 2.B.1 - Coefficients of the high pass filter

1+AAz'+BB 27
1+CCzt+DD z7?

1+AL z ' +BL 27

LPF(2) = GL
1+CLz'+DLz7?

G,, | 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

88

AA 0.551543
BB 0.152100
cC 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)* TT)

BL | 1.

CL | -2.%0.78 * cos((3.55/4.0)* IT)
DL | 0.78%0.78

GL |[0.768

© ISO/IEC 2001— All rights reserved



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

2.D.1 Overview

This section describes one example of the implementation of EP (Error Protection) tool and error concealment
method for HYXC. Some of perceptually important bits are protected by FEC (forward error correction) scheme and
some are checked by CRC to judge whether or not erroneous bits are included. When CRC error occurs, error
concealment is executed to reduce perceptible degradation.

It should be noted that error correction method and EP tool setting, error concealment algorithm described below

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

* 2 kbit/s fixed rate

ESC(Error Sensitivity Category) instances of two adjacent frames are applied for EP classes directly:
Class 1: 22bit(fixed), 2frame concatenated, SRCPC code rate 8/16, 6 bit CRC
Class 2: 4 bit(fixed), SRCPC code rate 8/8,1 bit CRC
Class 3: 4 bit(fixed), SRCPC code rate 8/8,1 bit CRC
Class 4: 20bit(fixed), 2frame concatenated, SRCPC code rate 8/8,no CRC

1 /* number of predefined sets */

2 /* bit interleaving */

0 [* bitstuffing */

2 [* 2 frame concatenate */

4 /* number of classes */

00010020 /*length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */
22 /* bits used for class length (0 = until the end) */

8 /* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

6 [* 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 */

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 */
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1
00010030
10

[* crc length */

/* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */
[* bits used for class length (0 = until the end) */

[* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

[* crc length */

*  4kbit/s fixed rate

ESC(Error Sensitivity Category) instances of two adjacent frames are applied for EP classes directly:
Class 1: 33bit(fixed), 2frame concatenated, SRCPC code rate 8/16, 6bit CRC
Class 2: 22bit(fixed), 2frame concatenated, SRCPC code rate 8/8, 6bit CRC
Class 3: 4bit(fixed), SRCPC code rate 8/8, 1bit CRC
Class 4: 4bit(fixed), SRCPC code rate 8/8, 1bit CRC
Class 5: 17bit(fixed), 2frame concatenated, SRCPC code rate 8/8, no CRC

0010020

00010030
22

0

6
00000030
4

0

1
00000030
4

0

0
00010030
17

[* number of predefined sets */

/* 1 bit interleaving */

[* bitstuffing */

* 2 frame concatenate */

/* number of classes */

/* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */
[* bits used for class length (0 = until the end) */

[* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

[* crc length */

[* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */
[* bits used for class length (0 = until the end) */

[* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

[* cre length */

/* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */
/* bits used for class length (0 = until the end) */

/* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

[* cre length */

/* length_esc, srcpc_esc, crc_esc, concatenate, FEC type, No termination, interleave SW, class option */
[* bits used for class length (0 = until the end) */

[* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

[* crc length */

[* length_esc, srcpc_esc, crc_esc , concatenate, FEC type, No termination, interleave SW, class option */
[* bits used for class length (0 = until the end) */

[* puncture rate for srcpc 0 = 8/8 ... 24 = 32/8 */

[* cre 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

2kbit/s fixed rate

4kbit/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 ™Y 4
CRC parity 0 1
Code Rate 8/8 8/8
Class VI total 20 5
Class VI

Source coder bits 34 ™
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 I1-V(2kbit/s), I1-VI(4kbit/s):

At least one CRC bits cover the source coder bits of these classes.
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Class VI(2kbit/s), VII(4kbit/s) :

The source coder bits are not checked by CRC nor protected by any error correction scheme

2.D.3 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 2.D.1. 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.

2.D.3.1 Parameter replacement

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.

2.D.3.1.1 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
calculated from all LSP indexes received in the current frame. If LSP4=1 (LSP quantization mode with inter-frame
coding), then LSP parameters are calculated with the following method.

In this mode, LSP parameters from LSP1 index are interpolated with the previous LSPs.

LSP,

base

(n) = pLSP,,, (n) + (1 - p)LSP (n) forn=1..10 (1)
LSP,. (N) is LSP parameters of the base layer, LSP,, (n) is the previous LSPs, LSP(n) is the decoded

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 2.D.2. LSP indexes LSP2, LSP3 and LSP5 are not
used and LSP,., (n) is used as current LSP parameters.

Table 2.D.2 - p factor

Frame p

0 0.7
0.6
0.5
0.4
0.3
0.2
0.1
0.0

DO PB|W|IN| -

v
\l
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2.D0.3.1.2 Mute variable
According to the “state” value, a variable “mute” is set to control output level of speech.
The “mute” value below is used.

In state=7, the average of 1.0 and “mute” value of the previous frame( = 0.5 ( 1.0 + previous “mute value” ) ) is
used, but when this value is more than 0.8, “mute” value is replaced with 0.8.

Table 2.D.3 - mute variable

State mute
0 1.000
0.800
0.700
0.500
0.250
0.125
0.000
Average/0.800

N|o(g|lR~fWIN]F

2.D.3.1.3 Replacement and gain control of “voiced” parameters

In state=1..6, spectrum parameter SE_shapel, SE_shape2, spectrum gain parameter SE_gain, spectrum
parameter for 4kbit/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[OK 127] " is gain controlled as shown in Eq.(1). In the equation, Am( )[i] is computed from the received

org

spectrum parameters from the latest error free frame.
Am[i] = mute 0Am [l fori=0..127 (1)

If previous frame is unvoiced and current state is state=7, Eq.(1) is replaced with Eq.(2).
Am[i] = 0.6 Omute DAm, [l fori=0.127 (2)

As described before, SE_shapel and SE_shape?2 are individually protected by 1 bit CRC. In state=0 or 7, when
CRC errors of these classes are detected at the same time, the quantized harmonic magnitudes with fixed

dimension Am_[1..44] are gain suppressed as shown in Eq.(3).
Am, . [i] = s[iTOAM . o, i1 fori=1..44 (3)
s[i] is the factor 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 4kbit/s, SE_shape4, SE_shape5, and SE_shape6 are checked by CRC as Class Il bits. When CRC error is
detected, 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_gainl1[0], VX_gainl[1] are replaced with the VX_gainl[1]
from the Ilatest error free frame. Also stochastic codebook gain parameter for 4kbit/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_shapel[0], VX_shapel[l],and stochastic codebook shape parameter
for 4kbit/s codec are generated from randomly generated index values.

Also, to control volume of output speech, LPC residual signal res[OK 159] is gain controlled as shown in Eq.(4). In

the equation, res(org) [I] is computed from stochastic codebook parameters.

res[i] = muteC¥es,[]  (0< i< 159) @

2.D.3.1.5 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 CbCelp
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 2kbps

Table 2.E.2 - Spectral gain codebook (base layer): gO0J[]
dim=1x 32 codewords
16 bits signed

factor =272
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
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14 1940 30 8954
15 1482 31 9856

Table 2.E.3 - Spectral shape (base layer): cb0[16][44]
dim=44 * 16 codevectors
16 bits signed
factor =2717

index codeword
(SE_shapel)

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
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98

4049 4442 4998 5256
3711 -395 -154 1377
13954 8825 -2191 957
2890 2461 2722 2351
2592 3760 4872 3592
1614 3113 3932 5058
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
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5036 10205 11528 9840
9263 8782 7973 7590
7427 7360 7549 6667
6528 9201 10278 10508
11114 10054 7920 6415
9 6869 8687 10127 11499
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
744 412 2351 3498
5146 6572 8301 8349
6779 2113 665 1038
3861 7854 10553 12074
13784 13715 11321 7859
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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

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 5981 6977 8020

10188 11005 9799 7195

4792 4291 5736 6737

6776 6560 7849 9576

8904 5430 4240 2797

Table 2.E.4 - Spectral shape (base layer): cb1[16][44]
dim=44 * 16 codevectors

16 bits signed
factor = 2717

100

index Codeword
(SE_shape?)
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
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9416 6379 4671 5822
9248 10374 11050 10787
9149 8527 9056 9764
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
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 15868 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 7114 6543 7277
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102

7620 7790 9649 11153
7 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
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
11 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
12 6057 4794 4497 5135
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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
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
1477 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 13011 12150 8225

2.E.3 CbAm4k

VQ codebook for harmonic spectral vector quantization for 4kbps.

Table 2.E.5 - Spectral shape (enhabcement layer): cb4k[0][128][2]
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dim=2x128 codewords

16 bits signed
factor = 276

index
(SE_shape3)

codeword
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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
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
47 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
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57 528 -791
58 4109 29
59 1634 -459
60 -210 1695
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
71 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 -3581
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 -7754 -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
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114 -9446 -6193
115 -3441 -976
116 -2890 -4293
117 -1702 -898
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

Table 2.E.6 - Spectral shape (enhabcement layer): cb4k[1][1024][4]
dim=4x1024 codewords
16 bits signed

factor = 276
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
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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 1448 14926 -6518 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
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 -551 -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
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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
96 -7524 2222 -2307 5325
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
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
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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
153 -5539 2837 -1770 -1665
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
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 1148 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
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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
210 -1599 20 -3765 -2851
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
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 3615 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 -3811
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
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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
267 449 3424 -3234 696
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
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
287 -1065 3217 -2198 1709
288 -6483 74 -2695 5213
289 2023 3583 -5542 -1418
290 779 3571 -587 5003
201 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
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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
324 609 379 1198 1452
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
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 3958 -1735
345 -1877 636 180 724
346 14629 473 2203 -5314
347 4959 3220 -1851 716
348 -3032 2368 6663 -1038
349 -5137 1085 2171 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
371 578 807 589 314
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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
381 78 -579 4192 809
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
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
401 -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
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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
438 699 3509 2043 2589
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
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
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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
495 -78 92 -2357 -258
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
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
515 425 -627 5619 -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 -11
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
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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
552 8335 -2500 -1145 -3713
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
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
572 967 -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
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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
609 912 -628 939 -696
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
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 -771 -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
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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
666 2093 -1851 4449 5297
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
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
686 814 -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
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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
723 842 123 -476 700
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
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 -11 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
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771 1071 -5458 2417 -569
772 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
780 311 1708 -2741 2083
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
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 -74 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
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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
837 3582 989 -1566 -1552
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
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 -724
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
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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
894 -1569 -4734 -2570 -621
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
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
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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
951 -3559 -11798 3227 -5935
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
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
971 231 -752 -577 1353
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

© ISO/IEC 2001— All rights reserved

123



ISO/IEC 14496-3:2001(E)

124

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
1008 -2251 942 -2698 -1414
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
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
16 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
11 -5190 2683 -3314 4210
12 1910 1707 -1557 4536
13 -3734 4448 -2791 1786
14 681 2683 -3198 10239}
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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
21 261 979 -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
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 -2990
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 -55 -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
71 -1276 -1228 -1647 620
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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
89 -1400 3094 -379 -982
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
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
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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
146 -2063 1886 -327 724
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 717 -1709
153 -1360 -1858 -194 -1201
154 1837 -312 -568 -944
155 -2331 -180 1320 -315
156 -620 511 -138 -2351
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
166 717 -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
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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
203 1029 55 872 3129
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
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 3654 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 774
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
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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
260 -1198 -336 -93 -370
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
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 -1702
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 -31 -1 682
297 -36 1863 722 -170
298 480 113 2137 861
299 906 -864 110 -2023
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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
317 476 148 158 -70
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
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 -107
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
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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
374 -316 -1407 2417 -1308
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
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 -67 -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
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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
431 4219 -2280 -3206 -3278
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
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
451 -4054 -1751 -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 -71
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
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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
488 -211 -4953 1633 -1087
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
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 = 276
index codeword
(SE_shapeb)
0 -3768 947 -5129 3159
1 1856 645 -1585 744
2 -4337 2591 1792 1066
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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
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 =777 -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
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60 1 -379 887 -599
61 -1464 -5776 374 3465
62 -38 1486 3389 -1175
63 -326 -736 98 2403

VQ codebook for stochastic excitation vector for 2kbps

Table 2.E.9 - 1st stage VXC gain codebook (base layer): cbL0O_g[16]

16 bits signed

dim=1 x 16 codewords

factor =272
index codeword
(VX_gainl][])
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

dim=80 x 64 codewords

16 bits signed
factor = 2715

Table 2.E.10 - 1st stage VXC shape codebook(base layer): cbL0_s[64][80]

index codeword
(VX_
shapell])
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
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0 0 0 0 2070 -16335 9139 0 2613 -15972

0 0 9563 0 3610 0 -116  -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 -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

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 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

3 -2269 776 -2206 605 -901  -1997 -1395 502  -9523 2649
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 4647

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 11 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

-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 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

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
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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
11 -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  -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
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
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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

15 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 5093 -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 -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

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 5177

-343 -3570 0 0 -362 0 -3256 9844  -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

18 0 -105 8171 0 -182  -5712 -1732  -2874 -51  -7855
5330 -4002 0 2438 2085 128 -7971 647 1517  -1079

-2742 8536 4959 -11 351 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

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

-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 0 -2188 7185 -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
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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 -1777 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
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
28 -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 -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
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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 0 -2047 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 6894

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 3033

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

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 4592

-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 -423

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

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

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

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
-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  -4647

-6028 3904 -3466 0 -3156 1882 -1249 2516 106 770

-2434 7902 -7161 1952 8165 0 7560 0 0 5449
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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 -11 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 -5018 1610 101 -2791 -8132 -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

-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
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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 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

44 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

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

45 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

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 1114  -1317 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

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 0 3256  -9844 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
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2742 -8536 -4959 11 -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 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
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
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
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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 9984

0 895 812 -2398 0 230 6871 0 -5805 0

0 1062 -6539 -2553 3109 511 8288 -1209 -4089 -3174

58 -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

-10186 2828 -3728 0 3280 264 2782  -2747 4782  -4130

59 -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

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 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

61 0 -5352 0 0 8238 0 0 12856 0 0
0 -3890 4495 0 0 0 0 2047 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  -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

-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
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2.E.5 CbCelp4k

VQ codebook for stochastic excitation vector for 4kbps

Table 2.E.11 - 2nd stage VXC gain (enhancement layer) codebook cbL1 g[8]
dim=1 x 8 codewords
16 bits signed
factor = 271

index codeword
(VX_gain2[])

29
351

1523
820
16956
2571
7670
4303

N[OOI [WIN|FO

Table 2.E.12 - 2nd stage VXC shape (enhancement layer) codebook cbL1 s[32][40]
dim=40 x 32 codewords
16 bits signed
factor = 2715

index codeword
(VX_
shape?2[])
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
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
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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

6 795 -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

7 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 -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

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

11 -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

12 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

13 -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

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

15 0 0 -6400 0 0 -l11621 2715 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

-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
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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 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
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 -4112
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 -6322 -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 = 2715
index codeword
(LSP1)
0 3375 4912 6549 9040 10942 13276 18798 21307 25336 28572
1 2974 4358 6129 8373 10084 12442 19149 23195 26224 28839
2 3077 4360 6147 9751 12072 14239 16729 19410 25495 28508
3 2919 4067 6571 9049 11301 13176 15546 21792 25596 28758
4 3935 6019 9204 12175 15469 18353 21731 24243 27476 29137
5 3746 5894 8346 10956 14067 16427 19980 22820 26182 28388
6 3138 4830 6689 9712 13093 14804 17683 20287 23614 27858
7 3660 5585 8408 11300 13434 15086 18394 21960 25381 27908
8 2546 3478 5301 11498 13855 15746 18993 21490 26264 28407
9 2415 3239 5561 12877 15707 17387 20352 22286 26337 28318
10 2887 5150 8479 11388 14513 17282 20858 23623 26958 29134
11 2229 4162 7949 11474 14612 16990 19987 22614 25791 28349
12 2086 3932 8403 12430 16065 19196 22252 24785 27464 29264
13 3539 5949 9973 13626 17153 20423 23144 25356 28016 29594
14 3748 6180 9973 12764 15130 17300 20631 23046 26361 28654
15 4005 6856 12057 14541 17344 19943 22286 24277 26824 28540
16 2959 4902 6772 9100 12970 14348 17631 22669 24817 27497
17 1659 3244 6690 9923 13244 16000 19579 22730 26119 28767
18 2116 2880 4959 10683 16288 18759 21936 24273 27098 29082
19 1623 2982 7079 10655 14022 17143 20470 23340 26641 29021
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 28435
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 29255

Table 2.E.14 - LSP table for the second stage of VQ (base layer) with inter-frame prediction

pd_tbl[0][64][5]....Lower 5 LSPs
dim=5 x 64 codevectors
16 bits signed
factor = 2718

index codeword
(LSP2&0x3f)
0 2981 1974 3673 2079 3154
1 467 1177 2624 4315 -2970
2 7204 -2351 -225 2548 1793
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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
11 -1025 668 -181 4580 713
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 -1777 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
48 1274 4462 894 -2286 1214
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
59 -1077 10402 2066 -398 907
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150

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_tbl[1][16][5]....Higher 5 LSPs

dim=5 x 16 codevectors
16 bits signed
factor = 2718

index codeword
(LSP3&0x0f))
0 9524 346  -2981 267 -336
1 2629 -5468  -1733 7104 2469
2 2336 3321 -2915 6391 2404
3 -3961 -370 1623 9820 4352
4 9849 6079 3437 7157 2553
5 3586 755 1937 -1298 2530
6 5240 8829 -624  -1243 -464
7 -2223 3743 -31 1688 5419
8 6027 -2265 2632 3738 -1646
9 -792 -3861 5951 2705 -160
10 671 2637 1455 1216 -2724
11 -4336 2679 7699 1557 -186
12 9484 2750 3806 -2873 -4066
13 3054 4257 8559 6189 1531
14 1922 4716 7917 -3945 -2375
15 -881 10551 3992 3806 2097

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
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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
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 -7073 1169 3332 2551 9020
25 -4939  -8029 17592 12255 703
26 -2564 6800 2024 4650 71
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 3534 -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 2192 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
61 1201 5500 -3513 747 3932
62 -3038 12727 2823 -4664 2621
63 -1376  -1489 634 15435 -1937

© ISO/IEC 2001— All rights reserved

151



ISO/IEC 14496-3:2001(E)

Table 2.E.17 - LSP table for the second stage of VQ (base layer) without inter-frame prediction
d_tbl[1][16][5] ...Higher 5 LSPs
dim=5 x 16 codevectors
16 bits signed
factor = 2718

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
vgLsp[256][10].
dim=10 x 256 codevectors
16 bits signed
factor = 2718

index codeword
(LSP5)
0 -1488 1955 6590  -1047 -422 -567 -311 46 -916 -397
1 445 1443 1785 6945 2534 806 2409 1184 707 4339
2 553 2225 250 390 3316 4497 -67 -2833 -169 3250
3 1219 1234 1126 639 1238 1503 5514 4088 258 4326
4 -716 -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
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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
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 -650  -1000 439 28 855 1335 309 3629 8164 22246
29 -74 624 981 -277 2096 949 -252 1934 2831 1794
30 -390 -824 10 -502 180 1024  -3594 1312 453 13048
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  -5695 -1087
34 604  -1471 -121 -810 -204 556 8401 9515 -1066 529
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 -3256 -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 -760 569
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 808 772 218 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  -3038
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 1085 527 977  -1435 -625  -2965 860
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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
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
85 979 -1038  -1193 -271  -1048 -620 29 5764 4654 2798
86 201 -729  -2020  -1455 -100 -444  -1882 1077 -3250 -928
87 -571 950  -1500 130 -763 1072 -1895 4771  -1534  -3396
88 -158 875 465  -1906 441 72 -1897  -3564 1026 4080
89 -20 982 -334 -101 2873 -544  -2399 -1914  -1003  -1133
90 -1045 729  -1377  -2187 874 2318 -872 -52  -1335  -1465
91 -697 2235  -2466 -177 525 1147 1289  -2700 -424 86
92 697 1379 1799 642 14 -1276 -215 2441 16386 10749
93 -554 -794 -418 -40 1042 -382 1777 7380 618 -1064
94 1822 1848  -3881 -582  -1192 1700 -540 639 4302 3165
95 166 793  -1864 -171 1504 -175  -1231 -792 3369 1618
96 87 1121  -1578  -1136  -2467 -2734  -7351  -1152  -2241  -8569
97 855 970 -420 301 36 582 -8104 426 -8356  -9449
98 952 1536 432  -2641 -115 -1466 5846 233  -1257  -2578
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 4349
103 -1165 1051 -848 -402  -1601 -332 2467 252  -3375 847
104 253  -1060 417 413 68 -1570  -3920 -10768 1361  -5063
105 -166  -1070 -193 -170 111 -740  -3604  -2427 -11876  -5145
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
111 209 1024 -535  -1537 1524 -3995 3431  -1481 2876 -237
112 30 -1606 551 1401  -4167 -1196  -2925 613 -2783  -3431
113 -221 1002 -928 526  -1723 1525  -2327  -2027  -2499 -607
114 -2516 1081 -673 1540 33 -33  -1258 1336 -2577 -223
115 -5703 2336 -1985 1779 197 370 931 -409 540 -540
116 438 1551  -1680 -902  -8699 -284 -91  -1765 -2392  -1349
117 581 1066 -308 265  -1940 72 -584 -344 564 -10666
118 -461  -1095  -3661 -587  -3356 -1699 647  -1080 2132 24
119 -2050 1114  -2993 -786  -1373 -398 258 -373 3718 -35
120 741 1008 -744  -1369  -1576 -2146  -7186 -21217 -308  -2551
121 243 949 -942 -268 122 817 1439  -2225 -15141  -4756
122 -1657 788 16 -902 1171 1864 324  -2561 397  -3813
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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
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 41 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 1149 -843 3832 751 -1773 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 -869
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 -102 834
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 -529
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 -6017
179 1284 902 1566 -935  -1881 -2420  -2133  -1300 508 605
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180 -253 1230  -1713 143 4161 46 -972 3265  -2170 1523
181 -293 985 -224 1218 1262 -392 21 1539  -3888 4842
182 -1135 =777 -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
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
199 -2312 -981 173 -653 1087 1344  -2133 650 -28 -968
200 318 -999  -2863 1696 -307 -681 926 1649 39 781
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 -175
204 -797 1150  -1524 4061  -3382 287 484 45 3144 3137
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  -2065
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 1465
219 697  -2235 2466 177 -525 -1147  -1289 2700 424 -86
220 -697  -1379  -1799 -642 -14 1276 215 -2441 -16386  -10749
221 554 794 418 40  -1042 382 1777  -7380 -618 1064
222 -1822  -1848 3881 582 1192 -1700 540 -639  -4302  -3165
223 -166 -793 1864 171 -1504 175 1231 792  -3369 -1618
224 -87  -1121 1578 1136 2467 2734 7351 1152 2241 8569
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 5145
234 10 -616 659 1902 -294 -244  -2431 33 -1045 1334
235 1057 726 302 1061  -1595 1635 514 511 2395 -266
236 940 1624 582 786 468 4660 1003 15749 6529 2107
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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
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 subclause provides a brief overview of the CELP (Code Excited Linear Prediction) decoder. A basic block
diagram of the CELP decoder is given in Figure 3.1.

LPC LPC Parameter LPC Parameter

Indices > >
Decoder Interpolator
Lag Adaptive [
Index >
Codebook | 2
Y
. Y
Shape - Fixed D\ LP Synthesis Post Output
Index 1 > —I_ > . > ' > Signal
Codebook 1 74 vy Filter Filter

Shape Fixed
Index n i Codebook n :T

Gain Gain Excitation
Indices Decoder Generator

Figure 3.1 - Block diagram of a CELP decoder

The CELP decoder primarily consists of an excitation generator and a synthesis filter. Additionally, CELP decoders
often include a post-filter. The excitation generator has an adaptive codebook to model periodic components, fixed
codebooks to model random components and a gain decoder to represent a speech signal level. Indices for the
codebooks and gains are provided by the encoder. The codebook indices (pitch-lag index for the adaptive
codebook and shape index for the fixed codebook) and gain indices (adaptive and fixed codebook gains) are used
to generate the excitation signal. It is then filtered by the linear predictive synthesis filter (LP synthesis filter). Filter
coefficients are reconstructed using the LPC indices, then are interpolated with the filter coefficients of successive
analysis frames. Finally, a post-filter can optionally be applied in order to enhance the speech quality.

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.

Table 3.1 - Coding modes in the MPEG-4 CELP coder

Coding Mode | Excitation tool | Sampling rate
| RPE 16 kHz
Il MPE 8, 16 kHz

3.1.2.2 Features of the MPEG-4 CELP coder
The MPEG-4 CELP coder offers the following functionality, depending on the coding mode.

Table 3.2 - Functionality of the MPEG-4 CELP coder

Coding Mode | Functionality
I Multiple bitrates, FineRate Control
Il Multiple bitrates, Bitrate Scalability, Bandwidth Scalability, FineRate Control

For both coding modes, silence compression and error resilient bitstream reordering are available.

Multiple bitrates: The available bitrates depend on the coding mode and the sampling rate. The following fixed
bitrates 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

Bitrates for the 8 kHz sampling rate (bit/s) Bitrates for the 16 kHz sampling rate (bit/s)

3850, 4250, 4650, 4900, 5200, 10900, 11500, 12100, 12700,
5500, 5700, 6000, 6200, 6300, 6600, 13300, 13900, 14300,

6900, 7100, 7300, 7700, 8300, 14700, 15900, 17100, 17900,

8700, 9100, 9500, 9900, 10300, 18700, 19500, 20300, 21100,

10500, 10700, 11000, 11400, 11800, 13600, 14200, 14800, 15400,
12000, 12200 16000, 16600, 17000,

17400, 18600, 19800, 20600,

21400, 22200, 23000, 23800

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 Sampling Band width Frame length Bitrate [bit/s]
mode rate [kHZ] scalability [ms] TX flag HR-SID LR-SID
| (RPE) 16 - 15 133 2533 400
10 200 3800 600
Il (MPE) 8 On, 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 controlling the transmission rate of the LPC parameters using a combinations of the two bitstream elements
interpolation_flag and LPC_present flag. Using FineRate Control it is possible to vary the ratio of LPC-frames to
total frames between 50% and 100%. This enables the bitrate to be decreased with respect to the anchor bitrate, as
defined in the Semantics.

Bitrate Scalability: Bitrate scalability is provided by adding enhancement layers. Enhancement layers can be
added with a step of 2000 bit/s for signals sampled at 8 kHz 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
extension tool in the CELP coder. This is an enhancement tool, supported in Mode Il, which may be added if
scalability from the 8 kHz sampling rate to the 16 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 provide a
single layer of scalability. The core CELP coder for the 8 kHz sampling rate can comprise several layers. It should
be noted that an 8 kHz sampling rate coder with this tool is not the same as a 16 kHz sampling rate coder. Both
configurations (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 expand the
bandwidth to 7 kHz. The additional bitrate required for the bandwidth scalability tool can be selected from 4 discrete
steps for each core layer bitrate as shown in Table 3.6.

Table 3.6 - Bitrates for the bandwidth scalable mode

Bitrate of the core layer (bit/s) Additional bitrate (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
content depending on its error sensitivity in one or more instances belonging to different error sensitivity categories
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(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
FineRate Control is off. When FineRate Control is on, additional one-frame delay is introduced. Bandwidth
scalability 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 Il (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 Il (bit/s) Delay (ms) | Frame Length (ms)
10900, 11500, 12100, 12700, 13300, 13900, 14300, 25 20

14700, 15900, 17100, 17900, 18700, 19500, 20300, 21100

13600, 14200, 14800, 15400, 16000, 16600, 17000, 15 10

17400, 18600, 19800, 20600, 21400, 22200, 23000, 23800

In case silence compression is used, the algorithmic delay is the same as without silence compression, since the
same frame length and the same additional look-ahead length are used.

3.2 Definitions

3.2.1 adaptive codebook: An approach to encode the long-term periodicity of the signal. The entries of the
codebook consists of overlapping segments of past excitations.

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

3.2.3 bitrate scalability: The possibility to transmit a subset of the bitstream and still decode the bitstream with
the same decoder.

3.2.4 CELP: Code Excited Linear Prediction

3.2.5 demultiplexing: Splitting one bitstream into several.

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

3.2.7 enhancement layer(s): The part(s) of the bitstream that is possible to drop in a transmission and still
decode the bitstream.
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3.2.8

fine rate control: The possibility to change the bitrate by, under some circumstances, skipping

transmission of the LPC indices.

3.2.9

fixed codebook: The fixed codebook contains excitation vectors for the speech synthesis filter. The

contents of the codebook are non-adaptive (i.e. fixed).

3.2.10
3.2.11
3.2.12
3.2.13
3.2.14
3.2.15

index: Number indicating the quantized value(s).

LPC: Linear Predictive Coding.

LSP: Line Spectral Pairs.

MPE: Multi Pulse Excitation.

multiplexing: Combining several bitstreams into one.

post-filter: This filter is applied to the output of the synthesis filter to enhance the perceptual quality of the

reconstructed speech.

3.2.16
3.2.17
3.2.18
3.2.19
3.2.20

RPE: Regular Pulse Excitation.

unvoiced frame: Frame containing unvoiced speech which looks like random noise with no periodicity.
variable bitrate: The ability to permit a variable number of bits corresponding to one coded frame.

vector quantizer: Tool that quantizes several values to one index.

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.

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 Mnemonic

CelpSpecificConfig (uint(4) samplingFrequencylndex)

{
isBaselLayer 1 uimsbf
if (isBaseLayer)

{
}

else

{

CelpHeader (samplingFrequencylndex)

isBWSLayer 1 uimsbf
if (isBWSLayer)

{

}

else

{
}

CelpBWSenhHeader ()

CELP-BRS-id 2 uimsbf
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Table 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 (ExcitationMode == MPE) {
MPE_Configuration 5 uimsbf
NumEnhLayers 2 uimsbf
BandwidthScalabilityMode 1 uimsbf
}
}

Table 3.12 - Syntax of CelpBWSenhHeader()

Syntax No. of bits Mnemonic
CelpBWSenhHeader ()
{
BWS_configuration 2 uimsbf
}

3.3.1.2 Frame syntax
Transmission of CELP bitstreams

Each layer of an MPEG-4 CELP audio bitstream is transmitted in an Elementary Stream. In slPacketPayload, the
following dynamic data for CELP Audio has to be included:

CELP Base Layer -- Access Unit payload

sl Packet Payl oad
{

}

Cel pBaseFrane();

CELP Enhancement Layer -- Access Unit payload

To parse and decode the CELP enhancement layer, information decoded from the CELP base layer is required. For
the bitrate scalable mode, the following data for the CELP enhancement layer has to be included:

sl Packet Payl oad
{

}

Cel pBRSenhFrane() ;
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For the bandwidth scalable mode, the following data for the CELP enhancement layer has to be included:

sl Packet Payl oad
{

}

Cel pBWsenhFr ane() ;

In case bitrate scalability and bandwidth scalability are both used simultaneously, first all bitrate enhancement layers
have to be conveyed prior to the bandwidth scalability layer.

Table 3.13 - Syntax of CelpBaseFrame()

Syntax No. of bits Mnemonic
CelpBaseFrame()

Celp_LPC()

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
CelpBW SenhFrame()
{
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] 11 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_Present == YES) {
LSP_VQ()
}else {
LSP_VQ()
}
!
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
}
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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] 4 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 = 0; subframe < nrof_subframes; subframe++) {
shape_delay [subframe] 8 uimsbf
shape_index [subframe] 11,12 uimsbf
gain_indices [0][subframe] 6 uimsbf
gain_indices [1][subframe] 3,5 uimsbf
}
}

10
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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 following ErrorResilientCelpSpecificConfig () is required for the ER-CELP 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)
{
CelpBWSenhHeader ()
}
else
{
CELP-BRS-id 2 uimsbf
}
}
}
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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 to describe the bit error sensitivity of bitstream elements, error sensitivity categories (ESC) are introduced.
To describe 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 consist of N bit is N-1. The MSB is always the first bit in the bitstream.

The following syntax is a replacement for CelpBaseFrame. The syntax for enhancement layer for bitrate and
bandwidth scalability is not affected.

Transmission of CELP bitstreams

The payload data for the ER CELP object is transmitted as sIPacketPayload payload in the base layer and the
optional enhancement layer Elementary Stream.

Error Resilient CELP Base Layer -- Access Unit payload

sl Packet Payl oad
{

}

ER_SC Cel pBaseFrane();

Error Resilient CELP Enhancement Layer -- Access Unit payload
To parse and decode the Error Resilient CELP enhancement layers, information decoded from the Error Resilient

CELP base layer is required. For the bitrate scalable mode, the following data for the Error Resilient CELP
enhancement layers has to be included:
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sl Packet Payl oad
{

}

ER_SC _Cel pBRSenhFr ane() ;

For the bandwidth scalable mode, the following data for the Error Resilient CELP enhancement layer has to be
included:

sl Packet Payl oad
{

}

ER_SC_Cel pBWSenhFr ane() ;

3.3.2.2.1 CELP base layer
Table 3.25 - Syntax of ER_SC_CelpBaseFrame()

Syntax No. of bits Mnemonic
ER_SC_CelpBaseFrame()

if (SilenceCompression == OFF) {
ER_CelpBaseFrame();
}else {
SC_VoiceActivity ESCO();
if (TX_flag ==1){
ER_CelpBaseFrame();
}elseif (TX_flag == 2) {
SID_LSP_VQ_ESCO();
SID_Frame_ESCO0();
}else if (TX_flag == 3) {
SID_Frame_ESCO0();

}

}

}
Table 3.26 - Syntax of SC_VoiceActivity ESCO ()

Syntax No. of bits Mnemonic
SC_VoiceActivity ESCO ()
{

TX flag; 2 uimsbf
}
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Table 3.27 - Syntax of ER_CelpBaseFrame ()

Syntax No. of bits Mnemonic
ER_CelpBaseFrame()

{

if (ExcitationMode==MPE) {

if (SampleRateMode == 8kHz) {
MPE_NarrowBand_ESCO();
MPE_NarrowBand_ESC1();
MPE_NarrowBand_ESC2();
MPE_NarrowBand_ESC3();
MPE_NarrowBand_ESC4();

}

if (SampleRateMode == 16kHz) {
MPE_WideBand_ESCO0();
MPE_WideBand_ESC1();
MPE_WideBand_ESC2();
MPE_WideBand_ESC3();
MPE_WideBand_ESC4();

}

if ((ExcitationMode==RPE) && (SampleRateMode==16kHz)) {
RPE_WideBand_ESCO0();
RPE_WideBand_ESCL1();
RPE_WideBand_ESC2();
RPE_WideBand_ESC3();
RPE_WideBand_ESC4();

3.3.2.2.1.1 MPE narrowband syntax

Table 3.28 - Syntax of MPE_NarrowBand_ESCO0()

Syntax No. of bits Mnemonic
MPE_NarrowBand_ESCO()
{

if (FineRateControl == ON) {

interpolation_flag; 1 uimsbf

LPC_Present; 1 uimsbf
}
rms_index, 5-4; 2 uimsbf
for (subframe = 0; subframe < nrof_subframes; subframe++) {

shape_delay[subframe], 7; 1 uimsbf
}
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Table 3.29 - Syntax of MPE_NarrowBand_ESC1()

Syntax No. of bits Mnemonic
MPE_NarrowBand_ESC1()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [0], 1-0; 2 uimsbf
Ipc_indices [1], O; 1 uimsbf
}
}else {
Ipc_indices [0], 1-0; 2 uimsbf
Ipc_indices [1], O; 1 uimsbf
}
sighal_mode; 2 uimsbf
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 6-5; 2 uimsbf
}
}
Table 3.30 - Syntax of MPE_NarrowBand_ESC2()
Syntax No. of bits Mnemonic
MPE_NarrowBand_ESC2()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], O; 1 uimsbf
Ipc_indices [4]; 1 uimsbf
}
}else {
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], O; 1 uimsbf
Ipc_indices [4]; 1 uimsbf
}
rms_index, 3 1 uimsbf
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 4-3; 2 uimsbf
gain_index[subframe], 1-0; 2 uimsbf
}
}

© ISO/IEC 2001— All rights reserved

15



ISO/IEC 14496-3:2001(E)
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Table 3.31 - Syntax of MPE_NarrowBand_ESC3()

Syntax No. of bits Mnemonic
MPE_NarrowBand_ESC3()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [0], 3-2; 2 uimsbf
Ipc_indices [1], 2-1; 2 uimsbf
Ipc_indices [2], 5-1; 5 uimsbf
}else {
Ipc_indices [0], 3-2; 2 uimsbf
Ipc_indices [1], 2-1; 2 uimsbf
Ipc_indices [2], 5-1; 5 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 2-0; 3 uimsbf
shape_signs[subframe]; 3..12 uimsbf
gain_index[subframe], 2; 1 uimsbf
}
}
Table 3.32 - Syntax of MPE_NarrowBand_ESC4()
Syntax No. of bits Mnemonic
MPE_NarrowBand_ESC4()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [1], 3; 1 uimsbf
Ipc_indices [3]; 6 uimsbf
}
}else {
Ipc_indices [1], 3; 1 uimsbf
Ipc_indices [3]; 6 uimsbf
}
rms_index, 2-0 3 uimsbf
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_positions[subframe]; 13...32 uimsbf
gain_index[subframe], 5-3; 3 uimsbf
}
}
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3.3.2.2.1.2 MPE wideband syntax

Table 3.33 - Syntax of MPE_WideBand_ESCO0()

Syntax No. of bits Mnemonic
MPE_WideBand_ESCO0()
{
if (FineRateControl == ON) {
interpolation_flag; 1 uimsbf
LPC_Present; 1 uimsbf
if (LPC_Present == YES) {
Ipc_indices [0]; 5 uimsbf
Ipc_indices [1], 1-0; 2 uimsbf
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], 4-0; 5 uimsbf
Ipc_indices [4]; 1 uimsbf
Ipc_indices [5], O; 1 uimsbf
}
}else {
Ipc_indices [0]; 5 uimsbf
Ipc_indices [1], 1-0; 2 uimshbf
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], 4-0; 5 uimsbf
Ipc_indices [4]; 1 uimsbf
Ipc_indices [5], O; 1 uimsbf
}
rms_index, 4-5; 2 uimsbf
}
Table 3.34 - Syntax of MPE_WideBand_ESC1()
Syntax No. of bits Mnemonic
MPE_WideBand_ESC1()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [1], 3-2; 2 uimsbf
Ipc_indices [2], 5; 1 uimsbf
Ipc_indices [5], 1; 1 uimsbf
Ipc_indices [6], 1-0; 2 uimsbf
}
}else {
Ipc_indices [1], 3-2; 2 uimsbf
Ipc_indices [2], 5; 1 uimsbf
Ipc_indices [5], 1; 1 uimsbf
Ipc_indices [6], 1-0; 2 uimsbf
}
signal_mode; 2 uimsbf
for (subframe=0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 8-6; 3 uimsbf
}
}
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Table 3.35 - Syntax of MPE_WideBand_ESC2()

Syntax No. of bits Mnemonic
MPE_WideBand_ESC2()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [1], 4; 1 uimsbf
Ipc_indices [3], 6; 1 uimsbf
Ipc_indices [3], 1; 1 uimsbf
Ipc_indices [5], 2; 1 uimsbf
Ipc_indices [€], 3; 1 uimsbf
Ipc_indices [7], 6; 1 uimsbf
Ipc_indices [7], 4; 1 uimsbf
Ipc_indices [7], 1-0; 2 uimsbf
Ipc_indices [9]; 1 uimsbf
}else {
Ipc_indices [1], 4; 1 uimsbf
Ipc_indices [3], 6; 1 uimsbf
Ipc_indices [3], 1; 1 uimsbf
Ipc_indices [5], 2; 1 uimsbf
Ipc_indices [6], 3; 1 uimsbf
Ipc_indices [7], 6; 1 uimsbf
Ipc_indices [7], 4; 1 uimsbf
Ipc_indices [7], 1-0; 2 uimsbf
Ipc_indices [9]; 1 uimsbf
}
rms_index, 3; 1 uimsbf
for (subframe=0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 5-4; 2 uimsbf
gain_index[subframe], 1-0; 2 uimsbf
}
}
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Syntax No. of bits Mnemonic
MPE_WideBand_ESC3()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [3], 4-2; 3 uimsbf
Ipc_indices [3], O; 1 uimsbf
Ipc_indices [5], 3; 1 uimsbf
Ipc_indices [6], 2; 1 uimsbf
Ipc_indices [7], 5; 1 uimsbf
Ipc_indices [7], 3-2; 2 uimsbf
Ipc_indices [8], 4-1; 4 uimsbf
}
}else {
Ipc_indices [3], 4-2; 3 uimsbf
Ipc_indices [3], O; 1 uimsbf
Ipc_indices [5], 3; 1 uimsbf
Ipc_indices [6], 2; 1 uimsbf
Ipc_indices [7], 5; 1 uimsbf
Ipc_indices [7], 3-2; 2 uimsbf
Ipc_indices [8], 4-1; 4 uimsbf
}
for (subframe=0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 3-2; 2 uimsbf
shape_signs[subframe]; 3..12 uimsbf
gain_index[subframe], 2; 1 uimsbf
}
}
Table 3.37 - Syntax of MPE_WideBand_ESC4()
Syntax No. of bits Mnemonic
MPE_WideBand_ESC4()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [3], 5; 1 uimsbf
Ipc_indices [8], O; 1 uimsbf
}
}else {
Ipc_indices [3], 5; 1 uimsbf
Ipc_indices [8], O; 1 uimsbf
}
rms_index, 2-0; 3 uimsbf
for (subframe=0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 1-0; 2 uimsbf
shape_positions[subframe]; 14 ... 32 uimsbf
gain_index[subframe], 6-3; 4 uimsbf
}
}

© ISO/IEC 2001— All rights reserved

19



ISO/IEC 14496-3:2001(E)

3.3.2.2.1.3 RPE wideband syntax

Table 3.38 - Syntax of RPE_WideBand_ESCO0()

Syntax No. of bits Mnemonic
RPE_WideBand_ESCO()
{
if (FineRateControl == ON){
interpolation_flag; 1 uimsbf
LPC_Present; 1 uimsbf
if (LPC_Present == YES) {
Ipc_indices [0]; 5 uimsbf
Ipc_indices [1], 1-0; 2 uimsbf
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], 4-0; 5 uimsbf
Ipc_indices [4]; 1 uimsbf
Ipc_indices [5], O; 1 uimsbf
}
}else {
Ipc_indices [0]; 5 uimsbf
Ipc_indices [1], 1-0; 2 uimsbf
Ipc_indices [2], 6; 1 uimsbf
Ipc_indices [2], 4-0; 5 uimsbf
Ipc_indices [4]; 1 uimsbf
Ipc_indices [5], O; 1 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe++) {
gain_indices[0][subframe], 5-3; 3 uimsbf
if (subframe == 0) {
gain_indices[1][subframe], 4-3; 2 uimsbf
} elsef
gain_indices[1][subframe], 2; 1 uimsbf
}
}
}
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Table 3.39 - Syntax of RPE_WideBand_ESCL()

Syntax No. of bits Mnemonic
RPE_WideBand_ESC1()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [1], 3-2; 2 uimsbf
Ipc_indices [2], 5; 1 uimsbf
Ipc_indices [5], 1; 1 uimsbf
Ipc_indices [6], 1-0; 2 uimsbf
}
}else {
Ipc_indices [1], 3-2; 2 uimsbf
Ipc_indices [2], 5; 1 uimsbf
Ipc_indices [5], 1; 1 uimsbf
Ipc_indices [6], 1-0; 2 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 7-5; 3 uimsbf
}
}
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Table 3.40 - Syntax of RPE_WideBand_ESC2()

Syntax No. of bits Mnemonic
RPE_WideBand_ESC2()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [1], 4; 1 uimsbf
Ipc_indices [3], 6; 1 uimsbf
Ipc_indices [3], 1; 1 uimsbf
Ipc_indices [5], 2; 1 uimsbf
Ipc_indices [€], 3; 1 uimsbf
Ipc_indices [7], 6; 1 uimsbf
Ipc_indices [7], 4; 1 uimsbf
Ipc_indices [7], 1-0; 2 uimsbf
Ipc_indices [9]; 1 uimsbf
}else {
Ipc_indices [1], 4; 1 uimsbf
Ipc_indices [3], 6; 1 uimsbf
Ipc_indices [3], 1; 1 uimsbf
Ipc_indices [5], 2; 1 uimsbf
Ipc_indices [6], 3; 1 uimsbf
Ipc_indices [7], 6; 1 uimsbf
Ipc_indices [7], 4; 1 uimsbf
Ipc_indices [7], 1-0; 2 uimsbf
Ipc_indices [9]; 1 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 4-3; 2 uimsbf
gain_index[0][subframe], 2; 1 uimsbf
if (subframe == 0) {
gain_indices[1][subframe], 2; 1 uimsbf
} elsef
gain_indices[1][subframe], 1; 1 uimsbf
}
}
}
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Table 3.41 - Syntax of RPE_WideBand_ESC3()

}

Syntax No. of bits Mnemonic
RPE_WideBand_ESC3()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [3], 4-2; 3 uimsbf
Ipc_indices [3], O; 1 uimsbf
Ipc_indices [5], 3; 1 uimsbf
Ipc_indices [6], 2; 1 uimsbf
Ipc_indices [7], 5; 1 uimsbf
Ipc_indices [7], 3-2; 2 uimsbf
Ipc_indices [8], 4-1; 4 uimsbf
}
}else {
Ipc_indices [3], 4-2; 3 uimsbf
Ipc_indices [3], O; 1 uimsbf
Ipc_indices [5], 3; 1 uimsbf
Ipc_indices [6], 2; 1 uimsbf
Ipc_indices [7], 5; 1 uimsbf
Ipc_indices [7], 3-2; 2 uimsbf
Ipc_indices [8], 4-1; 4 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 2-1; 2 uimsbf
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Table 3.42 - Syntax of RPE_WideBand_ESC4()

Syntax No. of bits Mnemonic
RPE_WideBand_ESC4()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [3], 5; 1 uimsbf
Ipc_indices [8], O; 1 uimsbf
}
}else {
Ipc_indices [3], 5; 1 uimsbf
Ipc_indices [8], O; 1 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], O; 1 uimsbf
shape_index[subframe]; 11,12 uimsbf
gain_indices[0][subframe], 1-0; 2 uimsbf
if (subframe == 0) {
gain_indices[1][subframe], 1-0; 2 uimsbf
} elsef
gain_indices[1][subframe], O; 1 uimsbf
}
}
}
3.3.2.2.2 CELP enhancement layers
Table 3.43 - Syntax of ER_SC_CelpBRSenhFrame()
Syntax No. of bits Mnemonic

ER_SC_CelpBRSenhFrame()

if (SilenceCompression == OFF) {
CelpBRSenhFrame();

}elseif (TX flag==1) {
CelpBRSenhFrame();

}
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Table 3.44 - Syntax of ER_SC_CelpBWSenhFrame()

Syntax No. of bits Mnemonic
ER_SC_CelpBWSenhFrame()

if (SilenceCompression == OFF) {
CelpBWSenhFrame();
}else {
if (TX _flag==1){
CelpBWSenhFrame();

}

if (TX_flag ==2){
SID_BandScalable_LSP();

}

3.3.2.2.3 Syntax elements for non-active frames

Table 3.45 - Syntax of SID_LSP_VQ_ESCO ()

Syntax No. of bits Mnemonic
SID_LSP_VQ_ESCO0()
{

if (SampleRateMode == 8kHz) {
SID_NarrowBand_LSP();
}else {
SID_WideBand_LSP();

}
}
Table 3.46 - Syntax of SID_NarrowBand_LSP()
Syntax No. of bits Mnemonic
SID_NarrowBand_LSP()
{
SID_lpc_indices [0]; 4 uimsbf
SID_Ipc_indices [1]; 4 uimsbf
SID_lpc_indices [2]; 7 uimsbf
}
Table 3.47 - Syntax of SID_BandScalable_LSP()
Syntax No. of bits Mnemonic
SID_BandScalable_LSP()
{
SID_lpc_indices [3]; 4 uimsbf
SID_Ipc_indices [4]; 7 uimsbf
SID_lpc_indices [5]; 4 uimsbf
SID_Ipc_indices [6]; 6 uimsbf
}
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Table 3.48 - Syntax of SID_WideBand_LSP()

Syntax No. of bits Mnemonic

SID_WideBand_LSP()

{
SID_Ipc_indices [0]; 5 uimsbf
SID_lIpc_indices [1]; 5 uimsbf
SID_Ipc_indices [2]; 7 uimsbf
SID_lIpc_indices [3]; 7 uimsbf
SID_Ipc_indices [4]; 4 uimsbf
SID_lIpc_indices [5]; 4 uimsbf

}

Table 3.49 - Syntax of SID_Frame_ESCO ()

Syntax No. of bits Mnemonic

SID_Frame_ESCO()

{
SID_rms_index; 6 uimsbf

}

3.4 Semantics

This subclause describes the semantics of the syntactic elements. Bitstream elements are shown in bold-face and
the help variables that appear in the syntax and are needed to extract the bitstream elements are shown in italics.

3.4.1 Header semantics

isBaselLayer A one-bit identifier representing whether the corresponding layer is the base layer (1) or an
bandwidth scalable or bitrate scalable enhancement layer (0).

isBWSLayer A one-bit identifier representing whether the corresponding layer is the bandwidth scalable
enhancement layer (1) or the bitrate scalable enhancement layer (0).

CELP-BRS-id A two-bit identifier representing the order of the bitrate scalable enhancement layers, where
the first enhancement layer has the value of '1'. The value of '0' should not be used.

ExcitationMode A one-bit identifier representing whether the Multi-Pulse Excitation tool or the Regular-Pulse
Excitation tool is used.

Table 3.50 - Description of ExcitationMode

ExcitationMode ExcitationID Description
0 MPE MPE tool is used
1 RPE RPE tool is used
SampleRateMode A one-bit identifier representing the sampling rate. Two sampling rates are supported.
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Table 3.51 - Description of SampleRateMode

SampleRateMode SampleRatelD Description
0 8kHz 8 kHz Sampling rate
1 16kHz 16 kHz Sampling rate
FineRateControl A one-bit flag indicating whether fine rate control in very fine steps is enabled or disabled.

Table 3.52 - Description of FineRateControl

FineRateControl RateControllD Description
0 OFF Fine-rate control is disabled
1 ON Fine-rate control is enabled

FineRate Control enables the bitrate to be decreased with respect to its anchor bitrate. When transmitting the LPC
parameters in every frame, the anchor bitrate will be obtained. The lowest bitrate possible bitrate for each
configuration can be obtained by transmitting the LPC parameters in 50% of the frames.

SilenceCompression A one bit identifier indicating whether Silence Compression is used or not.

SilenceCompression | SilenceCompressionID Description
0 SC OFF SilenceCompression is disabled
1 SC ON SilenceCompression is enabled

RPE_Configuration  This is a 3-bit identifier which configures the MPEG-4 CELP coder using the Regular-Pulse
Excitation tool. This parameter directly determines the set of allowed bitrates (Table 3.53) and the number of
subframes in a CELP frame (Table 3.54).

Table 3.53 - Rate allocation for the 16 kHz mode | coder

RPE_Configuration Fixed bitrate Min. bitrate Max. bitrate
FineRate FineRate FineRate
Control OFF Control ON, Control ON,
(bit/s) 50% LPC (bit/s) 100% LPC
(bit/s)
0 14400 13000 14533
1 16000 13900 16200
2 18667 17267 18800
3 22533 21133 22667
4..7 Reserved

MPE_Configuration This is a 5-bit field that configures the MPEG-4 CELP coder using the Multi-Pulse Excitation
tool. This parameter determines the variables nrof_subframes and nrof subframes_bws. This parameter also
specifies the number of bits for shape_ positions[i], shape_signs[i], shape_enh_positionsJi][j] and
shape_enh_signsJi][j].

nrof_subframes is a help parameter, specifying the number of subframes in a CELP frame, and is used to signal

how many times the excitation parameters must be read. For the Regular-Pulse Excitation tool operating at the
sampling rate of 16 kHz, this variable is dependent on the RPE_Configuration as follows:
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For the Multi-Pulse Excitation tool, it is derived from the MPE_Configuration depending on the sampling rate as

follows:
Table 3.55 - Definition of nrof_subframes for the 8 kHz mode Il coder
MPE_Configuration nrof subframes
0,1,2 4
3,4,5 3
6..12 2
13...21 4
22...26 2
27 4
28...31 reserved
Table 3.56 - Definition of nrof_subframes for the 16 kHz mode Il coder
MPE_Configuration nrof subframes
0..6 4
8..15 8
16 ... 22 2
24 ...31 4
7,23 reserved
NumEnhLayers This is a two-bit field specifying the number of enhancement layers that are used.

Table 3.54 - Definition of nrof_subframes for the 16 kHz mode | coder

RPE_Configuration nrof subframes
0 6
1 4
2 8
3 10
4.7 Reserved

Table 3.57 - Definition of nrof_enh_layers

NumEnhLayers nrof enh layers
0 0
1 1
2 2
3 3

BandwidthScalabilityMode  This is a one-bit identifier that indicates whether bandwidth scalability is enabled.
This mode is only valid when ExcitationMode = MPE.

Table 3.58 - Description of BandwidthScalabilityMode

BandwidthScalabilityMode ScalablelD Description
0 OFF Bandwidth scalability is disabled
1 ON Bandwidth scalability is enabled

28
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BWS_Configuration This is a two-bit field that configures the bandwidth extension tool. This identifier is only
valid when BandwidthScalabilityMode = ON. This parameter specifies the number of bits for
shape_bws_positions[i], shape_bws_signsli].

nrof_subframes_bws This parameter, which is a help variable, represents the number of subframes in the
bandwidth extension tool and is derived from the MPE_Configuration as follows:

Table 3.59 - Definition of nrof_subframes_bws

MPE_Configuration | nrof subframes bws

0,1,2 8
3,45 6
6..12 4
13..21 4
22...26 2

27 not valid

28...31 reserved

3.4.2 Frame semantics

interpolation_flag This is a one-bit flag. When set, it indicates that the LPC parameters for the current frame
must be derived using interpolation.

Table 3.60 - Description of interpolation_flag

interpolation flag InterpolationID Description
0 OFF LPC coefficients of the frame do not have to be interpolated
1 ON LPC coefficients of the frame must be retrieved by interpolation

LPC_Present This bit indicates whether LPC parameters are attached to the current frame. These LPC
parameters are either of the current frame or the next frame.

Table 3.61 - Description of LPC_Present

LPC Present | LPCID Description
0 NO Frame does not carry LPC data
1 YES Frame carries LPC data

Together, the interpolation_flag and the LPC_Present flag describe how the LPC parameters are to be derived.
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Table 3.62 - LPC decoding process described by interpolation_flag and LPC_Present flag

interpolation flag | LPC Present Description
1 1 LPC Parameters of the current frame must be extracted using
interpolation. The current frame carries LPC Parameters
belonging to the next frame.

1 0 RESERVED

0 1 LPC Parameters of the current frame are present in the current
frame.

0 0 LPC Parameters of the previous frame must be used in the

current frame.

Ipc_indices[] These are multi-bit fields representing LPC coefficients. These contain information needed to
extract the LSP coefficients. The exact extraction procedure is described in the Decoding Process.

shape_delay[subframe] This bit field represents the adaptive codebook lag. The decoding of this field
depends on ExcitationMode and SampleRateMode.

Table 3.63 - Number of bits for shape_delay[]

ExcitationMode | SampleRateMode | shape delay]] (bits)
RPE 16 kHz 8
MPE 8 kHz 8
MPE 16 kHz 9
shape_index[subframe] This index contains information needed to extract the fixed codebook contribution

from the regular pulse codebook. The number of bits consumed by this field depends on the bitrate (derived from
the RPE_configuration).

Table 3.64 - Number of bits for shape_index]]

RPE_Configuration number of bits representing shape index(]
0 11
1 11
2 12
3 12
4.7 Reserved

gain_indices[0][subframe] These bit fields specify the adaptive codebook gain in the RPE tool using 6 bits. It is
read from the bitstream for every subframe.

gain_indices[1][subframe] These bit fields specify the fixed codebook gain in the RPE tool. It is read from the
bitstream for every subframe. The number of bits read to represent this field depends on the subframe number. For
the first subframe this is 5 bits, while for the remaining subframes it is 3 bits.

gain_index[subframe] This 6 or 7-bit field represents the gains for the adaptive codebook and the multi-
pulse excitation for the 8 kHz or 16 kHz sampling rate, respectively.

gain_enh_index[subframe]  This 4-bit field represents the gain for the enhancement multi-pulse excitation in the
CELP coder at 8 kHz.

gain_bws_index[subframe]  This 11-bit field represents the gains for the adaptive codebook and two multi-pulse
excitation in the bandwidth extension tool.
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signal_mode This 2-bit field represents the type of signal. This information is used in the MPE
tool. The gain codebooks are switched depending on this information.

Table 3.65 - Description of signal_mode

signal mode | Description
0 Unvoiced
1,2,3 Voiced
rms_index This parameter indicates the rms level of the frame. This information is only utilized

in the MPE tool.

shape_positions[subframe], shape_signs[subframe] These bit fields represent the pulse positions and the pulse

signs for the multi-pulse excitation. The length of the bit field is dependent on MPE_Configurations.

Table 3.66 - Definitions of shape_positions[] and shape_signs[] for speech sampled at 8 kHz

MPE_Configuration shape positions][] (bits) shape_signsJ] (bits)
0 14 3
1 17 4
2 20 5
3 20 5
4 22 6
5 24 7
6 22 6
7 24 7
8 26 8
9 28 9
10 30 10
11 31 11
12 32 12
13 13 4
14 15 5
15 16 6
16 17 7
17 18 8
18 19 9
19 20 10
20 20 11
21 20 12
22 18 8
23 19 9
24 20 10
25 20 11
26 20 12
27 19 6

28...31 reserved
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Table 3.67 - Definitions of shape_positions[] and shape_signs[] for speech sampled at 16 kHz

MPE_Configuration shape positions[] (bits) shape_signs[] (bits)
0,16 20 5
1,17 22 6
2,18 24 7
3,19 26 8
4,20 28 9
5,21 30 10
6, 22 31 11
7,23 reserved reserved
8, 24 11 3
9,25 13 4
10, 26 15 5
11, 27 16 6
12, 28 17 7
13,29 18 8
14, 30 19 9
15,31 20 10

shape_enh_positions[subframe][], shape_enh_signs[subframe][] = These bit fields represent the pulse
positions and the pulse signs for the multi-pulse excitation in each enhancement layer. The length of the bit field is
dependent on MPE_Configuration.

Table 3.68 - Definition of shape_enh_positions[][] and shape_enh_signs][][] for speech sampled at 8 kHz

MPE_Configuration shape _enh_positions[][] (bits) shape enh signs[][] (bits)
0..12 12 4
13...26 4 2
27 not valid
28...31 reserved

Table 3.69 - Definition of shape_enh_positions[][] and shape_enh_signs[][] for speech sampled at 16 kHz

MPE_Configuration shape enh positions[][] (bits) shape enh signsl][] (bits)
0..6,16..22 12 4
8..15,24..31 4 2

7,23 reserved

shape_bws_delay[subframe] This 3-bit field is utilized in decoding the adaptive codebook for the bandwidth
extension tool. This value indicates the differential lag from the lag described in shape_delay[].

shape_bws_positions[subframe], shape_bws_signs[subframe] These fields represent the pulse positions

and the pulse signs for the multi-pulse excitation in the bandwidth extension tool. The length of the bit field is
dependent on BWS_Configuration.
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Table 3.70 - Definition of shape_bws_positions[] and shape_bws_signs]]

BWS Configuration shape bws_positions][] (bits) shape bws_signs]] (bits)
0 22 6
1 26 8
2 30 10
3 32 12

TX_flag

Two-bit field indicating the transmission mode.

Table 3.71 - Definition of TX_flag

TX flag

Transmission mode

0

Non-active frame. No frame energy or LPC
indices are transmitted.

1

Active frame.

2

Non-active frame. Frame energy and LPC
indices are transmitted.

3

Non-active frame. Only frame energy is
transmitted, no LPC indices are transmitted.

SID_rms_index

SID_Ipc_indices

6-bit field indicating the energy of the frame.

These are multi-bit fields representing LPC coefficients for the non-active LPC frames

(TX_flag = 2). These contain information needed to extract the LSP coefficients. Bitstream semantics for the
SID_lpc_indices are shown in Table 3.72.

Table 3.72 - Bitstream semantics for the SID_Ipc_indices

Coding Sampling Band width Parameter Description
mode rate scalability
[ kHZ]
I 16 Off SID Ipc _indices[0] 0-4" LSPs of the 1st stage VQ
SID Ipc _indices[1] 5-9" LSPs of the 1st stage VQ
SID Ipc _indices[2] 10-14" LSPs of the 1st stage VQ
SID Ipc _indices[3] 15-19" LSPs of the 1st stage VQ
SID Ipc _indices[4] 0-4" LSPs of the 2nd stage VQ
SID Ipc _indices[5] 5-9" LSPs of the 2nd stage VQ
Il 8 On, Off SID Ipc _indices[0] 0-4" LSPs of the 1st stage VQ
SID Ipc _indices[1] 5-9" LSPs of the 1st stage VQ
SID Ipc _indices[2] 0-4" LSPs of the 2nd stage VQ
16 On SID Ipc _indices[3] 0-9" LSPs of 1st stage VQ
SID Ipc _indices[4] 10-19" LSPs of 1st stage VQ
SID Ipc _indices[5] 0-4" LSPs of 2nd stage VQ
SID_Ipc _indices[6] 5-9" LSPs of 2nd stage VQ
Off SID Ipc _indices[0] 0-4" LSPs of 1st stage VQ
SID Ipc _indices[1] 5-9" LSPs of 1st stage VQ
SID Ipc _indices[2] 10-14" LSPs of 1st stage VQ
SID Ipc _indices[3] 15-19" LSPs of 1st stage VQ
SID Ipc _indices[4] 0-4" LSPs of 2nd stage VQ
SID Ipc _indices[5] 5-9" LSPs of 2nd stage VQ
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3.5 MPEG-4 CELP Decoder tools

This subclause provides a brief description of the functionality, parameter definition and the decoding processes of
the tools supported by the MPEG-4 CELP core. The description of each tool comprises three parts and an optional
part containing tables used by the tool:

1. Tool description: a short description of the functionality of the tool is given together with its interface.

2. Definitions: the input and output parameters as well as help elements of the tool are described here. Each
element is either bold or italic. Bold names indicate that the element is read from the bitstream, italic names
indicate auxiliary elements. If elements are already used by another tool, a reference to the previous definition is

given.

3. Decoding process: The decoding process is explained here in detail with the aid of mathematical equations and

pseudo-C code.

4. Tables: this optional fourth part contains tables that are used by the tool.

3.5.1 General Introduction to the MPEG-4 CELP decoder tool-set

N LPC Parameter

Interpolator

LPC Decoder and Interpolator
LSP-VQ

.
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LP Synthesis
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|
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Post O!Jtput
Filter Signal
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LSP-VQ: LSP Vector Quantization
RPE: Regular-Pulse Excitation
MPE: Multi-Pulse Excitation

Figure 3.2 - Block diagram illustrating the tools used in the MPEG-4 CELP coder

Figure 3.2 illustrates the MPEG-4 CELP decoder. It operates at a sampling rate of 8 or 16 kHz. One or more
individual blocks have been grouped together (outlined in bold), forming the tools available for MPEG-4 CELP
decoding. The following tools are supported:

34

© ISO/IEC 2001— All rights reserved



ISO/IEC 14496-3:2001(E)

»  CELP bitstream demultiplexer
e CELP LPC decoder and interpolator
¢ Narrowband LSP-VQ Decoding Tool
¢ Wideband LSP-VQ Decoding Tool
¢ Bandwidth Scalable LSP-VQ Decoding Tool
e CELP excitation generator
* Regular-Pulse Excitation Generation Tool
¢ Multi-Pulse Excitation Generation Tool
« Bitrate Scalable Multi-Pulse Excitation Generation Tool
* Bandwidth Scalable Multi-Pulse Excitation Generation Tool
* CELP LPC synthesis filter
e CELP post-processor (Informative Tool)

The decoding is performed on a frame basis and each frame is divided into subframes. A frame in the bitstream is
demultiplexed by the CELP bitstream demultiplexer module. The parameters that are extracted from the bitstream
are header information, codes representing LPC coefficients of the frame and the excitation parameters for each
subframe. These codes are decoded and interpolated for each subframe by the CELP LPC decoder and
interpolator module. For each subframe, the excitation parameters are used to generate the excitation signal using
the CELP excitation generator module. The CELP LPC synthesis filter module reconstructs the speech signal on a
subframe basis from the interpolated LPC coefficients and the generated excitation signal. Enhancement of the
synthesized signal is obtained by the optional CELP post-processor module.

In order to realize Bitrate Scalability, the Bitrate Scalable Multi-Pulse Excitation (MPE) Generation tool is utilized to
generate the excitation signal. The Bitrate Scalable MPE Generation tool is realized by adding the enhancement
excitation decoding tool to the MPE generation tool in order to enhance the quality of the excitation signal.

The Bandwidth Scalable CELP decoder is realized using both the Bandwidth Scalable