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”

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
DMIR and the MPEG-4 Systems bitstream specification allows transmission functions that are much more
sophisticated than are possible with previous MPEG standards.

with

MPEG-4 has no standard for transport. In all of the MPEG-4 tools for audio coding, the coding,Standard ends at
the ppint of constructing access units that contain the compressed data. The MPEG-4 Systems (ISO/IEC 14496-(1)
specification describes how to convert these individually coded access units into elementary-streams.

Thereg is no standard transport mechanism of these elementary streams over a channel. This is because the broad
range of applications that can make use of MPEG-4 technology have delivery requirements that are too wide to
easily characterize with a single solution. Rather, what is standardized is an interface (the Delivery Multimedia

Interface Format, or DMIF, specified in ISO/IEC 14496-6) that describes the-capabilities of a transport layer and {he
communication between transport, multiplex, and demultiplex functions in’encoders and decoders. The use of
DMIR and the MPEG-4 Systems specification allows transmission functions that are much more sophisticated than
are ppssible with previous MPEG standards.

In clause (Introduction), replace multiplex, storage and trahsmission formats table with:

”

Format Functionality defined in Functionality originally Description
MPEG-4: defined in:

% FlexMux | ISO/IEC 14496-1 - Flexible Multiplex scheme

ol (normative)

S| | LATM ISO/IEC 14496-3 - Low Overhead Audio Transport

= (normative) Multiplex

o| | ADIF ISO/IEC 14496-3 ISO/IEC 13818-7 Audio Data Interchange Format,

g (informative) (normative) (AAC only)

O | MP4FF ISO/IEC 14496-1 - MPEG-4 File Format

& (normative)

ADTS ISOUEC 14496-3 ISO/IEC 13818-7 Audio Data Transport Stream,

c (informative) (normative, exemplarily) | (AAC only)

% LOAS ISO/IEC 14496-3 - Low Overhead Audio Stream, based

g (normative, exemplarily) on LATM, three versions are

@ available:

© AudioSyncStream()

= EPAudioSyncStream()
AudioPoinierstreami)

Remove subclause 2.2 (Definitions).

Remove subclause 3.2 (Definitions).
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Remove subclause 4.3 (GA-specific definitions).

Remove subclause 5.3 (Definitions).

Remove subclause 6.2 (Definitions).

Remove subclause 7.2 (Definitions).

10

11

12

13

14

15

16

17.

18.

place subclause 1.3 (Terms and Definitions) with the following:

AAC: Advanced Audio Coding.

Audio access unit: An individually accessible portion of audio data within an elementary stream.

Audio composition unit: An individually accessible portion of the output that an audio decoder producgs

from audio access units.

Absolute time: The time at which sound corresponding to a particular event-is really created; time in th
real-world. Contrast score time.

D

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

A-cycle: See audio cycle.

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.

Alias: Mirrored spectral component resulting frém Sampling.

Analysis filterbank: Filterbank in the encoder that transforms a broadband PCM audio signal into a setf
spectral coefficients.

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

A-rate: See audio rate:;

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

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

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

of

hudio

Audio rate: The rate type associated with a variable, expression or statement which may generate new,

values as often as the sampling rate.

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

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

© ISO/IEC 2002— Al rights reserved
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19.

20.

21.

22.

23.

24.

25.

26.

27.

28.

290.

30.

31.

32.

33.

34.

35.

36.

37.

38.

39.

40.

41,

42.

43.

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

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

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

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

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

Bitrate scalability: The possibility to transmit a subset of the bitstream and ‘still' decode the bitstream with
the same decoder.

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.

Bitstream; stream: An ordered series of bits that forms the.coded representation of the data.
Block companding: Normalizing of the digital representation of an audio signal within a certain time period.
BNF: See Backus-Naur Format.

BSAC: Bit Sliced Arithmetic Coding

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

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

CELP: Code Excited\Linear Prediction.

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

19%
o

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 Qignql

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.

© ISO/IEC 2002 — Al rights reserved
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Context: See state space.
Control: An instruction used to describe how to use a particular synthesis method to produce sound.

EXAMPLES:

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

“Turn off the reverberation for 8 seconds.”

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

Control period: The length of time (typically measured in audio samples) corresponding to the control rlate.
Control rate: (1) The rate at which instantiation and termination of instruments, parametric coptrol’ of rupning
instrument instances, sharing of global variables, and other non-sample-by-sample computation occurs|in a
particular orchestra. (2) The rate type of variables, expressions, and statements that can generate new
values as often as the control rate.

Core coder: The term core coder is used to denote a base layer coder in certain.Scalability configurations. A
core coder does not code the spectral samples of the MDCT filterbank of the subsequent AAC coding Idyers,
but operates on a time domain signal. The output of the core decoder has te be’up-sampled and transfgrmed
into the spectral domain, before it can be combined with the output of the BAC coding layers. Within the
MPEG-4 Audio standard only the MPEG-4 CELP coder is a valid core g¢oder. However, in principal, also
another AAC coding layer, operating at a lower sampling rate, could be'used on the time domain signal,{and
then combined with the other coding layer in exactly the same way as described for the CELP coder, and
would therefore be called a core coder.

CRC: The Cyclic Redundancy Check to verify the correctriess of data.
Critical band: This unit of bandwidth represents the’ standard unit of bandwidth expressed in human auditory
terms, corresponding to a fixed length on the human‘cochlea. It is approximately equal to 100 Hz at low
frequencies and 1/3 octave at higher frequencies, above approximately 700 Hz.

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

Data function: An encapsulation of data elements forming a logic unit.

Decoded stream: The decoded.xeconstruction 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.
Demultiplexing: Splitting one bitstream into several.
DFT: Discrete Fourier Transform.

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

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

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

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

Duration: The amount of time between instantiation and termination of an instrument instance.
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65.
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81.
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83.

84.

85.

86.

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.

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.

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

Entropy coding: Variable length lossless coding of the digital representation of a signal to reduce statistica
redundancy.

Envelope: A loudness-shaping function applied to a sound, or more generally, any funetion controlling a
parametric aspect of a sound

EP: Error Protection
ER: Error resilience or Error Resilient (as appropriate)
Event: One control instruction.

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

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

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

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

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

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

Flag: A variable which can take one of only the two values defined in this specification.
Formal parameter: The syntactic element that gives a name to one of the parameters of an opcode.
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.

Frame: A part of the audio signal that corresponds to a certain number of audio PCM samples.
Fs: Sampling frequency.

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

Fundamental frequency: A parameter which represents signal periodicity in frequency domain.

© ISO/IEC 2002 — Al rights reserved
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87. Future wavetable: A wavetable that is declared but not defined in the SAOL orchestra; its definition must
arrive in the bitstream before it is used.

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

89. Global context: The state space used to hold values of global variables and wavetables.

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

91 Global variable: A variable that can be accesSed and/or changed by Several different Instruments.

92| Grammar: A set of rules that describes the set of allowable sequences of lexical elements comprising g
particular language.

93| Guard expression: The expression standing at the front of an if, while, or else statementithat determings
whether or how many times a particular block of code is executed.

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

95| Harmonic lines: A set of spectral components having a common fundamiental frequency.
96/ Harmonic magnitude: Magnitude of each harmonic.

97 Harmonic synthesis: A method to obtain a periodic excitationffom harmonic magnitudes.
98 Harmonics: Samples of frequency spectrum at multiples\of-the fundamental frequency.
99| HCR: Huffman codebook reordering

10D. HILN: Harmonic and Individual Lines plus Noise{parametric audio coding).

10{l. Huffman coding: A specific method for entropy coding.

10R. HVXC: Harmonic Vector eXcitation Coding (parametric speech coding).

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

104. I-cycle: See initialisation cycle.

10p. IDCT: Inverse Discrete Cosine Transform.

106. Identifier: Alsequence of characters in a textual SAOL program that denotes a symbol.
10Y. IFFT: Inverse Fast Fourier Transform.

108. IMDCT: Inverse Modified Discrete Cosine Transform.

N bher indicati th tizad luals)
108—Index umberindicatingthe guantized value(s)-

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

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

112. Initial phase: A phase value at the onset of voiced signal in harmonic synthesis.

113. Initialisation cycle: See initialisation pass.

© ISO/IEC 2002— Al rights reserved 7
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114. Initialisation pass: The sequence of processing that computes new values for each i-rate expression in a
particular code block.

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

116. Instance: See instrument instantiation.

117. Instantiation: The process of creating a new instrument instantiation based on an event in the score or
statement in the orchestra.

118. [Tnstrument: An algorithm for parametric sound syninesis, described using SAOL. An instrument |
encapsulates all of the algorithms needed for one sound-generation element to be controlled with a score:

NOTE - An MPEG-4 Structured Audio instrument does not necessarily correspond to a real-world instrument.
A single instrument might be used to represent an entire violin section, or an ambient sound sdch as the
wind. On the other hand, a single real-world instrument that produces many different timbres over its
performance range might be represented using several SAOL instruments.

119. | Instrument instantiation: The state space created as the result of executing a note~Creation event with
respect to a SAOL orchestra.

120. | Intensity stereo: A method of exploiting stereo irrelevance or redundancy in_stereophonic audio
programmes based on retaining at high frequencies only the energy envelope of the right and left channels.

7

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

122. | International Phonetic Alphabet; IPA : The worldwide agreed symbol set to represent various phonemes
appearing in human speech.

123. | I-pass: See initialisation pass.

124. | IPQF: inverse polyphase quadrature filter

125. | I-rate: See initialisation rate.

126. | Ivar: The lexical tag indicating an i-rate*variable.

127. | Joint stereo coding: Any methad that exploits stereophonic irrelevance or stereophonic redundancy.
128. | Joint stereo mode: A mode-of the audio coding algorithm using joint stereo coding.

129. | K-cycle: See controlcycle.

130. | K-rate: See control rate.

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

132. | Lexical element: See token.

133. L i st it . | | ifi . f i lassified li

134. Lip synchronization : A functionality that synchronizes speech with corresponding lip shapes.

135. Looping: A typical method of wavetable synthesis. Loop points in an audio sample are located and the
sound between those endpoints is played repeatedly while being simultaneously modified by envelopes,
modulators, etc.

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

8 © ISO/IEC 2002 — Al rights reserved
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137.

138.

139.

140.

141.
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LPC: Linear Predictive Coding.

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

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

LSP: Line Spectral Pairs.

LTP: Long Term Prediction.

14

148.

144.

14p.

14f.

148.

14P.

15D.

15(1.

15

15B.

154

15p.

153_M_u_|_t_i_|j_n,g_u_al' A presentation of dialogue in more than one language
157.

158.

159.
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M/S stereo: A method of removing Imaging artifacts as well as exploiting stereo irrelevance or redundafcy in
stereophonic audio programs based on coding the sum and difference signal instead of the left andcright
channels.

Main audio channels: All single_channel_elements or channel_pair_elements in one program.

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

Masking: A property of the human auditory system by which an audio signal eannot be perceived in the
presence of another audio signal.

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

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

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

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

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

MPE: Multi Pulse Excitation.
MPEG-4 Audio Text-to-Speech Decoder : A device that produces synthesized speech by utilizing the M-
TTS bitstream while suppotting all the M-TTS functionalities such as speech synthesis for FA and MP
dubbing.

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

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

Multichannel: A combination of audio channels used to create a spatial sound field.

Multiplexing: Combining several bitstreams into one.

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

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

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

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

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

164. | OD: Object Descriptor.

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

D

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

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

168. | 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.

169. | 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.

170. | Parameter fields: The names given to the parameterg’toan instrument.

171. | Parser: Functional stage of a decoder which extraets from a coded bitstream a series of bits representing
coded elements.

172. | P-fields: See parameter fields.

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

174. | Pi: The constant © = 3.14159.:

175. | Pitch: A parameter which’represents signal periodicity in the time domain. It is expressed in terms of the
number of samples.

176. | Pitch control:(A functionality to control the pitch of the synthesized speech signal without changing its
speed.

177. | PNS: Perceptual Noise Substitution.

178. | Polyphase filterbank: A set of equal bandwidth filters with special phase interrelationships, allowing an
efficient implnmnnfa’rinn of the filterbank

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

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

182. Prediction error: The difference between the actual value of a sample or data element and its predictor.

10 © ISO/IEC 2002 — All rights reserved
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185.

186.
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Predictor: A linear combination of previously decoded sample values or data elements.
Presentation channel: An audio channel at the output of the decoder.

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

Program: A set of main audio channels, coupling_channel_elements (see subclause 4.5.2.1),
Ife_channel_elements (see subclause 4.5.2.1) and associated data streams intended to be decoded and
played back simultaneously. A program may be defined by default, or specifically by a
program_config_element (see subclause 4.5.1.2). A given single_channel_element (see subclause 4.5.2.1),

18f.

188.

18P.

19D.

19]1.

19

19B.

194,

19p.

19b.

19¢.

198.

19p.

20D.

20f1.

NJ

channel_pair_element (see subclause 4.5.2.1), coupling_channel_element, lfe_channel_element or dat
channel may accompany one or more programs in any given bitstream.

PSNR: Peak Signal to Noise Ratio.

Psychoacoustic model: A mathematical model of the masking behaviour of the human_auditory syster

=

Random access: The process of beginning to read and decode the coded bitstream.at an arbitrary point.
Rate semantics: The set of rules describing how rate types are assigned to variables, expressions,
statements, and opcodes, and the normative restrictions that apply to a bitstream regarding combining these
elements based on their rate types.

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

Rate-mismatch error: The condition that results when the ratexsemantics rules are violated in a particujar
SAOL construction. A type of syntax error.

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

11

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

RPE: Regular Pulse Excitation.

Run-time error: The condition thatresults from improper calculations or memory accesses during execption
of a SAOL orchestra.

RVLC: Reversible VariableLength Coding
Sample: See Audio sample.

Sample Bank/Format: A component format of MPEG-4 Structured Audio that allows the description of p set
of samples for use in wavetable synthesis and processing methods to apply to them.

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

SAOL: The Structured Audio Orchestra Language, pronounced like the English word “sail”. SAOL is a
digital-signal processing language that allows for the description of arbitrary synthesis and control algorithms

202.

203.

204.

as part of the content bitstream.
SAOL orchestra: See orchestra.

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 Structured Audio Score Language. SASL is a simple format that allows for powerful and flexible
control of music and sound synthesis.

© ISO/IEC 2002— Al rights reserved 11
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205.

206.

207.

208.

209.

210.

211.

212.

213.

214.

215.

216.

217.

218.

219.

220.

221.

222.

223.

224.

225.

226.

227.

228.

12

SBA: Segmented Binary Arithmetic Coding which is the error resilient tool for BSAC
Scalefactor: Factor by which a set of values is scaled before quantization.
Scalefactor band: A set of spectral coefficients which are scaled by one scalefactor.
Scalefactor index: A numerical code for a scalefactor.

Scheduler: The component of MPEG-4 Structured Audio that describes the mapping from control

instructions to sound synthesis using the specified synthesis techniques. The scheduler description provides

normative bounds on event-dispatch times and responses.

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

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

Score time: The time at which an event happens in the score, measured in beats. Score'time is mapped t
absolute time by the current tempo.

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

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

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

SIAQ: Scalable Inverse AAC Quantization Module.
Side information: Information in the bitstream necessary for controlling the decoder.

Signal variable: A unit of memory, labelled with;a name, that holds intermediate processing results. Each
signal variable in MPEG-4 Structured Audio,is instantaneously representable by a 32-bit floating point valu

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

Spatialisation: The process of«¢reating special sounds that a listener perceives as emanating from a
particular direction.

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

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

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

O

nt

D

Her

®

SQ: Scalar Quantization

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

Statement: “One line” of a SAOL orchestra.

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

© ISO/IEC 2002 — Al rights reserved
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229.

230.

231.

ISO/IEC 14496-3:2001/Cor.1:20

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

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

02(E)

and

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 Ror L, R, and C) to

enhance the spatial perception.

23

23B.

234

23p.

23p.

23f.

23B.

23p.

24D.

241.

24

248.

244,

24p.

N

NJ

SymbolT A SEquence of characters In a SAOL program, or a symbot token In a MIPEG-4Structured AU
bitstream, that represents a variable name, instrument name, opcode name, table name, bus name;-ete

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

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

Syncword: A code embedded in audio transport bitstreams that identifies the start of a transport frame.

Syntax: The rules describing what a particular instruction or bitstream glement should look like. All aspe
of bitstream and SAOL syntax are normative in MPEG-4.

Syntax error: The condition that results when a bitstream eleméent does not comply with its governing r
of syntax.

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

Synthesis filterbank: Filterbank in the decoder that reconstructs a PCM audio signal from subband
samples.

Synthetic Sound: Sound created through synthesis.

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

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

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

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

Timbre: The combined features of a sound that allow a listener to recognise such aspects as the type
instrument, manner of performance, manner of sound generation, etc. Those aspects of sound that

10

cts

iles

time
as

=R

distinguish sounds equivalent in pitch and loudness.

246.

247.

248.

TNS: Temporal Noise Shaping

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

Tokenisation: The process of converting a orchestra in textual SAOL format into a bitstream representation

consisting of a stream of tokens.

© ISO/IEC 2002— Al rights reserved
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249. Tonal component: A sinusoid-like component of an audio signal.

250. Trick mode : A set of functions that enables stop, play, forward, and backward operations for users.
251. TTSI: Text to Speech Interface.

252. TwinVQ: Transform domain Weighted Interleave Vector Quantization.

253. Unvoiced frame: Frame containing unvoiced speech which looks like random noise with no periodicity.

254. V/UV decision: Decision whether the current frame is voiced or unvoiced or mixed voiced.

255. | Variable: See signal variable.
256. | Variable bitrate: Operation where the bitrate varies with time during the decoding of a coded bitstream.
257. | Variable length code (VLC): A code word assigned by variable length encoder (See variable length coding).

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

259. | Variable length decoder: A procedure to obtain the symbols encoded with ayariable length coding
technique.

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

263. | Virtual codebook: If several codebook values refer talone and the same physical codebook, these values
are called virtual codebooks.

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

y

265. | VQ: Vector Quantization.

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

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

268. | White Gaussian(noise: A noise sequence which has a Gaussian distribution.

269. | Width: Thesnumber of channels of data that an expression represents.

”

In subclause 1 4 1 {Arithmetic operatars) add the following definition:

”

ceil( ) Ceiling operator. Returns the smallest integer that is greater than or equal to the real-valued argument.

”

In clause 1.4.6 (Mnemonics), definition of bslbf, replace

14 © ISO/IEC 2002 — All rights reserved
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”

ISO/IEC 11172
with

”

ISO/IEC 14496

”

In subclause 1.4.8 (Method of describing bit stream syntax), add

”

swjtch (expression) { If the condition formed by the comparison of
case const-expr: expression and const-expr is true, then the data
data_element; stream continues with the subsequent data
break; elements. An optionally break statement can be
case const-expr: used to immediately leave the switch, data
data_element; elements beyond a break do not occur inthe data
stream.

In subclause 1.4.8 (Method of describing bit stream syntax), replace

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

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

It i$ described by
e its name

e its length in bits, where “X=Y" indicates that the number of bits is one of the values between X and Y
including X and Y. "BX;¥}" means the number of bits is X or Y, depending on the value of other data
elements in the bitstream.),

e a mnemonic forits type and order of transmission.
Data elements forming a logic unit are encapsulated in data functions.
d

QO

a_functionA)); Data function call.

d

Q

a_function () { Data function entity.

At the end of subclause 1.4.8 (Method of describing bit stream syntax), remove the following paragraph:

”

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.

© ISO/IEC 2002— Al rights reserved 15
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”

In subclause 1.4.8 (Method of describing bit stream syntax), remove

”

Defin

ition of bytealigned function

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

”

In su
Subs¢

pclause 1.5.1.1 (Audio object type definition), replace Table 1.1 (Audio Object Type definition) and the
bguent notes as follows:

16
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Null 0
AAC main X[ X X X XX X[ X[ X X 2)| 1
AAC LC X| X X X X| X X| X X 2
AAC SSR X| X[ X X| X X| X X| X X 3
AAC LTP X| X X X[ X[ X]| X X| X X 2)| 4
Reserved) 5
AAC Scalable X[ X X X[ X[ X XIX[X]X[X]|X 6)| 6
TwinvVQ X[ X X X[ X X X 7
CELP X 8
HVXC X 9
Reserved) 10
Reserved) 11
TTSI X 12
MRgin synthetic X| X[ X 3)| 13
Wavetable synthesis X| X 4) (14
General MIDI X 15
Algorjthmic Synthesis X 16
anpd Audio FX
ER AACLC X[ X X X X XX X XXX 17
Reserved) 18
ER AACLTP X[ X X X[ X[ X XX X XXX 5)]19
ER[AAC scalable X[ X X X X XIX[X] X[ X[ X XXX 6)] 20
ER TwinvVQ X[ X X X X X XX 21
ER BSAC X[ X X X X XX X XX 22
ER AAC LD XX X[ X[ X XX X XXX 23
ER CELP X|X[X]X 24
ER HVXC XX XX 25
ER HILN XX X 26
ER Parametric XX XX X 27
Reserved) 28
Reserved) 29
Reserved) 30
Reserved) 31
Nates:
1)\_The bit parsing function is mandatory on decoder site. However, the error detection and error corrg¢ction
functions are optional.
2) Contains AAC LC.
3) Contains Wavetable synthesis and Algorithmic Synthesis and Audio FX.
4) Contains General MIDI.
5) Contains ER AAC LC.
6) The upsampling filter tool is only required in combination with a core coder.
© ISO/IEC 2002— Al rights reserved 17
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In subclause 1.5.1.2.2 (AAC — Main object) after the first sentence, add the following sentence:

”

The restrictions of the AAC Main profile with respect to multiple programs and mixdown elements also apply to the
AAC Main object type.

”

In subclause 1.5.2.1 (Profiles), replace

”

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

with

”

The Main Audio Profile is a superset of the scalable profile, the speech profile and the synthesis profile,
contdining tools for natural and synthetic audio.

”

In subclause 1.5.2.1 (Profiles), add at the end

In addition to the profile descriptions given above it is stated that AAG Scalable objects using wide-band CELP core
layer|(with or without ER bitstream payload syntax) are not part 6f any Audio Profile.

In subclause 1.5.2.2 (Complexity Units), replace

”

The fpllowing table gives complexity estimates for the different object types. PCU values are given in MOPS per
channel, RCU values in kWords per channel:

with

”

The fpllowing table gives complexity estimates for the different object types. PCU values are given in MOPS per
channel, RCU values in kWords per channel (with respect to AAC, channel refers to Main channel, e. g. the
channpel of a SCE, one channel of a CPE, or the channel of an independently switched CCE).

”

In subclause-1.5.2.2 (Complexity Units), in Table 1.3, replace

”

Samp]ing Rate

with

”

Sampling Rate Conversion

”

18 © ISO/IEC 2002 — All rights reserved
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In subclause 1.5.2.2 (Complexity Units), in Table 1.3, in the rightmost column of row “Sampling Rate”, add
7)

”

In subclause 1.5.2.2 (Complexity Units), below Note 6) , add

”

7) Sampling Rate Conversion is needed, if objects of different sampling rates are combined in a scene (see
ISO/IEC 14496-1:2000, subclause 9.2.2.13.2.1). The specified values have to be added for each required
conversion.

”

In subclause 1.5.2.2 (Complexity units), add the following explanation and formulas for the calculation of PCUs
anf RCUs:

”

PQU and RCU for AAC:

For AAC object types, PCU and RCU depend on sampling frequency and channgl configuration in the following
waly:

PQUs

PQU = (fs/fs_ref ) * PCU_ref *(#SCE * 1 + #CPE * 2+ #LFE* 1.+ #DepCouplingCh * 0.3 + #IndepCouplingGh * 1

fs: actual sampling frequency

fs_|ref: reference sampling frequency (sampling freqency for the given PCU_ref)
PQU _ref: reference PCU given in the standard

#S|CE: number of SCEs

#CPE:

RCUs

#C|PE<2:

RQU = RCU_ref €[ #SCE * 1 + #LFE * 0.5 + #DepCouplingCh * 0.4+ #IndepCouplingCh * 0.5] + [ RCU_ref +
RQU_ref — 1 )y # #CPE ]

#CPE>=2:

RCU = RCU_ref * [#SCE * 1+ #LFE * 0.5 + #DepCouplingCh * 0.4 + #IndepCouplingCh * 0.5] + [ RCU_ref + (
RCU_ref—1)* (#CPE*2-1)]

RCU_ref: reference RCU given in the standard
#SCE: number of SCEs

© ISO/IEC 2002— Al rights reserved 19
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#CPE:

”

In subclause 1.5.2.3 (Levels within Profiles), replace

”

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.

with

”

The notation used to specify the number of audio channels indicates the number of main audio channels. Based jon
the number of main audio channels (A), Table 1.3a indicates for object types derived from the AAC multichannel
syntax the number of LFE channels (L), the number of independently switched coupling channels (I), and the
number of dependently switched coupling channels (D) in the form A.L.I.D.

-h

Table 1.3a Maximum number of the individual AAC channel types depending.on-the specified number ¢
main audio channels

Number of Main Audio Channels
AOT 1 2 5

(AAC main) 1.0.0.0 2.0.0.0 5.1.1.1
(AACLC) 1.0.0.0 2.0.0-0 5.1.0.1
(AAC SSR) 1.0.0.0 2.0.0.0 5.1.0.0
(AACLTP) 1.0.0.0 2.0.0.0 5.1.0.1
7 (ER AAC LC) 1.0.0.0 2.0.0.0 5.1.0.0
9
3

(ERAACLTP) | 1.0.00 2.0.0.0 5.1.0.0
(ER AAC LD) 1.00:0 2.0.0.0 5.1.0.0

7
2
3
4
1
1
2

In subclause 1.5.2.3 (Levels within Profiles)<in column 2 ( Max. channels/object) of Table 1.4 (Levels for the High
Quality Audio Profile) and Table 1.7 (Levels for the Mobile Audio Internetworking Profile), replace all occurrenceg of

In su holauca 1 5 2 2 (] avale within Draofilas) ranlaca all ncolrrences—of
o=V OIS WHHHA-FFOHOS e pra <Ht tHHHE 66564

orercre o

”

*1:  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.
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*1: The value specifies the maximum redundancy based on the available audio object with the longest maximum
frame length. The redundancy might be larger in the case of smaller frame lengths. However, the application
of any class FEC is not permitted if 0 % is specified. The limit is valid independently for each audio object.

Since this value does neither cover the EP header and its protection nor any CRC, another 5 % must always
be added to this value in order to derive the necessary increase of the minimum decoder input buffer. This
does imply, that not more than those 5 % might be spent for the EP header and its protection or any CRC.

In subclause 1.5.2.3 (Levels within Profiles), add at the end of the level definition for the Scalable AudioRrofil

W

Fof the audio object types 2 (AAC LC), and 4 (AAC LTP), only a frame length of 1024 samples is-permitted with
regpect to level 1, 2, 3 and 4. For the audio object types 2 (AAC LC) and 4 (AAC LTP), mono©r;stereo mixdown
elgments are not permitted with respect to level 1, 2, 3 and 4. For the audio object type 6 (AAC Scalable) the
following restrictions apply. The number of AAC layers shall not exceed 8 in any scalable-configuration. If audi
object type 8 (CELP) is used as core layer coder, the number of CELP layers shall not‘exceed 2. If audio obje
type 7 (TwinVQ) is used as base layer coder, only one mono TwinVQ layer is permitted.

.~ O

In subclause 1.5.2.3 (Levels within Profiles), add at the end of the level definition for the Main Audio Profile:

For the audio object types 1 (AAC main), 2 (AAC LC), 3 (AAC SSR), and 4 (AAC LTP), only a frame length of 1024
samples is permitted with respect to level 1, 2, 3 and 4. For the audio object types 1 (AAC Main), 2 (AAC LC), 3
(AAC SSR) and 4 (AAC LTP), mono or stereo mixdown elemeénts are not permitted with respect to level 1, 2 , B and
4. For the audio object type 6 (AAC Scalable) the following restrictions apply. The number of AAC layers shall jnot
exteed 8 in any scalable configuration. If audio object'type 8 (CELP) is used as core layer coder, the number pf
CHLP layers shall not exceed 2. If audio object type 7 (TwinVQ) is used as base layer coder, only one mono
TwinVQ layer is permitted.

In subclause 1.5.2.3 (Levels within Profiles), add at the end of the level definition for the High Quality Audio Pfofile:

For the audio object types 2((AAC LC), 4 (AAC LTP), 17 (ER AAC LC), and 19 (ER AAC LTP) only a frame length
of 1024 samples is permitted with respect to level 1, 2, 3, 4, 5, 6, 7 and 8. For the audio object types 2 (AAC LC)
ang 4 (AAC LTP), mone-or stereo mixdown elements are not permitted with respect to level 1, 2, 3,4, 5, 6, 7 gnd 8.
Fof the audio object type 6 and 20 ((ER) AAC Scalable) the following restrictions apply. The number of AAC Igyers
shall not exceed 8 in‘any scalable configuration. If audio object type 8 or 24 ((ER) CELP) is used as core layer
codler, the number of CELP layers shall not exceed 2.

In subelause 1.5.2.3 (Levels within Profiles), add at the end of the level definition for the Natural Audio Profile

For the audio object types 1 (AAC main), 2 (AAC LC), 3 (AAC SSR), 4 (AAC LTP), 17 (ER AAC LC), and 19 (ER
AAC LTP) only a frame length of 1024 samples is permitted with respect to level 1, 2, 3 and 4. For the audio object
types 1 (AAC Main), 2 (AAC LC), 3 (AAC SSR) and 4 (AAC LTP), mono or stereo mixdown elements are not
permitted with respect to level 1, 2, 3 and 4. For the audio object type 6 and 20 ((ER)AAC Scalable) the following
restrictions apply. The number of AAC layers shall not exceed 8 in any scalable configuration. If audio object type 8
or 24 ((ER) CELP) is used as core layer coder, the number of CELP layers shall not exceed 2. If audio object type
7 or 21 ((ER) TwinVQ) is used as base layer coder, only one mono TwinVQ layer is permitted.
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In subclause 1.5.2.3 (Levels within Profiles), add at the end of the level definition for the Mobile Audio
Internetworking Profile:

For the audio object type 17 (ER AAC LC) only a frame length of 1024 samples is permitted with respect to level
1,2,3,4,5 and 6. For the audio object type 20 (ER AAC Scalable) the following restrictions apply. The number of
AAC layers shall not exceed 8 in any scalable configuration. If audio object type 21 (ER TwinVQ) is used as base

layer coder, only one mono TwinVQ layer is permitted.

Add 4

”

audid
the p
1.7z

ubclause 1.5.2.4 (audioProfileLevellndication):

ProfileLevellndication is a data element of the InitialObjectDescriptor defined in ISO/IEC 14496-1. It indicatgs
ofile and level required to process the content associated with this InitialObjectDesriptoras defined in Tablg

22
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Table 1.7z — audioProfileLevellndication values

Value Profile Level
0x00 Reserved for ISO use -
0x01 Main Audio Profile L1
0x02 Main Audio Profile L2
0x03 Main Audio Profile L3
0x04 Main Audio Profile L4
0x05 Scalable Audio Profile L1
0x06 Scalable Audio Profile L2
0x07 Scalable Audio Profile L3
Ox08 Scalable Audio Profile [
0x09 Speech Audio Profile L1
0x0A Speech Audio Profile L2
0x0B Synthetic Audio Profile L1
0x0C Synthetic Audio Profile L2
0x0D Synthetic Audio Profile L3
O0x0E High Quality Audio Profile L1
OxOF High Quality Audio Profile L2
0x10 High Quality Audio Profile L3
0x11 High Quality Audio Profile L4
0x12 High Quality Audio Profile L5
0x13 High Quality Audio Profile L6
0x14 High Quality Audio Profile L7
0x15 High Quality Audio Profile L8
0x16 Low Delay Audio Profile L1
0x17 Low Delay Audio Profile L2
0x18 Low Delay Audio Profile L3
0x19 Low Delay Audio Profile L4
Ox1A Low Delay Audio Profile LS
0x1B Low Delay Audio Profile L6
0x1C Low Delay Audio Profile L7
0x1D Low Delay Audio Profile L8
Ox1E Natural Audio Profile L1
Ox1F Natural Audio Praofile L2
0x20 Natural Audio Profile L3
0x21 Natural AudioProfile L4
0x22 Mobile Audio Internetworking Profile L1
0x23 Mobile Audio Internetworking Profile L2
0x24 Mobite*Audio Internetworking Profile L3
0x25 Mobile Audio Internetworking Profile L4
0x26 Mobile Audio Internetworking Profile L5
0x27 Mobile Audio Internetworking Profile L6
0x28 - Ox7E reserved for ISO use -
0x80 «0xFD user private -
OxFE no audio profile specified -
OxkF no audio capability required -
NOTE — Usage of the value OxFE indicates that the content described by this
InitialObjectDescriptor does not comply to any audio profile specified in ISO/IEC 14496-3.
Usage of the value OxFF indicates that none of the audio profile capabilities are required for
this content.

In subclause 1.6.2.1, add the following text at the beginning:

© ISO/IEC 2002— Al rights reserved
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”

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

”

In subclause 1.6.2.1, add the following text at the end, after the table:

”

The ¢gla

1449

”

Rep/:

”

1.6.2

For th
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3276
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5-1) and consequently their lengths shall be derived by difference from the length of AudioSpecificConfig().

ce subclause 1.6.2.2 (Payloads) with:

e NULL object the payload shall be 16 bit signed integer in the range from -32768'to +32767. The payloads
other audio object types are defined in the corresponding parts. These are thebasic entities to be carried hy
stems transport layer. Note that for all natural audio coding schemes the output is scaled for a maximum of
y/-32768. However, the MPEG-4 System compositor expects a scaling.

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

bllowing table shows an overview about where the Elementary Stream payloads for the Audio Object Types
e found and where the detailed syntax is defined.

Table 1.9 — Audio Object Types

ISOAEC
A4

Audio Object Type Object definition of elementary stream Mapping of audio payloads to gccess
Type ID payloads and‘detailed syntax units and elementary streams

AAC MAIN 1 ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.1.2

AAC LC 2 ISO/IEGC, 14496-3 subpart 4 see subclause 1.6.2.2.2.1.2

AAC SSR 3 ISOAEC 14496-3 subpart 4 see subclause 1.6.2.2.2.1.2

AAC LTP 4 ISQ/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.1.2

AAC scdlable 6 ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.1.3

TwinvVQ 7 ISO/IEC 14496-3 subpart 4

CELP 8 ISO/IEC 14496-3 subpart 3

HVXC 9 ISO/IEC 14496-3 subpart 2

TTSI 12 ISO/IEC 14496-3 subpart 6

Main synthetic 13 ISO/IEC 14496-3 subpart 5

Wavetaljle synthesis 14 ISO/IEC 14496-3 subpart 5

General MIDI 15 ISO/IEC 14496-3 subpart 5

Algorithmic Synthesis and 16 ISO/IEC 14496-3 subpart 5

Audio F

ER AAC|LC 17 ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.1.4

ER AACILTP 19 ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.1.4

ER AAC]|scalable 20 ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.1.4

ER Twin[VQ 21 ISO/IEC 14496-3 subpart 4

ER BSAC 22 ISO/IEC 14496-3 subpart 4

ER AAC LD 23 ISO/IEC 14496-3 subpart 4 see subclause 1.6.2.2.2.1.4

ER CELP 24 ISO/IEC 14496-3 subpart 3

ER HVXC 25 ISO/IEC 14496-3 subpart 2

ER HILN 26 ISO/IEC 14496-3 subpart 7

ER Parametric 27 ISO/IEC 14496-3 subpart 2 and 7

1.6.2.2.2 Mapping of audio payloads to access units and elementary streams

24
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1.6.2.2.2.1.2 AAC Main, AAC LC, AAC SSR, AAC LTP

One top level payload (raw_data_block() )is mapped into one access unit. Subsequent access units form one
elementary stream.

1.6.2.2.2.1.3 AAC scalable

02(E)

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

units form one elementary stream.

One top level payload (aac_scalable_extension_element(), ASEE) is mapped into one access unit. Subsequent
access units of the same enhancement layer form one elementary stream. This results in individual elementary

streams for each layer.

The streams of subsequent layers depend on each other.
1.6.2.2.2.1.4 ER AACLC, ER AAC SSR, ER AAC LTP, ER AAC scalable, ER AAC LD

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

aat_scalable_extension_element()) are subdivided into different categories depending on its errer.Sensitivity g
collected in instances of these categories (see subclause 4.5.2.4). Depending on the value of gp€onfig, there
several ways to map these instances to access units to form one or several elementary streams (see subclaug
1.6.3.5). Subsequent elementary streams depend on each other.

Ngte: The bits of the data function byte alignment() terminating the AAC top level payloads may be omitted if
dafa elements of the according top level payload is not directly maped into one access unit. Hence, it might beg
ommitted if the top level payload is split (e.g. in case of epConfig=1) or post-processed (e.g. in case of
ep{Config=3).

”

In subclause 1.7.1 (Overview), replace

”

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

with

”

The mechanism defined in this subclause should not be used for transmission of TTSI objects (12), Main Synt
objects (13), Wavetable Synthesis objects (14), General MIDI objects (15) and Algorithmic Synthesis and Aud
obfects (16). It should further not-be used for transmission of any object in conjunction with epConfig=1. For th
ob|ects, other multiplex and'transport mechanisms might be used, e.g. those defined in MPEG-4 Systems.

”

In subclause 1.£2.(Synchronization Layer), replace Figure 1.2 (Synchronization in Audio PointerStream()):

gare

he

etic
X
din

hetic
o FX
pse

constant length Sync Frame

Variable Length AudioMuxElement//<

audioMuxElementStartPointer
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constant length Sync Frame

D:\— BN [T ]
el
\audioMuxElementStartPointer

donstant length Sync Frame

4 Ad A3 A
\i \\
Variable Length AudioMuxElement() audioMuXElementStartPointer
constant length Sync Frame
I
qudioMuxElementStartPointer
1 audioMuxElementChunk
I |
I X
L \\\
\/
27ceil(log2(syncFrameLength))-1 /
audioMuxElementStartPointer

In subclause 1.7.2.1 (Syntax), réeplace Table1.18 (Syntax of AudioPonterStream())

Table 1.18 — Syntax of AudioPointerStream()

Syntax No. of bits Mnemonic
IAudigPointerStream( length )

ByteAlign();

audioMuxElementStartPointer; ceil(ld(length)) uimsbf

AudioMuxElement( 1 );

with
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Table 1.18 — Syntax of AudioPointerStream()

Syntax No. of bits Mnemonic
IAudioPointerStream (syncFramelLength )

while (! EndOfStream ) {
AudioPointerStreamFrame ( syncFramelLength );

In

audioMuxLengthBytesLast

In
aul

au

In

”

au

}
Table 1.18a — Syntax of AudioPointerStreamFrame()
Syntax No. of bits Mnemonic
AudioPointerStreamFrame( length )
d
audioMuxElementStartPointer; ceil(log2(length)) uimsbf
audioMuxElementChunk; length — ceil(log2(length)) bslbf

subclause 1.7.2.1 (Syntax)), replace the name of the syntax element:

dioMuxLengthBytes

subclause 1.7.2.2 (Semantics), change the'semantic description of audioMuxLengthBytesLast and
dioMuxLengthBytes to:

dioMuxLengthBytes A 13-bit field indicating the byte length of the subsequent AudioMuxElement
with byte alignment (AudioSyncStream) or the subsequent EPMuxElement()
(EPAudioSyncStream)

subclause 1,7.2.2 (Semantics), replace:

dioMuxElementStartPointer A field indicating the start point of the multiplexed element. The number of pits

”

required for this field is calculated as nbits = ceil(log2( the transmission fra!|n

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.

with

”

au

dioMuxElementStartPointer A field indicating the starting point of the first AudioMuxElement() within the

current AudioPointerStreamFrame(). The number of bits required for this field is
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calculated as ceil(log2(syncFrameLength)). The transmission frame length ha

S

to be provided from the underlying transmission layer. The maximum possible

value of this field is reserved to signal that there is no start of an
AudioMuxElement() in this sync frame.

In subclause 1.7.2.2 (Semantics), add:

”

audioMuxElementChunk

A part of a concatenation of subsequent AudioMuxElements (see Figure 1.2).

AudigPointerStreamFrame(length) A sync frame of fixed length provided by an underlying transmission layer,

”

In subclause 1.7.3 (Multiplex Layer), replace:

”

If the|transmission payload allows only byte-aligned payload, zero-padding bits for byte alignment shall follow the
multiplexed element.

with

”

If the[transmission payload allows only byte-aligned payload, padding bits\for byte alignment shall follow the
multiplexed element.

”

In subclause 1.7.3.2 (Semantics), replace:

”

latmBufferFullness

with

”

latmBufferFullness[streamiD[prog][lay]] state of the bit reservoir in the course of encoding the first acces

state of the bit reservoir. It is transmitted as the number of available bits in the
bit reservoirdivided 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
variable rate bitstream. In this case, buffer fullness is not applicable.

unit of a particular program and layer in an AudioMuxElement(). It is transmitt
as the number of available bits in the bit reservoir divided by the NCC divided
by 32 and truncated to an integer value. A value of hexadecimal FF signals th

the particular program and layer is of variable rate. In this case, buffer fullness

is not applicable.

[

[1%
Q_(/)

b

28

other data) are considered in the first occuriné I-athufferFuIIness in an
AudioMuxElement(). For AAC, the limitations given by the minimum decoder
input buffer apply (see subclause 4.5.3.1).

In the case of (allStreamsSameTimeFraming==1), and if only one program and

one layer is present, this leads to an LATM configuration similar to ADTS.

© ISO/IEC 2002 — Al rights reserved


https://iecnorm.com/api/?name=22bba2ce3fd2ab013abc67af72ff2267

ISO/IEC 14496-3:2001/Cor.1:2002(E)

In subclause 1.7.3.2 (Semantics), add the following text after the first two tables, before the specification of
epUsePreviousMuxConfig:

AudioSpecificConfig( ) is specified in subclause 1.6.2.1. In this case it constitutes a standalone element in itself (i.e.
it does not extend the class BaseDescriptor as in the case of clause 1.6).

”

I ool L) H £l 4 la) I £ P -7 aWWTH £ D L orsa)
n saocrause (VUVCTVICW UT'tric tovls /), TCPIaLC Iigurc 1.9 (VUllric Ul L1 CrictuucTt )

o > Audio Codec
Class Ipfor.matlon Audio Bitstreams
(as side info. (data for each class)
to the bitstream)
A4 h 4 A 4
= > CRC v
S . encoder °e CRC
= T »
S Control v "|  encoder
_(é . » SRCPC or RS o ¢
= . encodef ® [SRCPCorRS
& "|  encoder
é + Header v v
O »
2 > Interleaver
T
o
o A 4
L - SRS
encoder
Scope of EP tool
v v

ERROR_PROTECTION_STREAM

with
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”

* > Audio Codec
Class Information )
(as side info. Audio payload
to the bitstream) (data for each class)
> class reordering
v
> CRC

= ° °
= ° encoder ° CRC
8 Control v | encoder
3 _—*SRCPC or SRs| _ v
8 . encoder ® [SRCPC or SRS
c% encoder
5
5 Header
g
(@]
0: 4
5 g Interleaver
L

v v

error protected payload

In subclause 1.8.1 (Overview of the tools), replace figure 1.6 (Outline of EP decoder)
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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
o . |SRCPC or RS
Control h 4 decoder
| CRC
° decoder ®e v
s | GRC
"|  .decoder
Scope of EP tool Audio Bitstreams/
Class Errori€heck
A A A A
Audio Codec
with
ErrorProtectionSpecificConfig() error protected payload
v
\ J
> De-interleaver
lHeader
Y
.| SRCPC or SRS
° decoder ®e
d . |SRCPC or SRS
Control v "|  decoder
R CRC
e | decoder ®e y
hd - CRC
"I decoder
Audio payload /
Class Error Check
A A 4 \A 4
> class reordering

Audio Codec
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In subclause 1.8.2.1 (Error protection specific configuration), replace table 1.27 (Syntax of
ErrorProtectionSpecificConfig())
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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_classlil; 6 uimsbf
for (j=0;j < number_of class]i]; j++) {
length_escapeli][jl; 1 uimsbf
rate_escapeli][j]; 1 uimsbf
crclen_escapeli][jl; 1 uimsbf
if ( number_of_concatenated_frame != 1) {
concatenate_flag[i][j]; 1 uimsbf
}
fec_typelillil; 2 uimsbf
if( fec_typel[i][j] == 0) {
termination_switch[i][j]; 1 uimsbf
}
if (interleave_type == 2) {
interleave_switch[i][j]; 2 uimsbf
}
class_optional; 1 uimsbf
if (length_escapeli][j]==1){ /*ESC.*/
number_of_bits_for_length[i][j]; 4 uimsbf
}
else {
class_length[i][j]; 16 uimsbf
}
if (rate_escapel[i][j] '= 1) { ~'not ESC */
if(fec_type[i]lil}
class_rate[i]fj] 7 uimsbf
lelsef
class_rate[i][j] 5 uimsbf
}
}
if ( crclendescapeli]jl!'=1){ /* not ESC */
class_crclen[i][j]; 5 uimsbf
}
}
class’_reordered_output; 1 uimsbf
if (Class_reordered_output == 1) {
for (j=0;j < number_of class]i]; j++ ) {
class_output_orderf[i][j]; 6 uimsbf
}
}
}
header_protection; 1 uimsbf
if ( header_protection == 1) {
header_rate; 5 uimsbf
header_crclen; 5 uimsbf
}
rs_fec_capability; 7 uimsbf
}

with

© ISO/IEC 2002— Al rights reserved
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”

34

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_class]i]; 6 uimsbf
for (j=0;j < number_of class]i]; j++) {
length_escapeli][j]; 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_typelilljl; 2 uimsbf
if( fec_typel[il[j] == 0) {
termination_switch[i][j]; 1 uimsbf
if (interleave_type == 2) {
interleave_switch[i][j]; 2 uimsbf
}
class_optional; 1 uimsbf
if (length_escapeli][j]==1) { /* ESC */
number_of_bits_for_length[i][j1; 4 uimsbf
}
else {
class_length[i][j]; 16 uimsbf
}
if (rate_escapeli]jl!=1){ J/JfnotESC */
if(fec_type[i]li]I}{
class_rate[i][j] 7 uimsbf
lelsef
class_ratel[il[j] 5 uimsbf
1
}
if ( crclen_escapeli][j1!=1){ /* not ESC */
class:erclen[i][j]; 5 uimsbf
}
}
class.reordered_output; 1 uimsbf
if (‘class_reordered_output == 1) {
for (j = 0; j < number_of classi]; j++ ) {
class_output_order][i][j]; 6 uimsbf
}
}
1
header_protection; 1 uimsbf
if ( header_protection == 1) {
header_rate; 5 uimsbf
header_crclen; 5 uimsbf
}
}
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In subclause 1.8.2.2 (Error protection bitstream payloads), replace the description below table 1.30 (Syntax of
ep_header ()) with:

”

Npred: ceil( log2 (number_of predefined_set) ).
Npred_parity: See subclause 1.8.4.3
Nattrib_parity: See subclause 1.8.4.3

In subclause 1.8.2.2, replace

”

This part defines the syntax of the error protected audio bitstream payload. This kind of syntax can be selected by
sefting 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.

with

This part defines the syntax of the error protected audio bitstream payload. This kind-of.Syntax can be selected by
sefting epConfig=2 or epConfig=3. It is common for all audio object types. If MPEG-=4"Systems is used, one
ep| frame() is directly mapped to one access unit.

In subclause 1.8.2.2 (Error protection bitstream payloads), remove table 1.28 (Syntax of rs_ep_frame()).

In subclause 1.8.2.2 (Error protection bitstream payloads), replace 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

with
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“

with

36

Syntax No. of bits  Mnemonic
ep_frame()
if (interleave_type == 0){
ep_header();
ep_encoded_classes();
stuffing_bits; Nstuff bslbf
if (interleave_type == 1)}
interleaved_frame_mode1; 1- bslbf
}
if (interleave_type == 2){
interleaved_frame_mode2; 1- bslbf
}
}

Nstuff: number of stuffing bits, identical to num_stuffing_bits, see subclause 1.8:3+4

bclause 1.8.2.2 (Error protection bitstream payloads), replace 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_ratel[j]; 3 uimsbf
if (crclen_escape[frame pred][j] == 1){
class_crc_count{j]; uimsbf
}
}
if (bit_stuffing ==A){
num_stuffing_bits; 3 uimsbf
}
}

class_count: number of class for this frame
frame_pred: selected predefined set for this frame

© ISO/IEC 2002 — Al rights reserved
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Syntax No. of bits Mnemonic
class_attrib()

for(j=0; j< number_of class[choice of pred]; j++)X
if(class_reordered_output == 1){
k = class_output_order[choice _of pred][j];
}else {
k=j

if (length escape[choice of pred][k] == 1)
class_bit_count[k]; Nbitcount uimsbf
}

if (rate_escape[choice_of_pred][k] == 1){
class_code_rate[k]; 3 uimsbf
}

if (crclen_escape[choice_of pred][k] == 1){

class_crc_count[k]; 3 uimsbf
}

}
if (bit_stuffing == 1)

num_stuffing_bits; 3 uimsbf
}

In subclause 1.8.2.2 (Error protection bitstream payloads), replace'in) Table 1.32 (Syntax of ep_encoded_class

Syntax No. of bits  Mnemonic
ep_encoded_classes(class_count)

for(j=0; j<class_count; j++){

ep_encoded_class[j}; bslbf
}
) }
with
Syntax No. of bits Mnemonic
ep_encoded_classes()
{
for(j=0; j< number_of class[choice_of pred]; j++){
if(class_reordered_output == 1){
k = class_output_order[choice _of pred][j];
}else {
k=],
}
ep_encoded_class[k]; bslbf
|
}

In subclause 1.8.3.1 (Definitions), remove

© ISO/IEC 2002— Al rights reserved
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”

rs_fec_capability This field indicates the correction capability of SRS code to protect the whole
frame (see subclause 1.8.4.7). This capability is given as number of erroneous
bytes that can be corrected. The value “0” indicates SRS is not used.

rs_ep_frame() Reed-Solomon error protected frame that is applied Reed-Solomon code.

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

In subclause 1.8.3.1 (Definitions), replace Table 1.34 (The coding rate for the audio data belonging to the class)

Codeword 000 001 010 011 100 101 110 1A
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 | FF00 | FF,FF

fec type Codeword 000 001 010 011 100 101 110 111
0 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 | @0,00 | 00,00 | AA,00 | FF,00 | FF, FF
1or2 number of 0 1 2 4 8 16 32 64
correctable
bytes

In subclause 1.8.3.1 (Definitions, interleave_switch[l][j]), replace

1-interleaved without intraclass-interleaving ... number of bytes wihtin ...

with

1-interleaved without intraclass-interleaving ... number of bytes within ...

“

In subsection 1.8.4.1 (Out-of-band information), replace

”

The length of the last class can be specified to last “until the end”.
with

The length of the last class processed by the EP decoder (prior to any subsequent re-ordering as described in
subclause 1.8.4.9) does not have to be transmitted explicitly, but its length might be signaled as “until the end”.

“
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In subclause 1.8.4.2 (Derivation of pre-defined sets), replace

”

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:

e Each pre-defined set expands 2"°°! pre-defined sets, where NCOJi] 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.

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

trinsPred =
fok (1 = 0;

gorithm:

i < nPred; i++ ) { /* for all predefinition sets */
for ( J = 0; j < pow ( 2, NCO[i] ); J++ ) {/* unwraping */
for ( k = 0; k < NCO[i]; k++ ) { /* for all optional classes ¢/
if (3 & ( 0x01 << k) ) {
optClassExists[k] = 1;
}
else {
optClassExists[k] = 0;

}
}

DefineTransPred(transPred, i, optClassExists);
transPred ++;

where,

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

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

E)_:Fmgle
ErforProtectionSpecificConfig() 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 thepre-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 Class B Class C Class B Class F
Class D Class D Class C
Class D
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with

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:

e Each pre-defined set expands 2"°° pre-defined sets, where NCOJi] is the number of classes with

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

e These expanded pre-defined sets start from “all the optClasses exist” to “all the optClasses do not exist”

Algorjthm:
trangPred = 0;
for i = 0; 1 < nPred; i++ ) { /* for all predefinition sets */
fpr (J = 0; j < 2°NCO[i]; J++ ) | /* unwraping */
for ( k = 0; k < NCO[1]; k++ ) { /* for all optional classes */
if (J & ( 0x01 << k) ) {
optClassExists[k] = 0;
}
else {
optClassExists[k] = 1;

}
}
DefineTransPred (transPred, i, optClassExists);
transPred ++;

whereg,

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

DefineTransPred ( transPred, i, optClassExists) defings'tfansPred-th new pre-defined set used for the
transmission. This new pre-defined'set is a copy of the i-th original pre-defined set, except it
does not have optClasses whose optClassExists equals to 0.

Example

ErrorProtectionSpecificConfig() defines presdefined sets as follows:

Table'1.36 — The example of pre-defined set

Pred #0 Pred #1
Class A" | class optional = 1 Class F | class_optional = 1
Class B class optional=0 | Class G | class optional = 0
Class C | class optional = 1
Class D | class optional =0
Class E class optional = 1

After 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 Pred #6 Pred #7 Pred #8 Pred #9

Class A Class B Class A Class B Class A Class B Class A Class B Class F Class G

Class B Class C Class B Class D Class B Class C Class B Class D | Class G

Class C | Class D Class D Class E Class C Class D Class D

Class D Class E Class E Class D

Class E
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In subclause 1.8.4.3 (In-band information), replace Table 1.38

”

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
with
Table 1.38 — Basic set of FEC codes for in-band information
Number of bits to be FEC code total number of interleaving width
protected bits
1-2 majority (repeat 3 times) 3/6 3
3-4 BCH(7,4) 6-7 equals total number of bits
5-7 BCH(15,7) 13-15 equals total number of bits
8-12 Golay(23,12) 19-23 equals total number of bits
13-16 BCH(31,16) 28-31 equals total number of bits
17- SRCPC 8/16 + 4-bit CRC 50 - 28
Nates:
e total number of bits: number of bits after EEC encoding
o interleaving width: width of the interleaving matrix, see also subclause 1.8.4.8
e Npred_parity (or Nattrib_parity) = tetal number of bits — number of bits to be protected
e SRCPC is terminated
In subclause 1.8.4.3 (In-band’information), replace
If 4 header length éxeeeds 16 bits, this header is protected in the same way as the class information. The SR(
cogle rate and the'number of CRC bits are signaled. The encoding and decoding method for this is the same as
degcribed below within the CRC/SRCPC description.

LPC

ot

If a header length exceeds 16 bits, this header is protected using a CRC and a terminated SRCPC. 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.

“

In subclause 1.8.4.3 (In-band information), replace
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The generation polynomials for each FEC is as follows:
BCH(7,4): XP+x+1
BCH(15,7):  x+x"+x%+x*+1
Golay(23,12):x11+x9+x7+x6+x5+x3+x+1

BCH(31,16): X x40 x P X X+ 1

The generator polynomials for each FEC are as follows:
BCH(7,4): XP+x+1

BCH(15,7):  x®+x"+x°+x"+1

Golay(23,12): X0+ X+ +x+1

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

In subclause 1.8.4.4 (Concatenation functionality), Figure 1.7 (Concatenation precedure), replace

In subclause 1.8.4.4 (Concatenation functignality), Figure 1.7 (Concatenation procedure), replace

In subclatise 1.8.4.5 (CRC), replace

”

5-bit CRC CRCS5: Cxt e ex+1

”

with

42
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5-bit CRC CRC5: XextexP+1

”

In

”

subclause 1.8.4.5 (CRC), replace

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

de

”

with

”

Th
pe
qu
ex

In

Th
en

indicates not-punctured/punctured respectively. The code ratesis‘a property of the class, thus the choice of the
is nade according which class the current bit belongs to. Afteérthis decision which bits from vi(i) is transmitted
are output in the order from vt(0) to vi(3).

with

Th
of
of
ch
co

Rdplace subclause1.8:4.7 (Shortened Reed-Solomon codes), with the following:

”

Sh
co
of

Be

nends on MPEG-4 audio algnrifhme See the informal annex (nynmlnln of error Pnnrnnlmnnf)

e CRC bits are written in a reversed manner, i. e. each bit is inverted. Using these CRC bits;"the decoder cs
form error detection. When an error is detected through CRC, error concealment may be.applied to reduce
plity degradation caused by the error. The error concealment method depends on MPEG34 audio algorithms
bmple is given in subclause 1.B.3.

subclause 1.8.4.6.3 (Puncturing of SRC for SRCPC code), replace

e puncturing is made with the period of 8, and each bit of Pr(i) indicates the corresponding vi(i) from the SR
coder is punctured (not transmitted) or not (transmitted). Each¢bit-of Pr(i) is used from MSB to LSB, and 0/1

e puncturing pattern, which is applied with the period of 8, depends on the class_rate (see Table 1.40). Eac
Pr(i) indicates whether the corresponding vi(i) from the SRC encoder is punctured (i.e. not considered). Eag
Pr(i) is used from MSB to LSB, and 0/1 indicates punctured/not-punctured respectively. The puncturing patt
hnges class-wise, but only at points where a period of 8 is completed. After the decision which bits from vi(i
nsidered, they are output in.theorder from vt(0) to vi(3).

prtened RS'codes SRS(255-/, 255-2k-/) defined over GF(28) can be used to protect one single class or sevg
ncatenated classes. Concatenated classes are subsequently treated as one single class. Here, k is the num
corréctable errors in one SRS codeword. The value of / reflects the shortening.

the
,an

table
they

h bit
h bit
Brn

are

ral
ber

ore'the SRS encoding, the EP class is sub-divided into parts such that their lengths are less than or equal

255-2k. The lengths of the parts are calculated as follows:

I;= 255-2k, for i<N

;=L mod (255-2k), fori= N

N = ceil (L 1 (255-2k))

L: The length of the EP class in octets
N: The number of parts
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Iy The length of the i-th part (O<i<N+1)

If the length of the N-th part /yis smaller than 255-2k bytes, as many bits with the value 0 are added as needed to
reach the length of 255-2k bytes before SRS en- or decoding, and again removed afterwards.

At decoder side, if SRS decoding is performed, the same number of ‘0’s have to be added before the SRS
decoding procedure, and removed again after SRS decoding.

The SRS code defined in the Galois Field GF(28) is generated from a generator polynomial g(x) = (x—a)(x-a?)---(x—
&*), where « denotes a root of the primitive polynomial m(x)=x*+x*+x*+x*+1. The binary representative of  is
shown in Table 1.41, where the MSB of the octet is transmitted first.
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Table 1.41 — Binary representation for o’ (0 <i < 254) over GF(2%)

a binary rep. a binary rep. a binary rep. a binary rep.
0 | 00000000 | a* | 10100001 | a™ | 11001100 | a™ | 01000001
a’ | 00000001 | a** | 01011111 |[ a*® | 10000101 | a™>* | 10000010
a | 00000010 | a* | 10111110 || a | 00010111 | a™> | 00011001
a® | 00000100 | a* | 01100001 |f a™ | 00101110 | a™" | 00110010
a® | 00001000 | a*" | 11000010 |f a™' | 01011100 | a™> | 01100100
a’ | 00010000 | a* | 10011001 |f a™ | 10111000 | a™° | 11001000
a> | 00100000 | a* | 00101111 | a™® | 01101101 || a"' | 10001101
a° 01000000 a” | 01011110 I a™ | 11011010 | a™° | 00000111
a’ | 10000000 | a” | 10111100 |f a™ | 10101001 | a™> | 00001110
a® | 00011101 | a™ | 01100101 |[ a™® | 01001111 | a®° | 00011100
a> | 00111010 | a”™ | 11001010 [[ ™ | 10011110 || a®' | 00111000
a®° | 01110100 | a™ | 10001001 | a™° | 00100001 | a°>* | 01110000
a' | 11101000 [ a™ | 00001111 | a™ | 01000010 | a°” | 11100000
a” | 11001101 | a”™ | 00011110 | a™° | 10000100 [ ™ | 11014101
a”° | 10000111 | a’” | 00111100 | a™" | 00010101 [ a°® | 10100111
a® | 00010011 | a” | 01111000 | &' | 00101010 [ a°® |.01610011
a” | 00100110 | a” | 11110000 [ &' | 01010100 [ a*°’.{ (10100110
a® | 01001100 | a® | 11111101 | @™ | 10101000 [ a°>-] 01010001
a’ | 10011000 | a°' | 11100111 [ a"® | 01001101 [&@™ | 10100010
a® | 00101101 || a* | 11010011 | a"® | 1001101002 | 01011001
a” | 01011010 | a® | 10111011 [ @™ | 0010100 [ @' | 10110010
a”® | 10110100 | a** | 01101011 | a"® | 01010010 | a*"* | 01111001
a” | 01110101 | a® | 11010110 | @' | 10100100 | a* | 11110010
a“ | 11101010 | a® | 10110001 || a™ J-'01010101 | a*'* | 11111001
a” | 11001001 | a* | 01111111 | a">' \~10101010 | a° | 11101111
a” | 10001111 | a® | 11111110 | a©$*| 01001001 | a°° | 11000011
a” | 00000011 | a® | 11100001 Jfa™ | 10010010 | a°'* | 10011011
a”® | 00000110 | a> | 1101111HF a™ | 00111001 || a°° | 00101011
a”’ | 00001100 | a’' | 10100041 || a™> | 01110010 | a°° | 01010110
a”® | 00011000 | a | 01014011 || a™>° | 11100100 | a**° | 10101100
a” | 00110000 | a> | 10210110 || 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 .[Ha> | 10101111 || a°' | 11010001 | a°*° | 00100100
a> | 01001110_[ a>® | 01000011 | a™ | 10111111 | a**® | 01001000
a> | 10014400 | a> | 10000110 | a™ | 01100011 | a**" | 10010000
a® | 00100101 | 2 | 00010001 | a™ | 11000110 [ a*® | 00111101
a”’ |.04001010 | @ | 00100010 | a™ | 10010001 [ a*® | 01111010
a” (10010100 | a' | 01000100 [ @™ | 00111111 [ a®° | 11110100
a® J 00110101 | @' | 10001000 | a™" | 01111110 [ @' | 11110101
a’’ | 01101010 | @™ | 00001101 | @™ | 11111100 [ a** | 11110111
a” | 11010100 | a'® | 00011010 | a™ | 11100101 [ a®* | 11110011
a” | 10110101 [ a™ | 00110100 || @' | 11010111 | a=* | 11111011
a” | 01110111 | a™ | 01101000 || a'"" | 10110011 | &> | 11101011
a” | 11101110 [ a™ | 11010000 || a'” | 01111011 | a*° | 11001011
T 00000+ a O+t T e 00010+
a® | 10011111 | a'° | 01100111 || a™ | 11110001 | a*>° | 00001011
a’’ | 00100011 | a'" | 11001110 | a™ | 11111111 | a= | 00010110
a” | 01000110 | a'* | 10000001 | a'” | 11100011 | a°*° | 00101100
a” | 10001100 | a' | 00011111 || a'’" | 11011011 | a**' | 01011000
a> | 00000101 | a'"* | 00111110 || a'”® | 10101011 | a°** | 10110000
a> | 00001010 | a'™ | 01111100 || a'” | 01001011 | a°* | 01111101
a>” | 00010100 | a'® | 11111000 | a'* | 10010110 | a*** | 11111010
a> | 00101000 | a'"" | 11101101 || a*' | 00110001 | a°* | 11101001
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01010000 1 11000111 %21 01100010 “° 1 11001111

oy
N

a a a a

a> | 10100000 [ a'” | 10010011 | a'® | 11000100 | a**" | 10000011
a” | 01011101 | a'° | 00111011 || a®* | 10010101 | a**°* | 00011011
a”” | 10111010 [ a™*" | 01110110 || a™ | 00110111 | a** | 00110110
a® | 01101001 [ a™ | 11101100 || a™° | 01101110 | a®° | 01101100
a” | 11010010 [ a™ | 11000101 [ a™" | 11011100 | a®' | 11011000
a® | 10111001 | a™ | 10010111 | a™ | 10100101 | a®* | 10101101
a® | 01101111 | a™ | 00110011 | a™ | 01010111 | a®° | 01000111
a” | 11011110 [ a™ | 01100110 [[ a™ | 10101110 | a®* | 10001110

For epch of the parts, the SRS parity digits with a total Tength of 2k octets are calculated using g(x) as follows:

p(x) = X% u(x) mod g(x) QQ
u(x): polynomial representative of a part. Lowest order corresponds to the first octet. r\q’
p(x): polynomial representative of the parity digits. Lowest order corresponds to the fi ctet.

o

For sforage and transmission, the parity digits are appended at the end of the EP class. This p&é\ge’ss is illustrate
in Figure 1.9. QQ
| 8(255-2k) | 8(255-2k) | 8(255-2k) (bq/

class to be transmitted Q<<
RS parity RS parity RS parity
0 ) 3
DN
Figure@Q — RS encoding of EP frame
” A‘\@

O
In subclause 1.8.4.8.2 (Modes éo)Q\ﬁ}Tr/eaving), replace

”

Two modes of interleav@bde 1 and mode 2 are defined in the following subclauses.
with @

Two mod interleaving, mode 1 and mode 2, according to interleave_type 1 and 2, are defined in the following
subcla Table 1.42 and Table 1.43 give an overview of the available configurations.

N

Table 1.42 — Width of the interleaving matrix

interleave_type fec type == 0 (SRCPC fec type ==1/2 (SRS
0

28 bit length of class

1
2 depends on interleave switch (see Table below
3 H
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Table 1.43 — Width of the interleaving matrix for interleave_type 2

interleave switch fec type == 0 (SRCPC) | fec type ==1/2 (SRS)
0 no interleaving
1 length of class length of class
2 28 bit not permitted
3 concatenation

In the case of fec_type=0 (SRCPC), the interlaving is performed bitwise. In the case of fec_type == 1 or fec_type

“

2 (SRS), the interleaving is performed bytewise.

In

”

MJ
att

ep

Mu
are

ep

chpice_of_pred + choice_of_pred_parity), as illustrated in Figure-1.15.

Th

int
for]

Th
prq

=

In

”

subclause 1.8.4.8.2.1 (Interleaving operation in mode 1), replace

fibution part of ep_header() (which is class_attrib() + class_attrib_parity), and the pre-defined part of

Iti-stage interleaving is processed for ep_encoded_class from the last class to first class, and-then class

header() (which is choice_of_pred + choice_of_pred_parity), as illustrated in Figure.1.15.

Iti-stage interleaving is processed for ep_encoded_class from the last class to first class, then the stuffing-
appended at the end of the interleaved classes. The interleaving process continues with class attribution pj
| header() (which is class_attrib() + class_attrib_parity), and the-pre-defined part of ep_header() (which is

e width of the interleaving matrix is chosen according tothe FEC in use. In the case of SRCPC coding (fec |
0), the width of the interleaving matrix is 28 bit. In the\case of SRS coding (fec_type == 1 or 2), the width of
brleaving matrix is equal to the length of the class\in"bytes. Figure 1.16 shows the interleaving scheme prind
the latter case. The bits in the class are written.into the interleaving matrix byte by byte for each column.

e width of the interleaving matrix for the header parts is either equal to the length of the codeword (in bits)
vided by the block code according to.Table 1.38, or 28 bits if SRCPC is used.

subclause 1.8.4.8.2.1 (Interleaving operation in mode 1), replace Figure 1.15

bits
art of

type
the
iple

X
Header > —> Output
Y Interleaver
X >
»
Class 0 "| Interleaver
},
X
Class 1
Interleaver
ﬁ
Class 2
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with

”

Header *1

Y | Interleaver » Output

X
Header *2

% Interleaver
X I p| Concatenate >
Ctass© v Interleaver *
X
Class 1 >
Y | Interleaver
Class 2 stuffing-bits

P

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

E

In subclause 1.8.4.8.2.2 (Interleaving operation in mode 2), replace

| ear buffer BUF_NO/* Buffer for non-interleaved part. */

| ear buffer BUF_Y /* Buffer for Y input ip&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;

}

]

$et BUF_NO into BUF_Y;
| ear buffer BUF_NO
for j = N1to 0 {

if ( interleave_switch[i](})] == 0)
concatenate ep_encaded class[j] at the end of BUF_NO
} elseif ( interleaveswitch[i][j] !'= 3){
if ( interleaves,switch[i][j] == 1)
set the size-of the interleave window to be the I ength of ep_encoded_class[j];
} else if (_interleave_switch[i][j] == 2)

set thewsi'ze of the interl eave wi ndow to be 28;

}

i nput ep-encoded_cl ass[j] into the recursive interleaver as X input;
i nputSBUF_Y into the recursive interleaver as Y input;

sethe output of the interleaver into BUFY;

}

]
oncat’enate BUF_NO at the end of BUF_Y;
ifrput 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 BUF_Y;
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 BUF_Y;

set BUF_Y into interleaved_frane_node2;

“

with
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clear buffer BUF_NO/* Buffer for non-interleaved part. */
clear buffer BUF_Y /* Buffer for Y input in the next stage */
for(j =0; j <N j++)
if ( class_reordered_output ==
k = class_output_order[choice_of pred][j];
} else {
k =1j;

if ( interleave_switch[choice_of _pred][k] == 3) {
add ep_encoded_cl ass[ k] to BUF_Y;

i}-F L intaorl oavao cvg t ohl cbhot o of oy adl Tl 1] ==_0
i At-ereavre—swi-t-ehf-ehei-ee—ef—prediid

! — —~
add ep_encoded_cl ass[ k] to BUF_NO

for (j =N1; ] >=0; j--)
if ( class_reordered_output ==
k = class_out put_order[choice_of pred][j];

} else {
k =1j;
if ( ( interleave_sw tch[choice_of _pred][k] '=0)
& ( interleave_sw tch[choice_of _pred][k] '=3) ){
if ( interleave_switch[choice_of _pred][k] == 1) {
set the size of the interleave wi ndow to be the | ength-of ep_encoded_cl ass[K]|;
} else if ( interleave_switch[choice_of pred][k] == 2 )xf

set the size of the interleave wi ndow to be 28;
}
i nput ep_encoded_cl ass[k] into the recursive interleaver as X input;
input BUF_Y into the recursive interleaver as Y irput;
set the output of the interleaver into BUF_Y;

}

}
add BUF_NO to BUF_Y;
if( bit_stuffing ) {
add Nstuff stuffing-bits to BUF_Y;

input class_attrib() followed by classjattrib_parity into the recursive interleaver as| X
i nput ;

input BUF_Y into the recursive intepleaver as Y input;
set the output of the interleaveriinto BUF_Y;

i nput choi ce_of _pred foll owed by, choice_of _pred_parity into the recursive interleaver ps X
i nput ;

input BUF_Y into the recursiye interleaver as Y input;
set the output of the inter)eaver into BUF_Y;

set BUF_Y into interl eaved franme_node2;

In subclause 1.8.4.8.2.2-(Interleaving operation in mode 2), replace Figure 1.17
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”
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>
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In subclause 1.8.4.8.2.2 (Interleaving operation in mode 2), remove

50
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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

“

In

”

EP_taal has a function to re-arder the class ol itput to the audio decoder_in order o nlign the hitstream order as

de

that this interface is out of the scope of this specification, and is up to the implementation, while the interface t

au

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

Th

“

with

”

Th
au

regrdering is signaled as class_output_order][i][j] in the out-of-band inférmation. The EP decoder reorders th
classes in the EP frame using i-th pre-defined set, so that the j-th class«f EP frame is output as

(cl

this width (see subclause 1.8.4.3). In case the RCPC code is used, 28-bit is used as this width.

subclause 1.8.4.9 (Class reordered output), replace

ined for that codec, independently from the EP tool configuration and audio encoder to EP tool interface/N

dio decoder shall be aligned to the standard bitstream to avoid additional signaling from the encoder side.

Hio codec. Figure 1.17a gives an example of the reordering process on decoder side. The class order after

pss_output_order]i][j])-th class to the audio decoder.

input of EP decoder:
Class 4 Class 1 Class 3 Class 0 Class 2
error protected
l
o EP Decoder |
output of EP decoder: l
Class 0 Class 1 Class 2 Class 3 Class 4

Figure 1.17a — Example for class reordered output with class_output_order 4, 1, 3, 0, 2

Dte
b the

ion.

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

e EP tool allows to reorder the classes such that it does not have to stick at the order provided / required byl the

his

In subclause 1.A.2.1 (MPEG-2 AAC Audio_Data_Interchange_Format, ADIF), replace Table 1.A.1 (Syntax of
adif_sequence())
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”

In su
adif

with

52

Syntax

No. of bits Mnemonic

adif _sequence()

{
adif_header()

raw_data_stream()

}
Syntax No. of bits Mnemonic
adif_sequence()
{
adif _header();
byte_alignment();
raw_data_stream();
}
pclause 1.A.2.1 (MPEG-2 AAC Audio_Data Interchange_Format, ADIF), replace’ Table 1.A.2 (Syntax of
neader())
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 bslbf
bitstream_type 1 bsibf
bitrate 23 uimsbf
num_program_config_elements 4 uimsbf
for (i=0;i<num_program_config_elements + 1; i++ ) {
if( bitstream_type '==/‘0")
adif_buffer fullness 20 uimsbf
program_cenfig_element()
}
}
© ISO/IEC 2002 — Al rights reserved
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”

Syntax No. of bits Mnemonic
adif_header()
{
adif _id; 32 bslbf
copyright_id_present; 1 bslbf
if ( copyright_id_present )
copyright_id; 72 bslbf
original_copy; 1 bslbf
home; 1 bslbf
bitstream_type; 1 bSIbT
bitrate; 23 uimsbf
num_program_config_elements; 4 bslbf
if( bitstream_type == ‘0" ) {
adif_buffer_fullness; 20 uimsbf
}
for (i=0;i<num_program_config_elements + 1; i++ ) {
program_config_element();
}
}

In subclause 1.A.2.1 (MPEG-2 AAC Audio_Data_Interchange_Format, ADIF), replace 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()

with

Kl

Syntax No. of bits

Mnemonic

raw_data_stream()

{

while (data_available()) {
raw’ data_block();
}

In subclause 1.A.2.2.1 (Fixed Header of ADTS), remove the data element

”

Emphasis

”

In subclause 1.A.2.2 (Audio_Data_Transport_Stream frame, ADTS), replace table 1.A.5 (Syntax of adts_frame())

with
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”

Syntax No. of bits Mnemonic
adts_frame()

{

adts_fixed _header();

adts_variable_header();

if (number_of raw_data_blocks_in_frame == 0) {
adts_error_check();
raw_data_block();

}
else {
adts_header_error_check();
for(i=0; i <=number_of raw_data_blocks_in_frame; i++ ¥
raw_data_block();
adts_raw_data_block_error_check();
}
}

In subclause 1.A.2.2.3 (Error detection), add Table 1.A.8a (Syntax of adts_header_error_check):

Syntax No. of bits Mnemonic
adts_header_error_check ()

{

if (protection_absent == ‘0’) {
for(i=1;i<=number_of raw_data_blocks_in_frame; i++ ) {
raw_data_block_position[i]; 16 uimsfb
}

crc_check; 16 rpchof

In subclause 1.A.2.2.3 (Error detection), add’Table 1.A.8b (Syntax of adts_raw_data_block_error_check()):

Syntax No. of bits Mnemonic
adts_raw_data_blocCk; error_check()

if (protection® absent == ‘0’)
crc \check; 16 rpchof

In subclayse*1.A.3.1.1 (Definitions: Bitstream elements for ADIF), replace

”

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

”

with
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”

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 (table 1.A.2).

”

In subclause 1.A.3.1.1 (Definitions: Bitstream elements for ADIF), replace the reference to

”

Table 6.1

”

with the reference to

”

Taple 1.A1

”

In subclause 1.A.3.1.1 (Definitions: Bitstream elements for ADIF), replace the reference|to

”

Tabple 6.2

”

with the reference to

Kl

Taple 1.A.2

”

In subclause 1.A.3.1.1 (Definitions: Bitstream elements for ADIF), replace

”

num_program_config_element Number 6fprogram config elements specified for this adif _sequence().

with

”

num_program_config_element Number of program configuration elements specified for this adif sequence()
equals num_program_config_element+1. The minimum value is 0 indicatin

program configuration element.

In subclause1.A.3.2.1 (Definitions: Bitstream elements for ADTS), replace the reference to

g 1

with the reference to

Kl

Table 1.11

”
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In subclause 1.A.3.2.1 (Definitions: Bitstream elements for ADTS), replace the reference to

”

subclause 6.3.4

”

with the reference to

”

subclause 1.6.3.4

”

In subclause 1.A.3.2.1 (Definitions: Bitstream elements for ADTS), replace the reference to

”

subclause 6.2.2

”

with the reference to

“

subclpuse 1.6.3.3

”

In subclause 1.A.3.2.1 (Definitions: Bitstream elements for ADTS), replacéthe reference to

”

subclause 5.1.1

”

with the reference to

”

subclause 1.5.2.1

”

In subclause 1.A.3.2.1 (Definitions: Bitstream elements for ADTS), replace the reference to

”

Tablg A.4

”

with the reference to

”

Tablg 1.A.4

”

In subclause 1.A.3.2.1 (Definitions: Bitstream elements for ADTS), replace the reference to

”

Table A.5

”

with the reference to
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Table 1.A.5

”

In subclause 1.A.3.2.1 (Definitions: Bitstream elements for ADTS), replace the reference to

”

Table A.6

”

wi

Ta

”

In

”

Ta
wit

Ta

”

In

”

Ta
wi

Ta

”

In
ad

h the reference to

ble 1.A.6

subclause 1.A.3.2.1 (Definitions: Bitstream elements for ADTS), replace the reference_to

ble A.7

h the reference to

ble 1.A.7

subclause 1.A.3.2.1 (Definitions: Bitstream elements)for ADTS), replace the reference to

ble A.8

h the reference to

ble 1.A.7

subclause 1.A.3.2(1 (Definitions: Bitstream elements for ADTS), remove from the definition of
's_error_check():

C error.detection data generated as described in ISO/IEC 11172-3, subclause 2.4.3.1.

In subclause 1.A.3.2.1 (Definitions: Bitstream elements for ADTS), replace:

”

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.
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with

adts_buffer_fullness State of the bit reservoir in the course of encoding the ADTS frame, up to and
including the first raw_data_block(). It is transmitted as the number of available
bits in the bit reservoir divided by NCC divided by 32 and truncated to an integer
value (table 1.A.7). A value of hexadecimal 7FF signals that the bitstream is a
variable rate bitstream. In this case, buffer fullness is not applicable.

In subclause 1.A.3.2.1 (Definitions: Bitstream elements for ADTS), add the following definitions:

crc_check CRC error detection data generated as described in ISO/IEC 11172-3,
subclause 2.4.3.1 (Table 1.A.8, Table 1.A.8a, Table 1.A.8b).

raw_gata_block_position([i] Start position of the i-th raw_data_block() in the adts_frame(), measured as ap
offset in bytes from the start position of the first raw_datal block() in the
adts_frame().

adts_|header_error_check() The following bits are protected and fed into the CRC algorithm in order of the
appearance:

r

e all bits of adts_fixed_header()
e all bits of adts_variable_header()
e all bits of every raw_data_block_position[i]

adts |raw_data_block_error_check() With regard to the i-th adts’ raw_data_block_error_check(), the following
bits of the i-th raw_data_block() are protected and fed into the CRC algorithm
order of their appearance;

in

e First 192 bits ef-any
e single_channel_element (SCE)
e  channel_pair_element (CPE)
e’ coupling_channel_element (CCE)
e low frequency enhancement channel (LFE)

e First 128 bits of the second individual_channel_stream (ICS) in the
channel_pair_element must be protected.

¢ All information in any program_configuration_element (PCE) or
data_stream_element (DSE) must be protected.

For any element where the specified length of 128 or 192 bits exceeds its actpal
length, the element is zero padded to the specified length for CRC calculation.
The id_syn_ele bits shall be excluded from CRC protection. 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, each time in order
of thelfrappearance. for exampie, If the Second TCSstarts at the t90th bitof—

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.

Remove subclause 1.B.1 (Text format of out-of-band information).
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Add subclause 1.B.2.0

”

1.B.2.0 General

Detailed examples of the out-of-band information for the individual codec types are provided in ISO/IEC14496-5 in
conjunction with the ep-tool software. Further examples are given in ISO/IEC 14496-4 by means of conformance
test sequences with epConfig=2 and epConfig=3.

”

In [subclause 1.B.2.3 (Example forTwin-VQ) , remove the given examples plotted in the rectangular boxes:
In |subclause 1.B.2.4 (Example for HVXC) , remove the given examples plotted in the rectangulardoxes.
In [subclause 1.B.2.5 (Example for ER BSAC) , remove the given example plotted in the rectangular box.

In subclause 3.3.2.2.1.3 (RPE wideband syntax), replace Table 3.40 (Syntax of RPE _WideBand_ESC2()) with
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”

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
lpe—indices{6}-3; 4 wirrsbf
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_indices[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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In subclause 3.3.2.2.1.3 (RPE wideband syntax), replace Table 3.42 ( Syntax of RPE_W,ideBand_ESC4()) with

”

Syntax No. of bits Mnemonic
RPE_WideBand_ESCA4()
{
if (FineRateControl == ON) {
if (LPC_Present == YES) {
Ipc_indices [3], 5; 1 uimsbf
Ipc_indices [8], 0; 1 uimsbf
}
}else {
Ipc_indices [3], 5; 1 uimsbf
Ipc_indices [8], 0; 1 uimsbf
}
for (subframe = 0; subframe < nrof_subframes; subframe++) {
shape_delay[subframe], 0; 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], 0; 1 uimsbf
}
}
}

In subclause 4.1.1.1 (Encoder and Decoder Block Diagrams);_réplace Figure 4.1 with
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In subclause 4.1.1.1 (Encoder and Decoder Block Diagrams), replace Figure 4.2 (Block diagram of the GA non
scalable decoder) with
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”
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In subclause 4.1.1.2 (Overview of the Encoder and Decoder Tools), replace
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”

The intensity stereo / coupling tool implements intensity stereo decoding on pairs of spectra. In addition, it adds the
relevant data from a dependently switched coupling channel to the spectra at this point, as directed by the coupling
control information.

The inputs to the intensity stereo / coupling tool are:
e The inversely quantized spectra
e The intensity stereo control information and coupling control information

The output from the intensity stereo / coupling tool is:

e/ The inversely quantized spectra atter intensity and coupling channel decoding.

Note: [If either part of this block is disabled, the scaled, inversely quantized spectra are passed directly through this part:without
modification. The intensity stereo tool and M/S tools are arranged so that the operation of M/S and Intensity stereo are mutuplly
exclugive on any given scalefactor band and group of one pair of spectra.

The intensity stereo tool implements intensity stereo decoding on pairs of spectra.

The ipputs to the intensity stereo tool are:

e[ The inversely quantized spectra

The intensity stereo control information
The qutput from the intensity stereo tool is:
o| The inversely quantized spectra after intensity channel decoding.

Note:The scaled, inversely quantized spectra of individually coded(channles are passed directly through this tool without
modification. The intensity stereo tool and M/S tool are arranged.se’that the operation of M/S and intensity stereo are mutuplly
exclugive on any given scalefactor band and group of one pair of 'spectra.

The goupling tool for dependently switched coupling channels adds the relevant data from dependently switched
coupling channels to the spectra, as directed by the  coupling control information.

The ipputs to the coupling tool are:

o[ The inversely quantized spectra

e| The coupling control information

The qutput from the coupling toohis:

o| The inversely quantized spectra coupled with the dependently switched coupling channels.

Note:| The scaled, inversgly) quantized spectra are passed directly through this tool without modification, if coupling is |not
indicated. Depending on the coupling control information, dependently switched coupling channels might either be cougled
beforg¢ or after the TNS, processing.

The goupling-tool for independently switched coupling channels adds the relevant data from independently
switched coupling channels to the time signal, as directed by the coupling control information.

The i'\nu ite a6 tha counlinatocolare-
HEHS—o-t+ gt -6+

e The time signal as output by the filterbank
e The coupling control information
The output from the coupling tool is:

e The time signal coupled with the independently switched coupling channels.

Note: The time signal is passed directly through this tool without modification, if coupling is not indicated.

”
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In subclause 4.1.1.2 (Overview of the Encoder and Decoder Tools), replace

”

scalefactor tool
with

rescaling tool

”

In subclause 4.1.1.2 (Overview of the Encoder and Decoder Tools), replace

”

The filterbank tool applies the inverse of the frequency mapping that was carried out in the encoder, as indicated by
thag filterbank control information and the presence or absence of gain control information.(An‘inverse modified
discrete cosine transform (IMDCT) is used for the filterbank tool. If the gain control tookis-not used, the IMDCT]
indut consists of either 1024 or 128 (depending on window_sequence spectral coefficients (if framelLengthFlag is

sef to ‘0’), or of 960 or 120 spectral coefficients (if framelLengthFlag is set to ‘1), réspectively. If the gain contrgl tool
is lised, the filterbank tool is configured to use four sets of either 256 or 32 coefficients, depending of the valug of

window_sequence.

The inputs to the filterbank tool are:

e The inversely quantized spectra

e The filterbank control information

The output(s) from the filterbank tool is (are):

e The time domain reconstructed audio signal(s).

Two alternative, but very similar versions of this tool:are available. The version with a frame length of 960 samples,
whiich is not available in ISO/IEC 13818-7, allows¢for-an integer frame length. For example at 48 kHz sampling rate,
thg frame length is exactly 20 ms with this version. This is especially useful for the CELP/AAC bitrate scalability
combinations, where this allows the construction of combined CELP layer frames, which have a length of a mdltiple
of 10 ms, and AAC enhancement layer frames. However, this feature can be used for configurations with only JAAC
or [f'winVQ coding as well.

with

”

The filterbank / block switching tool applies the inverse of the frequency mapping that was carried out in the
engoder. An inverse modified discrete cosine transform (IMDCT) is used for the filterbank tool. The IMDCT can be
configured to suppOrt either one set of 120, 128, 480, 512, 960, or 1024, or four sets of 32 or 256 spectral
coefficients.

The inputs to\the filterbank tool are:
e ~The inversely quantized spectra

* </ The filterbank control information

The output(s) from the filterbank tool is (are):

e The time domain reconstructed audio signal(s).

In subclause 4.4.2.1 (Payloads for the audio object types AAC main, AAC SSR, AAC LC and AAC LTP), replace
Table 4.3 (Syntax of top level payload for audio object types AAC Main, SSR, LC, and LTP (raw_data_block()))
with
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Syntax No. of bits Mnemonic
raw_data_block()

{

while( (id = id_syn_ele) = ID_END ){ 3 uimsbf
switch (id) {

case ID_SCE: single_channel_element();
break;

case ID_CPE: channel_pair_element();
break;

case [D_CCE: coupling_channel_element();
break;

case ID_LFE: Ife_channel_element();
break;

case ID_DSE: data_stream_element();
break;

case ID_PCE: program_config_element();
break;

case ID_FIL: fill_element();
break;

}
}
byte _alignment();

In subclause 4.4.2.2 (Payloads for the audio object type AAC scalable), replace Table 4.13 (Syntax of the ASME
top lgvel payload for the audio object type AAC scalable (aac_scalable_main_element)) with

”

Syntax No. of bits Mnemonic
aac_scalable_main_element()

{

aac_scalable_main_header();

for (ch=0; ch<(this_layer_stereq ? 2:1); ch++){
individual_channel_stream(1, 1);

}

cnt = bits_to_decode()'8;

while (cnt >= 1) {
cnt -= extensioh_payload(cnt);

}
byte_alignment();

In subclauseg 4:4.2.2 (Payloads for the audio object type AAC scalable), replace Table 4.14 (Syntax of the ASEE
top lgvel payload for the audio object type AAC scalable (aac_scalable _extension_element)) with
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Syntax

No. of bits Mnemonic

aac_scalable_extension_element()
{
aac_scalable_extension_header()
for (ch=0; ch<(this_layer_stereo ? 2:1); ch++){
individual_channel_stream(1, 1)
}

cnt = bits_to_decode() / 8
while (cnt >= 1) {

ent = oaydancion navlaadl~Ant)
Ot ASZAY tf

......... payloadfen
byte alignment();

In subclause 4.4.2.3 (Payloads for the audio object types ER AAC LC, ER AAC LTP and ER\AAC LD), replace
Taple 4.19 (Syntax of top level payload for audio object types ER AAC LC, ER AAC LTR-and ER AAC LD

(en_raw_data_block())) with

”

Syntax

No.. of bits Mnemonic

er_raw_data_block()
d
if ( channelConfiguration == 0) {
* reserved */
}

if ( channelConfiguration == 1) {
single_channel_element ();
}

if ( channelConfiguration == 2 ) {
channel_pair_element ();
}

if ( channelConfiguration == 3 ) {
single_channel_element ();
channel_pair_element ();

if ( channelConfiguration == 4 ) {
single_channel_element ();
channel_paircglement ();
single_channel_element ();

if ( channelConfiguration == 5) {
single_channel_element ();
channel_pair_element ();
channel_pair_element ();

if ( channelConfiguration ==6 ) {
single_channel_element ();
channel_pair_element ();

channel nair slement (-
\/7

Ife_chan_nel_glement O

if ( channelConfiguration ==7) {
single_channel_element ();
channel_pair_element ();
channel_pair_element ();
channel_pair_element ();
Ife_channel_element ();
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if ( channelConfiguration >= 8 ) {
/* reserved */
}

cnt = bits_to_decode() / 8;
while (cnt>=1){

cnt -= extension_payload(cnt);
}

byte_alignment();

In subclause 4.4.2.7 (Subsidiary payloads), replace Table 4.47 (Syntax of scale_factor_data()) with
Syptax No. of bits .-Mhemonic
scale_factor_data()
{
if (! aacScalefactorDataResilienceFlag ) {
noise_pcm_flag = 1;
for (g = 0; g < num_window_groups; g++ ) {
for ( sfb = 0; sfb < max_sfb; sfb++ ) {
if ( sfb_cb[g][sfb] = ZERO_HCB ) {
if (is_intensity (g, sfb) ) {
hcod_sf[dpcm_is_position[g][sfb]]; 1.19 viclbf
}
else {
if (is_noise(g, sfb) ) {
if ( noise_pcm_flag ) {
noise_pcm_flag = 0O;
dpcm_noise_nrg[g][sfb]; 9 uimsbf
}
else {
hcod_sf[dpcm_noise’ nrg[g][sfb]]; 1.19 viclbf
}
}
else {
hcod_sf[dpcm: sf[g][sfb]]; 1.19 viclbf
}
}
}
}
}
}
else {
intensity_used = 0;
noise_used. = 0;
sf_concealment; 1 uimsbf
rev_global_gain; 8 uimsbf
length_of_rvic_sf; 11/9 uimsbf
for (g = 0; g < num_window_groups; g++ ) {
for ( sfb=0; sfb < max_sfb; sfb++ ) {
if( efh_nh[g][cfh] 1= ZERQO HCB ) {

if (is_intensity ( g, sfb) ) {
intensity_used = 1;
rvic_cod_sf[dpcm_is_position[g][sfb]]; 1.9 viclbf
}
else {
if (is_noise(g,sfb) ) {
if (! noise_used ) {
noise_used = 1;
dpcm_noise_nrg[g][sfb]; 9 uimsbf
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}
else {
rvic_cod_sf[dpcm_noise_nrg[g][sfb]]; 1.9 viclbf
}
}
else {
rvic_cod_sf[dpcm_sf[g][sfb]]; 1..9 viclbf
}
}
}
}
H
if (intensity_used ) {
rvic_cod_sf[dpcm_is_last_position]; 1..9 viclbf
}
noise_used = 0;
sf_escapes_present; 1 uimsbf
if ( sf_escapes_present ) {
length_of_rvic_escapes; 8 uimsbf
for (g =0; g < num_window_groups; g++ ) {
for ( sfb = 0; sfb < max_sfb; sfb++) {
if ( sfb_cb[g][sfb] '= ZERO_HCB ) {
if (is_intensity ( g, sfb ) &&
dpcm_is_position[g][sfb] == ESC_FLAG ) {
rvic_esc_sf[dpcm_is_position[g][sfb]]; 2..20 viclbf
}
else {
if (is_noise ( g, sfb ) {
if (! noise_used ) {
noise_used = 1;
}
else {
if (dpcm_noise/nrg[g][sfb] == ESC_FLAG ) {
rvic_esc sf[dpcm_noise_nrg[g][sfb]]; 2..20 viclbf
}
}
}
else {
if (dpcm_sf[g][sfb] == ESC_FLAG ) {
rvic_esc_sf[dpcm_sf[g][sfb]]; 2..20 viclbf
b
¥
}
}
}
}
if (intensity_used &&
dpcm_is_last_position == ESC_FLAG ) {
rvic_esc_sf[dpcm_is_last_position]; 2..20 viclbf
}
if ( noise_used ) {
L~ dpem—noise—last—position; 9 vimsbf

}
}

In subclause 4.4.2.7 (Subsidiary payloads), replace Table 4.49 (Syntax of Itp_data()) with
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”

Syntax No. of bits Mnemonic
Itp_data()
if ( AudioObjectType == ER_AAC_LD ){
Itp_lag_update; 1 uimsbf
if (Itp_lag_update ) {
Itp_lag; 10 uimsbf
}else {
Itp_lag = Itp_prev_lag;
)
Itp_coef; 3 uimsbf
for (sfb = 0; sfb < min(max_sfb, MAX_LTP_LONG_SFB);
sfb++ ) {
Itp_long_used[sfb]; 1 uimsbf
}
}
else {
Itp_lag; 11 uimsbf
Itp_coef; 3 uimsbf
if(window_sequence==EIGHT_SHORT_SEQUENCE) {
for (w=0; w<num_windows; w++ ) {
Itp_short_used[w]; 1 uimsbf
if (Itp_short_used [w]) {
Itp_short_lag_present[w]; 1 uimsbf
if (Itp_short_lag_present[w]) {
Itp_short_lag[w]; 4 uimsbf
}
}
}else {
for (sfb=0; sfb<min(max_sfb,
MAX_LTP_LONG_SFB); sfb++ ) {
Itp_long_used[sfb]; 1 uimsbf
}
}
}
] )
In supclause 4.4.2.7 (Subsidiary~payloads), replace table 4.51 (Syntax of extension_payload()) with

70 © ISO/IEC 2002 — Al rights reserved


https://iecnorm.com/api/?name=22bba2ce3fd2ab013abc67af72ff2267

”

ISO/IEC 14496-3:2001/Cor.1:2002(E)

In

”

Syntax No. of bits Mnemonic
extension_payload(cnt)
{
extension_type; 4 uimsbf
align = 4;
switch( extension_type ) {
case EXT_DYNAMIC_RANGE:
return dynamic_range_info();
case EXT_FILL_DATA:
fill_nibble; /* must be ‘0000’ */ 4 uimsbf
for (i=0; i<cnt-1; i++) {
fill_byte[i]; /* must be *10100101" */ 8 uimsbf
return cnt;
case EXT_DATA_ELEMENT:
data_element_version; 4 uimsbf
switch( data_element_version ) {
case ANC_DATA:
loopCounter = 0;
dataElementLength = 0;
do {
dataElementLengthPart; 8 uimsbf
dataElementLength += dataElementLengthPart;
loopCounter++;
} while (dataElementLengthPart == 255);
for (i=0; i<dataElementLength; i++) {
data_element_byte][i]; 8 uimsbf
return (dataElementLength+loopCounter+1);
case default:
align = 0;
}
case EXT_FIL:
case default:
for (i=0; i<8*(cnt-1)+align; i++){
other_bits][i]; 1 uimsbf
}
return cnt;
}
1.5.1.1 (GASpecifie€onfig()), replace
frameLengthFlag The window length of the IMDCT: if set to 0 a 1024 lines IMDCT is used and
frameLength is set to 1024, if set to 1 a 960 line IMDCT is used and
frameLength is set to 960.

”

with

”

frameLengthFlag

Length of the frame, number of spectral lines, respectively.

For all General Audio Object Types except AAC SSR and ER AAC LD: If set to
“0” a 1024/128 lines IMDCT is used and framelLength is set to 1024, if set to “1”
a 960/120 line IMDCT is used and framelLength is set to 960.

For ER AAC LD: If set to “0” a 512 lines IMDCT is used and frameLength is set
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to 512, if set to “1” a 480 line IMDCT is used and frameLength is set to 480.
For AAC SSR: Must be set to “0”. A 256/32 lines IMDCT is used.

Note: The actual number of lines for the IMDCT (first or second value) is
determined by the value of window_sequence.

In subclause 4.5.2.1.3.1 (Description), replace

”

Itis n
3/2¢c

with

Itis n

ot applicable to any program with other than the 3/2 configuration and only decoders capable of decoding a
bnfiguration must be able to decode this mode.

ot applicable to any program with other than the 3/2 configuration.

bclause 4.5.2.1.6 (Fill element (FIL)), replace table 4.59 with

Symbol Value of extension_type Purpose

EXT_FILL ‘0000’ bitstream filler
EXT_FILL_DATA ‘00071 bitstream data as filler
EXT_DATA_ELEMENT 0010 data element
EXT_DYNAMIC_RANGE |“10171 dynamic range control
- all other values reserved

pclause 4.5.2.1.6 (Fill element (FIL)), addthe following text

Table 4.59a: Values of the data_element_version

Symbol Value of data_element_version |Purpose
ANC_DATA ‘0000 Ancillary data element
- all other values Reserved
align: a helper variable indicating the amount of bits which are already processed tq
fulfill byte alignment requirements in extension payload
loopGounter: a helper variable indicating the length of the variable dataElementLength in
bytes;
dataklementl ength: a helper variable indicating the length of the extension payload ‘data element
dataElementLengthPart: a field indicating the length of the extension payload ‘data element’. The value

data_element_byte[ ]:

72

255 is used as an escape value and indicates that at least one more
dataElementLengthPart value is following. The overall length of the transmitted
‘data element’ is calculated by summing up the partial values.

a variable indicating the partial values of the extension payload ‘data element’
with type ‘ANC_DATA" in bytes
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In subclause 4.5.2.2 (Payloads for the audio object type AAC scalable), replace all occurrences of

”

IFFS

”

with

In subclause 4.5.2.2.1 (Definitions), replace

bitg_to_decode() a helper function; returns the number of bits not yet decoded in the current
ASME, or ASEE, respectively, if the length of these eléments has been sighaled
by a system/transport layer. If the length of these elements is unknown,
bits_to_decode() returns 0.

bitp_to_decode() a helper function; returns the number of bits not yet decoded in the current|top
level payload if the length of that-payload is signaled by a system/transport
layer. If the length of the top level payload is unknown, bits_to_decode() refurns
0.

In Bubclause 4.5.2.2.5.2 (Frame length adaptation / super-frame), replace Table 4.61 with

Table 4.61 — AAC frame length for 960 samples per frame and super-frame length of AAC/CELP
combinations

Sampling rate (kHz): 96 64 48 32 24 16 8

AAC Frame length (ms) 10 15 20 30 40 60 120
Super-Frame length (40 ms™core frame) (ms) 40 120 40 120 40 120 120
AAC / CELP frames perisuper-frame (40 ms) 4/1 8/3 2/1 4/3 1/1 2/3 11/ 3
Super-Frame length{(30 ms core frame) (ms) 30 30 60 30 120 60 120
AAC / CELP frames)per super-frame (30 ms) 3/1 2/1 3/2 1/1 3/4 1/2 11/ 4
Sliper-Frame. length (20 ms core frame) (ms) 20 60 20 60 40 60 120
AAC / CELR frames per super-frame (20 ms) 2/1 4/3 1/1 2/3 1/2 1/3 11/ 6
Suiper-Frame length (15 ms core frame) (ms) 30 15 60 30 120 60 120
AAC /(CELP frames per super-frame (15 ms) 3/2 1/1 3/4 1/2 3/8 1/4 11/ 8
Supefr-Frame length (10 ms core frame) (ms) 10 30 20 30 40 60 120

frames persuper-frame {10 1s) 71 2713 712 713 14 76 712

In subclause 4.5.2.2.5.3 (CELP core coder with AAC running at 88.2 kHz, 44.1 kHz, or 22.05 kHz sampling rate),
replace Table 4.62 with
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”

Table 4.62 — Super-frame parameters of AAC/CELP combinations at AAC sampling rates of 88.2 kHz,

44.1 kHz and 22.05 kHz

In subclause 4.5.2.2.5.3 (CELP core coder with AAC running at 88.2 kHz, 44.1 kHz, or22,05 kHz sampling rate)

add

”

The g
band

In subclause 4.5.2.2.5.5 (Alternative core coder), replace

In subclause 4.5.2.2.7 (Combining AAC layers, if PNS, MS, or Intensity tools are used in a particular scale factor

band

Sampling rate AAC (kHz) 88.2 441 22.05

AAC Frame length (ms) 10.884 21.768 43.537
Super-frame length (43.537 ms core frame) (ms) 43.537 43.537 43.537
AAC / CELP frames per super-frame (43.537 ms) 4/1 2/1 1/1
Super-frame length (32.653 ms core frame) (ms) 32.653 65.306 130.612
AAC / CELP frames per super-frame (32.653 ms) 31 3/2 3/4
Super-framelength{24-+68-ms-cereframeHms) 2468 24768 4353+
AAC / CELP frames per super-frame (21.768 ms) 2/1 1/1 1/2
Super-frame length (16.326 ms core frame) (ms) 32.653 65.306 130.612
AAC / CELP frames per super-frame (16.326 ms) 3/2 3/4 3/8
Super-frame length (10.884 ms core frame) (ms) 10.884 21.768 43.537
AAC / CELP frames per super-frame (10.884 ms) 1/1 1/2 1.4

ossible sampling rates for the CELP core in this case are 7350 Hz (narrow-band core) or 14700 Hz (wide-
core).

n MPEG-4, only the MPEG-4 narrow-band CELP-coder is available as a core coder.

n MPEG-4, only the MPEG-4 CELP-coder in a single layer configuration is available as core coder.

, replace the tables<Stereo-stereo layer combination” and “Mono-stereo layer combination” with
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Tool used in Layer N

Tool used in Layer N+1

Output of the combined Layer:

Md

In

”

No Tool or MS No Tool or MS Sum of Layer N and Layer N+1
No Tool or MS PNS Invalid combination
No Tool or MS Intensity Invalid combination
No Tool or MS PNS & Intensity Invalid combination
PNS No Tool see subclause 4.6.13.6
PNS MS see subclause 4.6.13.6
PNS Intensity Layer N+1
PNS PNS Layer N+1
PNS PNS & Intensity Layer N+1
Intensity No Tool or MS Layer N+1
Intensity PNS Invalid combination
Intensity Intensity Sum of Layer N and LayerN+4, only
M/L-channel; Take Positions from
Layer N+
Intensity PNS & Intensity Invalid combination
PNS & Intensity No Tool or MS LayenN+1
PNS & Intensity PNS Invalid.combination
PNS & Intensity Intensity Layer N+1
PNS & Intensity PNS & Intensity Layer N+1

no-stereo layer combination:

Tool used in Layer N Tool used in Layer N+1 Output of the combined Layer:
No Tool No Tool Sum of Layer N and Layer N+1 (FSS-Tool)
No Tool MS Sum of Layer N and Layer N+1
No Tool PNS Invalid combination
No Tool Intensity. Layer N+1
No Tool PNS & Intensity Layer N+1

PNS NoTool Layer N+1
PNS MS Layer N+1
PNS Intensity Layer N+1
PNS PNS Layer N+1
PNS PNS & Intensity Layer N+1

subclause 4.5.2.4.(1 (Error sensitivity category assignment), replace table 4.64 with

gategory payload mandatory leads / may lead to Description
one instance per
0 main yes CPE commonly used side informatipn
1 main yes ICS channel dependent side information
2 et RS IS efrorresthent-scatefactordat
3 main no ICS TNS data
4 main yes ICS spectral data
5 extended no EPL extension type / data_element_version
6 extended no EPL DRC data
7 extended no EPL bit stuffing
8 extended no EPL ANC data
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In subclause 4.5.2.4.2 (Category instances and its dependency structure), replace table 4.65 (Dependency
structure within the ER AAC payload) with

”

hierarchy level error resilient multi-channel syntax | error resilience scalable syntax
frame / layer base payload followed by extension payload
base payload order of syntactic elements follows commonly used side information
order stated in Table 4.19 followed by channel dependent
information
extended payload no rule regarding the order of multiple EPLs is given, the kind of extension
payload can be identified by extension_type
symtactic element in base payload commonly used side information -
followed by channel dependent
information
channel dependent information left channel followed by right channel
channel dependent information / EPL dependency structure according to category nunibers
Note{ Channel dependent information consists of individual_channel_stream() (ICS). As an exception, ltp_data() |is

treatq

”

In su

”

Figur

d as channel dependent information even if it is not part of ICS.

bclause 4.5.2.4.2 (Category instances and its dependency structure), add at thetend

b 4.23 shows an example for the error resilient multi-channel syntax. The order of data elements inside eac

instamce is based on the syntax description, i. e. the logical order is kept.

with

”

Figur

b 4.23 shows an example for the error resilient multi‘cchannel syntax. The order of data elements inside eac

instamce is based on the syntax description, i. e. the logical order is kept. The bits of the data function

byte |
chain

”

In su

”

alignment() terminating the AAC top level payloads are always assigned to the last instance of the depency
and stored at its end.

pclause 4.5.3.1 (Minimum decoderinput buffer), replace

Minimpum decoder input buffer:

The f]
wholg

The i
buffe
bitstré
bitstrg
respsg
CCFE'

bllowing rules are used\to calculate the maximum number of bits in the input buffer both for the bitstream as
, for any given pragram, or for any given SCE/CPE/CCE:

nput buffer size iS6144 bits per SCE or independently switched CCE, plus 12288 bits per CPE. Both the tot
" and the individual buffer sizes are limited, so that the buffering limit can be calculated for either the entire
bam, any entire program, or the individual audio elements permitting the decoder to break a multichannel
bam intesseparate mono and stereo bitstreams which are decoded by separate mono and stereo decoders,
ctively. Although the 6144 bit/CCE must be obeyed for dependent CCE's as well, any bits for dependent

5 must be supplied from the total buffer requirements based on the independent CCE's, SCE's, and CPE's.

with

”

Minimum decoder input buffer:

The following rules are used to calculate the maximum number of bits in the input buffer both for the bitstream as a
whole, for any given program, or for any given SCE/CPE/CCE:
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The input buffer size is 6144 bits per SCE or independently switched CCE, plus 12288 bits per CPE (6144*NCC).
Both the total buffer and the individual buffer sizes are limited, so that the buffering limit can be calculated for either
the entire bitstream, any entire program, or the individual audio elements permitting the decoder to break a
multichannel bitstream into separate mono and stereo bitstreams which are decoded by separate mono and stereo
decoders, respectively. All bits for LFE’s or dependent CCE's must be supplied from the total buffer requirements
based on the independent CCE's, SCE'sand CPE's. Furthermore, all bits required for any DSE’s, PCE'’s, FIL’s, or
fixed headers, variable headers, byte_alignment, and CRC must also be supplied from the same total buffer
requirements.

For any error protected payload a supplementary decoder input buffer is specified. It is (N+5) % larger than the
input buffer for the unprotected payload as specified above, where N is the value of “max. redundancy by class
FEC” as specified in the level definition of any appropriate profile.

”

In subsection 4.5.3.2 (Bit Reservoir), replace

”

Bit|reservoir:

The bit reservoir is controlled at the encoder. The maximum bit reservoir in the encoder depends on the numbegr of
channels and the mean bitrate. The maximum bit reservoir size for constant rate channels can be calculated bly
subtracting the mean number of bits per block from the minimum decoder input buffersize. For example, at 9§
kbit/s for a stereo signal at 48 kHz sampling frequency the maximum bit reservoir size is 12288 bit- (96000 bit/s /

48000 1/s * 1024) = 10240 bit. For variable bitrate channels the encoder must Operate in a way that the input huffer
requirements do not exceed the minimum decoder input buffer.

The state of the bit reservoir is transmitted in the buffer_fullness field as thé number of available bits in the bit
regervoir divided by the number of audio channels divided by 32 and\trincated to an integer value.

with

Bit|reservoir:

The bit reservoir is controlled at the encoder. Thegmaximum bit reservoir in the encoder depends on the NCC and
thg mean bitrate. The maximum bit reservoir size for constant rate channels can be calculated by subtracting the
megan number of bits per block from the minimum decoder input buffer size. For example, at 96 kbit/s for a stefeo
signal at 44.1 kHz sampling frequency the mean number of bits per block (mean_framelength) is (96000 bit/s
441100 1/s * 1024)=2229.1156... .This leads to a maximum bit reservoir size (max_bit_reservoir) of INT(12288|bit -
22P9.1156...)=10058. For variable bitrate channels the encoder must operate in a way that the input buffer
requirements do not exceed the minimum decoder input buffer.

The state of the bit reservoir (bif_reservoir_state) is transmitted in the buffer_fullness field, either as the state of the
bit[reservoir truncated to anfinteger value (adif_buffer_fullness) or as the state of the bit reservoir divided by thee
NGC divided by 32 and truncated to an integer value (adts_buffer_fullness).

The bit_reservoir_state)of subsequent frames can be derived as follows:
bif reservoir _ state[frame] =bit _reservoir _ state[frame - 1] + mean _ framelength — framelength[frame]
Framelengthsthave to be adjusted such that the following restriction is met

0 £ bit peservoir _ state[frame] < max_bit _reservoir

”

In subsection 4.5.3.3 (Maximum bit rate), replace

”

The maximum bit rate depends on the audio sampling rate. The maximum bit rate per channel can be calculated
based on the minimum input buffer according to the formula:
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