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ISO (the International Organization for Standardization) is a worldwide federation of national standards bodies
(ISO member bodies). The work of preparing International Standards is normally carried out through ISO
technical committees. Each member body interested in a subject for which a technical committee has been
established has the right to be represented on that committee. International organizations, governmental and
non-governmental, in_liaison with ISO, also take part in_the work. ISO collaborates closely with the
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tional Standards are drafted in accordance with the rules given in the ISO/IEC Direttives,

ain task of technical committees is to prepare International Standards. Draftsinternation
d by the technical committees are circulated to the member bodies for, voting. Publ
ational Standard requires approval by at least 75 % of the member bodies casting a vote.

FC 13818-7 was prepared by Joint Technical Committee ISOAEC'JTC 1, Information
bmmittee SC 29, Coding of audio, picture, multimedia and hypermedia information.

third edition cancels and replaces the second edition, (ISO/IEC 13818-7:2003), whi
cally revised. It also incorporates the Amendment ISO/IEC13818-7:2003/Amd.1:2004.

FC 13818 consists of the following parts, under the general title Information technolog
) of moving pictures and associated audio information:

art 1: Systems

art 2: Video

art 3: Audio

art 4: Conformance testing

art 5: Software simulation

art 6: Extensions for DSM-CC

art 7: Advanced Audig Coding (AAC)

art 9: Extension’forteal time interface for systems decoders

art 10: Confermance extensions for Digital Storage Media Command and Control (DSM-C(
art 11: IPMP on MPEG-2 systems
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Introduction

The standardization body ISO/IEC JTC 1/SC 29/WG 11, also known as the Moving Pictures Experts Group
(MPEG), was established in 1988 to specify digital video and audio coding schemes at low data rates. MPEG
completed its first phase of audio specifications (MPEG-1) in November 1992, ISO/IEC 11172-3. In its second
phase of development, the MPEG Audio subgroup defined a multichannel extension to MPEG-1 audio that is
backwards compatible with existing MPEG-1 systems (MPEG-2 BC) and defined an audio coding standard at
lower sampling frequencies than MPEG-1, ISO/IEC 13818-3.

The Internafional Organization for Standardization (ISO) and International Electrotechnical Commission (IEC)
draw attentipn to the fact that it is claimed that compliance with this document may involve the,use of patents.

The ISO andl IEC take no position concerning the evidence, validity and scope of this patent+ight.

The holder pof this patent right has assured the ISO and IEC that he is willing to negotiate licenceg under
reasonable pnd non-discriminatory terms and conditions with applicants throughout 'the world. In this respect,
the statement of the holder of this patent right is registered with the ISO and IEC. (Information may be optained
from the companies listed in Annex D.

Attention is [drawn to the possibility that some of the elements of this document may be the subject of patent
rights other [than those identified in Annex D. ISO and IEC shall not be held responsible for identifying| any or
all such patent rights.
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Information technology — Generic coding of moving pictures
and associated audio information —
Part 7:

Adyanced Audio Coding (AAC)

1 Scope

This| International Standard describes the MPEG-2 audio non-backwards |compatible
stangard called MPEG-2 Advanced Audio Coding, AAC [1], a higher quality multichannel
stanglard than achievable while requiring MPEG-1 backwards_compatibility. This MPEG-2
AAC]|audio standard allows for ITU-R ‘indistinguishable’ quality-according to [2] at data rates
of 340 kbit/s for five full-bandwidth channel audio signals.

The [AAC decoding process makes use of a number of required tools and alnumber of
optignal tools. Table 1 lists the tools and their status as required or optional. Required tools
are mandatory in any possible profile. Optional t6ols may not be required in someg profiles.

Table 1 ~AAC decoder tools

Tool Name Required / Optional
Bitstreati’ Formatter Required
Noiseless Decoding Required
Inverse quantization Required

Rescaling Required

M/S Optional

Prediction Optional

Intensity Optional
Dependently switched coupling Optional
TNS Optional

Filterbank / block switching Required
Gain control Optional
Independently switched coupling Optional

1.1 MPEG-2 AAC Tools Overview

The basic structure of the MPEG-2 AAC system is shown in Figure 1 and Figure 2. As is
shown in Table 1, there are both required and optional tools in the decoder. The data flow
in this diagram is from left to right, top to bottom. The functions of the decoder are to find
the description of the quantized audio spectra in the bitstream, decode the quantized values
and other reconstruction information, reconstruct the quantized spectra, process the
reconstructed spectra through whatever tools are active in the bitstream in order to arrive at
the actual signal spectra as described by the input bitstream, and finally convert the
frequency domain spectra to the time domain, with or without an optional gain control tool.
Following the initial reconstruction and scaling of the spectrum reconstruction, there are
many optional tools that modify one or more of the spectra in order to provide more efficient

© ISO/IEC 2004 — All rights reserved 1
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coding. For each of the optional tools that operate in the spectral domain, the option to
“pass through” is retained, and in all cases where a spectral operation is omitted, the
spectra at its input are passed directly through the tool without modification.

The input to the bitstream demultiplexer tool is the MPEG-2 AAC bitstream. The
demultiplexer separates the parts of the MPEG-AAC data stream into the parts for each
tool, and provides each of the tools with the bitstream information related to that tool.

The outputs from the bitstream demultiplexer tool are:
¢ [The sectioning information for the noiselessly coded spectra
e [The noiselessly coded spectra
e [The M/S decision information (optional)
e [The predictor state information (optional)

e [The intensity stereo control information and coupling channel control information
(both optional)

¢ [The temporal noise shaping (TNS) information (optional)
¢ [The filterbank control information

e [The gain control information (optional)

The noiseless decoding tool takes informatiorn from the bitstream demultiplexer, parsgs that
informatiop, decodes the Huffman codeddata, and reconstructs the quantized spectija and
the Huffman and DPCM coded scalefactors.

The inputs to the noiseless decoding tool are:
¢ [The sectioning information for the noiselessly coded spectra
e [The noiselessly-coded spectra

The outputs of the Nojseless Decoding tool are:
e [The decaded integer representation of the scalefactors:

e [The guantized values for the spectra

The inverse quantizer tool takes the quantized values for the spectra, and converts the
integer values to the non-scaled, reconstructed spectra. This quantizer is a non-uniform
quantizer.

The input to the Inverse Quantizer tool is:
e The quantized values for the spectra
The output of the inverse quantizer tool is:

e The un-scaled, inversely quantized spectra

2 © ISO/IEC 2004 — All rights reserved
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The rescaling tool converts the integer representation of the scalefactors to the actual
values, and multiplies the un-scaled inversely quantized spectra by the relevant
scalefactors.

The inputs to the rescaling tool are:
e The decoded integer representation of the scalefactors
e The un-scaled, inversely quantized spectra

The output from the scalefactors tool is:

ad itnviara Lt cianti—ood o +
CU, MIvVCTOoTly YUdITULTU opTullid

Tha
hd LILILA >

The [M/S tool converts spectra pairs from Mid/Side to Left/Right undericontrol|of the M/S
decigion information in order to improve coding efficiency.

The |nputs to the M/S tool are:

e The M/S decision information

e The scaled, inversely quantized spectra related te\pairs of channels
The putput from the M/S tool is:

e The scaled, inversely quantized spectra.related to pairs of channelg, after M/S
decoding

Note: The scaled, inversely quantized spectra of individually coded ghannels are not processed by the M/S block, rather they are passed
directlyl through the block without modification. If the M/S block is‘net/active, all spectra are passed through this block unrodified.

The | prediction tool reverses the prédiction process carried out at the engoder. This
pred|ction process re-inserts the redandancy that was extracted by the prediction tool at the
encdder, under the control of the,predictor state information. This tool is implemented as a
second order backward adaptive predictor. The inputs to the prediction tool are:

e The predictor state information
e The scaleds.inversely quantized spectra
The putput from thie,prediction tool is:

e Thescaled, inversely quantized spectra, after prediction is applied.

Note: If the prediction is disabled, the scaled, inversely quantized spectra are passed directly through the block without miodification.

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

The inputs to the intensity stereo tool are:

e The inversely quantized spectra

e The intensity stereo control information
The output from the intensity stereo tool is:

e The inversely quantized spectra after intensity channel decoding.

Note: The scaled, inversely quantized spectra of individually coded channels are passed directly through this tool without modification, if
intensity stereo is not indicated. The intensity stereo tool and M/S tool are arranged so that the operation of M/S and intensity stereo are
mutually exclusive on any given scalefactor band and group of one pair of spectra.

© ISO/IEC 2004 — All rights reserved 3
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The coupling 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 inputs to the coupling tool are:
e The inversely quantized spectra
e The coupling control information

The output from the coupling tool is:

upling

channels.

Note: The scaled, inversely quantized spectra are passed directly through this tool without modification, if coupling Jis¥not ipdicated.
Depending on the coupling control information, dependently switched coupling channels might either be coupled before ‘or after[the TNS
processing.

The coupling tool for independently switched coupling channels adds the'relevant data from
independgntly switched coupling channels to the time signal, as_ directed by the coupling
control infprmation.

The inputs to the coupling tool are:
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 miodification, if coupling is not indicated.

The temporal noise shaping (TNS) teébimplements a control of the fine time structure|of the
coding nojse. In the encoder, the TNS process has flattened the temporal envelope |of the
signal to which it has been applied. In the decoder, the inverse process is used to restore
the actual temporal envelope(s), under control of the TNS information. This is done by
applying { filtering process:to parts of the spectral data.

The inputg to the TNS tool are:
e [The inversely quantized spectra
e [The-TNS information

The outputfrom the TNS block is:

e The inversely quantized spectra

Note: If this block is disabled, the inversely quantized spectra are passed through without modification.

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

4 © ISO/IEC 2004 — All rights reserved
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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).

When present, the gain control tool applies a separate time domain gain control to each of
4 fregquency bands that have been created by the gain control PQF filterdank in the
encdder. Then, it assembles the 4 frequency bands and reconstructs the-tim¢ waveform
throgygh the gain control tool’s filterbank.

The |nputs to the gain control tool are:

e The time domain reconstructed audio signal(s)
e The gain control information

The putput(s) from the gain control tool is (are):

e The time domain reconstructed audio signal(s)

If the¢ gain control tool is not active, the time domain reconstructed audio signal(s) are
passed directly from the filterbank tool to the output of the decoder. This tool is ysed for the
scalgble sampling rate (SSR) profile only.

© ISO/IEC 2004 — All rights reserved 5
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2 Normative References

The following referenced documents are indispensable for the application of this document.
For dated references, only the edition cited applies. For undated references, the latest
edition of the referenced document (including any amendments) applies.

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

ISO/IEC 13818-1, Information technology — Generic coding of moving pictures and
associated audio information — Part 1: Systems

ISO/IEC 1[3818-3, Information technology — Generic coding of moving picture$ and
associated audio information — Part 3: Audio

ISO/IEC 14496-3, Information technology — Coding of audio-visual objects —\Part 3: Audio
3 Terms and Definitions

For the pyrposes of this part of ISO/IEC 13818, the following definitions apply:

3.1

access unit

in the casge of compressed audio an access unit is an audio access unit.

3.2

alias

mirrored signal component resulting from sampling.

3.3

analysis filterbank

filterbank [in the encoder that transforms a broadband PCM audio signal into a pet of
spectral cpefficients.

3.4

ancillary data

part of thg bitstream that might be used for transmission of ancillary data.

3.5

audio acgess unit

for AAC, an audio access unit is defined as the smallest part of the encoded bitgtream
which can be ‘decoded by itself, where decoded means "“fully reconstructed spund".
Typically this-is a segment of the encoded bitstream starting after the end of thg byte
containing | | _ aining

the last bit of the next ID_END id_syn_ele.

3.6

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

3.7
Bark

the Bark is the standard unit corresponding to one critical band width of human hearing.

© ISO/IEC 2004 — All rights

reserved
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3.8

backward compatibility

a newer coding standard is backward compatible with an older coding standard
designed to operate with the older coding standard are able to continue to
decoding all or part of a bitstream produced according to the newer coding stand

3.9
bitrate

8-7:2004(E)

if decoders
operate by
ard.

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

3.10

bitsfream; stream
an ofdered series of bits that forms the coded representation of the data.

3.1
bitsfream verifier

a prgcess by which it is possible to test and verify that all the requirements speq
part pf ISO/IEC 13818 are met by the bitstream.

3.12
block companding
normalising of the digital representation of an audio signal,within a certain time p

3.13
byte|aligned

a bit|in a coded bitstream is byte-aligned if its position is a multiple of 8-bits fror]
first bit in the stream for the Audio Data Interchange Format (see subclause 6.1
bit in the syncword for the Audio Data Transport Stream Format (see subclause ¢

3.14
Byte
seqgyence of 8-bits.
3.15

centre channel

an apdio presentation channel used to stabilise the central component of the frg
imade.

3.16

channel

a sequence of’data representing an audio signal intended to be reproduced at o
position.

3.17

ified in this

briod.

n either the

or the first
5.2).

pntal stereo

ne listening

coded audio bitstream

a coded representation of an audio signal.

3.18
coded representation
a data element as represented in its encoded form.

3.19
compression:
reduction in the number of bits used to represent an item of data.

3.20
constant bitrate
operation where the bitrate is constant from start to finish of the coded bitstream.
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3.21
CRC
the Cyclic Redundancy Check to verify the correctness of data.

3.22

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.

3.23
data element
an item of{data as represented before encoding and after decoding.

3.24
decoded stream
the decodgd reconstruction of a compressed bitstream.

3.25
decoder
an embodiment of a decoding process.

3.26

decoding| (process)
the process defined in this part of ISO/IEC 13818 that reads an input coded bitstream and
outputs decoded audio samples.

3.27
digital storage media; DSM
a digital sforage or transmission device orssystem.

3.28
discrete ¢osine transform; DCT
either the|forward discrete cosine transform or the inverse discrete cosine transfornm. The
DCT is an|invertible, discrete orthogonal transformation.

3.29
downmix
a matrixing of n channels to obtain less than n channels.

3.30
editing
the procegs<by which one or more coded bitstreams are manipulated to produce a new
coded bitstream. Conforming edited bitstreams must meet the requirements defined in this
part of ISO/IEC 13818.

3.31
encoder
an embodiment of an encoding process.

3.32

encoding (process)

a process, not specified in ISO/IEC 13818, that reads a stream of input audio samples and
produces a valid coded bitstream as defined in this part of ISO/IEC 13818.
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entropy coding
variable length lossless coding of the digital representation of a signal to reduce statistical
redundancy.

3.34
FFT

8-7:2004(E)

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

3.35

filterbank

a sef

3.36
flag
ava

3.37

of band-pass filters covering the entire audio frequency range.

iable which can take one of only the two values defined in this Specification.

a newer coding standard is forward compatible with an older coding standard

foml;/rd compatibility

designed to operate with the newer coding standard are>able to decode bitstrg

olde
3.38

coding standard.

frame
a przralt of the audio signal that corresponds.to0" audio PCM samples from an a(

unit.

3.39
Fs
sam

3.40
Han
a tin
trans
3.41
Huff
asp

3.42

pling frequency.

n window
ne function applied sample-by-sample to a block of audio samples befi
formation.

man coding
bcific method for entropy coding.

f decoders
ams of the

dio access

pre Fourier

hybridfilterbank

a serial combination of subband filterbank and MDCT.

3.43

IDCT
Inverse Discrete Cosine Transform.

3.44

IMDCT
Inverse Modified Discrete Cosine Transform.

© IS0/

IEC 2004 — All rights reserved
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3.45
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.

3.46
joint stereo coding
any method that exploits stereophonic irrelevance or stereophonic redundancy.

3.47

joint ster¢o mode
a mode of the audio coding algorithm using joint stereo coding.

3.48
low frequency enhancement (LFE) channel
a limited Jandwidth channel for low frequency audio effects in a multichafnel system.

3.49
main audjo channels

all channgls represented by either single channel_element()'s\(see subclause 8.2

channel_pair_element()’s (see subclause 8.2.1)

3.50

Mapping
conversion of an audio signal from time to frequency<domain by subband filtering and
MDCT.

3.51
Masking
a property of the human auditory systemy which an audio signal cannot be percei
the presemce of another audio signal.

3.52

masking threshold

a function| in frequency and. time below which an audio signal cannot be perceived
human auditory system.

3.53

modified |discrete cosine transform (MDCT)
a transfoqm whichy'has the property of time domain aliasing cancellation. An ang
espression for-the MDCT can be found in subclause C.3.1.2.

/or by

ved in

Dy the

lytical

3.54

M/S stereo
a method of removing imaging artefacts as well as exploiting stereo irrelevan

ce or

redundancy in stereophonic audio programmes based on coding the sum and difference

signal instead of the left and right channels.

3.55
Multichannel
a combination of audio channels used to create a spatial sound field.

3.56
Multilingual
a presentation of dialogue in more than one language.

12 © ISO/IEC 2004 — All rights
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3.57
non-tonal component
a noise-like component of an audio signal.

3.58
NCC

8-7:2004(E)

Number of Considered Channels. The number of channels represented by the elements
SCE, independently switched CCE and CPE, i.e. once the number of SCEs plus once the
number of independently switched CCEs plus twice the number of CPEs. With respect to
the naming conventions of the MPEG-AAC decoders and bitstreams, NCC=A+l. This

numperisused-toderive-therequired-decoder-imput-buffersize(seesubclause 5
3.59
Nyquist sampling

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

3.60
Padding
a me¢thod to adjust the average length of an audio frame in_time to the durg
corrgsponding PCM samples, by conditionally adding a slot te*the audio frame.

3.61
Pargmeter
a vafiable within the syntax of this specification which may take one of a range ¢
varigdble which can take one of only two values isa'flag or indicator and not a par

3.62
Parser

functional stage of a decoder which *extracts from a coded bitstream a se
reprg¢senting coded elements.

Prediction

2.2).

ition of the

f values. A

ameter.

ries of bits

an efficient

ifference between the actual value of a sample or data element and its predjctor.

the Use- of a predictor to provide an estimate of the sample value or data eIemePt currently

being-decoded-

3.66
predictor
a linear combination of previously decoded sample values or data elements.

3.67
presentation channel
an audio channel at the output of the decoder.

3.68
presentation unit
In the case of compressed audio a decoded audio access unit.

© ISO/IEC 2004 — All rights reserved
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3.69

Program

a set of main audio channels, coupling_channel _element()'s (see subclause 8.2.1),
Ife_channel_element()'s (see subclause 8.2.1), and associated data streams intended to be
decoded and played back simultaneously. A program may be defined by default (see
subclause 8.5.2.1 and subclause 8.5.2.3) or specifically by a program_config_element()
(see subclauses 8.5.2.2). A given single_channel_element() (see subclause 8.2.1),
channel_pair_element() (see subclause 8.2.1), coupling_channel_element(),
Ife_channel_element() or data channel may accompany one or more programs in any given
bitstream.

3.70
psychoagoustic model
a mathematical model of the masking behaviour of the human auditory system.

3.7
random 3gccess
the process of beginning to read and decode the coded bitstream atqan arbitrary point,

3.72

Reserved
the term '[reserved" when used in the clauses defining the coded bitstream indicatgs that
the value may be used in the future for ISO/IEC defined extensions.

3.73
Sampling Frequency (Fs)
defines the rate in Hertz which is used to digitise an audio signal during the sampling
process.

3.74
Scalefactor
factor by which a set of values is scaléd before quantization.

3.75
scalefactpr band
a set of spectral coefficients'which are scaled by one scalefactor.

3.76
scalefactor index
a numericpl code for-a scalefactor.

3.77

side infomation
informatioL—mM%#eﬁHweeﬁsaa%FeeFﬁmmﬂg—ﬁq&deeede!—' j j -
3.78

spectral coefficients
discrete frequency domain data output from the analysis filterbank.

3.79
spreading function
a function that describes the frequency spread of masking effects.

3.80
stereo-irrelevant
a portion of a stereophonic audio signal which does not contribute to spatial perception.

14 © ISO/IEC 2004 — Al rights reserved
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3.81

stuffing (bits); stuffing (bytes)

code-words that may be inserted at particular locations in the coded bitstream that are
discarded in the decoding process. Their purpose is to increase the bitrate of the stream
which would otherwise be lower than the desired bitrate.

3.82

surround channel

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

3.83

Syn¢word
a 12tbit code embedded in the audio bitstream that identifies the start of a agts _frame()
(see|subclase 6.2, Table 5).

3.84
synthesis filterbank
filterpbank in the decoder that reconstructs a PCM audio signal from subband sanples.

3.85
tonal component
a sinusoid-like component of an audio signal.

3.86
variable bitrate
operption where the bitrate varies with time during the decoding of a coded bitstr

3.87
varigble length coding
a reyersible procedure for coding thatiassigns shorter code-words to frequent symbols and
longer code-words to less frequent'symbols.

3.88
variable length code (VLC)
a cofle word assigned by Vvariable length encoder (See variable length coding)

3.89
variable length decoder
a prgcedure to obtain the symbols encoded with a variable length coding technique.

3.90
variable length encoder
a prqcedure to assign variable length codewords to symbols.

9%
Q
3

4 Symbols and Abbreviations

The mathematical operators used to describe this International Standard are similar to
those used in the C programming language. However, integer division with truncation and
rounding are specifically defined. The bitwise operators are defined assuming twos-
complement representation of integers. Numbering and counting loops generally begin from
zero.

4.1 Arithmetic Operators
+ Addition.

— Subtraction (as a binary operator) or negation (as a unary operator).
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++ Increment.

- - Decrement.
Multiplication.
A Power.

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

1l Integer division with rounding to the nearest integer. Half-integer values are
rogheeaaway-Horm—zZerodhe otherwise-specified—orexample isreungded to
2,|and -3//2 is rounded to -2.

DIV In

|| Absolute value. | x| =x whenx>0

eger division with truncation of the result towards —o.

| x| =0 whenx==

| x| =—x whenx<0
% Mpdulus operator. Defined only for positive numbers.
Sign() Sign.

Sign(x)=1  whenx >0
Sign(x) =0 when x ==
Sign(x) = -1"<when x < 0

INT () Truncation to integer operator. Returns the’integer part of the real-valued argyment.

NINT () Nearest integer operator. Returfis the nearest integer value to the real-yalued
argument. Half-integer values are rounded away from zero.

sin Sine.

cos Cosine.

exp Exponential.

\ Square root.

log10 Laggarithm to base ten.

loge  Laggarithm t{o-base e.

log2  Laggarithm to base 2.

4.2 Logical Operators

I Logical OR.

&& Logical AND.

! Logical NOT

4.3 Relational Operators

> Greater than.

>= Greater than or equal to.
< Less than.
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<= Less than or equal to.

== Equal to.

I= Not equal to.

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

4.4 Bitwise Operators

A twas complement number representation is assumed where the bitwise operators are

used.
& AND
| OR
>> Shift right with sign extension.

<< Shift left with zero fill.

4.5 Assignment
= Assignment operator.

4.6 Mnemonics

The following mnemonics are defined to describe the different data types used in the coded
bitstteam.

bslbf Bit string, left bit first, where "left" is the order in which bit|strings are
written in ISO/IE€*13818. Bit strings are written as a string gf 1s and Os
within single _quote marks, e.g. '1000 0001'. Blanks within [a bit string
are for ease.of reading and have no significance.

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

rpchof Remainder polynomial coefficients, highest order first. (Audiq)

uimspbf Unsigned integer, most significant bit first.

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

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

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

4.7 Constants
3.14159265358...

e 2.71828182845...

5 Method of Describing Bitstream Syntax

The bitstream retrieved by the decoder is described in clause 6. Each data item in the
bitstream is in bold type. It is described by
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e jts 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. "{X;Y}" means the number of bits is X or Y,
depending on the value of other data elements in the bitstream;

e a mnemonic for its type and order of transmission.

The action caused by a decoded data element in a bitstream depends on the value of that
data element and on data elements previously decoded. The decoding of the data elements

and the d
following
when dats

Note this
non-zero

while (condi

bfinition of the state variables used in their decoding are described in the icl
he syntax clause. The following constructs are used to express theccong

elements are present, and are in normal type:

syntax uses the 'C'-code convention that a variable or expressioncevaluatin

alue is equivalent to a condition that is true.

ion) {

data_elpment;

do {
data_el

pment;

} while (condlition)

if (condition
data_el

}

else {

pment;

data_elpment;

}
switch (expression) {
case cohst-expri
data_element;
breEk;
case copstzexpr:

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

The data element always occurs atdeast once. The data element is
repeated until the condition is not\true.

If the condition is true,4hen the first group of data elements occurs
next in the data stream

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

If the condition formed by the comparison of expression and const-
expr. is true, then the data stream continues with the subsequent data
elements. An optionally break statement can be used to immediately
leave the switch, data elements beyond a break do not occur in the
data stream.

auses
litions

g to a

data_element;

for (expr1; expr2; expr3)

data_element;

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

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

18

© ISO/IEC 2004 — All rights reserved


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 13818-7:2004(E)

for (i=0;i<n;i++){ The group of data elements occurs n times. Conditional constructs
data_element within the group of data elements may depend on the value of the
e loop control variable i, which is set to zero for the first occurrence,
} incremented to one for the second occurrence, and so forth.

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

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

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

data_glement [m]n] data_element [mln]lis the m+1 n+1 th element of a two-dimensional
array of data.

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

data_lelement [m..n] data_element [m..n]is the inclusive range of bits between bit\m and bjt

n in the data_element.

While the syntax is expressed in procedural terms, it should net be assumed that clause 6
implegments a satisfactory decoding procedure. In particularfit defines a correcf and error-
free jnput bitstream. Actual decoders must include a means to look for start codes in order
to bggin decoding correctly.

Definition of nextbits function

The function nextbits() permits comparison of a-bit’string with the next bits to be |[decoded in
the Ritstream.

6 Syntax
6.1 Audio Data Interchange Format, ADIF

Table 2— Syntax of adif sequence()

Syntax No. of bits Mnemohic
adif_sequence()

adif _header();
byte_alignment();
raw.«data_stream();

© ISO/IEC 2004 — Al rights reserved 19


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 13818-7:2004(E)

Table 3 — Syntax of adif_header()

Syntax No. of bits Mnemonic
adif_header()
{
adif_id; 32 bslbf
copyright_id_present; 1 bsibf
if (copyright_id_present) {
copyright_id; 72 bslbf
}
original_copy; 1 bslbf
trome; 1 bstbf
bitstream_type; 1 bsibf
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();
}
}
6.2 Aldio Data Transport Stream, ADTS
Table 4 — Syntax of adts sequence()
Syntax No. of bits Mnemonic
adts_sequence()
{
while (nextbits() == syncword) {
adts_frame();
}
}
Table5 — Syntax of adts frame()
Syrjtax No. of bits Mnemonic
adt$_frame()
{
adts~fixed_header();
adts-variable_header();
if (nfumber_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();
}
}
}
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Table 6 — Syntax of adts header_error_check()

Syntax No. of bits  Mnemoni
c

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
}
}
Table7 — Syntax of adts raw_data_block_error_check()
Syntax No. of,bits Mnemonic

adts_raw_data_block_error_check()

if (protection_absent == ‘0’)
crc_check; 16 rpchpf

Fixed Header of ADTS

Table 8 — Syntax of-adts fixed _header ()

Syntax No. of bits  Mnemegnic

adts_fixed_header()

{
syncword; 12 bslhf
ID; 1 bslhf
layer; 2 uimsbf
protection_absent; 1 bslbf
profile; 2 uimsbf
sampling_frequency_index; 4 uimsbf
private_bit; 1 bslbf
channel_configuration; 3 uimsbf
original/copy; 1 bslhf
home; 1 bslhf

}

Variable Header of ADTS
Table 9 — Syntax of adts variable _header ()

Syntax No. of bits  Mnemonic

adts_variable_header()

{
copyright_identification_bit; 1 bslbf
copyright_identification_start; 1 bslbf
frame_length; 13 bslbf
adts_buffer_fullness; 1 bslbf
number_of _raw_data_blocks_in_frame; 2 uimsfb

}

© ISO/IEC 2004 — All rights reserved
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6.2.3

6.3

22

Error Detection

Table 10 — Syntax of adts_error_check()

Syntax No. of bits Mnemonic
adts_error_check()
if (protection_absent == ‘0’)
crc_check; 16 rpchof
}
Raw Data
Table 11 — Syntax of raw_data_stream()
Syntax No. of bits  Mnemonic
raw data_stream()
{
while ( data_available() ) {
raw_data_block();
}
}
Table 12 — Syntax of raw_data_block()
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 ID_CCE: coupling_channel_element();
break;
case ID_LFE: . Ife_channel_element();
break;
case ID_DSE: data_stream_element();
break;
caseID’ PCE: program_config_element();
break;
case ID_FIL: fill_element();
¥
}
byte alignment():
}
Table 13 — Syntax of single_channel_element()
Syntax No. of bits Mnemonic
single_channel_element()
{
element_instance_tag; 4 uimsbf
individual_channel_stream(0);
}
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Table 14 — Syntax of channel_pair_element()

Syntax No. of bits Mnemonic
channel_pair_element()
{
element_instance_tag; 4 uimsbf
common_window; 1 uimsbf
if (common_window ) {
ics_info();
ms_mask_present; 2 uimsbf

if (ms_mask_present == 1) {
for (3 = 0; g <num_window_groups; g++) {

for (sfb = 0; sfb < max_sfb; sfb++) { J
ms_used[g][sfb]; 1 uimsbf
}
}
}
individual_channel_stream(common_window);
individual_channel_stream(common_window);
}
Table 15 — Syntax of ics:info()
Syntax No. of bits  Mnemegnic
ics_info()
{
ics_reserved_bit; 1 bslhf
window_sequence; 2 uimsbf
window_shape; 1 uimsbf
if (window_sequence == EIGHT.-SHORT_SEQUENCE) {
max_sfb; 4 uimsbf
scale_factor_grouping; 7 uimsbf
}
else {
max_sfb; 6 uimsbf
predictor.data_present; 1 uimsbf
if (predictor "data_present) {
predictor_reset; 1 uimsbf
if(predictor_reset) {
predictor_reset_group_number; 5 uimsbf
for (sfb = 0; sfb < min(max_sfb,
PRED_SFB_MAX); sfb++) {
prediction_used[sfb]; 1 uimsbf
H
}
}
}
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Table 16 — Syntax of individual_channel_stream()

Syntax No. of bits  Mnemonic
individual_channel_stream(common_window)

global_gain; 8 uimsbf
if (lcommon_window)
ics_info();
section_data();
scale_factor_data();

pulse data present; 1 uismbf
if (pulse_data_present) {
pulse_data();

}
tns_data_present; 1 uimsbf
if (tns_data_present) {
tns_data();
}
gain_control_data_present; 1 uimsbf

if (gain_control_data_present) {
gain_control_data();
}

spectral_data();

Table 17 — Syntax-0f section_data()

Syntax No. of bits Mnemonic
sedtion_data()

{

if (window_sequence == EIGHTYSHORT_SEQUENCE)
sect_esc_val = (1<<3).-(1;

else
sect_esc_val = (1<<5) - 1;

for (g = 0; g < nufn_window_groups; g++) {

k=0;
i=0;
while (K< max_sfb) {
sect_cb[g][i]; 4 uimsbf
sect_len = 0;
while (sect_len_incr == sect_esc_val) { {3;5} uimsbf
coet lan L— connt Ao~ vyl
}

sect_len +=sect_len_incr;
sect_start[g][i] = k;
sect_end[g][i] = k+sect_len;
for (sfb = k; sfb < k+sect_len; sfb++)
sfb_cb[g][sfb] = sect_cb[g][i];
k += sect_len;
1++;
}

num_sec[g] = i;
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Table 18 — Syntax of scale factor_data()

Syntax No. of  Mnemoni
bits c

scale_factor_data()

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
hcod_sf[dpcm_sf[g][sfb]]; 1.19 viclbf
}
}
}
}
Table 19 — Syntax of tns_data()
Syntax No. of bits  Mnempnic
tns_data()
for (w = 0; w < num_windows; w++) {
n_filt[w]; 1..2 uimgbf
if (n_filt{w])
coef_res[w]; 1 uimgbf
for (filt = O; filt < n_filt[w]; filt++).{
length[w][filt]; {4;6} uimgbf
order[w][filt]; {3;5} uimsgbf
if (order[w][filt]) {
direction[w][filt]; 1 uimsgbf
coef_compress[w][filt]; 1 uimsgbf
for (i = 0; < order[w][filt]; i++)
coef[w][filt][il; 2.4 uimgbf
}
}
}
}
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Table 20 — Syntax of spectral_data()

Syntax No. of bits Mnemonic
spectral_data()
for (g = 0; g < num_window_groups; g++) {
for (i=0; i < num_sec][q]; i++) {
if (sect_cb[g][i] '= ZERO_HCB &&
sect_cb[g][i] <= ESC_HCB) {
for (k = sect_sfb_offset[g][sect_start[g][i]];
k < sect_sfb_offset[g][sect_end[g][i]]; ) {
if (sect_cb[g][i][<FIRST PAIR HCB) {
hcod[sect_cb[g][ill[w][x][yl[z]; 1..16 viclbf
if (unsigned_cb[sect_cb[g][il])
quad_sign_bits; 0.4 bslbf
k += QUAD_LEN;
}
else {
hcod[sect_cb[g][illlyl[z]; 1..15 viclbf
if (unsigned_cb[sect_cb[g][i1])
pair_sign_bits; 0.2 bslbf
k += PAIR_LEN;
if (sect_cb[g][i] == ESC_HCB) {
if (y == ESC_FLAG)
hcod_esc_y; 5..21 viclbf
if (z==ESC_FLAG)
hcod_esc_z; 5..21 viclbf
}
}
}
}
}
}
}
Table 21 — Syntax of pulse_data()
Syntax No. of bits Mnemonic
pulse data() {
number_pulse; 2 uimsbf
pulse_start sfb; 6 uimsbf
for (i = 0;4< number_pulse+1; i++) {
pulse_offset[i]; 5 uimsbf
pulse_ampli]; 4 uimsbf
}
}
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Table 22 — Syntax of coupling_channel_element()

Syntax No. of bits Mnemonic

coupling_channel_element()

{
element_instance_tag; 4 uimsbf
ind_sw_cce_flag; 1 uimsbf
num_coupled_elements; 3 uimsbf

num_gain_element_lists = 0;
for (c = 0; ¢ < num_coupled_elements+1; c++) {
num_gain_element_lists++;

cc_target_is_cpe]c]; 1 uimsbf
cc_target_tag_select[c]; 4 uims$bf
if (cc_target_is_cpe]c]) {
cc_l[c]; 1 uimsbf
cc_r[c]; 1 uimsbf

if (cc_l[c] && cc_r]c])
num_gain_element_lists++;

}
}
cc_domain; 1 uimsbf
gain_element_sign; 1 uimsgbf
gain_element_scale; 2 uimsbf

individual_channel_stream(0);

for (c = 1; ¢ < num_gain_element_lists; c++).{
if (ind_sw_cce_flag) {

cge=1;
} else {
common_gain_element_present[c]; 1 uimsgbf
cge = common_gain_element_present[c];
}
if (cge)
hcod_sf[common) gain_element[c]]; 1..19 viclpf
else {
for (g = 0;.g.<num_window_groups; g++) {
for (sfb= 0; sfb < max_sfb; sfb++) {
if (sfb_cb[g][sfb] != ZERO_HCB);
hcod_sf[dpcm_gain_element[c][g][sfb]]; 1..19 viclpf
i
}
}
¥
}
Table 23 — Syntax of Ife_channel_element()
Syntax No. of bits  Mnemonic
Ife_channel_element()
{
element_instance_tag; 4 uimsbf
individual_channel_stream(0);
}
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Table 24 — Syntax of data_stream_element()

Syntax No. of bits Mnemonic
data_stream_element()
{
element_instance_tag; 4 uimsbf
data_byte_align_flag; 1 uimsbf
cnt = count; 8 uimsbf
if (cnt == 255) {
cnt += esc_count; 8 uimsbf

if (data byte align flag) {
byte_alignment();

}
for (i=0;i<cnt; i++) {

data_stream_byte[element_instance_tag][i]; 8 uimsbf
}
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Table 25 — Syntax of program_config_element()

Syntax No. of bits Mnemonic
program_config_element()
{
element_instance_tag; 4 uimsbf
profile; 2 uimsbf
sampling_frequency_index; 4 uimsbf
num_front_channel_elements; 4 uimsbf
num_side_channel_elements; 4 uimsbf
num_back_channel_elements; 4 uimsbf
num_lIfe_channel_elements; 2 uimsbf
num_assoc_data_elements; 3 uimsbf
num_valid_cc_elements; 4 uimsbf
mono_mixdown_present; 1 uimsbf
if (mono_mixdown_present == 1)
mono_mixdown_element_number; 4 uimsbf
stereo_mixdown_present; 1 uimsbf
if (stereo_mixdown_present == 1)
stereo_mixdown_element_number; 4 uimshbf
matrix_mixdown_idx_present; 1 uimsbf
if (matrix_mixdown_idx_present == 1) {
matrix_mixdown_idx ; 2 uimsbf
pseudo_surround_enable; 1 uimsbf
}
for (i = 0; i < num_front_channel_elements; i++){
front_element_is_cpe]i]; 1 bslbf
front_element_tag_select[i]; 4 uimsbf
}
for (i= 0; i < num_side_channel_elements; i++) {
side_element_is_cpeli]; 1 bslhf
side_element_tag_select[i]; 4 uimsbf
}
for (i = 0; i < num_back_channel_elements; i++) {
back_element_is_cpeJil; 1 bslhf
back_element_tag_-select[i]; 4 uimsbf
}
for (i = 0; i < num_\fe_channel_elements; i++)
Ife_element_tag_select[i]; 4 uimsbf
for (i= 0; i & NuUM_assoc_data_elements; i++)
assac_ data_element_tag_select[i]; 4 uimsbf
for (i =0;+ < num_valid_cc_elements; i++) {
cc: element_is_ind_swli]; 1 uimshbf
valid_cc_element_tag_select[i]; 4 uimsbf
!
byte_alignment();
comment_field_bytes; 8 uimsbf
for (i=0; i < comment_field_bytes; i++)
comment_field_data[i]; 8 uimsbf
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Table 26 — Syntax of fill_element()

Syntax No. of bits Mnemonic
fill_element()
{
cnt = count; 4 uimsbf
if (cnt == 15)
cnt += esc_count - 1; 8 uimsbf

while (cnt > 0) {
cnt -= extension_payload(cnt);
}
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Table 27 — Syntax of gain_control_data()

Syntax No. of bits Mnemonic
gain_control_data()
{

max_band; 2 uimsbf

if (window_sequence == ONLY_LONG_SEQUENCE) {
for (bd = 1; bd <= max_band; bd++) {
for (wd = 0; wd < 1; wd++) {

adjust_num[bd][wd]; 3 uimsbf
for (ad = 0; ad < adjust_num[bd][wd]; ad++) {
alevcode[bd][wd][ad]; 4 uimsbf
aloccode[bd][wd][ad]; 5 uimsbf
}

} }
else if (window_sequence == LONG_START_SEQUENCE)

for (bd = 1; bd <= max_band; bd++) {
for (wd = 0; wd < 2; wd++) {

adjust_num[bd][wd]; 3 uimsbf
for (ad = 0; ad < adjust_num[bd][wd]; ad++){
alevcode[bd][wd][ad]; 4 uimsbf
if (wd == 0)
aloccode[bd][wd][ad]; 4 uimsbf
else
aloccode[bd][wd][ad]; 2 uimsbf
}

}

else if (window_sequence ==
EIGHT_SHORT_SEQUENCE){
for (bd = 1; bd <= max_band; bd++) {
for (wd = 0;wd'< 8; wd++) {

adjust_num[bd][wd]; 3 uimsbf
for(ad = 0; ad < adjust_num[bd][wd]; ad++) {
alevcode[bd][wd][ad]; 4 uimsbf
aloccode[bd][wd][ad]; 2 uimsbf
}

b

¥
else if (window_sequence == LONG_STOP_SEQUENCE) {
for (bd = 1; bd <= max_band; bd++) {
for (wd = 0; wd < 2; wd++) {

adjust_num[bd][wd]; 3 uimsbf
for (ad = 0; ad < adjust_num[bd][wd]; ad++) {
alevcode[bd][wd][ad]; 4 uimsbf
if (wd == 0)
aloccode[bd][wd][ad]; 4 uimsbf
else
aloccode[bd][wd][ad]; 5 uimsbf
}
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Table 28 — Syntax of extension_payload()

extension_payload(cnt)
{
extension_type; 4 uimsbf
switch (extension_type) {
case EXT_DYNAMIC_RANGE:
n = dynamic_range_info();
return n;
case EXT_SBR_DATA:
return sbr_extension_data(id_aac, 0); Note 1
case EXT SBR DATA CRC:
return sbr_extension_data(id_aac, 1); Note 1
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 default:
for (i = 0; i < 8*(cnt-1)+4; i++)
other_bits][i]; 1 uimsbf
return cnt;
}
}

Note 1: id_aac is the id_syn_ele of the corresponding AAC element
(ID_SCE or ID_CPE) or ID_SCE in case of CCE:
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Table 29 — Syntax of dynamic_range info()

Syntax No. of bits Mnemonic
dynamic_range_info()
{
n=1;
drc_num_bands = 1;
pce_tag_present; 1 uimsbf
if (pce_tag_present == 1) {
pce_instance_tag; 4 uimsbf
drc_tag_reserved_bits; 4
n++;
excluded_chns_present; 1 uimspbf
if (excluded_chns_present == 1) {
n += excluded_channels();
}
drc_bands_present ; 1 uimsbf
if (drc_bands_present == 1) {
drc_band_incr; 4 uimsbf
drc_bands_reserved_bits; 4 uimshbf
n++;
drc_num_bands = drc_num_bands + drc_band_incr;
for (i = 0; i <drc_num_bands; i++) {
drc_band_topJi]; 8 uimsbf
n++;
}
}
prog_ref_level_present; 1 uimsbf
if (prog_ref_level _present == 1) {
prog_ref_level; 7 uimsbf
prog_ref_level_reserved_bits; 1 uimsbf
n++;
¥
for (i = 0; i <drc_num_bands; i++) {
dyn_rng_sgn[i]; 1 uimsbf
dyn_rng_ctl[i]; 7 uimsbf
n++;
}
return n;
}
Table 30 — Syntax of excluded_channels()
Syntax No. Of bits  Mneménic

eéxcluded_channels( )
[

1
n=0;
num_excl_chan = 70;
for(i=0;i<7;i++)
exclude_mask[i];
n++;
while (additional_excluded_chns[n-1] == 1) {
for (i = num_excl_chan; i < num_excl_chan+7; i++)
exclude_mask[i];

n++;
num_excl_chan +=7;
return n;

1 uimsbf
1 uimsbf
1 uimsbf
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7 Profiles and Profile Interoperability

71 Profiles
There are three profiles identified in the MPEG-2 AAC standard:

Main Profile
Low Complexity Profile
Scalable Sampling Rate Profile

o+ [l FWAY ol ot £ oo | L\ £ bt _£iolal ool £
In the pregram—conttg—erement()—antd—aats_iXea—_neacer( ), a two—ott—erad—mMatCargs the

profile in yse:
Table 31 —Profiles

index | profile
0 Main profile
Low Complexity profile (LC)
Scalable Sampling Rate profile (SSR)
(reserved)

WIN|—=

711 Mpin

The Main [profile is used when memory cost is not significant, and when there is substantial
processing power available. With the exception of the gain control tool, all parts of the tools
may be uged in order to provide the best data compression possible. There shall be only
one progrgm (in the sense of what is specified ina program_config_element()) in g Main
profile bitgtream. The program in a Main profile bitstream shall not contain any mgno or
stereo mixdown elements.

7.1.2 Low Complexity

The Low Complexity profile is used when RAM usage, processing power, and compression
requirements are all present. In the'low complexity profile, prediction, and gain contrpl tool
are not pgrmitted and TNS ordéris limited. There shall be only one program (in the sepse of
what is specified in a program - config_element()) in a Low Complexity profile bitstream. The
program |n a Low Complexity profile bitstream shall not contain any mono or stereo
mixdown ¢lements.

7.1.3  Scalable Sampling Rate

In the Scalable: Sampling Rate profile, the gain-control tool is required. Prediction and
coupling ghannels are not permitted, and TNS order and bandwidth are limited. Gain gontrol
is not usedin the lTowest of the 4 PQF subbands. In the case of a reduced audio bandwidth,
the SSR profile will scale accordingly in complexity. There shall be only one program (in the
sense of what is specified in a program_config_element()) in a Scalable Sampling Rate
profile bitstream. The program in a Scalable Sampling Rate profile bitstream shall not
contain any mono or stereo mixdown elements.

7.1.4 Naming Convention for MPEG-2 AAC Decoders and Bitstreams

A decoder or bitstream may be specified as an A.L..D Channel <Profile Name> Profile
MPEG-2 AAC decoder or bitstream, where A is replaced by the number of main audio
channels, L by the number of LFE channels, | by the number of independently switched
coupling channels, D by the number of dependently switched coupling channels, and Profile
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Name by the actual profile name. An example would be a 5.1.1.1 Channel Main Profile
MPEG-2 AAC Decoder, indicating a decoder capable of decoding 5 main audio channels,
one LFE channel, and one each independently and dependently switched CCE, with each
of the channels using the profile specified. This can be abbreviated as M.5.1.1.1 where the
"M" indicates a main profile decoder. Similarly, a Low Complexity decoder can be specified

by a

71.5

leading "L", and an SSR profile by an "S".

Minimum Decoder Capability for Specified Number of Main Audio Channels and
Profile

abilities for

e 32 — Profile dependent minimum decoder capabilitiesin terms of channel copfiguration
Number of Main Main Profile Low SSR
Audio Channels Capability Complexity Profile

Profile Capability
Capability
1 1.0.0.0 1.0.0.0 1.0.0.0
2 2.0.0.0 2.0.000 2.0.0.0
3 3.0.1.0 3.0.01 3.0.0.0
4 4.0.1.0 4:0.0.1 4.0.0.0
5 5.1.1.1 5.1.0.1 5.1.0.0
7 7.1.1.2 7.1.0.2 7.1.0.0

7.1.6| Profile Dependent Tool Parameters
Maximum TNS order and bandwidth:
Accqrding to the profile in use, the-value for the constant TNS_MAX ORDER is set as
folloys for long windows: For the main profile the constant TNS_MAX_ORDER ig 20, for the
low | complexity profile and.Othe scalable sampling rate profile thg constant
TNS| MAX_ORDER is 12. For-short windows, the constant TNS_MAX ORDER is 7 for all
profiles.
Accqrding to the sampling rate and profile in use, the value for thé¢ constant
TNS| MAX_BANDS!\is set as follows:
Table 33=Profile and sampling rate dependent definition of TNS_MAX_BANDS
Sampling | Low Complexity | Low Complexity Scalable Scalable Sampling
Rate / Main Profile / Main Profile Sampling Rate Rate Profile
[Hz] (long windows) | (short windows) Profile (short windowjs)
(iuug WiIIdUWS)

96000 31 9 28 7

88200 31 9 28 7

64000 34 10 27 7

48000 40 14 26 6

44100 42 14 26 6

32000 51 14 26 6

24000 46 14 29 7

22050 46 14 29 7

16000 42 14 23 8

12000 42 14 23 8

11025 42 14 23 8

8000 39 14 19 7
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7.2 Profile Interoperability

7.21 Interoperability of Bitstreams and Decoders
Any bitstream of a given profile (see Table 34) whose number of main audio channels, LFE

channels, i

ndependent coupling channels, and dependent coupling channels is less than or

equal to the corresponding number of channels supported by a decoder of the same profile
can be decoded by that decoder.

Table 34 describes the interoperability of the three profiles.

Table 34 — Profile I nter oper ability

Encoder Profile
Deg¢oder Profile Main Profile LC Profile SSR Profile
Main Profile yes yes no,*
| C Profile no yes no,”
SSR Profile no no ** yes

*In Table |34, these entries can be decoded if the main or LC \profile decoder is aple to

parse, buf

limited bapdwidth.

**In Table

not decode, the gain control information, but the reconstructed audio will Have a

33, this entry can be decoded, but the bandwidth of the decoded signal will be

limited to japproximately 5 kHz, corresponding to the€ nonaliased portion of the first PQMF

filter band

36

Figure 3—Profile Inter operability
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8.1 Audio Data Interchange Format (ADIF) and Audio Data Transport Stream

(ADTS)
8.1.1 Definitions

8.1.1.1 Data Functions
adif_header()

header of the Audio Data Interchange Format

adif [sequence()

adts| error_check()

Iocated at the beginning of an adli_sequence
(Table 3).

a sequence according to the Audio Data
Interchange Format (Table 2).

The following bits are protected and fed |nto the
CRC algorithm in order of\their appeararice:

e all bits of the headers

o first 192 bitsof-any
e singlecchannel_element() (SCE)
e channel_pair_element() (CPE)

e Jucoupling_channel_element() (CCE)

¢ low frequency enhancement channel (LFE)

In addition, the first 128 bits of the second
individual_channel_stream in the
channel_pair_element() must be protected. All
information in any Program_config_element() or
data element must be protected.

For any element where the specified protection
length of 128 or 192 bits exceeds its actyal length,
the element is zero padded to the specified
protection length for CRC calculation.

Note that “all bits of the header” refers tqg the bits in
the adts_fixed_header() and
adts_variable_header(); that the id_syn_le bits

shall be excluded from CRC protection, and that if

© ISO/IEC 2004 — All rights reserved

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 their appearance. For example, if the
second ICS starts at the 190" bit of CPE, the first
3 bits of the second ICS are protected twice.
Finally, if the length of the second ICS is shorter
than 128 bits, zero data are appended to achieve
the length of 128 bits.
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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 in order of their
appearance:

e First 192 bits of any
e single_channel_element() (SCE)

e channel_pair_element() (CPE)

adts_fixed header()

e coupling_channel_element() (CCE)
e low frequency enhancement chamnel (LFE)

e First 128 bits of the second
individual_channel_stream (I€S) in the
channel_pair_element() mustbe protected.

e All information in any program_config_element()
(PCE) or data_stream element() (DSE) must be
protected.

For any element where the specified length of{ 128
or 192 bits exceeds its actual length, the element is
zero paddeddo-the specified length for CRC
calculation:The id_syn_ele bits shall be excluded
from CRC protection. If the length of a CPE is
shorterthan 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 their
appearance. For example, if the second ICS starts
at the 190th bit of CPE, the first 3 bits of the second
ICS are protected twice. Finally, if the length df the
second ICS is shorter than 128 bits, zero dataj are
appended to achieve the length of 128 bits.

fixed header of ADTS. The information in this
header does not change from frame to frame.|lt is

repeated every frame to allow random access|into
a hitstream bitstream (T.';nhlc':l R)

adts_frame()

adts_header_error_check()

38

an ADTS frame, consisting of a fixed header, a
variable header, an optional error check and a
specified number of raw_data_block()'s (Table 5).

The following bits are protected and fed into the
CRC algorithm in order of their appearance:

¢ all bits of adts_fixed_header()
o all bits of adts_variable header()

o all bits of every raw_data_block_position]i].
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adts_variable header()

byte alignment()
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a sequence according to Audio Data Transport

Stream ADTS (Table 4).
variable header of ADTS. This header is

transmitted every frame as well as the fixed header,
but contains data that changes from frame to frame

(Table 9).

If called from within a raw_data_block() then align

with respect to the first bit of the raw_dat

a_block(),

else align with respect to the first bit of the header.

progfam_config_element()

raw_|data_block()

8.1.12 Data Elements
adif |id

copyright_id_present

copyright_id

original_copy
home

bitsfream_type

contains information about the configura
program (Table 3). See subclause8.5.

see subclause 8.2.1 and Table, 12.

ion for one

ID that indicates the Audio Data Interchange

Format. Its value is 0%41444946 (most s
bit first), the ASCIl_representation of the
LADIF“ (Table 3).

indicates whether copyright_id is prese
(Table 3).

The field consists of an 8-bit copyright_ic
followed by a 64-bit copyright_number (T
The copyright identifier is given by a Reg
Authority as designated by SC 29. The
copyright_number is a value which ident
uniquely the copyrighted material. See

gnificant
string

Nt or not

entifier,
[able 3).
istration

fies

ISO/IEC 13818-3, definition of data element

copyright_identification_bit.

bitrate

© ISO/IEC 2004 — All rights reserved

see ISO/IEC 11172-3, subclause 2.4.2.3|(Table 3)

definition for copyright.

see ISO/IEC 11172-3, subclause 2.4.2.3|(Table 3)

definition for original_copy.

a flag indicating the type of a bitstream (Table 3):

‘0 constant rate bitstream. This bitstteam may
be transmitted viaa channetwithconstant
rate

1’ variable rate bitstream. This bitstream is not

designed for transmission via constant rate

channels
a 23 bit unsigned integer indicating eithe

r the

bitrate of the bitstream in bits/sec in case of

constant rate bitstream or the maximum

peak

bitrate (measured per frame) in case of variable
rate bitstreams. A value of 0 indicates that the

bitrate is not known (Table 3).
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num_program_config_element

adif_buffer_fullness

number of program_config_element()’s specified
for this adif_sequence() is equal to
num_program_config_element+1 (Table 3). The
minimum value is 0 indicating 1
program_config_element().

state of the bit reservoir after encoding the first
raw_data_block() in the adif _sequence(). Itis
transmitted as the number of available bits in the bit
reservoir (Table 3).

syncword
ID
layer

protection_absent

profile
sampling| frequency_index

The bit string 1111 1111 1111°. See
ISO/IEC 11172-3, subclause 2.4.2.3 (Table-8),

MPEG identifier, set to ‘1’. See ISO/IEC-11172-3,
subclause 2.4.2.3 (Table 8).

Indicates which layer is used. Setto ‘00’. See
ISO/IEC 11172-3, subclause-2.4.2.3 (Table 8),

Indicates whether error_check() data is present or
not. Same as syntax element ‘protection_bit’ ip
ISO/IEC 11172-3, subclause 2.4.1 and 2.4.2
(Table 8).

profile used. . See clause 2 (Table 8).

indicates the sampling frequency used accordjng to
the following table (Table 8):

Table 35— Sampling frequency dependent ¢n
sampling_frequency_index

private_bit

channel_configuration

40

sampling_frequency_index | sampling frequeny [Hz]
0x0 96000
0x1 88200
0x2 64000
0x3 48000
0x4 44100
0x5 32000
0x6 24000
0x7 22050
0x8 16000
0x9 12000
Oxa 11625
Oxb 8000
0xc reserved
Oxd reserved
Oxe reserved
Oxf reserved

see ISO/IEC 11172-3, subclause 2.4.2.3 (Table 8).

indicates the channel configuration used. If
channel_configuration is greater than 0, the
channel configuration is given by the ‘Default

© ISO/IEC 2004 — All rights reserved
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copyright_identification_start

frame_length

adts| buffer_fullness
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bitstream index number’ in Table 42, see
subclause 8.5. If channel_configuration equals 0,
the channel configuration is not specified in the

header and must be given by a

program_config_element() following as first
syntactic element in the first raw_data_block() after
the header, or by the implicit configuration (see
subclause 8.5) or must be known in the application

(Table 8).

(see copyright_id above). The bits ofthi
transmitted frame by frame; the first bit i
by the copyright_identification_start bit s
The field consists of an 8-bit copyright i
followed by a 64-bit copyright number.
copyright identifier is given by a Registr.
Authority as designated-by SC29. The
copyright_number.is'a value which ident
uniquely the copyrighted material. See
ISO/IEC 13818-3, subclause 2.5.2.13 (T

One bit todndicate that the

ipn field

field are
indicated
tto ‘1.
entifier,
ion

fies

bble 9).

copyright videntification_bit in this audio frame is the

first bitof the 72-bit copyright identificatic
copyright identification is transmitted, thi

n. If no
5 bit should

be kept '0".'0' no start of copyright identification in

this audio frame '1' start of copyright ider
this audio frame See ISO/IEC 13818-3,
subclause 2.5.2.13 (Table 9).

Length of the frame including headers ar
error_check in bytes (Table 9).

state of the bit reservoir in the course of
the ADTS frame, up to and including the
raw_data_block(). It is transmitted as theg
available bits in the bit reservoir divided

divided by 32 and truncated to an intege
(Table 9). A value of hexadecimal 7FF s
the bitstream is a variable rate bitstream

tification in

nd

encoding
first
number of

py NCC

" value

gnals that
In this

number_of_raw_data_blocks_in_frame

raw_data_block_position[i]

© ISO/IEC 2004 — All rights reserved

case, buffer fuliness is not applicabie.

Number of raw_data_block()’'s that are

multiplexed in the adts_frame() is equal to
number_of raw_data_blocks_in_frame + 1. The
minimum value is 0 indicating 1 raw_data_block()

(Table 9).
Start position of the i-th raw_data_block(

) in the

adts_frame(), measured as an offset in bytes from
the start position of the first raw_data_block() in the

adts_frame().

4
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crc_check

8.1.1.3

data_available()

8.1.2

CRC error detection data generated as described in

ISO/IEC 11172-3, subclause 2.4.3.1 (Table 10).

Help Elements

Function that returns ‘1’ as long as data is
available, otherwise 0’.

Overview

The raw_data_block() contains all data which belongs to the audio (including ancillary

data). Beyond that, additional information like sampling_frequency is needed id

describe
elements

For speci
header of
hence do
block to

Therefore

Transport
decoder ¢

813 A

The Audi
sequence
further prg

As such,
decoding
as an inte

audio data.

814 A

The Audid
ISO/IEC 1
bitstream.

The fixed
necessary

fully

An audio sequence. The Audio Data Interchange Format (ADIF) centains all

hat are necessary to describe a bitstream according to this standard.

fic applications some or all of the syntax elements like those pecified
the ADIF, e.g. sampling_rate, may be known to the decoder by-other mear
not appear in the bitstream. Furthermore, additional information that varies
block (e.g. to enhance the parsability or error resilience) may be reg

Stream (ADTS), is described. It may be used ‘for applications in whig
an parse this stream.

hdio Data Interchange Format ADIF
b Data Interchange Format (ADIF) contains one header at the start

gram_config_element()’s.

the ADIF is useful only for systems with a defined start and no need tg
from within the audio data stream, such as decoding from disk file. It can be
rchange format in that it €ontains all information necessary to decode and pl

idio Data Transport Stream ADTS

Data Transpert Stream (ADTS) is similar to syntax used in ISO/IEC 111724
3818-3. Fhis will be recognized by ISO/IEC 11172-3 decoders as a “La

n the
s and
5 from
uired.

transport streams may be designed for a specific application and afe not
specified In this standard. However, one non-normative transport stream, called Audic

Data
h the

pf the

followed by a raw_data_stream()..Fhe raw_data_stream() may not contajn any

start
used
ay the

3 and
yer 47

header of the ADTS contains the syncword plus all parts of the header whi

ch are

for’decoding and which do not change from frame to frame. The variable header

of the ADT

8.2

8.2.1

8.21.1

raw_data_stream()

raw_data

42

[S contains header data which changes from frame to frame.

Decoding of Raw Data

Definitions

Data Functions
sequence of raw_data_block()’s.

block()

block of raw data that contains audio data for a time

period of 1024 samples, related information and

© ISO/IEC 2004 — All rights

reserved
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other data. There are seven syntactic elements,
identified by the data element id_syn_ele. The
audio_channel_element()'s in one
raw_data_stream() and one raw_data_block() must
have one and only one sampling rate. In the
raw_data_block(), several instances of the same
syntactic element may occur, but must have a
different 4 bit element_instance_tag, except for
data_stream_element()'s and fill_element()'s.
Therefore, in one raw_data_block(), there can be

single_channel_element()

channel_pair_element()

from 0 to at most 16 instances of any syntactic
element, except for data_stream_element()'s and
fill_element()'s, where this limitationdoe$ not apply.
If multiple data_stream_elementi()'s occur which
have the same element_instance_tag then they are
part of the same data stream. The fill_elgment()
has no element_instanCe_tag (since the [content
does not require subsequent reference) and can
occur any numbef of times. The end of
raw_data_block()4is indicated with a spegial
id_syn_ele (TERM), which may occur onlly once in
a raw_datal block(). (Table 12).

abbreviaton SCE. Syntactic element of the
bitstream containing coded data for a single audio
channel. A single_channel_element() bapically
consists of an individual_channel_stream(). There
may be up to 16 such elements per raw @ata block,
each one must have a unique
element_instance_tag (Table 13).

abbreviation CPE. Syntactic element of the
bitstream containing data for a pair of chgnnels. A
channel_pair_element() consists of two
individual_channel_stream()’s and additipnal joint
channel coding information. The two channels may
share common side information. The
channel_pair_element() has the same restrictions
as the single channel element as far as
element_instance_tag, and number of ogcurrances

coupling_channel_element()

© ISO/IEC 2004 — All rights reserved

(Table 14).

Abbreviation CCE. Syntactic element that contains
audio data for a coupling channel. A coupling
channel represents the information for multi-
channel intensity for one block, or alternately for
dialogue for multilingual programming. The rules for
number of coupling_channel_element()'s and
instance tags are as for single_channel_element()'s
(Table 22). See subclause 12.3.
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Ife_channel_element() Abbreviation LFE. Syntactic element that contains a
low sampling frequency enhancement channel. The
rules for the number of Ife_channel_element()'s and
instance tags are as for single_channel_element()'s
(Table 23). See subclause 8.4.

audio_channel_element() generic term for single_channel_element(),
channel_pair_element(),
coupling_channel_element() and
Ife_channel_element().

program_config_element() Abbreviation PCE. Syntactic element that contains
program configuration data. The rules forthe
number of program_config_element()’s-and
element_instance_tag’s are the same-as for
single_channel_element()’s (Table 25). PCE’'§ must
come before all other syntactic elements in a
raw_data_block(). See subclause 8.5.

fill_element() Abbreviation FIL. Syntacticelement that contdins fill
data. There may be any-number of fill elements,
that can come in any order in the raw data block
(Table 26). See_subclause 8.7.

data_stream_element() Abbreviation/DSE. Syntactic element that conjains
data. Again;.there are 16 element_instance_tags.
There is,“ftowever, no restriction on the numbeér of
data_stream_element()'s with any one instange tag,
as_a single data stream may continue across
multiple data_stream_element()'s with the same
instance tag (Table 24). See subclause 8.5.2.

8.2.1.2 Data Elements

id_syn_ele a data element that identifies either a syntacti¢
element or the end of a raw_data_block()
(Table 12):

Table 36 — Syntaxtic element identification

ID name | encoding | Abbreviation Syntactic Element
ID SCE 0x0 SCE single_channel_element()
{D—GPRE B4 CRE channelpair—element()
ID CCE 0x2 CCE coupling_channel_element()
ID_LFE 0x3 LFE Ife_channel_element()
ID_DSE 0x4 DSE data_stream_element()
ID PCE 0x5 PCE program_config_element()
ID_FIL 0x6 FIL fill_element()
ID_END 0x7 TERM

element_instance_tag Unique instance tag for syntactic elements other

than fill_element(). All syntactic elements
containing instance tags may occur more than
once, but, except for data_stream_element()'s,

44 © ISO/IEC 2004 — Al rights reserved
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8.2.2

8.2.2,

The
both

The
per
that
ort

and

from
Furth
head
requ

8.2.2,
The
deps
rate

minimum decoder(input buffer size. For example, at 96 kbit/s for a stereo signal

sam
( 960
size

h
bitstream into separate mono and stereo bitstreams which are decoded by sep

ISO/IEC 13818-7:2004(E)

must have a unique element_instance_tag in each
raw_data_block(). This tag is also used to

reference audio syntactic elements in
single_channel_element()'s,

channel_pair_element()'s, Ife_channel_element()'s,

data_channel_element()'s, and
coupling_channel_element()'s inside a

program_config_element(), and provides the

possibility of up to 16 independent
program_config_element()’s (Table 13,

able 14,

Table 22, Table 23, Table 24, Table 25;

Buffer Requirements

1 Minimum Decoder Input Buffer

for the bitstream as a whole, for any given program, or forany given SCE/C

nput buffer size is 6144 bits per SCE or independently switched CCE, plus
CPE (6144*NCC). Both the total buffer and the individual buffer sizes are
the buffering limit can be calculated for either the entire bitstream, any enti
individual audio_channel_element()'s permitting the decoder to break a n

stereo decoders, respectively. All bits for'LFE’s or dependent CCE's must
the total buffer requirements based _on the independent CCE's, SCE's,
iermore, all bits required for any«PSE’s, PCE’s, FIL’s, or fixed heade
ers, byte alignment, and CRC.imust also be supplied from the same
rements.

2 Bit Reservoir
bit reservoir is controlled at the encoder. The maximum bit reservoir in t

nds on the NCC .and the mean bitrate. The maximum bit reservoir size f
channels can be calculated by subtracting the mean number of bits per blo

pling frequency the mean number of bits per block (mean_framg
00 bit/s-144100 1/s * 1024 ) = 2229.1156... . This leads to a maximum b

cha
exc

(max_bit_reservoir) of INT ( 12288 bit - 2229.1156... ) = 10058. For varig
nels_the encoder must operate in a way that the input buffer requireme

lable 26).

following rules are used to calculate the maximum number-of bits in the |nput buffer

PE/CCE:

12288 bits
limited, so
e program,
ultichannel
Arate mono
be supplied
hnd CPE's.
s, variable
total buffer

ne encoder
Dr constant
ck from the
at 44.1 kHz
tlength) is
it reservoir
ble bitrate
nts do not

d‘the minimum decoder input buffer.

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

The bit_reservoir_state of subsequent frames can be derived as follows:

bit reservoir _ state[ frame] =bit _reservoir _ state[frame - 1] + mean _ framelength — framelength[ frame]

Framelengths have to be adjusted such that the following restriction is met

0 < bit_reservoir _ state[ rame] < max_bit _reservoir

© IS0/

IEC 2004 — All rights reserved

45


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 13818-7:2004(E)

8.2.2.3
Maximum

Maximum Bitrate
bitrate:

The maximum bitrate depends on the audio sampling rate. It can be calculated based on
the minimum input buffer size according to the formula:

Table 37
used sam

8.2.3 Decoding Process

that the start of a raw_data_block() isyknown, it can be decoded withoyit any
butput

Assuming
additional
channel.

sampling| frequency_index, may be specified in a program_config_element() or it m

-sampling _ frequency - NCC
samples

block

1024

gives some examples of the maximum bitrates per channel depending ¢
pling frequency.

Table 37 — Maximum bitrate depending on the sampling frequency

sampling frequency maximum bitrate / NCC
48 kHz 288 kbit/s
44.1 kHz 264.6 kbit/s
32 kHz 192 kbit/s

Jtransport-level” information and produces 1024 audio samples per
The sampling rate of the audio signal, as specified by

implied

samplinjfrequency_index must be'deduced in order for the bitstream to be parsed

Since a

and since
following ]
sampling 1

in the specific application domain. In the latter case,

iven sampling frequengy’ is associated with only one sampling frequency
maximum flexibility. is-desired in the range of possible sampling frequencig
[able shall be used to associate an implied sampling frequency with the d
requency dependent tables.

Table 38 — Sampling frequency mapping

46

Frequency range (in Use tables for sampling frequency (in
Hz) Hz)

f >=92017 96000
92017 > f>=75132 88200
75132 > f >= 55426 64000
55426 > f >= 46009 48000
46009 > f >= 37566 44100
37566 > f >= 27713 32000
27713 > f >= 23004 24000
23004 > f >= 18783 22050
18783 > f >= 13856 16000
13856 > f >= 11502 12000
11502 > f >= 9391 11025
9391 > f 8000

n the

the

ay be

the

table,
s, the
bsired

© ISO/IEC 2004 — All rights reserved
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The raw_data_stream supports encoding for both constant rate and variable rate channels.
In each case the structure of the bitstream and the operation of the decoder are identical
except for some minor qualifications. For constant rate channels, the encoder may have to
insert a FIL element to adjust the rate upwards to exactly the desired rate. A decoder
reading from a constant rate channel must accumulate a minimum number of bits in its
input buffer prior to the start of decoding so that output buffer underrun does not occur. In
the case of variable rate, demand read channels, each raw_data block() can have the
minimum length (rate) such that the desired audio quality is achieved, and in the decoder
there is no minimum input data requirement prior to the start of decoding.

Exar

bitstream segment

<SCE
<CPE
<SCE

whefe angle brackets (< >) are used to delimit syntactic elements. For the

each
stere
51q¢
CPE
elen
the s

If the
inclu
cod¢

<CPE

If the
exan

<CPE

All d
samq

8.3

8.3.1

1 £ bl . 1 4 alal Lot
IPICS Ul UIC SITIPICSSL PUSSIVIC DISUEdITIS dlt.

output signal

><TERM><SCE><TERM>... mono sighal
><TERM><CPE><TERM>... stereo“signal
><CPE><CPE><LFE><TERM><SCE><CPE><CPE><LFE><TERM>... 5.1 channel signa

SCE must have the same value in its element_instance_tag, and simi
o signal each CPE must have the same value in its element_instance_t
hannel signal each SCE must have the same value.in_its element_instance

associated with the front channel pair must’ have the same va
ent_instance_tag, and each CPE associated with the back channel pair
ame value in its element_instance_tag.

bse bitstreams are to be transmitted over a constant rate channel then
de a fill_element() to adjust the instantaneous bitrate. In this case an ex
d stereo signal is

><FIL><TERM><CPE><FIL><TERM>...

» bitstreams are to carry ancillary data and run over a constant rate chan
nple of a coded stereo signalis

p<DSE><FIL><TERM><CPE><DSE><FIL><TERM>...

ata_stream_element()'s have the same element_instance_tag if they are
b data stream.

Decoding of a single_channel_element() (SCE), a channel_pair
(CPE)or an individual_channel_stream() (ICS)

Definitions

j

ono signal
rly, for the
ag. For the
tag, each
lue in its
must have

they might
ample of a

nel then an

part of the

| element()

8.3.1.
com

ics_reserved_bit

© IS0/

1 Data Elements

mon_window a flag indicating whether the two

individual_channel_stream()'s share a common
ics_info() or not. In case of sharing, the ics_info() is
part of the channel_pair_element() and must be
used for both channels. Otherwise, the ics_info() is
part of each individual_channel_stream()

(Table 14).
flag reserved for future use. Shall be '0'.

IEC 2004 — All rights reserved
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window_sequence

window_shape

max_sfb

scale_factor_grouping

indicates the sequence of windows as defined in
Table 44 (Table 15).

A 1 bit field that determines what window is used
for the trailing part of this analysis window
(Table 15).

number of scalefactor bands transmitted per group
(Table 15).

A bit field that contains information about grouping

8.3.1.2
individual |

ics_info()

8.31.3
scalefactd

scalefactd

g
win
sfb
swb
bin

Data Functions
 channel_stream()

Help Elements
r window band

r band

1A YO)

anaecteal data (Tabhla 15\
A3 |U’-

aof chaort
VT o1iur i \,P\I\Jtlul ALl \ LA 14

contains data necessary to decode one channel
(Table 16).

contains side information necessary to decod¢ an
individual_channel_stream(). The

individual_channel_stream{)’s of a
channel_pair_element().may share one commjon
ics_info() (Table 15).

term for scaléfactor bands within a window, giyven in
Table 4540 Table 57.

term.for scalefactor band within a group. In the
case of EIGHT_SHORT_SEQUENCE and grquping
aScalefactor band may contain several scalefactor
window bands of corresponding frequency. Fqr all
other window_sequences scalefactor bands apd
scalefactor window bands are identical.

group index.

window index within group.

scalefactor band index within group.
scalefactor window band index within window
coefficient index.

mbaoar nf aratine af windawvwe which chara Ang Set
COWowWrhcHortarcont

num_wind

O _OrOoliNQ
UVV_MIUM’\IQ

window _group_length[g]
bit_set(bit_field,bit_num)

num_windows

num_swb_long_window

48

nil
rmuirrmveoertr Ul sluupo A A BB AALN] U

of scalefactors.
number of windows in each group.

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

number of windows of the actual window sequence.

number of scalefactor bands for long windows. This
number has to be selected depending on the
sampling frequency. See subclause 8.9.

© ISO/IEC 2004 — All rights reserved
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short

windows. This number has to be selected

depending on the sampling frequency. S
subclause 8.9.

ee

num_swb number of scalefactor window bands for
shortwindows in case of
EIGHT_SHORT_SEQUENCE, number of
scalefactor window bands for long windows
otherwise.
swb | offset_long_window[swb] Table containing the index of the lowest gpectral
coefficient of scalefactor band sfb forlong windows.
This Table has to be selected dependind on the
sampling frequency. See subclause 8.9.
swb | offset_short_window[swb] Table containing the index-6fithe lowest gpectral
coefficient of scalefactor band sfb for short
windows. This Table has to be selected gepending
on the sampling frequency. See subclauge 8.9.
swb | offset[swb] Table containing-the index of the lowest gpectral
coefficient of scalefactor band sfb for short windows
in case of EIGHT_SHORT_SEQUENCE]| otherwise
for long-windows.
sect| sfb_offset[g][section] Table that gives the number of the start ¢oefficient
forthe section_data() within a group. This offset
depends on the window_sequence and
scale_factor_grouping.
sampling_frequency index see subclause 8.1.1.
8.3.2] Decoding Process
8.3.21 Decoding a single_channel_element() and channel_pair_element()
A sgingle_channel_ element() is composed of an element instance _tag and an
individual_channel stream. In this case ics_info() is always Ilocated in the
individual_channel_stream.
A channel_pair_element() begins with an element_instance_tag and common_window flag.
If thes/ eommon_window equals ‘1’, then ics_info() is shared amongst the two
individual—channel-stream—elements—and—the MS information—is—transmitted.  If
common_window equals ‘0, then there is an ics_info() within each
individual_channel_stream and there is no MS information.
8.3.2.2 Decoding an individual_channel_stream()
In the individual_channel_stream, the order of decoding is:
get global_gain
get ics_info() (parse bitstream if common information is not present)
get section_data()
© ISO/IEC 2004 — Al rights reserved 49
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get scalefactor_data(), if present
get pulse_data(), if present

get tns_data(), if present

get gain_control_data(), if present
get spectral_data(), if present.

The process of recovering pulse_data is described in clause 9, tns_data in clause 14, and
gain_control data in clause 16. An overview of how to decode ics_info() (subclause 8.3),
section data{clause 9), scalefactor data (clause 9 anc and spectral data (clause 9) will
be given here.

8.3.2.3 Recovering ics_info()

For single channel _element()’s ics_info() is always located immediately after the
global_ga|n in the inidividual_channel_stream(). For a channel_pair_element() there are
two possible locations for the ics_info(). If each individual channel in.the pair window $witch
together [then the ics_info() is located immediately after ¢ommon_window ip the
channel_pair_element() and common_window is set to 1. Otherwise there is an ics| info()
immediatgly after global_gain in each of the two individual_channel_stream() in the
channel_pair_element() and common_window is set to 0.

ics_info() parries window information associated with andCS and thus permits channels in a
channel_pair to switch separately if desired. In addition’it carries the max_sfb which places
an upper| limit on the number of ms_used[]. and predictor used[] bits that myst be
transmitted. If the window_sequence .is° EIGHT_SHORT_SEQUENCE | then
scale_facfor_grouping is transmitted. If a set:0f'short windows form a group then they(share
scalefactdrs as well as intensity stereo-positions and have their spectral coefficients
interleavefl. The first short window is always a new group so no grouping bit is transritted.
Subsequgnt short windows are in the@ame group if the associated grouping bit is 1. A new
group is ptarted if the associated--grouping bit is 0. It is assumed that grouped| short
windows lhave similar signal statistics. Hence their spectra are interleaved so as to|place
correlated coefficients next to each other. The manner of interleaving is indicajed in
Figure 6. ics_info() also carries the prediction data for the individual channel or channgl pair
(see clauge 13).

8.3.24 Recovering Sectioning Data

In the ICS, the<information about one long window, or eight short windows, is recoyered.
The sectipning-data is the first field to be decoded, and describes the Huffman codgs that
apply to the.scalefactor bands in the ICS (QPP clause 9 and 11) The form of the skection

data is:

sect_cb The codebook for the section
and
sect_len The length of the section.

This length is recovered by reading the bitstream sequentially for a section length, adding
the escape value to the total length of the section until a non-escape value is found, which
is added to establish the total length of the section. This process is clearly explained in the
C-like syntax description. Note that within each group the sections must delineate the

50 © ISO/IEC 2004 — All rights reserved


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 1381

scalefactor bands from zero to max_sfb so that the first section within each gro
bands zero and the last section within each group ends at max_sfb.

8-7:2004(E)

up starts at

The sectioning data describes the codebook, and then the length of the section using that

codebook, starting from the first scalefactor band and continuing until the total
scalefactor bands is reached.

After this description is provided, all scalefactors and spectral data corres
codebook zero are zeroed, and no values corresponding to these scalefactors
data will be transmitted. When scanning for scale-factor data it is important t

scalefactors for any scalefactor bands whose Huffman codebook is zero will b

number of

ponding to
or spectral
o note that
e omitted.

Similarly, all spectral data associated with Huffman codebook zero are or
clause 9 and 11).

A

In agldition spectral data associated with the scalefactor bands that'\have 2
codgbook will not be transmitted, but intensity steering coefficients ‘Wwill be tra

placg of the scalefactors, as described in subclause 12.2.

8.3.2. Scalefactor Data Parsing and Decoding

For |leach scalefactor band that is not in a section .coded with the zero
(ZERO_HCB), a scalefactor is transmitted. These will“be denoted as ‘active’
bangs and the associated scalefactors as active scalefactors. Global gain, t

h
elenent in an ICS, is typically the value of the first-active scalefactor. All scaIeIF

steeling coefficients) are transmitted using Huffman coded DPCM relative to t
scalefactor (see clause 9 and 11). The first active scalefactor is differen
relative to the global gain. Note that it is" not illegal, merely inefficient, to
global_gain that is different from the first’active scalefactor and then a non-z

nitted (see

n intensity
nsmitted in

codebook
scalefactor
first data
ctors (and
e previous
ially coded
provide a
ero DPCM

valu¢ for the first scalefactor DPCM value. If any intensity steering coefficients are received

interspersed with the DPCM scalefactor elements, they are sent to the inter
modyle, and are not involved "in the DPCM coding of scalefactor v;

sity stereo
hlues  (see

subdlause 12.2). The value .of ‘the first active scalefactor is usually transmifted as the

global_gain with the first DPEM scalefactor having a zero value. Once the scalg
decdded to their integer‘values, the actual values are found via a power fu
clauge 11).

8.3.2, Spectral Data Parsing and Decoding

The ppectral data is recovered as the last part of the parsing of an ICS. It consig
non-geroed. eoefficients remaining in the spectrum or spectra, ordered as desc
ICS Jinfo. For each non-zero, non-intensity codebook, the data are recovered
decdding in quads or pairs, as indicated in the noiseless coding tool (

see clause 9

factors are
hction (see

ts of all the
fibed in the

\xa Huffman

). If the

spectral data is associated with an unsigned Huffman codebook, the necessa

ry sign bits

follow the Huffman codeword (see subclause 9.3). In the case of the ESCAPE codebook, if

any escape value is received, a corresponding escape sequence will appea

r after that

Huffman code. There may be zero, one or two escape sequences for each codeword in the
ESCAPE codebook, as indicated by the presence of escape values in that decoded

codeword. For each section the Huffman decoding continues until all the spectra

| values in

that section have been decoded. Once all sections have been decoded, the data is

multiplied by the decoded scalefactors and deinterleaved if necessary.
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8.3.3 Windows and Window Sequences

Quantization and coding is done in the frequency domain. For this purpose, the time signal
is mapped into the frequency domain in the encoder. The decoder performs the inverse
mapping as described in clause 15. Depending on the signal, the coder may change the
time/frequency resolution by using two different windows: LONG_WINDOW and
SHORT WINDOW. To switch between windows, the transition windows
LONG_START_WINDOW and LONG _STOP_WINDOW are used. Table 43 lists the
windows, specifies the corresponding transform length and shows the shape of the

windows schematically. Two transform lengths are used: 1024 (referred to as long
transform)and 128 coefficients (rnfnrpd to as short ’rrnncfnrm)

Window dequences are composed of windows in a way that a raw_data_block(), dlways
contains ¢lata representing 1024 output samples. The data element window) sequence
indicates |[the window sequence that is actually used. Table 44 lists how\ the window
sequenceg are composed of individual windows. Refer to clause 15 fer’more detailed
informatiop about the transform and the windows.

8.3.4 Scalefactor Bands and Grouping

Many tools of the decoder perform operations on groups of (consecutive spectral yalues
called scglefactor bands (abbreviation ‘sfb’). The width of the’scalefactor bands is huilt in
imitation qf the critical bands of the human auditory system. For that reason the nun]‘ber of
scalefactdr bands in a spectrum and their width depend on the transform length and the
sampling frequency. Table 45 to Table 57 list the offsetto the beginning of each scalgfactor
band for [the transform lengths 1024 and 128 and the different sampling frequencies,
respectively.

To reduge the amount of side information in case of sequences which cpntain
SHORT_WINDOWS, consecutive SHORT,; WINDOWSs may be grouped (see Figure 4)). The
informatiop about the grouping is contained in the scale_factor_grouping data elgment.
Grouping means that only one set of'scalefactors is transmitted for all grouped windows as
if there was only one window. The scalefactors are then applied to the correspanding
spectral data in all grouped windows. To increase the efficiency of the noiseless ¢oding
(see clauge 9), the spectraltdata of a group is transmitted in an interleaved order giyen in
subclauseg 8.3.5. The interleaving is done on a scalefactor band by scalefactor band |pasis,
so that the spectral data can be grouped to form a virtual scalefactor band to whi¢h the
common gcalefactor'can be applied. Within this document the expression ‘scalefactor|band’
(abbreviation ‘sfh’)ydenotes these virtual scalefactor bands. If the scalefactor bands |of the
single windows:-are referred to, the expression ‘scalefactor window band’ (abbreyiation
‘swb’) is Used;-Due to its influence on the scalefactor bands, grouping affects the mganing
of section_data—{see—clause-9)—the—orderof spectral-data{see—subclause-8-3.5),—and the
total number of scalefactor bands For a LONG_WINDOW scalefactor bands and
scalefactor window bands are identical since there is only one group with only one window.

To reduce the amount of information needed for the transmission of side information
specific to each scalefactor band, the data element max_sfb is transmitted. Its value is one
greater than the highest active scalefactor band in all groups. max_sfb has influence on the
interpretation of section data (see clause 9), the transmission of scalefactors (see clause 9
and 11), the transmission of predictor data (see clause 13) and the transmission of the
ms_mask (see subclause 12.1).

Since scalefactor bands are a basic element of the coding algorithm, some help variables
and arrays are needed to describe the decoding process in all tools using scalefactor
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s. These help variables depend on sampling frequency, window_sequence,
scalefactor_grouping and max_sfb and must be built up for each raw_data_block(). The

do code shown below describes

¢ how to determine the number of windows in a window_sequence num_windows

¢ how to determine the number of window_groups num_window_groups

¢ how to determine the number of windows in each group window_group_length[g]

¢ how to determine the total number of scalefactor window bands num_swb for the actual

wi

ndow type

e Nhq
ba

e Nh(
S6€
NeE

A lo
wind

w to determine swb_offset[swb], the offset of the first coefficient in scalefac
nd swb of the window actually used

ction. This offset depends on window_sequence and scale_factor_grou
eded to decode the spectral_data().

hg transform window is always described as a windew./group containin

tor window

w to determine sect sfb_offset[g][section], the offset of the first-coefficient in section

ping and is

g a single

pw. Since the number of scalefactor bands and their\width depend on thie sampling

D select the

frequency, the affected variables are indexed with sampling_frequency_index tq
apprppriate table.
fs_i hdex = sanpling_frequency_i ndex;
switfh (w ndow_sequence) {
cqdse ONLY_LONG SEQUENCE:
case LONG _START_SEQUENCE:
case LONG_STOP_SEQUENCE:
num w ndows = 1;
num wi ndow_groups = 1;
wi ndow_gr oup_| engt h[ num wi ndow _gr oups-1] = 1;
num swb = num swb_| ong_wi ndow fs_i ndex] ;
[* preparation of sect_sfb-offset for |ong bl ocks */
/* also copy the | ast value! */
for (i =0; i < max_shb+ 1; i++) {
sect _sfb_offset[,OJ[i] = swb_offset_|ong wi ndowfs_index][i];
swb_of fset[i] =‘swb_offset_I| ong_wi ndowffs_index][i];
}
br eak;
cdse El GHT_SHORT./SEQUENCE:
num w ndows = 8;
num w ndowsgroups = 1;
wi ndow-gtoup_| engt h[ num wi ndow_gr oups-1] = 1;
num swb/= num swb_short_w ndow fs_i ndex];
forr(N = 0; i < numswb_short_w ndow fs_index] + 1; i++)
swb_offset[i] = swb_offset _short_wi ndowfs index][i];
for (i =0: i < numw ndows-1; i++) {
if(bit_set(scale factor_grouping,6-i)) == 0) {
num wi ndow _groups += 1;
wi ndow_group_| engt h[ num wi ndow_groups-1] = 1;
el se {
wi ndow_gr oup_I engt h[ num wi ndow_gr oups-1] += 1;
| }
[* preparation of sect_sfb offset for short blocks */
for (g = 0; g < numw ndow _groups; g++) {
sect _sfb = 0O;
of fset = 0;
for (i =0; i < max_sfb; i++) {
width = swb_of fset_short_wi ndow fs_index][i+1] -
© ISO/IEC 2004 — All rights reserved
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swb_of fset_short_w ndow fs_index][i];
wi dth *= wi ndow _group_|l ength[g];
sect _sfb _offset[g][sect_sfb++] = offset;
of fset += w dth;

}
sect _sfb _offset[g][sect_sfb] = offset;

}
br eak;
defaul t:
br eak;
}
8.3.5 OrderofSpectral Coefficients-in-spectral_data()
For AONLY_LONG_SEQUENCE windows (num_window_groups = 1,

window_group_length[0] = 1) the spectral data is in ascending spectral order, as’shgwn in
Figure 5.

For the EIGHT_SHORT_SEQUENCE window, the spectral order depends-on the grquping
in the follgwing manner:

e Groups are ordered sequentially

e Within |[a group, a scalefactor band consists of the spegtral data of all grpuped

SHORT_WINDOWs for the associated scalefactor window®band. To clarify via example,

the Ientth of a group is in the range of one to eight SHORT_WINDOWSs.
I

o there are eight groups each with length one (num_window_groups = 8,

vindow_group_length[0] = 1), the result is_ a’sequence of eight spectrums, epch in
ascending spectral order.

there is only one group with length eight (num_window_group =1,
indow_group_length[0] = 8), the\ results is that spectral data of all| eight
PHORT_WINDOWs is interleaved by scalefactor window bands.

igure 6 shows the spectral’ ordering for an EIGHT_SHORT_SEQUENCE with
grouping of SHORT_WINDOWSs according to Figure 4 (hum_window_groupsg = 4).

¢ Within a scalefactor window band, the coefficients are in ascending spectral order.

8.3.6  Output Word Length

The globdl gain for each audio channel is scaled such that the integer part of the oufput of
the IMDCJI can besed directly as a 16-bit PCM audio output to a digital-to-analog| (D/A)
converter,| This<s the default mode of operation and will result in correct audio levels] If the
decoder Has a-D/A converter that has greater than 16-bit resolutlon then the output of the
IMDCT cdnbe jed to
form the desired D/A word size. In this case the level of the converter output would be
matched to that of a 16-bit D/A, but would have the advantage of greater signal dynamic
range and lower converter noise floor. Similarly, shorter D/A word lengths can be
accommodated.

8.4 Low Frequency Enhancement Channel (LFE)

8.4.1 General

In order to maintain a regular structure of the decoder, the Ife_channel_element() is defined
as a standard individual_channel_stream(0) element, ie. equal to a
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single_channel_element(). Thus, decoding can be done using the standard procedure for
decoding a single_channel_elementy().

In order to accomodate a more bitrate and hardware efficient implementation of the LFE
decoder, however, several restrictions apply to the options used for the encoding of this
element:

Table 15).

The window_shape field is always set to 0, i.e. sine window (see subclause 6.3,

The window_sequence field is always set to 0 (ONLY_LONG_SEQUENCE) (see

spbctause6-3;Tabte 15).

¢ Only the lowest 12 spectral coefficients of any LFE may be non-zero.

e No Temporal Noise Shaping is used, i.e. tns_data _present ‘s -set
subclause 6.3, Table 16).

e No prediction is used, i.e. predictor_data _present is set ;o> 0 (see suk
Tiable 15).

The presence of LFE channels depends on the profile used.‘Refer to clause 7

infor
8.5

A pr
but g

8.5.1
prof

sam

num

num

mation.

program_config_element() (PCE)

pgram__config_element() may occur outside the AAC payload e. g. in the ad
Iso inside the AAC payload as syntactic element in a raw_data_block().

Data Elements
le

pling_frequency_index

subclause 8.1.1 (Table 25).

The number of audio syntactic elements
channels, front center to back center, sy

|_front_channel_elements

| side_channel_elements
(Table 25).

num

back channel elements

The two-bit profile index from Table 31 (]

Indicates the sampling rate of the progra
other programs in this bitstream). See de

by left and right, or alternating by left ang
the case of single channel elements (Tal

Number of elements to the side as above

to 0 (see

clause 6.3,

for detailed

f header(),

[able 25).

m (and all
finition in

in the front
mmetrically
right in

le 25).

D

As number of side and front channel elefnents, for

num

num

num

mon

© IS0/

back channels (Table 25).

Number of LFE channel elements assoc
this program (Table 25).

_Ife_channel_elements

_assoc_data_elements
program (Table 25).

_valid_cc_elements
data for this program (Table 25).

o_mixdown_present
mixdown element (Table 25).
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The number of associated data elements for this
The number of CCE's that can add to the audio

One bit, indicating the presence of the mono
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mono_mixdown_element_number
stereo_mixdown_present
stereo_mixdown_element_number

matrix_mixdown_idx_present

The number of a specified SCE that is the mo
mixdown (Table 25).

no

One bit, indicating that there is a stereo mixdown

present (Table 25).

The number of a specified CPE that is the stereo

mixdown element (Table 25).

One bit indicating the presence of matrix mixd
information by means of a stereo matrix coeffi

own
cient

matrix_miixdown_idx

pseudo_surround_enable

front_element_is_cpe

front_element_tag_select
side_element_is_cpe
side_element_tag_select
back_element_is_cpe
back_element_tag_select

Ife_elemgnt_tag_select
assoc_ddta_element_tag_select

valid_cc_lelement_tag_select

v loaoan Tahla '.)0\ El\r Al canficarreationa ot
|| |u\1/\ \ v T Uviu I T an UUI III\LJUIUI.IUI Y UL

than the 3/2 format this bit must be zero (T-able

Two bit field, specifying the index of the' mixdg
coefficient to be used in the 5-channel to 2-ch
matrix-mixdown. Possible matrix coefficients 3
listed in Table 39 (Table 25).

One bit, indicating the possibility of mixdown f
pseudo surround reprodugction (Table 25).

indicates whether a SCE or a CPE is address
a front element (Table 25).°0’ selects an SCE.
selects an CPE<{The instance of the SCE or Q
addressed is-given by front_element_tag_selg

The instance_tag of the SCE/CPE addressed
front element (Table 25).

see.front_element_is_cpe, but for side elemer
(Table 25).

see front_element_tag_select, but for side
elements (Table 25).

ner
5 25).
wn

hnnel
re

pd as
1
PE
ct.

as a

ts

see front_element_is_cpe, but for back elemepts

(Table 25).

see front_element _tag_select, but for back
elements (Table 25).

instance_tag of the LFE addressed (Table 25).
instance_tag of the DSE addressed (Table 25).

instance_tag of the CCE addressed (Table 25

)

cc_element_is_ind_sw

comment_field_bytes

comment_field_data

One bit, indicating that the corresponding CCE is

an independently switched coupling channel
(Table 25).

The length, in bytes, of the following comment field

(Table 25).
The data in the comment field (Table 25).

SCE or CPE elements within the PCE are addressed with two syntax elements. First, an
is_cpe syntax element selects whether a SCE or CPE is addressed. Second, a tag_select
syntax element selects the instance_tag of a SCE/CPE. LFE, CCE and DSE elements are
directly addressed with their instance_tag.
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The AAC audio syntax provides three ways to convey the mapping of channels within a set

of sy

8.5.2.

ntactic elements to physical locations of speakers.

1 Explicit channel mapping using default channel settings

The most common mappings are defined in Table 42.

8.5.2.2

Explicit channel mapping using a program_config_element()

Any possible channel configuration can be specified using a program config element().

The
in th

cha

infor
raw |
outw
any
speg
Aften

pairs
SCE

Aften
SCE
prec
resp

The

are 16 available PCE’s, and each one can specify a distinct program that is present
raw data stream. All available PCE’s within a raw_data_block() must.come before all
othef syntactic elements. Programs may or may not share audio syntactic elements, for
example, programs could share a channel_pair_element() and use" distin¢t coupling
nels for voice over in different languages. A given program_config_element() contains

mation pertaining to only one program out of many that‘may be inclu
data_stream(). Included in the PCE are “list of front channels”, using the
ards, left before right. In this list, a center channel SCE, if any, must com
other SCE’s must appear in pairs, constituting an( LR pair. If only two
ified, this signifies one LR stereophonic pair.

the list of front channels, there is a list of “side’channels” consisting of Q
of SCE’s. These are listed in the order of front to back. Again, in the case
s, the first is a left channel, the second a.right channel.

the list of side channels, a list of back ‘€hannels is available, listed from oufs

beded by a CPE) indicates that the two SCE’s are Left and Right R
bctively.

configuration indicated by the PCE takes effect at the raw_data_block() cor

PCE

ISO/

The number of front, side-and back channels as specified in the PCE must
at block and all subsequent raw_data_block()'s until a raw_data_block()

s except the last SCE must be paired;’and the presence of exactly two SCH's

ed in the
rule center
e first, and
SCE’s are

PE’s, or of
of a pair of

5ide in. Any
(alone or
ear center,

ntaining the
be present

containing a

plication to

,|in order to

IEC 13818 1 supports alternate methods of S|mulcast

or different

A PCE element is not intended to allow for rapid program changes. At any time when a
given PCE, as selected by its element instance tag, defines a new (as opposed to
repeated) program, the decoder is not obliged to provide audio signal continuity.

8.5.2.3

If no explicit channel mapping is given, the following methods describe the default
determination of channel mapping:

Implicit channel mapping
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1) Any number of SCE's may appear (as long as permitted by other constraints, for
example profile). If this number of SCE's is odd, then the first SCE represents the front
center channel, and the other SCE's represent L/R pairs of channels, proceeding from
center front outwards and back to center rear.

If the number of SCE's is even, then the SCE's are assigned as pairs as center-front L/R, in
pairs proceeding out and back from center front toward center back.

2) Any number of CPE's or pairs of SCE's may appear. Each CPE or pair of SCE's
represents one L/R pair, proceeding from where the first sets of SCE's left off, pairwise until
reaching either center back pair.

3) Any nlllmber of SCEs may appear. If this number is even, allocating pairsof

Left/Right

for the fingal SCE, which is assigned to center back..

from 2), back to center back. If this number is odd, allocated as L/R pairs, ¢

SCEs
except

4) Any nymber of LFEs may appear. No speaker mapping is defined jn~case of multiple
LFEs.
In case of|this default (or implicit) mapping the number and order of SCEs, CPEs and|LFEs
and the resulting configuration may not change within the bitstréam without sending a
program_config_element(), i.e. an implicit reconfiguration is npt.allowed.
Other audio syntactic elements that do not imply additional output speakers, such as
coupling ¢hannel_element, may follow the listed set of{syntactic elements. Obviously non-
audio syntactic elements may be received in addition;and in any order relative to the|listed
syntactic ¢lements.
8.5.3  Mpatrix-mixdown Method
8.5.3.1 Description
The matrix-mixdown method applies.only for mixing a 3-front/2-back speaker configufation,
5-channel| program, down to a stereo or a mono program. It is not applicable tp any
program with other than the 3/2-configuration.
8.5.3.2 Matrix-mixdown Process
A derived [stereo signalican be generated within a matrix-mixdown decoder by use of pne of
the two fol|lowing sets-of equations.
Set' 1!
L’=%~[L+C/\/§+A~LS]
1T/ N4 T A
1
R=—— [R+C/\V2+4-R,]
1+1/2 + 4 / ’
Set 2:
1
L'=—— [L+C/\2-A4-(L, +R,)]
1+1/2+2- 4 / e
1
R=—— [R+C/\2+A4-(L, +R,)]
1+1/2+2- 4 / e
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Where L, C, R, LS and RS are the source signals, L’ and R’ are the derived stereo signals
and A is the matrix coefficient indicated by matrix_mixdown_idx. LFE channels are omitted
from the mixdown.

If pseudo_surround_enable is not set, then only set 1 should be used. If
pseudo_surround_enable is set, then either set 1 or set 2 equations can be used,
depending on whether the receiver has facilities to invoke some form of surround synthesis.

As further information it should be noted that one can derive a mono signal using the

following equation:

M=———|L+C+R+A-(Ly +R
TCWA (Ls +Rs)]

8.5.383 Advisory

The [matrix-mixdown provision enables a mode of operation which may be beneficial to
some operators in some circumstances. However, it is advised that this method| should not
be used. The psychoacoustic principles on which the audio coding are based are violated
by this form of post-processing, and a perceptually faithftl reconstruction off the signal
canrjot be guaranteed. The preferred method is to use)'the stereo or monp mixdown
channels in the AAC syntax to provide stereo or mono-programming which is [specifically
created by conventional studio mixing prior to bitrate reduction.

The [stereo and mono mixdown channels additionally enable the content provider to
sepdrately optimize the stereo and multichannel program mixes - this is not possible by
using the matrix-mixdown method.

It is pdditionally relevant to note that, due to the algorithms used for the multichannel and
stergo mixdown coding, a better combination of quality and bitrate is usually provided by
use of the stereo mixdown channelsithan can be provided by the matrix-mixdown process.

8.5.34 Tables

Table 39 — Matrix-mixdown coefficients

matrix_mixdown_idx A
0 1/2
1 1/2
2 1/(242)
3 0

8.6 Data Stream Element (DSE)

8.6.1 Data Elements

data_byte_align_flag One bit indicating that a byte aligment is performed
within the data stream element (Table 24)

count Initial value for length of data stream (Table 24)

esc_count Incremental value of length of data or padding
element (Table 24)
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data_stream_byte A data stream byte extracted from bitstream
(Table 24)

A data element contains any additional data, e.g. auxiliary information, that is not part of the
audio information itself. Any number of data elements with the same element_instance_tag

or up to 16 data elements with different element_instance_tags are possible. The decoding

process of the data element is described in this clause.

8.6.2 Decoding Process

The first syntactic element to be read is the the 1 bit data byte align flag. Next is the 8 bit
value con.’Lnt. It contains the initial byte-length of the data stream. If count equals2p5, its
value is ipcremented by a second 8 bit value, esc_count, this final value represents the
number gf bytes in the data stream element. If data_byte_align_flag is-set, 3 byte
alignment|is performed. The bytes of the data stream follow.

8.7  Fill Element (FIL)

8.7.1 Data Elements

count Initial value for length-of-extension_payload()
(Table 26).

esc_count Incremental valtie for length of extension_payload()
(Table 26).

8.7.2 Decoding Process
fill_element()’s might be added to allow for several kinds of extension payloads. Any
number of fill_element()’s is allowed.

The syntactic element count gives the,initial value of the length of the fill data. In the[same
way as fof the data element this value is incremented with the value of esc_count if pount
equals 15| The resulting number-gives the number of fill_bytes to be read.

8.8 Dedoding of extension_payload()
8.8.1 General

8.8.1.1 Data Elements

extension_type Four bit field indicating the type of fill element
content (Table 26).

8.8.1.2 Decoding Process
Any number of extension_payload()’s are allowed.

The following symbolic abbreviations for values of the extension_type field are defined:
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Symbol Value of Purpose
extension_type
EXT _FILL ‘0000’ Bitstream filler
EXT _FILL DATA ‘0001’ Bitstream data as filler
EXT _DYNAMIC RANGE 1011’ Dynamic range control
EXT _SBR DATA ‘1101 SBR enhancement
EXT SBR DATA CRC ‘1110’ SBR enhancement with CRC
- all other values reserved

atible way.

ple 28).
le 28).

pnal data is
n the target

The [reserved’ values might be used for further extension of the syntax in a comg
8.8.2| Fill data and other bits

8.8.2/1 Data Elements

fill_nibble Four bit field for fill (Table28).

fill_byte Byte to be discarded by the decoder (Ta
other_bits Bits to be discarded by the decoder (Tab
8.8.2p2 Decoding Process

Fill data shall be added if the total bits for all audio data together with all additig
lowef than the minimum allowed number of bits'in this frame necessary to reac
bitrate. Under normal conditions fill bits are~avoided and free bits are used to fi|l up the bit
resefvoir. Fill bits are written only if the bit-reservoir is full.

Notel that fill_nibble is normatively defined to be ‘0000’ and fill byte is normatively d
0101’ (to ensure that self-clocked data streams, such as radio modems, can perform reliable
clocK recovery).

‘101

8.8.3

8.8.3.
pce_

pce_

drc !
excluded_chns_present

Dynamic Range Control (DRC)

1 Data Elements

tag_present One bit indicating that program element
present (Table 29).

instance_tag Tag field that indicates with which progre
dynamic range information is associated

efined to be

agis

m the
(Table 29)

tag reserved bits —  Reserved(Table29) |

present (Table 29)

One bit indicating that excluded channels are

drc_bands_present One bit indicating that DRC multi-band information

is present (Table 29)

drc_band_incr Number of DRC bands greater than 1 having DRC

information (Table 29)

drc_bands_reserved_bits Reserved (Table 29)
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drc_band_top|i] Indicates top of i-th DRC band in units of 4 spectral
lines (Table 29).1f drc_band_top][i] = k, then the
index (w.r.t zero) of the highest spectral coefficient
that is in the i-th DRC band is = k*4+3. In case of
an EIGHT_SHORT_SEQUENCE
window_sequence the index is interpreted as
pointing into the concatenated array of 8*128 (de-
interleaved) frequency points corresponding to the
8 short transforms.

prog_ref ffevelpresent——————One bitindicatingthat referencetevetispresent

(Table 29).
prog_ref |level Reference level. A measure of long-term.progfam
audio level for all channels combined (Table 29).
prog_ref |level_reserved_bits Reserved (Table 29)
dyn_rng_|sgn[i] Dynamic range control sign information. One bit

indicating the sign of dyn_¢ng_ ctl (0 if positive| 1 if
negative, (Table 29)

dyn_rng_|ctl[i] Dynamic range contrel’'magnitude information
(Table 29)
exclude_mask(i] Boolean arrayindicating the audio channels of a

program that are excluded from DRC process|ng
using thistBRC information.

additional_excluded_chnsJi] Onebit indicating that additional excluded chgnnels
arepresent (Table 30)

8.8.3.2 Decoding Process

The evaluation of potentially available dynamic range control information in the decqder is
optional.

prog_ref |level_present indicates that prog_ref_level is being transmitted. This permits
prog_ref |level to be sent as infrequently as desired (e.g. once), although periodic
transmission would permit break-in.

prog_ref |level is~quantized in 0.25 dB steps using 7 bits, and therefore has a range of
approximately 32 dB. It indicates program level relative to full scale (i.e. dB belgw full
scale), and is'‘reconstructed as:

level = 32767 .2 Preg_re _level/24
where ,full scale level, is 32767 (prog_ref_level equal to 0).

pce_tag_present indicates that pce_instance_tag is being transmitted. This permits
pce_instance_tag to be sent as infrequently as desired (e.g. once), although periodic
transmission would permit break-in.

pce_instance_tag indicates with which program the dynamic range information is
associated. If this is not present then the default program is indicated. Since each AAC
bitstream typically has just one program, this would be the most common mode. Each
program in a multi-program bitstream would send its dynamic range information in a distinct
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extension_payload() of the fill_element(). In the multiple program case, the

pce_instance_tag would always have to be signaled.

The drc_tag_reserved_bits fill out the optional fields to an integral number of bytes in
length.

The excluded_chns_present bit indicates that channels that are to be excluded from
dynamic range processing will be signaled immediately following this bit. The excluded
channel mask information must be transmitted in each frame where channels are excluded.

The following ordering principles are used to assign the exclude_mask to channel outputs:

If
S
In
C
m
sV

If
S
fo
af]
cq
S6
ch

drc |
infor
dyn |
asso

CE, CPE, CCE and LFE syntax elements in the order of thelr appearance

the case of a CPE, the first transmitted mask bit corresponds to the first cha

PE, the second transmitted mask bit to the second channel. In the\case @
ask bit is transmitted only if the coupling channel is specified tobe an ind
yitched coupling channel.

no PCE is present, the exclude_mask bits correspond to the audio chan
CE, CPE and LFE syntax elements in the order of theirappearance in the
lowed by the audio channels in the CCE syntax elements in the org
pearance in the bitstream. In the case of a CPE, the first transmitte
rresponds to the first channel in the CPE, theysecond transmitted mask
cond channel. In the case of a CCE, a mask bit is transmitted only if tf
annel is specified to be an independently switched coupling channel.

band_incr is the number of bands «greater than one if there is multi-
mation.

'rng_ctl is quantized in 0.25 dB steps using a 7-bit unsigned integer, and t
ciation with dyn_rng_sgn, has'a range of +/-31.75 dB. It is interpreted as &

anels in the

n the PCE.
nnel in the
a CCE, a
ependently

nels in the
b bitstream,
er of their
1 mask bit
(¢ bit to the
e coupling

band DRC

herefore, in
gain value

that

The [range supported by theidynamic range information is summarized in the following
tabld:

shall be applied to the decoded audio output samples of the current frame.

Tiable 41 — Range supported by the DRC infor mation

Field bits steps | stepsize, range,
dB dB
prog_ref level 7 128 0.25 31.75
dyn_rng_sgn and 1 and +/- 0.25 +/- 31.75
dyn_rng_ctl 7 127

The dynamic range control process is applied to the spectral data spec[i] of one frame
immediately before the synthesis filterbank. In case of an EIGHT_SHORT_SEQUENCE
window_sequence the index i is interpreted as pointing into the concatenated array of
8*128 (de-interleaved) frequency points corresponding to the 8 short transforms.

This following pseudo code is for illustrative purposes only, showing one method for
applying one set of dynamic control information to a frame of a target audio channel. The
constants ctrll and ctrl2 are compression constants (typically between 0 and 1, zero
meaning no compression) that may optionally be used to scale the dynamic range
compression characteristics for levels greater than or less than the program reference level,
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respectively. The constant target level describes the output level desired by the user,
expressed in the same scaling as prog ref level.

bottom = O;

drc_num bands = 1,

if (drc_bands_present)
drc_num bands += drc_band_i ncr;

el se
drc_band_top[0] = 1024/4 - 1,

for (bd = 0; bd < drc_num bands; bd++) {
top =4 * (drc_band_top[bd] + 1);

[ * Decgde—BRc—gatr—Factor—x4
if (dyng_rng_sgn[bd])
factpr = 27(-ctrl 1*dyn_rng_ctl[bd]/24); /* conpress */
el se
factpr = 27(ctrl2*dyn_rng _ctl[bd]/24); [/* boost */

/* If programreference normalization is done in the digital demain, nodifly
* factlor to performnornmalization.
* prog_ref level can alternatively be passed to the systemfor nodificatijon
* of fhe level in the anal og domain. Analog | evel nodifi,cati on avoids
probl ens
* with reduced DAC SNR (if signal is attenuated) or c¢hi\pping

* (if|signal is boosted)

factor |*= 0.5"((target level-prog ref level)/24);

/* Applly gain factor */

for (i |= bottom i < top; i++)
spec|i] *= factor;

bottom|= top;

}

Note the relation between dynamic range-control and coupling channels:

e Dependently switched coupling_channels are always coupled onto their target channels
as spefgtral coefficients prior:{0"the DRC processing and synthesis filtering of [these
channefs. Therefore a depehdently switched coupling channel’s signal that couples onto
a specific target channel will undergo the DRC processing of that target channel.

¢ Since independently switched coupling channels couple to their target channels |in the
time dpmain, each- independently switched coupling channel will undergo | DRC
processing and<subsequent synthesis filtering separate from its target channels, This
permitg the independently switched coupling channel to have distinct DRC procesging if
desired.

8.8.3.3 Persistence of DRC Information

At the beginning of a stream, all DRC information for all channels is assumed to be set to its
default value: program reference level equal to the decoder’s target reference level, one
DRC band, with no DRC gain modification for that band. Unless this data is specifically
overwritten, this remains in effect.

There are two cases for the persistence of DRC information that has been transmitted:

e The program reference level is per audio program, and persists until a new value is
transmitted, at which point the new data overwrites the old and takes effect that frame.
(It may be appropriate to send this value periodically to allow bitstream break-in.)
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e Other DRC information persists on a per-channel basis. Note that if a channel is
excluded via the appropriate exclude_mask[] bit, then effectively no information is
transmitted for that channel in that call to dynamic_range_info(). The excluded channel
mask information must be transmitted in each frame where channels are excluded.

The rules for retaining per-channel DRC information are as follows:

o If there is no DRC information in a given frame for a given channel, use the information
that was used in the previous frame. (This means that one adjustment can hold for a
long time, although it may be appropriate to transmit the DRC information periodically to
permit break-in.)

f
S
th

8.8.4

Fill g
or B

fill_element count field must be set equal to the totaklength in bytes, includin

enhg
sbr_

The
4.5.7
LC

ISO/

overwrite any per-channel DRC information with the transmitted values.

equence occurs: first, overwrite all per-channel DRC information for ¢hat ¢
e default values (one DRC band, with no DRC gain modification for that

Bandwidth Extension (SBR)

lements containing an extension_payload with an extension_type of EXT_
XT_SBR_DATA_CRC are reserved for SBR enhancement data. In this

ncement data plus the extension_type field.
pxtension_data() and the decoding process are defined in ISO/IEC 14496-3

SBR fill elements shall be handled\:according to ISO/IEC 14496-3,
.8.2.2 "SBR Extension Payload for the ’Audio Object Types AAC main, AAG
and AAC LTP". The signaling of "SBR shall be done implicitly as
EC 14496-3, subclause 1.6.5 "Signaling of SBR".

any DRC information for this channel appears in the current frame; trJe following

hannel with
pand), then

SBR_DATA
case, the
g the SBR

subclause
SSR, AAC
putlined in
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8.9 Tables

Table 42 — Implicit speaker mapping

Default bitstream number of audio syntactic elements, listed in order default element to
index number speakers received speaker mapping |
1 1 single_channel_element center front speaker
2 2 channel_pair_element left, right front speakers
3 3 single_channel_element(), center front speaker
channel pair_element() left, right front speakers
4 4 single_channel_element(), center front speaker
channel_pair_element(), left, ght center, frpnt
single_channel_element() speakers,
rear surround
5 5 single_channel_element(), center front"spealer
channel_pair_element(), left, right front spgakers,
channel_pair_element() left, surround, righ
surround rear speakers
6 5+1 single_channel_element(), center front spealer
channel_pair_element(), left, right front spdakers,
channel_pair_element(), left surround, righ
Ife _element() surround rear spefakers,
front low frequendy
effects speaker
7 7+1 single_channel_element(), center front spealer
channel_pair_element(), left, right center frpnt
channel_pair_element(), speakers,
channel_pair_element(); left, right outside front
Ife_element() speakers,
left surround, righ
surround rear spe@akers,
front low frequendy
effects speaker
Table 43 — Transform windows (for 48 kHz)
window num_swb | #coeffs looks like
| ONG_WINDOW 49 1024 | | \_
$HORT . WINDOW 14 128 Lo 1/\1 SR
LONG/START_WINDOW 49 1024 — 0N
| —
LONG_STOP_WINDOW 49 1024 L 1/1 L L ——
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value window_sequence num_ looks like
windows
0 ONLY_LONG_SEQUENCE Lo Co
= LONG_WINDOW 1 e il 1 L ——
1 LONG_START_SEQUENCE R —— F
= LONG_START_WINDOW 1 — | N\
2 EIGHT_SHORT_SEQUENCE o /)0000000\ L
=8 * SHORT WINDOW 8 SRR A AYAY VVAN
3 LONG_STOP_SEQUENCE L —
FONG—STOPAHNDOW 4 ——f—— \ﬁ\s_
Table 45 — Scalefactor bands for
LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 44.1 kHz and
48 kHz
fs [kHz] 441, 48
num| swb_long_window 49
swb swb_offset_long_window swb swb_offset_Igng_window
0 0 25 216
1 4 26 24D
2 8 27 264
3 12 28 29p
4 16 29 32p
5 20 30 35p
6 24 31 384
7 28 32 416
8 32 33 448
9 36 34 48D
10 40 35 51p
11 48 36 544
12 56 37 576
13 64 38 608
14 72 39 64
15 80 40 67p
16 88 41 704
17 96 42 736
18 108 43 768
19 120 44 80P
20 132 45 83p
21 144 46 864
4y TUVU =T IV
23 176 48 928
24 196 1024
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Table 46 — Scalefactor bandsfor SHORT_WINDOW
at 32kHz, 44.1 kHz and 48 kHz

fs [kHz] 32,44.1, 48
num_swb_short_window 14
swb swb_offset_short_window swb swb_offset_short_ window
0 0 8 44
1 4 9 56
2 8 10 68
3 12 11 80
4 16 12 96
5 20 13 112
6 28 128
7 36
Table 47 — Scalefactor bands for
L ONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW
at 32 kHz
fg [kHZz] 32
num_swb| long_window 51
swb swb_offset_long_window swb swb_offset_long_wjndow
0 0 26 240
1 4 27 264
2 8 28 292
3 12 29 320
4 16 30 352
5 20 31 384
6 24 32 416
7 28 33 448
8 32 34 480
9 36 35 512
10 40 36 544
11 48 37 576
12 56 38 608
13 64 39 640
14 72 40 672
15 80 41 704
16 88 42 736
17 96 43 768
18 108 44 800
19 120 45 832
20 132 46 cbd
21 144 47 896
22 160 48 928
23 176 49 960
24 196 50 992
25 216 1024
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fs [kHz] 8
num_swb_long_window 40
swb swb_offset_long_window swb swb_offset_long_window
0 0 21 288
1 12 22 308
2 24 23 328
3 36 24 348
4 48 25 372
5 60 26 39p
6 72 27 420
7 84 28 448
8 96 29 476
9 108 30 508
10 120 31 544
11 132 32 58D
12 144 33 62D
13 156 34 664
14 172 35 71R
15 188 36 764
16 204 37 82D
17 220 38 88D
18 236 39 944
19 252 1024
20 268
Table 49 — Scalefactor;bandsfor SHORT_WINDOW at 8 kHz
fs [kHz] 8
num| swb_short_window 15
swb swh.'offset_short_window swb swb_offset_sHort_window
0 0 8 36
1 4 9 44
2 8 10 52
3 12 11 60
4 16 12 72
5 20 13 88
6 24 14 108
7 28 128
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Table 50 — Scalefactor bands for
LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 11.025 kHz,

12kHz and 16 kHz

fs [kHz] 11.025, 12, 16
num_swb_long_window 43
swb swb_offset_long_window swb swb_offset_long_window
0 0 22 228
1 8 23 244
2 16 24 260
3 24 25 280
4 32 26 300
5 40 27 320
6 48 28 344
7 56 29 368
8 64 30 396
9 72 31 424
10 80 32 456
11 88 33 492
12 100 34 532
13 112 35 572
14 124 36 616
15 136 37 664
16 148 38 716
17 160 39 772
18 172 40 832
19 184 41 896
20 196 42 960
21 212 1024

Table b1 — Scalefactor bandsfor SHORT _WINDOW at 11.025 kHz, 12kHz and 16 kHz

fs [kHz] 11:025, 12, 16
num_swb [short_window 15
swb swhboffset short window swb swb_offset_short wjndow
0 0 8 32
1 4 9 40
2 8 10 48
3 12 11 60
4 16 12 72
5 20 13 88
6 24 14 108
7 28 128
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Table 52 — Scalefactor bands for
LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 22.05 kHz and

24 kHz
fs [kHZz] 22.05 and 24
num_swb_long_window 47
swb swb_offset_long_window swb swb_offset_long_window

0 0 24 160
1 4 25 172
2 8 26 188
3 12 27 204
4 16 28 22D
5 20 29 240D
6 24 30 26D
7 28 31 284
8 32 32 308
9 36 33 33p
10 40 34 364
11 44 35 39p
12 52 36 43p
13 60 37 468
14 68 38 508
15 76 39 55p
16 84 40 60D
17 92 41 65P
18 100 42 704
19 108 43 768
20 116 44 83p
21 124 45 89b
22 136 46 96D
23 148 1024

Table 53 — Scalefactor bandsfor SHORT_WINDOW at 22.05 kHz and 24 HHz

fs [kHz] 22.05 and 24

num| swb_short_window 15
swb swb_offset_short_window swb swb_offset_sHort_window

0 0 8 36
1 4 9 44
2 8 10 52
3 12 11 64
4 16 12 76
5 26 13 9
6 24 14 108
7 28 128
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Table 54 — Scalefactor bands for
LONG _WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 64 kHz

fs [kHz] 64
num_swb_long_window 47
swb swb_offset_long_window swb swb_offset_long_window
0 0 24 172
1 4 25 192
2 8 26 216
3 12 27 240
4 16 28 268
5 20 29 304
6 24 30 344
7 28 31 384
8 32 32 424
9 36 33 464
10 40 34 504
11 44 35 544
12 48 36 584
13 52 37 624
14 56 38 664
15 64 39 704
16 72 40 744
17 80 41 784
18 88 42 824
19 100 43 864
20 112 44 904
21 124 45 944
22 140 46 984
23 156 1024

Table 55 — Scalefactor- bands for SHORT_WINDOW at 64 kHz

fs [kHz] 64
num_swb [short_ window 12
swb swb. offset_short_window swb swb_offset_short_wjndow
0 0 7 32
1 4 8 40
2 8 9 48
3 12 10 64
4 16 11 92
5 20 128
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Table 56 — Scalefactor bands for
LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 88.2kHz and

96 kHz
fs [kHz] 88.2 and 96
num_swb_long_window 41
swb swb_offset_long_window swb swb_offset_long_window
0 0 21 120
1 4 22 132
2 8 23 144
3 12 24 156
4 16 25 17p
5 20 26 188
6 24 27 21p
7 28 28 240D
8 32 29 276
9 36 30 32D
10 40 31 384
11 44 32 448
12 48 33 51P
13 52 34 576
14 56 35 640D
15 64 36 704
16 72 37 768
17 80 38 83p
18 88 39 89p
19 96 40 960
20 108 1034

Table 57 — Scalefactor bandsfor SHORT _WINDOW at 88.2 kHz and 96 kHz

fs [kHz] 88.2 and 96
num| swb_short_window 12
swb swb_offset short window swb swb_offset sHort window
0 0 7 32
1 4 8 40,
2 8 9 48|
3 12 10 64
4 16 11 92
5 20 128
6 24
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8.10 Figures

window_sequence = EIGHT _SHORT_SEQUENCE

num_windows = 8
grouping_bits = 1100101
num_window_groups =4
window group length[1={3,1,2,2}

| ‘ A_NAA AN ‘

Figure 4 — Examplefor short window grouping

group#

spectr;11 coefficients —p
stb0 [dib 1 [sfb2 sfb (num_sfb-1

Order of scalefactor bands for ONLY_LONG/SEQUENCE

Figune 5 — Spectral order of scalefactor bandsin:case of ONLY_LONG_SEQUENC

spectral coefficients —p

<4—7— group 0 p &&— group | ——»
4“— §b0 —p | «—sfb1 —p stb 0 |stb 1 |sfb 2
win O[win 1|win 2|win 0 |win 1 |win 2 " %Y |win 3|win 3 |win 3

Order ofScale’ factor bands for EIGHT _SHORT _SEQUENCE
window_group length[]={3,1, ... }

Figurg 6 — Spectral ar der of scalefactor bandsin case of EIGHT_SHORT_SEQUENCE

9 N|oiseless Coding

9.1 Tool Description

Noiseless coding is used to further reduce the redundancy of the scalefactors and the
quantized spectrum of each audio channel.

The global_gain is coded as an 8 bit unsigned integer. The first scalefactor associated with
the quantized spectrum is differentially coded relative to the global_gain value and then
Huffman coded using the scalefactor codebook. The remaining scalefactors are
differentially coded relative to the previous scalefactor and then Huffman coded using the
scalefactor codebook.

74 © ISO/IEC 2004 — All rights reserved


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 1381

8-7:2004(E)

Noiseless coding of the quantized spectrum relies on two divisions of the spectral
coefficients. The first is a division into scalefactor bands that contain a multiple of
4 quantized spectral coefficients. See subclause 8.3.4 and 8.3.5.

The second division, which is dependent on the quantized spectral data, is a division by
scalefactor bands to form sections. The significance of a section is that the quantized
spectrum within the section is represented using a single Huffman codebook chosen from a
set of 11 possible codebooks. The length of a section and its associated Huffman codebook
must be transmitted as side information in addition to the section’s Huffman coded
spectrum. Note that the length of a section is given in scalefactor bands rather than

scale
statig
secti
of a

tics of the quantized spectrum to that of the Huffman codebooks the

section is max_sfb scalefactor bands.

rfactor-windowbands—{see—subclause 8-34)—tnrordertomaximize—the—mptch of the

number of

ons is permitted to be as large as the number of scalefactor bands. The‘maximum size

As indicated in Table 59, spectrum Huffman codebooks can represent signed @r unsigned

n-tugles of coefficients. For unsigned codebooks, sign bits for every non-zero cpefficient in

the n-tuple immediately follow the associated codeword.

The |noiseless coding has two ways to represent large quantized spectra. Ong way is to

send the escape flag from the escape (ESC) Huffman cedebook, which signals that the bits

immediately following that codeword plus optional sign-bits are an escape sequence that

encddes values larger than those represented by the ESC Huffman codebook] A second

way |is the pulse escape method, in which relatively large-amplitude coefficignts can be

replgced by coefficients with smaller amplitudestin order to enable the use of H?fman code

tablgs with higher coding efficiency. This replacement is corrected by sending {the position

of the spectral coefficient and the differences in amplitude as side information. The

freqyency information is represented by-the combination of the scalefactor band number to

indicate a base frequency and an offset into that scalefactor band.

9.2 Definitions

9.21 Data Elements

sect| cb[g][i] Spectrum Huffman codebook used for sg¢ction i in
group g (see subclause 6.3, Table 17).

sect| len_incr Used to compute the length of a section,[measures
number of scalefactor bands from start of section.
The length of sect_len_incr is 3 bits if
window_sequence is EIGHT _SHORT_SEQUENCE
and 5 bits otherwise (see subclause 6.3 |Table 17).

global_gain Global gain of the quantized spectrum, sent as
unsigned integer value (see subclause 6.3,
Table 16).

hcod_sf[] Huffman codeword from the Huffman code

hcod[sect_cb[g][i]l[wIlx]ly][z]

© IS0/

Table used for coding of scalefactors (see

subclause 6.3, Table 18).

that encodes the next 4-tuple (w, X, Y, z)

Huffman codeword from codebook sect_

cblg][i]
of spectral

coefficients, where w, x, y, z are quantized spectral
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coefficients. Within an n-tuple, w, X, y, z are
ordered as described in subclause 8.3.5. so that
x_quant[group][win][sfb][bin] = w,
x_quant[group][win][sfb][bin+1] = X,
X_quant[group][win][sfb][bin+2] =y and
x_quant[group][win][sfb][bin+3] = z. N-tuples
progress from low to high frequency within the
current section (see subclause 6.3, Table 20).

hcod[sect_cb[g][ill[yl[z] Huffman codeword from codebook sect_cb[g][i]
thatencodesthemext2=tupte{y,z)of spectra
coefficients, where y, z are quantized spectral
coefficients. Within an n-tuple, y, z are ordered as
described in subclause 8.3.5 so that

x_quant[group][win][sfb][bin] = y and

x_quant[group][win][sfb][bin+1] 5:2. N-tuples
progress from low to high frequency within the
current section (see subclause 6.3, Table 20).

quad_sign_bits Sign bits for non-zero coefficients in the spectral 4-
tuple. A “1’ indicates-a-negative coefficient,a ‘D’ a
positive one. Bits associated with lower frequgncy
coefficients aresent first (see subclause 6.3,
Table 20).

pair_sign|_bits Sign bits.for non-zero coefficients in the spectral 2-
tuple. A1’ indicates a negative coefficient, a ‘D’ a
positive one. Bits associated with lower frequgncy
coefficients are sent first (see subclause 6.3,
Table 20).

hcod_esqg_y Escape sequence for quantized spectral coeffjcient
y of 2-tuple (y,z) associated with the preceeding
Huffman codeword (see subclause 6.3, Table(20).

hcod_esg_z Escape sequence for quantized spectral coeffjcient
z of 2-tuple (y,z) associated with the preceeding
Huffman codeword (see subclause 6.3, Table(20).

pulse_data_present 1 bit indicating whether the pulse escape is uged
(1) or not (0) (see subclause 6.3, Table 21). Note
that pulse_data_ present must be 0 for an

CIOLT QLINDT QEMNLIEANAE
ETOTTT _OrNMUNT _OoEJULEINULE.

number_pulse 2 bits indicating how many pulse escapes are used.
The number of pulse escapes is from 1 to 4 (see
subclause 6.3, Table 21).

pulse_start_sfb 6 bits indicating the index of the lowest scalefactor
band where the pulse escape is achieved (see
subclause 6.3, Table 21).

pulse_offset[i] 5 bits indicating the offset (see subclause 6.3,
Table 21).
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pulse_ampli] 4 bits indicating the unsigned magnitude of the
pulse (see subclause 6.3, Table 21).

9.2.2 Help Elements
sect_start[g][i] Offset to first scalefactor band in section i of group
g (see subclause 6.3, Table 17).

sect_end[q][i] Offset to one higher than last scalefactor band in
section i of group g (see subclause 6.3, Table 17).

num lause 6.3,
Table 17).

escdpe_flag The value of 16 in the ESC Huffman codebook

escape_prefix The bit sequence of N 1's

escape_separator One 0 bit

escdpe_word An N+4 bit unsigned integer word, msb first

escdpe_sequence The sequence of escape_prefix, escape| separator
and escape word

escdpe_code 2N(N+4) + escape_word

x_quant[g][win][sfb][bin] Huffmandecoded value for group g, winglow win,
scalefactor band sfb, coefficient bin

sped/w]lk] De-interleaved spectrum. w ranges from|0 to

num_windows-1 and k ranges from 0 to
swb_offset[num_swb]-1.

The hoiseless coding tool requires-these constants (see subclause 6.3, spectral_|data()).
ZERD_HCB
FIRST_PAIR_HCB

ESC| HCB 11
QUAD_LEN 4
PAIR_LEN 2
INTENSITY._HCB2 14
INTENSIPY_HCB 15
ESC_FLCAG 16
9.3 Decoding Process

Four-tuples or 2-tuples of quantized spectral coefficients are Huffman coded and
transmitted starting from the lowest-frequency coefficient and progressing to the highest-
frequency  coefficient. For the case of multiple windows per block
(EIGHT_SHORT_SEQUENCE), the grouped and interleaved set of spectral coefficients is
treated as a single set of coefficients that progress from low to high. The set of coefficients
may need to be de-interleaved after they are decoded (see subclause 8.3.5). Coefficients
are stored in the array x_quant[g][win][sfb][bin], and the order of transmission of the
Huffman codewords is such that when they are decoded in the order received and stored in
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the array, bin is the most rapidly incrementing index and g is the most slowly incrementing
index. Within a codeword, for those associated with spectral four-tuples, the order of
decoding is w, X, y, z; for codewords associated with spectral two-tuples, the order of
decoding is y, z. The set of coefficients is divided into sections and the sectioning
information is transmitted starting from the lowest frequency section and progressing to the
highest frequency section. The spectral information for sections that are coded with the
“zero” codebook is not sent as this spectral information is zero. Similarly, spectral
information for sections coded with the “intensity” codebooks is not sent. The spectral
information for all scalefactor bands at and above max_sfb, for which there is no section

data, is z

ro.

There is 3
shown in

eleven Hy
shown in
beyond th
neither sg
indicating
normally

quantized

W single differential scalefactor codebook which represents a range of valt
Table 58. The differential scalefactor codebook is shown in Table A.1#,"The
ffman codebooks for the spectral data, as shown in Table 59. The ¢odeboo
Table A.2 through Table A.12. There are three other “codebeoks” abov
e actual Huffman codebooks, specifically the “zero” codebgok, indicatin
alefactors nor quantized data will be transmitted, and the “intensity” code
that this individual channel is part of a channel pair, and that the data that
pe scalefactors is instead steering data for intensijty. ‘stereo. In this cas
spectral data are transmitted. Codebook indices 12:and 13 are reserved.

The specfrum Huffman codebooks encode 2- or 4-tuplesof signed or unsigned qua
spectral cpefficients, as shown in Table 59. This Tablealso indicates the largest ab
value (LA)V) able to be encoded by each codebook<and defines a boolean helper va
array, unsjgned_cb[], that is 1 if the codebook is unsigned and O if signed.

The resul
index, list
scalefactg
in Table §
codeword
translated

unsigne

dim = Dinpension of codebook, listed in the third column of Table 59.

of Huffman decoding each differential scalefactor codeword is the cod
ed in the first column of Table A, 1. This is translated to the desired diffe
r by adding index_offset to thedndex. Index_offset has a value of —60, as §
p8. Likewise, the result of Huffman decoding each spectrum n-tuple
index, listed in the first celumn of Table A.2 through Table A.12. This in
to the n-tuple spectral values as specified in the following pseudo C-code:

i = Boolean value unsigned_cbli], listed in second column of Table 59.

es as

re are

KS are
> and
g that

books

would
e, no

htized

Solute
riable

eword
rential
shown
s the
Hex is

lav = LAY, listed in the-fourth column of Table 59.
idx = codeword index
i f (unsigned)y ¥
mod = llay,+ 1,
of f = Q;
el se {
mod = 2*lav + 1;
off = lav;
}
if (dim==4) {
w = | NT(i dx/ (mod*nmod*nod)) - off;
i dx -= (w+of f)*(nmod* nmod* nod)
X = I NT(idx/(nod*nod)) - off;
i dx -= (x+off)*(nmod*nod)
y = INT(idx/nmod) - off;
i dx -= (y+of f)*nod
z = idx - off;
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el se {
y = I NT(idx/nod) - off;
idx -= (y+off)*nod
z = idx - off;

}

If the Huffman codebook represents signed values, the decoding of the quantized spectral
n-tuple is complete after Huffman decoding and translation of codeword index to quantized
spectral coefficients. If the codebook represents unsigned values then the sign bits
associ ' - ici ' i ord, with a
1" indicating a negative coefficient and a ‘0’ indicating a positive one. For_&xample, if a
Huffman codeword from codebook 7

hcod[7][y][z]

has been parsed, then immediately following this in the bitstream is

pair_sign_bits

which is a variable length field of 0 to 2 bits. It can be parseddirectly from the bitstream as
ifl (y '=0)

if (one_sign_bit == 1)
y =-Y .,
ifl (z '=0)
if (one_sign_bit == 1)
zZ = -2;

whefe one_sign_bit is the next bit in the bitstream and pair_sign_bits is the concatenation
of the one_sign_bit fields.

The ESC codebook is a special case. It'tepresents values from 0 to 16 inclusive| but values
from|0 to 15 encode actual data valuyes, and the value16 is an escape_flag that|signals the
presence of hcod_esc_y or hcod_esc_z, either of which will be denoted as an
escdpe_sequence. This escapelsequence permits quantized spectral elements|of LAV>15
to bg encoded. It consists of @an escape_prefix of N 1's, followed by an escape_geparator of
one gero, followed by an @scape_word of N+4 bits representing an unsigned integer value.
The | escape_sequence has a decoded value of 2A(N+4)+escape_word. The desired
quarjtized spectral cogfficient is then the sign indicated by the pair_sign_bits applied to the
valu¢ of the escape sequence. In other words, an escape sequence of 00000 would
decqde as 16, an ‘escape_sequence of 01111 as 31, an escape_sequence of 1000000 as
32, one of 1011111 as 63, and so on. Note that restrictions in subclause 10.3 [dictate that
the [ength~of the escape_sequence is always less than 22 bits. For escage Huffman
codgwerds the ordering of data elements is Huffman codeword followed by 0 tq 2 sign bits
followed by 0 to 2 escape sequences

When pulse_data_present is 1 (the pulse escape is used), one or several quantized
coefficients have been replaced by coefficients with smaller amplitudes in the encoder. The
number of coefficients replaced is indicated by number_pulse. In reconstructing the
quantized spectral coefficients x_quant this replacement is compensated by adding
pulse_amp to or subtracting pulse_amp from the previously decoded coefficients whose
frequency indices are indicated by pulse_start_sfb and pulse_offset. Note that the pulse
escape method is illegal for a block whose window_sequence is
EIGHT_SHORT_SEQUENCE. The decoding process is specified in the following pseudo-C
code:

if (pulse_data present) {
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k += pul se_offset[j];

svvb,_of fset[pul se_start_sfb];
< nunber _pul se+l; j++) {

/* transl ate_pul se_paraneters(); */

sfb < num swb; sfb++) {
if(k < swb_offset[sfb+1]) {

for (sfb

bin = k - swb_offset[sfb]
br eak;

pul se_start _sfb;

/* restore coefficients */

if (k_quant[g]l[win][sfb][bin] > 0)
X_|quant[g][w n][sfb][bin] += pulse_anp[j];

Several ds

fashion, i.
within a

_|quant [ g] [wi n] [ sfDb][bin]

x_quant[g|[w][sfb][bin].

The follow
or interle;

interleave
individual
spectral ¢
linearly frg

quant _to

=0

for (i] = 0; g < numw ndow-groups;

] =P

-= pul se_anp[j];

for :s,fb = 0; sfb < pumswb; sfb ++) {
- swb_offset[sfb];

wi[dt h

j |+= width;

swb_of f sét|'sf b+1]

fgr (win = 0; win < wi ndow _group_| ength[g];

for (bin = 0;/ bin < width; bin++) {
spec[ wisastk] [ bi n+j ]

x_quant[g][w n][sfb][bin]

}
k +=| wisndow group | ength[g];

g++) {

wi n++) |

pcoder tools (TNS, filterbank) access the spectral coefficients in a non-interl
2. all spectral coefficients are ordered according to window number and freq
window. This is indicated by using the netation spec|[w]k] rather

ing pseudo C-code indicates the correspendence between the four-dimens
hved, structure of array x_quant][ ][ JiN][ ] and the two-dimensional, ¢
d, structure of array spec[ ][ ]. In the latter array the first index increments over the
windows in the window sequencef.and the second index increments ov
oefficients that correspond to .each window, where the coefficients prg
m low to high frequency.

> Jspec() {

Tables
Table 58 — Scalefactor Huffman codebook parameters
Codebook | Dimension of | index_offset | Range of values | Codebook listed in
Number Codebook
0 1 -60 -60 to +60 Table A.1
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Table 59 — Spectrum Huffman codebooks parameters

Codebook Number, i | unsigned_cbli] Dimension of LAV for codebook Codebook listed

Codebook in

0 - - 0 -

1 0 4 1 Table A.2

2 0 4 1 Table A.3

3 1 4 2 Table A4

4 1 4 2 Table A.5

5 0 2 4 Table A.6

6 0 2 4 Table A.7

7 1 2 7 Table A.8

8 1 2 7 Thable A.9

9 1 2 12 Table A.10

10 1 2 12 Table A.11

11 1 2 (16) ESC Table A.12

12 - - (reserved) -

13 - - (reserved) -

14 - - intensity out-of-phase -

15 - - intensity“in-phase -

10 | Quantization

10.1| Tool Description

For quantization of the spectral coefficients“in'the encoder a non uniform quantizer is used.
Thergfore the decoder must perform the iiverse non uniform quantization after the Huffman
decdding of the scalefactors (see clause9 and 11) and spectral data (see clause 9).

10.2 Definitions

10.2.1 Help Elements

x_quant[g][win][sfb][bin] quantized spectral coefficient for group g, window
win, scalefactor band sfb, coefficient bin.

x_inyquant[g][win]{sfb][bin] spectral coefficient for group g, window win,
scalefactor band sfb, coefficient bin after]inverse
quantization.

10.3| -{Decoding Process
The inverse quantization is described by the following formula:

4
x _invquant = Sign(x _quant) - |x _ quant|5 Vk

The maximum allowed absolute amplitude for x_quant is 8191. The inverse quantization is
applied as follows:

for (g = 0; g < numw ndow _groups; g++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
width = (swb_offset [sfb+l] - swb_offset [sfb]);
for (win = 0; win < window group_len[g]; wn++) {;
for (bin = 0; bin < wdth; bin++) {
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x_invquant[g][win][sfb][bin] = sign(x_quant[g][win][sfb][bin]) *
abs(x_quant[g][wi n][sfb][bin]) ~(4/3);

}
}
}
}

11 Scalefactors

11.1  Tool Description
The basi j

noise

shaping using scalefactors. For this purpose the spectrum is divided in several groups of

spectral [coefficients called scalefactor bands which share one scalefactor| (see

subclausg 8.3.4). A scalefactor represents a gain value which is used te°change the

amplitude| of all spectral coefficients in that scalefactor band. This mechanism is used to

change the allocation of the quantization noise in the spectral domain generated by the non

uniform gyiantizer.

For windogw_sequences which contain SHORT_WINDOWSs grouping’can be applied) i.e. a

specified | number of consecutive SHORT_WINDOWs may.\ have only one det of

scalefactdrs. Each scalefactor is then applied to a .group of scalefactor pands

corresponding in frequency (see subclause 8.3.4).

In this todl the scalefactors are applied to the inverse-quantized coefficients to reconstruct

the spectrpl values.

11.2  Definitions

11.21 D(]ata Functions

scale_fagtor_data() Part of bitstream which contains the differentigl
coded scalefactors (see Table 18)

11.2.2 DIta Elements

global_gain An 8-bit unsigned integer value representing the
value of the first scalefactor. It is also the start
value for the following differential coded
scalefactors (see Table 16)

hcod_sf[}] Huffman codeword from the Huffman code
Table used for coding of scalefactors, see Talle 18
and subclause 9 2

11.2.3 Help Elements

dpcm_sf[g][sfb] Differential coded scalefactor of group g,
scalefactor band sfb.

x_rescall] Rescaled spectral coefficients

sflg][sfb] Array for scalefactors of each group

get _scale_factor_gain() Function that returns the gain value corresponding

to a scalefactor
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11.3 Decoding Process

11.3.1 Scalefactor Bands

Scalefactors are used to shape the quantization noise in the spectral domain. For this
purpose, the spectrum is divided into several scalefactor bands (see subclause 8.3.4). Each
scalefactor band has a scalefactor, which represents a certain gain value which has to be
applied to all spectral coefficients in this scalefactor band. In case of
EIGHT_SHORT_SEQUENCE a scalefactor band may contain multiple scalefactor window
bands of consecutive SHORT_WINDOWSs (see subclause 8.3.4 and 8.3.5).

11.3.2 Decoding of Scalefactors

For all scalefactors the difference to the preceeding value is coded using the Huffman code
booK given in Table A.1. See clause 9 for a detailed description of the Huffmah decoding
process. The start value is given explicitly as a 8 bit PCM in the data~element global_gain.
A sdalefactor is not transmitted for scalefactor bands which areeeded with the Huffman
codgbook ZERO_ HCB. If the Huffman codebook for a scalefactor band is poded with
INTENSITY_HCB or INTENSITY_HCB2, the scalefactor is<used for intensity stereo (see
claugse 9 and subclause 12.2). In that case a normal scalefactor does not exist (but is
initialized to zero to have a valid entry in the array).

The following pseudo code describes how to decede the scalefactors sf[g][sfb]:

| ast| sf = gl obal _gai n;
for [g = 0; g < numw ndow _groups; @++) {
fagr (sfb = 0; sfb < max_sfb; sfhb#+) {

if (sfb_cb[g][sfb] != ZERO.HCB && sfb_cb[g][sfb] != I NTENSI TY_HCB
&& sfb_cb[g][sfb] !'= INTENSI TY_HCB2) {
dpcm sf = decode_huffytan() - index_offset; /* see clause 9*/

sf[g][sfb] = dpcm sfi_+ | ast_sf;
| ast _sf = sf[g][sfb);

el se {
sf[g]l[sfb] =.0;

}
}

Note that scalefactors, sf[g][sfb], must be within the range of zero to 255, both in¢lusive.

11.3.3 Applying Scalefactors

The spectral coefficients of all scalefactor bands which correspond to a scalefactor have to
be rescaled according to their scalefactor. In case of a window sequence that contains
groups of short windows all coefficients in grouped scalefactor window bands have to be
scaled using the same scalefactor.

In case of window_sequences with only one window, the scalefactor bands and their
corresponding coefficients are in spectral ascending order. In case of
EIGHT_SHORT_SEQUENCE and grouping the spectral coefficients of grouped short
windows are interleaved by scalefactor window bands. See subclause 8.3.5 for more
detailed information.
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The rescaling operation is done according to the following pseudo code:

for (g = 0; g < numw ndow_groups; g++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
width = (swb_offset [sfb+l] - swb_offset [sfb] );
for (win = 0; win < wi ndow group_len[g]; w n++) {;

gain = get_scal e _factor_gain(sf[g][sfb]);

for (k = 0; k < wdth;

}
}
}
}
The funct

scalefact

The const
The follow

get _scal g
SF_OFFS

gain
return

}
12

J

121 M

1211

such that

surround/i

On a per-

reconstrug

Tool Description
The M/S |

IRERI

k++) {
x_rescal [ g] [w ndow] [ sf b] [ k]
X_invguant[g] [w ndow] [ sfb] [ K] * gain;

on get _scale_factor_gain(sf[g][sfb]) returns the gain factor that corresponds to a

r. The return value follows the equation:

gain = 2025 IElpI-SF_OFFSET)

ant SF_OFFSET must be set to 100.
ing pseudo code describes this operation:

| factor_gain( sf[g][sfb] ) {
bET = 100;

27(0.25 * ( sf[g][sfb]
(gain);

- SF_OFFSET));

pint Coding

¥S Stereo

baired
or left
right.”
nals is

oint channel coding operates on channel pairs. Channels are most often
they have symmetric presentation relative to the listener, such as left/right
ight surround-The first channel in the pair is denoted “left” and the second °
spectral-coefficient basis, the vector formed by the left and right channel sigt
ted or de-matrixed by either the identity matrix

0 1]r]

or the inverse M/S matrix

84
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The decision on which matrix to use is done on a scalefactor band by scalefactor band
basis as indicated by the ms_used flags. M/S joint channel coding can only be used if
common_window is ‘1’ (see subclause 8.3.1).

121

.2 Definitions

12.1.2.1 Data Elements

ms_mask_present This two bit field indicates that the MS mask is
00 All zeros
01 A mask of max_sfb bands of ms_usegd follows
this field
10 All ones
11 Reserved
(see subclause 6.3, Table 14)
ms_used[g][sfb] One-bit flag per scalefactor band indicatipng that
M/S coding is being used in windowgroup g and
scalefactor band-sfb (see subclause 6.3, Table 14).
12.1.2.2 Help Elements
|_spec|] Array.containing the left channel spectrum of the
respective channel pair.
r_spec|] Array containing the right channel spectqum of the
respective channel pair.
is_ingensity(g,sfb) Function returning the intensity status, dé¢fined
in12.2.3
12.1.3 Decoding Process
Reconstruct the spectral coefficients of the first (“left”) and second (“right”) phannel as
spedified by the mask_present and the ms_used[][] flags as follows:
if (pask_present >= 1) {
far (g.=40; g < numw ndow _groups; g++)
forC(b = 0; b < window group_length[g]; b++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
i f ((rn: ||cnrl[g] [cfh] I I mask present == ’)\ 8&& 1lis intensi f\/(n sfb)) {
for (i =0; i < swb offset[sfb+1] swb offset[sfb] i ++) {
tnp = | _spec[g][b][sfb][i] - T spec[g][b]_[sfb][l] _
| _spec[g][b][sfb][i] = |_spec[g][b][sfb][i] + r_spec[g] [b] [sfbI[i];
} r_spec[g][b][sfb][i] = tnp;
}
}
}
}
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Please note that ms_used[][] is also used in the context of intensity stereo coding. If
intensity stereo coding is on for a particular scalefactor band, no M/S stereo decoding is
carried out.

12.2 Intensity Stereo

12.2.1 Tool Description

This tool is used to implement joint intensity stereo coding between both channels of a
channel pair. Thus, both channel outputs are derived from a single set of spectral

coefficien{s after the inverse quantization process. 1 his 15 done sefectivety onm a scaigfactor

band basis when intensity stereo is flagged as active.

12.2.2 Definitions

12.2.21 Data Elements

hcod_sf[] Huffman codeword from the'Huffman code
Table used for coding of sealefactors (see
subclause 9.2)

12.2.2.2 Help Elements
dpcm_is_position[][] Differentially encoded intensity stereo position

is_positiom[group][sfb] Intensity stereo position for each group and
scalefactor’band

|_spec[] Array.containing the left channel spectrum of {he
respective channel pair

r_spec|] Array containing the right channel spectrum of the
respective channel pair

12.2.3 Decoding Process

The use [of intensity stereo' coding is signaled by the use of the pseudo codepooks
INTENSITY_HCB and ANTENSITY_HCB2 (15 and 14) only in the right channel of a
channel_pair_elelement() having a common ics_info() (common_window == 1).
INTENSITY_HCB.and INTENSITY_HCB2 signal in-phase and out-of-phase intensity gtereo
coding, reppectively.

In addition, the phase relatlonshlp of the |ntenS|ty stereo codlng can be reversed by means
of the msL ) ) ) tually
exclusive for a partlcular scalefactor band and group, the primary phase relationship
indicated by the Huffman code tables is changed from in-phase to out-of-phase or vice
versa if the corresponding ms_used bit is set for the respective band.

The directional information for the intensity stereo decoding is represented by an "intensity
stereo position" value indicating the relation between left and right channel scaling. If
intensity stereo coding is active for a particular group and scalefactor band, an intensity
stereo position value is transmitted instead of the scalefactor of the right channel.

Intensity positions are coded just like scalefactors, i.e. by Huffman coding of differential
values with two differences:
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¢ there is no first value that is sent as PCM. Instead, the differential decoding is started
assuming the last intensity stereo position value to be zero.

o Differential decoding is done separately between scalefactors and intensity stereo
positions. In other words, the scalefactor decoder ignores interposed intensity stereo
position values and vice versa (see subclause 11.3.2)

The same codebook is used for coding intensity stereo positions as for scalefactors.

Two pseudo functions are defined for use in intensity stereo decoding:
function is_intensity(group,sfb) {

+I—for—wndow groups 7 scatefactor—bamds —w thr i ght—cirammet—codebook
sfb_cb[group][sfb] == I NTENSI TY_HCB

-1 for window groups / scal efactor bands with right channel codebeok
sfb_cb[group][sfb] == I NTENSI TY_HCB2

0 ot herw se

}

funciion invert_intensity(group,sfb) {

1-[2*ms_used[ gr oup] [ sf b] if (ms_nmask_present == 1)

+1 ot herw se

}

The |ntensity stereo decoding for one channel pair is defined by the following psgqudo code:

p =7
for [g = 0; g < numwi ndow groups; g++) {

/*| Decode intensity positions for _this group */
fdar (sfb = 0; sfb < max_sfh; sfb+t)
if (is_intensity(g,sfb))
is_position[g][sfb] = p *= dpcm.is_position[g][sfb];

/*| Do intensity stereo decodi ng */
r (b =0; b < w ndow greup_length[g]; b++) {
for (sfb = 0; sfb <\maEx_sfb; sfb++) {

if (is_intensity(g,sfb)) {

—
(@]

scale = jSsuintensity(g,sfb) * invert_intensity(g,sfb) *

0.57(0.25%i s_position[g][sfb]);

/* Scale’fromleft to right channel, do not touch | eft channel| */

for Gv'=0; i < swbh_offset[sfb+l]-swb_offset[sfb]; i++)
rCspec[g][b][sfb][i] = scale * | _spec[g][b][sfb][i];

}

12.2.4 Integration with Intra Channel Prediction Tool

For scalefactor bands coded in intensity stereo the corresponding predictors in the right
channel are switched to "off" thus effectively overriding the status specified by the
prediction_used mask. The update of these predictors is done by feeding the intensity
stereo decoded spectral values of the right channel as the "last quantized value" xrec(n-1).
These values result from the scaling process from left to right channel as described in the
pseudo code.
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12.3 Coupling Channel

12.3.1 Tool Description

Coupling channel elements provide two functionalities: First, coupling channels may be
used to implement generalized intensity stereo coding where channel spectra can be
shared across channel boundaries. Second, coupling channels may be used to dynamically
perform a downmix of one sound object into the stereo image.

Note that this tool includes certain profile dependent parameters (see subclause 7.1).

12.3.2 Definitions

12.3.2.1 Data Elements
ind_sw_cgce_flag

num_coupled_elements

cc_target _is_cpe

cc_target tag_select

cc_|

cc_r

cc_domajn

One bit indicating whether the coupled target
syntax element is an independently switched
a dependently switched (0) CCE(see
subclause 6.3, Table 22).

Number of coupled target ehannels is equal tg
num_coupled_elements+1. The minimum valye is 0
indicating 1 coupled target channel (see
subclause 6.3, Table 22).

One bit indicating if the coupled target syntax
element isia-CPE (1) or a SCE (0) (see
subclause 6.3, Table 22).

Fourbit field specifying the element_instance [tag
of the coupled target syntax element (see
subclause 6.3, Table 22).

One bit indicating that a list of gain_element values
is applied to the left channel of a channel pair|(see
subclause 6.3, Table 22).

One bit indicating that a list of gain_element values
is applied to the right channel of a channel pair (see
subclause 6.3, Table 22).

One bit indicating whether the coupling is
performed before (0) or after (1) the TNS decgding
of the coupled target channels (see subclausq 6.3,

—_—
N

®)

=

gain_element_sign

gain_element_scale

common_gain_element_present[c]

88

Tabte22):
One bit indicating if the transmitted gain_element
values contain information about in-phase / out-of-

phase coupling (1) or not (0) (see subclause 6.3,
Table 22).

Determines the amplitude resolution cc_scale of
the scaling operation according to Table 61 (see
subclause 6.3, Table 22).

One bit indicating whether Huffman coded
common_gain_element values are transmitted (1)
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Help Elements

dpcm_gain_element[][]

gain_element[group][sfb]

common_gain_element[]

ISO/IEC 1381

or whether Huffman coded differential

8-7:2004(E)

gain_elements are sent (0) (see subclause 6.3,

Table 22).

Differentially encoded gain element.

Gain element for each group and scalefactor band.

Gain element that is used for all window

and-scalefactor bands of one couplingta

Spec

sped

Spec

12.3.
The
com

The
elem
Seca

The
deso

trum_m(idx, domain)

trum_I(idx, domain)

trum_r(idx, domain)

3 Decoding Process

scalg

channel.

groups
rget

Pointer to the spectral data associated wjith the

single_channel_element() withvindex idx
Depending on the value of 'domain”, the
coefficients before (0) or after (1) TNS dé
pointed to.

spectral
bcoding are

Pointer to the spegctral data associated with the left

channel of the channel_pair_element() W
idx. Depending on the value of "domain"
spectral cagfficients before (0) or after (1
decoding.are pointed to.

ith index
the
TNS

~—"

Pointer to the spectral data associated wjith the

right.channel of the channel_pair_eleme
index idx. Depending on the value of "do
spectral coefficients before (0) or after (1
decoding are pointed to.

coupling channel is jbased on an embedded single_channel_element
pined with some dedicated fields to accomodate its special purpose.

coupled target. _syntax elements (SCEs or CPEs) are addressed using
ents. First,«the cc_target_is_cpe field selects whether a SCE or CPE is
nd, a ccctarget_tag_select field selects the instance_tag of the SCE/CPE.

nt() with
main", the
) TNS

) which is

two syntax
addressed.

scaling.eperation involved in channel coupling is defined by gain_element values which

ribe the applicable gain factor and sign. In accordance with the coding pro
pfactors and intensity stereo positions, gain _element values are differentially encoded

cedures for

using the Huffman Table for scalefactors. Similarly, the decoded gain factors for coupling
relate to window groups of spectral coefficients.

Independently switched CCEs vs. dependently switched CCEs

There are two kinds of CCEs. They are “independently switched” and “dependently
switched” CCEs. An independently switched CCE is a CCE in which the window state (i.e.
window_sequence and window_shape) of the CCE does not have to match that of any of
the SCE or CPE channels that the CCE is coupled onto (target channels). This has several
important implications:

e First, it is required that an independently switched CCE must only use the
common_gain element, not a list of gain_elements.
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Second, the independently switched CCE must be decoded all the way to the
time domain (i.e. including the synthesis filterbank) before it is scaled and added
onto the various SCE and CPE channels that it is coupled to in the case that

window state does not match.

A dependently switched CCE, on the other hand, must have a window state that matches
all of the target SCE and CPE channels that it is coupled onto as determined by the list of
cc_| and cc_r elements. In this case, the CCE only needs to be decoded as far as the
frequency domain and then scaled as directed by the gain list before it is added to the
target SCE or CPE channels.

The follov
operation
coefficient
Since the
gain_elen
channel ig
coefficient
the approj

An indepe
common_|
its time re

Please nd
channel o
as indicats

ing pseudo code in function decode_ coupling_channel() defines the deq
for a dependently switched coupling channel element. First the)-sg
s of the embedded single_channel_element() are decoded into an internal

gain elements for the first coupled target (list_index == 0) are not-{ransmitt

added to the coupled target channel in its natural scaling. Otherwise the s
s are scaled and added to the coefficients of the coupled target channels
priate list of gain_element values.

ndently switched CCE is decoded like a dependently‘switched CCE havin
gain_element’s. However, the resulting scaled spectrum is transformed bag
presentation and then coupled in the time domain:.

pte that the gain_element lists may be shared between the left and the
[ a target channel pair element. This is signalled by both cc_| and cc_r bein
pd in the Table below:

Table 60 — Sharing of gain_element lists

oding
ectral
puffer.
d, all

ent values associated with this target are assumed to be 0} i.e. the coupling

ectral
using

j only
k into

right
) zero

ccl, cc_r shared gain list left gain list right gain list
present present present
0, 0 yes no no
0, 1 Rno no yes
1, 0 no yes no
1, 1 no yes yes
decode_coupl i ng_channel ()
{
- decofle spectyal coefficients of enbedded singl e_channel _el enent
i nt o] buf feerh " cc_spectruni]”.
[* Couphelspectral coefficients onto target channels */
I'ist_inmdex—0;
for (¢ = 0; ¢ < numcoupl ed_el ements+1; c++) {
if (lcc_target_is _cpe[c]) {
coupl e_channel (cc_spectrum
spectrum n(cc_target _tag_select[c],
cc_domain), list_index++);
}
if (cc_target_is cpe[c]) {
if (cc_l[c] && 'cc_r[c]) {
coupl e_channel (cc_spectrum
spectrum| (cc_target _tag_select[c],
cc_domain), list_index);
coupl e_channel (cc_spect rum
spectrumr(cc_target_tag_select[c],
cc_dommin), list_index++);
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}
if (cc_l[c]) {
coupl e_channel (cc_spect rum
spectrum| (cc_target _tag_select[c],
cc_donmain ), list_index++));

}
if (cc_rfc]) {
coupl e_channel (cc_spectrum
spectrumr(cc_target_tag_select[c],
cc_donmain ), list_index++));

coup| e_channel (source_spectrun{], dest_spectrunf{], gain_list_index)

idx = gain_list_index;

al= 0;

cd_scale = cc_scal e_tabl e[gai n_el enent _scal e] ;
fdar (g = 0; g < numw ndow_groups; g++) {

/* Decode coupling gain elenents for this group */
if (comon_gai n_el ement _present[idx]) {

for (sfb = 0; sfb < max_sfb; sfb++) {
cc_sign[idx][g][sfb] =1
gain_elenment[idx][g][sfb] = commopn_gai‘a_el enent [ i dx];
}
el se {

for (sfb = 0; sfb < max_sfb; sfb++) {
if (sfb_cb[g][sfb] == ZERO HEB)
conti nue;

i f (gain_element_sign) ¢
cc_sign[idx][g]l[sfbl =1 - 2*(dpcm.gai n_elenment[idx]]|

g][sfb] & Ox1);
gain_element[idx]{g][sfb] = a += (dpcm gai n_element[idx][g]]

sfb] >>
1);

el se {
cc_sign[idx]Tg

1[sfb] = 1;
gai n_el enent [ i dx]

[g][sfb] = a += dpcm gain_element[idx][g]][$fb];

—_ —~
o

* Do (coupling onto target channels */
r <bo=0; b < window group length[b]; b++) {
for (sfb = 0; sfb < max_sfb; sfb++) {

—stb—cbfgHfsfii i—LERO_‘HCB {

cc gain[idx][g][sfb] = cc_sign[idx][g][sfb] *
cc_scal ergain_elenent[idx][g][sfb];
for (i = 0; i<smb_offset[sfb+1]—smb_offset[sfb]; i ++)
dest _spectrun{g][b][sfb][i] += cc_gain[idx][g][sfb] *
source_spectrunf{g][b][sfb][i];

Note: The array sfb_cb represents the codebook data respect to the CCE’s embedded single_channel_element() (not the coupled target
channel).
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12.3.4 Tables

Table 61 — Scaling resolution for channel coupling (cc_scale table)

Value of "gain_element_scale" | Amplitude Resolution "cc_scale" | Stepsize [dB]
0 27(1/8) 0.75
1 27M1/4) 1.50
2 2M1/2) 3.00
3 2M 6.00

13 Prediction

13.1  Tool Description

Prediction| is used for an improved redundancy reduction and is especially, effective in case
of more or less stationary parts of a signal which belong to the most demanding parts in
terms of required bitrate. Prediction can be applied to every channel using an intra channel
(or mono)| predictor which exploits the auto-correlation between the-spectral compongnts of
consecutiye frames. Because a window_sequence of type EIGHT _SHORT_SEQUENCE
indicates signal changes, i.e. non-stationary signal charactetistics, prediction is only ysed if
window_sgequence is of type ONLY_LONG_SEQUENCE{LONG_START_SEQUEN[CE or
LONG_STOP_SEQUENCE. The use of the prediction tool is profile dependent] See
clause 7 for detailed information.

For each|channel prediction is applied to the<spectral components resulting from the
spectral decomposition of the filterbank. For.each spectral component up to limit spécified
by PRED |SFB_MAX, there is one corresponding predictor resulting in a bank of predjctors,
where eac¢h predictor exploits the auto-correlation between the spectral component yalues
of consective frames.

The overdll coding structure using-a-filterbank with high spectral resolution implies the use
of backwdrd adaptive predictorsto achieve high coding efficiency. In this case, the predictor
coefficients are calculated from preceding quantized spectral components in the encogler as
well as in|the decoder and-no additional side information is needed for the transmisgion of
predictor ¢oefficients - as:would be required for forward adaptive predictors. A second| order
backwardiadaptive lattice structure predictor is used for each spectral component, o that
each predictor is working on the spectral component values of the two preceding frames.
The predictor parameters are adapted to the current signal statistics on a frame by [frame
base, using an,LMS based adaptation algorithm. If prediction is activated, the quantjzer is
fed with a| prediction error instead of the original spectral component, resulting in a ¢oding
gain.

In order to keep storage requirements to a minimum, predictor state variables are quantized
prior to storage.

13.2 Definitions

13.2.1 Data Elements

predictor_data_present 1 bit indicating whether prediction is used in current
frame (1) or not (0) (always present for
ONLY_LONG_SEQUENCE,
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LONG_START_SEQUENCE and
LONG_STOP_SEQUENCE, see subclause 6.3,
Table 15).

predictor_reset 1 bit indicating whether predictor reset is applied in
current frame (1) or not (0) (only present if
predictor_data_present flag is set, see
subclause 6.3, Table 15).

predictor_reset_group_number 5 bit number specifying the reset group to be reset
in current frame if predictor reset is enabled (only
present if predictor_reset flag is set, se
subclause 6.3, Table 15).

prediction_used 1 bit for each scalefactor band (sfb) whefe
prediction can be used indicating whethgr
prediction is switched on (1) off (0) in that sfb. If
max_sfb is less than PRED_SFB_MAX then for i
greater than or equal.te.max_sfb, prediction_used][i]
is not transmitted and‘therfore is set to off (0) (only
present if predictor_data_present flag is set, see
subclause 6.3, Table 15).

The following Table specifies the upper limit of scalefactor bands up to which prgdiction can
be used:

Table 62 — Upper spectral limit for prediction

Sampling Frequency |Pred_SFB_MAX{Number of Predictors | Maximum Frequency|using

(Hz) Prediction (Hz)
96000 33 512 24000.00
88200 33 512 22050.00
64000 38 664 20750.00
48000 40 672 15750.00
44100 40 672 14470.31
32000 40 672 10500.00
24000 41 652 7640.63
22050 41 652 7019.82
16000 37 664 5187.50
12000 37 664 3890.63
11025 37 664 3574.51

8000 34 664 2593.75

This means that at 48 kHz sampling rate prediction can be used in scalefactor bands 0
through 39. According to Table 46 these 40 scalefactor bands include the MDCT lines 0
through 671, hence resulting in max. 672 predictors.

13.3 Decoding Process

For each spectral component up to the limit specified by PRED SFB_MAX of each channel
there is one predictor. Prediction is controlled on a single_channel_element() or
channel_pair_element() basis by the transmitted side information in a two step approach,
first for the whole frame at all and then conditionally for each scalefactor band individually,
see subclause 13.3.1. The predictor coefficients for each predictor are calculated from
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preceding reconstructed values of the corresponding spectral component. The details of the
required predictor processing are described in subclause 13.3.2. At the start of the
decoding process, all predictors are initialized. The initialization and a predictor reset
mechanism are described in subclause 13.3.2.4.

13.3.1 Predictor Side Information

The following description is valid for either one single_channel_element() or one
channel_pair_element() and has to be applied to each such element. For each frame the
predictor side information has to be extracted from the bitstream to control the further

predictor
informatio
case of
common |
the two
common |
two predidg

If window |
LONG_ST
then pred

. ontrol
h is valid for the predictor bank of the channel associated with that element. In
a channel_pair_element() there are the following two possibilitigs: If
'window = 1 then there is only one set of the control information which is valid for
predictor banks of the two channels associated with that elemgnt. If
'window = 0 then there are two sets of control information,one for each [of the
tor banks of the two channels associated with that element.

| sequence is of type ONLY_LONG_SEQUENCE, LONG{START_SEQUENCE or
[OP_SEQUENCE, the predictor_data_present bit is read. If this bit is not $et (0)
ction is switched off at all for the current frame and’there is no further predictor

side information present. In this case the prediction_used bit for each scalefactor] band

stored in t
prediction
determine
predictor
predictors
predictor
predictio
each scal

he decoder has to be set to zero. If the predictor_data_present bit is set (1) then
is used for the current frame and the ‘predictor_reset bit is read |which
s whether predictor reset is applied in- the current frame (1) or not [0). If
| reset is set then the next 5 bits are read giving a number specifying the grpup of
to be reset in the current frame, see also subclause 13.3.2.4 for the details] If the
| reset is not set then there isino 5 bit number in the bitstream. Next, the
n_used bits are read from thebitstream, which control the use of prediction in
bfactor band individually, i.eqif the bit is set for a particular scalefactor band, then

prediction
prediction
the spectr
quantized

is enabled for all spectral.components of this scalefactor band and the quaptized
error of each spectral’¢component is transmitted instead of the quantized vdlue of
al component. Otherwise, prediction is disabled for this scalefactor band and the
values of the spectral components are transmitted.

13.3.2 Predictor Processing

13.3.2.1 General

The following-description is valid for one single predictor and has to be applied tg each
predictor. |[Avsecond order backward adaptive lattice structure predictor is used. Figure 7
shows the corresponding predictor flow graph on the decoder side. In principle, an estimate
Xest(n) of the current value of the spectral component x(n) is calculated from preceding
reconstructed values x.c(n-1) and x,c(n-2), stored in the register elements of the predictor
structure, using the predictor coefficients ks(n) and k»(n). This estimate is then added to the
quantized prediction error e4(n) reconstructed from the transmitted data resulting in the
reconstructed value x,.c(n) of the current spectral component x(n). Figure 8 shows the block
diagram of this reconstruction process for one single predictor.

Due to the realization in a lattice structure, the predictor consists of two so-called basic
elements which are cascaded. In each element, the part xestm(n), m=1, 2 of the estimate is
calculated according to
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xest,m (l’l) = b ’ km (l’l) ' rq,m—l(n - 1) ’

where
Vq,O (l’l) =aX,.. (l’l) ’

1y (1) = ar, o (n=1) = bk, (1) €, (1))

8-7:2004(E)

and €, m (n) = €, (n) = Xy, (1) .
Henge, the overall estimate results to:

xest (n) = xest,l (l’l) + xest,2 (l’l)
The fponstants

a and b, 0<a,b<l
are attenuation factors which are included in each signal“path contributing to theg recursivity
of the structure for the purpose of stabilization. By this means, possible oscillatjons due to
trangmission errors or drift between predictor coefficients on the encoder and d¢coder side
due o numerical inaccuracy can be faded out.or.even prevented.
In the case of stationary signals and with a*=-b = 1, the predictor coefficient of element m is
calcdlated by

Ele,, (n)-r,, (n=1)]
k, = am1 gl : m=12 and e ,(n)=r,,(n)=x,, (f)
3 (Ble, ]+ Bl a0t = D)) |

In order to adapt the coefficients to the current signal properties, the expected values in the
above equation are substituted by time average estimates measured over a limited past
signal period. A compromise has to be chosen between a good convergence ggainst the

optimum predictor setting for signal periods with quasi stationary characteris
ability of fast adaptation in case of signal transitions. In this context algorithms w
imprpovement of.the estimates, i.e. from sample to sample, are of special interg
"leagt mean-square" (LMS) approach is used and the predictor coefficients are
as fdllows

_ COR,(n)

K (n+1)

tic and the
ith iterative
st. Here, a
calculated

T

VAR, (n)
with

COR,(n)=a-COR, (n-D)+r,, (n=1-e,, (1)
(n-1)+e2, ,(n)

where « is an adaptation time constant which determines the influence of
sample on the estimate of the expected values. The value of « is chosen to

a =0.90625 .

VAR, (n)=a-VAR, (n—=1)+0.5-(r>

ym—1
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The optimum values of the attenuation factors a and b have to be determined as a
compromise between high prediction gain and small fade out time. The chosen values are

a=b=0.953125 .

Independent of whether prediction is disabled - either at all or only for a particular
scalefactor band - or not, all the predictors are run all the time in order to always adapt the
coefficients to the current signal statistics.

If window_sequence is of type ONLY_LONG_SEQUENCE, LONG_START_SEQUENCE
and LONG_ STOP SEQUENCE onIy the calculatlon of the reconstructed value of the
quantized oh—tsed bit:

m the
dictor
t, i.e.

If the bit is set (1), then the quantized prediction error reconstructed.fro
transmitted data is added to the estimate xqs(n) calculated by ,the pre
resulting in the reconstructed value of the quantized spectral componer

Xpoe (1) = X, (1) + e, ()

If the bit is not set (0), then the quantized value of the-spectral component is
reconstructed directly from the transmitted data.

In case of short blocks, i.e. window_sequence is of type EIGHT _SHORT_SEQUE

NCE,

prediction|is always disabled and a reset is carried out for all predictors in all scalgfactor
bands, which is equivalent to a reinitialization, see subclause 13.3.2.4.

For a single_channel_element(), the predictor processing for one frame is done accprding
to the follgwing pseudo code:

(It is assumed that the reconstructed value y.rec(c) - which is either the reconstfucted
quantized|prediction error or the reconstructéd quantized spectral coefficient - is available
from previpus processing.)
if (ONLY_|LONG SEQUENCE || LONG START.'SEQUENCE || LONG STOP_SEQUENCE) {
for (sfilb = 0; sfb < PRED _SFB_MAX) sfb++) {
fc = swb_offset | ong_w ndow fs_i ndex][sfb];
lc = swb_offset |ong_w ndéw fs_index][sfb+1];
for [c =fc; ¢ <lc; cH+)"{
X_|est[c] = predict();
i f| (predictor_data\present && prediction_used[sfb])
x_rec[c] = x_lest[c] + y_rec[c];
el|se
x_rec[c] <\y_rec[c];
}
}
el se {
reset _alN<predictors();
}

In case of channel_pair_element()’s with common_window = 1, the only difference is that
the computation of x_est and x rec in the inner for loop is done for both channels
associated with the channel_pair_element(). In case of channel _pair_element()’s with
common_window = 0, each channel has prediction applied using that channel’s prediction
side information.

96 © ISO/IEC 2004 — All rights reserved


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 13818-7:2004(E)

13.3.2.2 Quantization in Predictor Calculations

For a given predictor six state variables need to be saved: ry, ry, COR4, COR,, VAR and
VAR,. These variables will be saved as truncated IEEE floating-point numbers (i.e. the
16 msb of a float storage word).

The predicted value xqs Will be rounded to a 16-bit floating point representation (i.e. round
to a 7-bit mantissa) prior to being used in any calculation. The exact rounding algorithm to
be used is shown in pseudo-C function flt round inf(). Note that for complexity
considerations, round to nearest, infinity is used instead of round to nearest, even.

The expressions (b / VAR4) and (b / VAR) will be rounded to a 16-bit floating point
repregsentation (i.e. round to a 7-bit mantissa), which permits the ratio to be computed via a
pair |of small look-up tables. C-code for generating such tables is shown-inl pseudo-C
function make_inv_tables().

All intermediate results in every floating point computation in the prediction algorjthm will be
represented in single precision floating point using rounding described below.

The |JEEE Floating Point computational unit used in executing all arithmetic in th¢ prediction
tool ill enable the following options:

¢ Round-to-Nearest, Even - Round to nearest-representable value; rqund to the
value with the least significant bit equal to zero (even) when the tivo nearest
representable values are equally near.

e Overflow exception - Values whose'“magnitude is greater than the largest
representable value will be set to the.representation for infinty.

e Underflow exception - Gradual underflow (de-normalized numbefs) will be
supported; values whose magnitude is less than the smallest representable value
will be set to zero.

13.3.2.3 Fast Algorithm for Rounding

/* this does not conformto' | EEE conventions of round to
* nparest, even, but i ,i's fast

*/
stat|c void
flt_found_inf(flodt)>pf)

{
nt flg;
linsi gned/long tnp, tnpl, tnp2;
mp ==%(unsi gned | ong*) pf;
lgl=tnmp & (unsigned | ong)0x00008000;
np/&= (unsi gned | ong) Oxffff000O;
mpt—tn;
[* round 1/2 Isb toward infinity */
if (flg) {
tmp &= (unsigned | ong) Oxff800000; /* extract exponent and sign */
tmp | = (unsigned | ong) 0x00010000; /[* insert 1 Isb */
tnmp2 = tnp; /[* add 1 Isb and elided one */
tmp &= (unsigned | ong) Oxff800000; /* extract exponent and sign */
*pf = *(float*)& mpl+*(float*)& nmp2-*(fl oat*) &t np;
/* subtract elided one */
} else {
*pf = *(float*) &t np;
}
}
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13.3.2.4  Generating Rounded b / Var

static float mt_tabl e[ 128];
static float exp_table[256];

/* function flt_round_even() only works for argunents in the range
* 1.0 < *pf < 2.0 - 27-24

*/

static void flt_round_even(float *pf)

{
int exp, a;
float tnp;

\ -

doubl-a)* nf
P

2ayxn.
uuuuu =3 KPS

}

static vo
t
int i;
unsi gng
float *
float f

)\-pf =
for (i
tnp
ftmp
flt_
mt _t

-

float)al (1<<(8-exp));

il =

0.5) at++;
== 0.5) a&=-2;

i d nmake_i nv_tabl es(void)

pf =
t mp;

0;

0; 1<128; i++) {
tmpl + (i<<16);

= b/ *(float*)&tnp;
ound_even( & t nmp) ;
able[i] = ftnp;

0; i<256; i++) {
(i <<23); /* float
(float*)& nmp > 1.0) {

[* float 1.m 7 nsblonly */

/* round to 16 bits */

1. 00% 2nexp */

—
- —
— — —+
63
[}
||r—"-\

13.3.3 Pi
Initializatic
fo=rI1= 0

_tlabl e[i]

= 1.0/ *(float*)é&tnp;
0;

= ftnp;

edictor Reset

n of_a\predictor means that the predictor's state variables are set as fqg
CORj = COR; = 0, VAR = VAR; = 1. When the decoding process is start

llows:
cd, all

predictors

are’initialized.

A cyclic reset mechanism is applied by the encoder and signaled to the decoder, in which
all predictors are initialized again in a certain time interval in an interleaved way. On one
hand this increases predictor stability by re-synchronizing the predictors of the encoder and

the decod

er and on the other hand it allows defined entry points in the bitstream.

The whole set of predictors is subdivided into 30 so-called reset groups according to the
following table:
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Table 63 — Predictor reset groups

Reset group Predictors of reset
number group
1 PO, P30, P60, P90,...
2 P1, P31, P61, P91,...
3 P2, P32, P62, P92,...
30 P29, P59, P89, P119,...

her or not a reset has to be applied in the current frame is determir
ictor_reset bit. If this bit is set then the number of the predictor reset‘group
e current frame is specified in predictor_reset_group_number. All
nging to that reset group are then initialized as described above: This initia
done after the normal predictor processing for the current frame has been
that predictor_reset_group_number cannot have the value'0 or 31.

ical reset cycle starts with reset group number 1 and.the reset group nun
mented by 1 until it reaches 30, and then it starts.with 1 again. Neverthel
en, e.g. due to switching between programs (bitstreams) or cutting and p
will be a discontinuity in the reset group numbering. If this is the case, th
ving three possibilities for decoder operation:

e Ignore the discontinuity and carry en the normal processing. This may
short audible distortion due to a<mismatch (drift) between the predit
encoder and decoder. After one‘complete reset cycle (reset group n,
1, 2, ..., n-1) the predictors.are re-synchronized again. Furthermore,

distortion is faded out because of the attenuation factors a and b.

Detect the discontinuity, carry on the normal processing but mute the

again.
e Reset all predictors.

y predictor group has to be reset after a maximum ‘active’ period of 240 f
of the 30_predictor reset groups can be done either intermittently or in a

whatever othéer-pattern is convenient, as long as the maximum reset period of

fram
240

Es is notviolated. Note that an ‘active’ period of 240 frames may take much
rames, since frames with predictor activity may be interleaved with an arbitr

of frames without any predictor activity. Note further, that prediction groups ma

8-7:2004(E)

ned by the
to be reset
predictors
ization has
carried out.

ber is then
ess, it may
asting, that
pse are the

result in a
ctors in the
n+1, ..., 30,
a possible

output until

one complete reset:cycle is performed and the predictors are re-synchronized

rames. The
burst or in
P40 ‘active’
onger than
ary number

be active

independently of each other, so that separate ‘activity’ bookkeeping is required for each
predictor reset group.

In case of a single_channel_element() or a channel_pair_element() with common_window
= 0, the reset has to be applied to the predictor bank(s) of the channel(s) associated with
that element. In case of a channel_pair_element() with common_window = 1, the reset
has to be applied to the two predictor banks of the two channels associated with that
element.

In the case of a short block (i.e. window_sequence of type EIGHT _SHORT_SEQUENCE)
all predictors in all scalefactor bands must be reset.
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13.4 Diagrams
Xee(n) e(n) ei(n) Xes(n)

Xest, 1 (Il) Xest,Z(n)

ro(n-1) ri(n-1)

Figure 7~ Flow graph of intra channel predictor for one spectral component in the decoder.
The dptted linesindicate the signal flow for the adaptation of the predictor. Coefficients.

Predictor Side Info RECONSTRUCTION
. IF (PDP && PU)
" > Q > X rec(h) = Vi rec@h+ X est(n) Xi.rec (1)
Yig (M Vi rec (1)
irec ELSE .

Xij,re¢ (n) = yi,rec(n)

v

Xi,est () Xi,rec (n-1)
P; - z-1
Liegend: P  Predictor PDP predictor_data-present
Q;' Inverse quantizer PU prediction_used

Figure 8~Block diagram of decoder prediction unit for one single spectral component

14 Temporal Noise Shaping (TNS)

14.1  Tool Description

Temporal Noise Shaping is used to control the temporal shape of the quantization noise
within each window of the transform. This is done by applying a filtering process to parts of
the spectral data of each channel.

Note that this tool includes certain profile dependent parameters (see subclause 7.1).
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14.2 Definitions

14.2.1 Data Elements
n_filt[w]

coef_res[w]

ISO/IEC 1381

8-7:2004(E)

Number of noise shaping filters used for window w

(see subclause 6.3, Table 19).

Token indicating the resolution of the transmitted

filter coefficients for window w, switching
resolution of 3 bits (0) and 4 bits (1) (see
subclause 6.3, Table 19).

between a

Iengkh[w][filt] Length of the region to which one filterlig applied in
window w (in units of scalefactor bands) |(see
subclause 6.3, Table 19).

order[w][filt] Order of one noise shaping filter applied|to window

direc¢tion[w][filt]

w (see subclause 6.3, Table19).

1 bit indicating whetherthe filter is applie
upward (0) or downward (1) direction (sg

din
e

subclause 6.3, Table 19).

1 bit indicating. whether the most significant bit of
the coefficients of the noise shaping filtef filt in
window W are omitted from transmission|(1) or not
(0) (see‘subclause 6.3, Table 19).

Coefficients of one noise shaping filter applied to
window w (see subclause 6.3, Table 19)

coefl compress[w][filt]

coeffw][filt][i]

Array containing the spectrum for the window w of
the channel being processed.

Note: Depending on the window_sequence the size of the following bitstream fields is switched for each transform windoyv according to its
window size:

speg[w][k]

Name | Window with 128 spectral | Other  window
lines size

‘n_filt | 1 2

‘lengt | 4 6

h

‘order’ | 3 5

14.3| Decoding Process

The [decoding process for Temporal Noise Shaping is carried out separately on each
windpw,of the current frame by applying all-pole filtering to selected regions of the spectral
coefficients (qpp function tnq_dp(‘ndp_fmmp)

The number of noise shaping filters applied to each window is specified by “n_filt”. The
target range of spectral coefficients is defined in units of scalefactor bands counting down
“‘length” bands from the top band (or the bottom of the previous noise shaping band).

First the transmitted filter coefficients have to be decoded, i.e. conversion to signed
numbers, inverse quantization, conversion to LPC coefficients as described in function
tns_decode_coef().

Then the all-pole filters are applied to the target frequency regions of the channel’s spectral
coefficients (see function tns_ar_filter()). The token “direction” is used to determine the
direction the filter is slid across the coefficients (0 = upward, 1 = downward).
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The constant TNS_MAX BANDS defines the maximum number of scalefactor bands to
which Temporal Noise Shaping is applied. The maximum possible filter order is defined by
the constant TNS_MAX_ ORDER. Both constants are profile dependent parameters.

The decoding process for one channel can be described as follows pseudo code:

/* TNS decodi ng for one channel and frame */
tns_decode_frane()

for (w

= 0; w < numw ndows; wt+) {

bottom = num swb;
for (f =0; f <n_filt[w; f++) {

t

"N —

[on

ol-t-om
ot

bd
tn
if
tn

st
ern
if
if

I o
ttom= max(top - length[w[f], 0);
s_order = min(order[w[f], TNS_MAX ORDER);
(!'tns_order) continue;
s_decode_coef (tns_order, coef_res[w +3, coef_conpress[w[f];
coef [W[f], Ipc[]);
art = swb_offset[m n(bottom TNS_MAX BANDS, max_sfb)];
d = swb_of fset[ m n(top, TNS_MAX BANDS, max_sfb)];
((size = end - start) <= 0) continue;

(direction[w[f]) {

inc = -1; start = end - 1;
} lel se {
inc = 1;
}
tns_ar _filter(&spec[w[start], size, inc, |peph], tns_order);
}
}
}
Please nqgte that this pseudo code uses a C-style interpretation of arrays and vectorsj i.e. if
coef[w][filt]][i] describes the coefficients for allwindows and filters, coef[w][filt] is a poifpter to
the coeffitients of one particular window -and filter. Also, the identifier coef is used as a
formal paffameter in function tns_decode coef().
/* Decoder transmtted coefficients for one TNS filter */
tns_decode_coef (order, coef_resubits, coef_conpress, coef[], a[])
{
/* So internal tables *
sgn_magk[] = { O0x2, Ox4, -Ox8 };
neg_magk[] = { ~O0x3, =0x7, ~Oxf };
/* size used for transmssion */
coef _re¢s2 = coefsres_bits - coef _conpress;
s_mask |= sgn_nask[ coef res2 - 2];/* mask for sign bit */
n_mask [= negunmask[ coef _res2 - 2];/* mask for padding neg. val ues */
/* Conyersi-on to signed integer */
for (i |=\0; i < order; i++)
trmp[i] = (coef[i] & s_mask) ? (coef[i] | n_mask) : coef[i];
/* lInverse quantization */
igfac = ((1 << (coef_res_bhits-1)) - 0.5) / (A4 2.0);
igfac_m= ((1 << (coef_res_bhits-1)) + 0.5) / (A4 2.0);
for (i = 0; i < order; i++) {
tmp2[i] = sin(tnp[i] / ((tnp[i] >=0) ? igfac : igfac_m);
}
/* Conversion to LPC coefficients */
a[0] = 1;
for (m=1; m<= order; mt+) {
for (i =1;, i <m i++) {
b[i] = a[i] + tnp2[m1] * a[mi];
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}

tns_

{
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}
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%or (i i< m i++) {
a[i] [i];

1”t[fTi = tnp2[m1];

1,
b

ar_filter(spectrun{], size, inc, Ipc[], order)

|
1

er of order
*y(n-1)

Sinple all-pole f
y(n) =x(n) - Ipc

“order” defined by
. - Ipc[order]*y(n-order)

ilt
[1]

The output data is witten over the input data (“in-place operation

An i nput vector of
0 the next data sanple is given by “inc”

Filterbank and Block Switching
Tool Description

b the filterbank module. This module consists’ of an inverse modified disc

Xix dre transformed into the N time domain values x, via the IMDCT. After a

wind
half

each

15.2

The
sing

pw function, for each channel;:the first half of the z, sequence is added to

channel out; .

Definitions
syntax elements-for the filterbank are specified in the raw data stre

lause 6.3,<Fable 14), and the coupling_channel (see subclause 6.3, Tabl

conslist of the €ontrol information window_sequence and window_shape.

15.2.

window_sequence 2 bitindicating which window Sequence |
window_shape

Table 44

1. < Data Elements

lime-frequency representation of the signal is mapped onto the time domain

form (IMDCT), and a window and an averlap-add function. In order to
frequency resolution of the filterbank to:the characteristics of the input sigr
hing tool is also adopted. N represents:the window length, where N is a fun
ow_sequence, see subclause 8.3;3:For each channel, the N/2 time-frequg

pf the previous block windewed sequence z.,. to reconstruct the output s

le_channel_element() (see subclause 6.3, Table 13), channel_pair_elen
subg

The state variables of the filter are initialized to zero every tine

")

“size” sanples is processed and the index ‘i ncrenent

by feeding
Fete cosine
adapt the
nal, a block
ction of the
ency values
pplying the
the second
amples for

hm for the
nent() (see
e 22). They

i.e. block

size) is used (see subclause 6.3, Table 15).

1 bit indicating which window function is
(see subclause 6.3, Table 15).

shows the four window_sequences

selected

(ONLY_LONG_SEQUENCE,

LONG_START_SEQUENCE, EIGHT_SHORT_SEQUENCE, LONG_STOP_SEQUENCE).
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15.3 Decoding Process

15.3.1 IMDCT
The analytical expression of the IMDCT is:

N

2 & 2 1
X =— 1k —\n+ k+— for0<n< N
n =y Zspec[z][ ]cos( v (n noi 2)) or

k=0

where :

n Fsamplcindex

= window index

—

k [ spectral coefficient index
N F window length based on the window_sequence value

n, FON2+1)2

The synthfsis window length N for the inverse transform is a function’of the syntax element
window_sequence and is defined as follows:

248, if ONLY LONG SEQUENCE (0x0)

2048, if LONG_START SEQUENCE (0x1)

246, if EIGHT SHORT SEQUENCE (0x2), (§tites)
2048, if LONG_STOP SEQUENCE (0x3)

The mear’]ihngful block transitions are as follows:

ONLY_LONG_SEQUENCE 0] ([ ONG START SEQUENCE

fro
{EIGHT_SHORT_SEQUENCE

fromn LONG_START_SEQUENCE to LONG STOP SEQUENCE

(ONLY_LONG SEQUENCE

fromn LONG_STOP_SEQUENCE to LONG_START SEQUENCE

(EIGHT SHORT_SEQUENCE

from EIGHT_SHORT_SEQUENCE to LONG STOP SEQUENCE

In addition to the meaningful block transitions the following transitions are possible:

from ONEY_LONG_SEQUENCE to  {{GX( STOP SEQUENCE

fromCONG_START _SEQUENCEto {LONG START SEQUENCE

from LONG_STOP_SEQUENCE t0  {{GX( STOP SEQUENCE

from EIGHT_SHORT_SEQUENCE to {S&‘é—éﬂ%ﬁ%@ﬁ&

This will still result in a reasonably smooth transition from one block to the next.

104 © ISO/IEC 2004 — Al rights reserved


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 13818-7:2004(E)

15.3.2 Windowing and Block Switching

Depending on the window_sequence and window_shape element different transform
windows are used. A combination of the window halves described as follows offers all
possible window_sequences.

For window_shape == 1, the window coefficients are given by the Kaiser - Bessel derived
(KBD) window as follows:

W (p)= |22 for 0<n E
KBD LEFT,N ‘"’ N7?
| S
p=0
N-n—

N
P
n)= for —<n< N
KBD_RIGHT,N( ) NI2 2

whelre:

W’ (KKaiser-Bessel kernel window function, see also [3])is defined as follows:

n—-N/4
I|7a,|1.0 -
N/4 N
foro<n<—
2

I, [ﬂa]

W' (n]e) =

LI §

4 for N = 2048

a =kernel window alpha'factor, ¢ =
6 for N=256

Othgrwise,.for window_shape == 0, a sine window is employed as follows:

w (n)=sin(“(n+1y) for 0<n<¥
SINLLEFT N AP D,

LT 1 N
WSIN_R[GHT,N(n): sm(;(n +E)) for ) <n<N
The window length N can be 2048 or 256 for the KBD and the sine window. How to obtain
the possible window sequences is explained in the parts a) - d) of this clause. All four
window_sequences described below have a total length of 2048 samples.

For all kinds of window_sequences the window_shape of the left half of the first transform
window is determined by the window shape of the previous block. The following formula
expresses this fact:
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Wisp rerrn (n),1f window_shape_previous_block ==

Won eery (n),1f window_shape_previous_block ==

Wikrr v (n) = {

where:
window_shape_previous_block: window_shape of the previous block (i-1).

For the first block of the bitstream to be decoded the window_shape of the left and right
half of the window are identical.

a) ONLY_LONG_SEQUENCE:

The window_sequence == ONLY_LONG_SEQUENCE is equal to one LONG_WINDOW
(see Tablg 44) with a total window length of 2048.

For windgw_shape == 1 the window for ONLY_LONG_SEQUENCE is given‘as follows:

Lerr 2048 (1) for 0<n<1024
W(BDfRIGHT,2048 (n), for 1024 < n < 2048

If window_shape == 0 the window for ONLY_LONG_SEQUENCE can be described as
follows:

WLEFT,2O48 (n), for 0<n <1024
Wi ricur 20 (1), for 1024 <n <2048

After windpowing, the time domain values (z;,) can be expressed as:

z;, =wn)|x

b) LONG |START_SEQUENCE:

The LONG_START_SEQUENCE is needed to obtain a correct overlap and add for af block
transition from a ONLY_LONG_SEQUENCE to a EIGHT_SHORT_SEQUENCE.

If window_shape == 1 the windew'for LONG_START_SEQUENCE is given as follow:

UJ

W\ st 2045 (1), for 0 <n <1024
1.0, for 1024 <n <1472
win)=
Whsp rigur 256128 —=1472), for 1472 <n <1600
0.0, for 1600 <n <2048

If window_shape == 0 the window for LONG_START_SEQUENCE looks like:

W ths for0-<n<1+624
1.0, for 1024 <n <1472
w(n)=
Way rigurase (1 +128 =1472), for 1472 <n <1600
0.0, for 1600 <n <2048

The windowed time-domain values can be calculated with the formula explained in a).
c) EIGHT_SHORT

The window_sequence == EIGHT_SHORT comprises eight overlapped and added
SHORT_WINDOWSs (see Table 44) with a length of 256 each. The total length of the
window_sequence together with leading and following zeros is 2048. Each of the eight
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short blocks are windowed separately first. The short block number is indexed with the
variable j=0,..., 7.

The window_shape of the previous block influences the first of the eight short blocks
(Wo(n)) only.
If window_shape == 1 the window functions can be given as follows:

() { W 236 (1), for 0<n <128
)=

w =
WKBDfRIGHT,256 (n), for 128<n <256

0

v ()= Wisp 1erras U0, Tof UX <128
WKBD_R,GHT,256 (n), for 128<n <256

Othgrwise, if window_shape == 0, the window functions can be described as:

) WLEFT,256 (n), for 0<n <128
- WSIN_RIGHT,256 (n), for 128<n <256

" (n) | Wan_rerrase (n), for 0<n<128
-1V Won winrass(n)s for 128<n <256

The |overlap and add between the EIGHT _SHORT window_sequence resujting in the
windpwed time domain values z;, is described as.follows:

0, for 0 <.n<448
X, _aag - Wo(n —448), for 448'<n <576

X, aas - Wo(n —448) + x, 0 W, (n = 576), for576 < n < 704

X, 576 - Wi(n = 576) + x, %) - W, (n — 704), for 704 <n < 832
Xy 00 - Wa (= T04) + x5, - W, (n — 832), for 832 < n < 960
X, s W(n = 8323, o0 - W, (n —960), for 960 < n < 1088

X, o0 " Wi (n=960) + X, 055 - Ws(n —1088), for 1088 <n <1216
X; 1088 - WA —1088) + x; , 1516 - Wi (n—1216),for 1216 <n <1344
X ot We(n —1216) + x;, 344 - W, (n —1344),for 1344 <n <1472
Xomysas - Wo(n —1344), for 1472 <n <1600

0; for 1600 < n < 2048

d) LONG_STOP_SEQUENCE

This window_sequence is needed to switch from a EIGHT_SHORT_SEQUENCE back to a
ONLY_LONG_SEQUENCE.

If window_shape == 1 the window for LONG_STOP_SEQUENCE is given as follows:

0.0, for 0 <n <448
( ) W, grr 256 (0 —448), for 448 <n <576
win)= :
" 1.0, for 576 <n <1024

WKBD_RIGHT,2O48 (n), for 1024 <n <2048
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If window_shape == 0 the window for LONG_START_SEQUENCE is determined by:

0.0, for 0<n <448
(n) W, eor 256 (11— 448), for 448<n <576
w = ’
" 1.0, for 576<n <1024

WSH\LR,GHT,2048 (n), for 1024 <n <2048

The windowed time domain values can be calculated with the formula explained in a).

1533 O

mathematic expression for this operation can be described as follows. It is.valid for 3
possible window_sequences.

out,, =z \+z  ; for 0Sn<§, N =2048

i—-1l,n+—
2

16 Gain Control

16.1  Tool Description

t (left)

of the
The
Il four

The gain ¢ontrol tool is made up of several gain‘€cempensators and overlap/add processing

stages, a

d an IPQF (Inverse Polyphase Quadrature Filter) stage. This tool receive$ non-

overlappefd signal sequences provided by ‘the IMDCT stages, window_sequenc¢ and
galn contfol_data, and then reproduces. @he output PCM data. The block diagram fpr the

pl tool is shown in Figure 9.

Due to theg characteristics of the PQF filterbank, the order of the MDCT coefficients ir
even PQ
MDCT coefficients, i.e. exchanging the higher frequency MDCT coefficients with the
frequency|MDCT coefficients:

If the gain| control tool is.used, the configuration of the filter bank tool is changed as fq
In the case of an EIGHT_SHORT_SEQUENCE window_sequence, the numbk
coefficients for the,IMDCT is 32 instead of 128 and eight IMDCTs are carried out.
case of other.window_sequence values, the number of coefficients for the IMDCT
instead of|1024 and one IMDCT is performed In all cases, the filter bank tool outputs
of 2048 niep-ox ;
tool as U, , (/) defined in 16.3.3.

each

band must be reversed. This is done by reversing the spectral order pf the

lower

llows.
er of
In the
s 256
A total
ontrol

The IPQF combines four uniform frequency bands and produces a decoded time domain
output signal. The aliasing components introduced by the PQF in the encoder are cancelled

by the IPQF.

The gain values for each band can be controlled independently except for the lowest

frequency band. The step size of gain control is 2 * n where n is an integer.

The gain control tool outputs a time signal sequence which is AS(n) defined in 16.3.4.
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bands in
lled.

pands have

e gain

S

16.2 Definitions

16.2.1 Data Elements

adjust_num 3-bit field indicating the number of gain changes for
each IPQF band. The maximum number of gain
changes is seven (see subclause 6.3, Table 27).

max_band 2-bit field indicating the number of IPQF
which their signal gain have been contro
The meanings of this value are shown below (see
subclause 6.3, Table 27).
0: no bands have activated gain control.
1: signal gain on 2nd IPQF band has begn
controlled.
2: signal gain on 2nd and3rd IPQF bands have
been controlled.
3: signal gain on 2nd, 3rd and 4th IPQF
been controlled.

alevcode 4-bit field indieating the gain value for on
change (see subclause 6.3, Table 27).

alocpode 2-, 4+ 0r 5-bit field indicating the positior| for one
gain.change. The length of this data vari
depending on the window sequence (se¢
subclause 6.3, Table 27).

16.2.2 Help Elements

gain|control data side information indicating the gain valugs and the
positions used for the gain change.

IPQF band each split band of IPQF.

16.3| Decoding Process

The followingfour processes are required for decoding.

(1)"Gain control data decoding
2) Gain control function setting

16.3.

4) Synthesis filter

1 Gain Control Data Decoding

(2)
(3) Gain control windowing and overlapping
(4)

Gain control data are reconstructed as follows.

(1)

© IS0/

NAD,, , = adjust num[B]W]
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(2)
ALOC, , (m)= AdjLoc(aloccode[BW m —1])1 <m < NAD,, ,

ALEVW 5 (m) — 2AdjLev(alevcode[B][W][m—l]) ’1 <m< NADW R

ALoC,, ,(0)=0

Lif NAD,, , =0
ALEV __(0)= :
PN LALEY, 4 (1)otherwise

256, ==0if ONLY LONG_SEQUENCE

112,/ ==0)
ifLONG START SEQUENCE

W ==

ALPC, 5 (NADy , +1)= 32,0 <W < 7if EIGHT SHORT SEQUENCE

12,0 ==0

if LONG_STOP SEQUENCE
256, ==1 - -

ALEV,, ,(NAD,, , +1)=1

where

NAD,, ,: Gain Control Information Number, an integer
ALOC,, , m): Gain Control Location, @n integer

ALEV,, ,(): Gain Control Level;an integer-valued real number

B: Band ID, an integer from 1 to 3
w. Window ID,;an integer from 0 to 7
m: an integer

aloccode|B][W][m] must be set so that {ALOCW’B(m)} satisfies the following conditiong.

ALPEy ,(m, )< ALOC,, ,(m, )1 <m, <m, < NAD,, , +1

In cases of LONG_START_SEQUENCE and LONG_STOP_SEQUENCE, the values 14
and 15 of aloccode[B][0][m] are invalid. AdjLoc() is defined in Table 64. AdjLev() is defined
in Table 65.

16.3.2 Gain Control Function Setting
The Gain control function is obtained as follows.

(1)
My 5, :Max{m tALOC,, 4 (m)< j},
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0< j<255W ==0ifONLY LONG SEQUENCE

0<j<111W ==0)
ifLONG_START SEQUENCE
0< <31 ==1

0< j<31,0<W <7ifEIGHT SHORT SEQUENCE

0< <1117 ==0)
| (fLONG_STOP_SEQUENCE

(3)
if ON

0< <255 =
ALEV,, (M, .,
Inter| ALEV,, 4 (MW,B,j +1)’ ’
FMDW,B(j)Z Jj—ALOC, , (MW,B,_/')

if ALOC,, ,(M,, , )< j < ALOC, ,(M,, , )+7
ALEV,, (M, , . +1)otherwise

LY_LONG_SEQUENCE

\_ [ALEV, ,(0)x PFMD,(j)0 < j <235
GMF, 5(/)= {FMD()’B (j—256)256 < j <511

PFMD,(j)=FMD, ,(j)0 < j <255

ifLONG_START_SEQUENCE

if EIC

ALEV, ,(0)x ALEV, ,(0)x PFMD,(j)0 < j < 255
GME, (/)= ALEV, ,(0)sFMD, ,(j —256)256 < j <367
o8 FMD, (;(;j—368)368 < j <399
1400< j <511

PEMD,(j)£ FMD, ,(j)0< j <31
5HT_SHORT_SEQUENCE
ALEV,, ,(0)x PEMD,(j)J7 == 00< j <31

GME,, ,(j)= jALEVW L0)xFMD,, , ,(j)1<w <70< /<31

|FMD, ,(j-32)0<W <732< /<63

PEMD,(j)=FMD, ,(j)0< j <31

if LONG_STOP_SEQUENCE

© 180/

1L0<j<111

ALEV, ,(0)x ALEV; ,(0)x PFMD,(j-112)112< j <143
ALEV, ,(0)x FMD, ,(j —144)144 < j < 255

FMD, ,(j—256)256< j<511

GMF, ,(j)=

IEC 2004 — All rights reserved
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PFMD,(j)=FMD, ,(j)0 < j <255

AD,, 5 (j)

1
- GMFW,B(j)’

0< j<511W ==0ifONLY LONG SEQUENCE
0< j <511 == 0ifLONG_START SEQUENCE

haha mh G el =)

Fal . o WY 11z ALY QIIADT QI
U= /305,y =7 LIULLL  JSITURNT  SEVJULINCL

0< j <511V == 0if LONG_STOP_SEQUENCE

where
FMD,, , (j): Fragment Modification Function, a real number
PFMD,(j): Fragment Modification Function of previous frame, a real number
GMFW,B(j . Gain Modification Function, a real number
4D, ,(j):|  Gain Control Function, a real number
ALOCW’B(vn): Gain Control Location defined in subclause*16.3.1, an integer
ALEV,, (#): Gain Control Level defined in subcladse 16.3.1, an integer-valued real nlimber
B: Band ID, an integer from 1 to 3
w. Window ID, an integer from 0-to 7
M, ., an integer
m: an integer
and
(8- )logz (@)t jlog, (b)

Int ’r(a,b,j) =2 8
Note that the initiakyalue of PFMD,(j) must be set 1.0.
16.3.3 Gain Control Windowing and Overlapping
Band San ple Data are obtained through the processes (1) to (?) shown below

(1) Gain Control Windowing

ifB=0

Ty (]) =Up s (j),

112

0< j<511J¥ ==0ifONLY LONG SEQUENCE
0< j <5117 ==0ifLONG_START SEQUENCE
0< j<63,0<W <7ifEIGHT SHORT SEQUENCE
0< j <511V == 0if LONG_STOP_SEQUENCE
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else
Ty 5(7)= 4Dy 5 (/)x U, 5 (j)
0< /<511 == 0ifONLY_LONG SEQUENCE
0< j <511 == 0ifLONG_START SEQUENCE
0< j<63,0<W <7ifEIGHT SHORT SEQUENCE
0< j <511 == 0if LONG_STOP_SEQUENCE

(2) Qverlapping
if ONLY_LONG_SEQUENCE

V(j)=PT,(j)+ T, (/)0 < j <255
PT,(j)=T,,(j+256)0< j <255

ifLONG_START_SEQUENCE
Ve(j)=PT,(j)+T,,(j)0< j<255

V,(j+256)=T, ,(j+256)0< j <111
PT,(j)=T,,(j+368)0< j<31

if EIGHT _SHORT_SEQUENCE
VB(]):PTB(j)+TW,B(j):W ==0,0 < 431

V(32w + j)=T,_ ,(j +32)+ T, (i<W <7,0< j <31
PT,(j)=T,,(j+32)W =70 < j <31

if LONG_STOP_SEQUENGE
Ve(j)=PT,(j)+ T, 5(j+112)0< j <31

V,(j+32)=Ty;(j+144)0< j <111

PT, ()3T, ,(j +256)0 < j <255

where

Uy s A Band Spectrum Data, a real number

T, ,(/): Gain Controlled Block Sample Data, a real number

PT,(j): Gain Controlled Block Sample Data of previous frame, a real number
V() Band Sample Data, a real number

4D, ,(j):  Gain Control Function defined in subclause 16.3.2, a real number

B: Band ID, an integer from 0 to 3
W:  Window ID, an integer from O to 7

© ISO/IEC 2004 — All rights reserved 113


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 13

J: an i

Note that t

818-7:2004(E)

nteger
he initial value of PT,(;) must be set 0.0.

16.3.4 Synthesis Filter
Audio Sample Data are obtained from the following equations.

(M
Vil

j)

v,y (k)if j == 4 oo

O

AS|

where

LG,w’oc

(2B+1)2j-3)r
16

<

j<950<B<3

)=00)scof

Jo

=33 0,())x7,(n- j)

B=0 j=0

AS(n): Audio Sample Data

V,(n): Bal
V,(7): Intq
0,(/):Sy
0(j): Pro
B: Bat
w. Wi
n: an
J: an
k: an
The valug
obtained f

nd Sample Data defined in subclause 16:3:3, a real number

rpolated Band Sample Data, a realntimber

thesis Filter Coefficients, a realnumber

totype Coefficients given below, a real number

nd ID, an integer from 0-to 3

imdow ID, an integer from 0 to 7

nteger
nteger
nteger

s of Q(0) to Q(47) are shown in Table 66. The values of Q(48) to Q(9
rer-the following equation.

b) are

0(j)=0(95- j)48< j <95

114
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Diagrams
window
sequence
. gain control tool
gain_
control
data
256 or 32 I : Overlapping
IMDCT v
tput
j——Lain PERt
Spectral .| 256 or 32 E Compens at_or data
reverse " IMDCT ”| & Overlapping IPQF ’
. Gain
256 or 32 » Compensator
IMDCT »| & Overlapping
- Gain
Spectral | | 2560r 32 » Compensator
reverse "| IMDCT V ”| & Overlapping
non-
overlapped
time signal
Figure 9 —Block diagram of gain control tool
Tables
Table 64 — AdjLoc()
AC AdjLoc(AC) AC AdjLoc(AC)
0 0 16 128
1 8 17 136
2 16 18 144
3 24 19 152
4 32 20 160
5 40 21 168
6 48 22 176
7 56 23 184
8 64 24 192
9 72 25 200
10 80 26 208
11 88 27 216
12 96 28 224
13 104 29 232
14 112 30 240
15 120 31 248
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Table 65— AdjLev()

AV AdjLev(AV)
0 -4
1 -3
2 -2
3 -1
4 0
5 1
6 2
7 3
8 4
9 5
10 6
11 7
12 8
13 9
14 10
15 11
Table66 —Q()
Q() j Q(j)

9.7655291007575512E-05 | 24 | -2.2656858741499447E-02
1.3809589379038567E-04 | 25 | -6.8031113858963354E-03
9.8400749256623534E-05 | 26 | 1.5085400948280744E-02
8.6671544782335723E-05 | 27.~3:9750993388272739E-02
4.6217998911921346E-04 | 28 [+ 6.2445363629436743E-02
1.0211814095158174E-03y29 | 7.7622327748721326E-02
1.6772149340010668E-03 |30 | 7.9968338496132926E-02
-2.2533338951411081E=03 | 31 | 6.5615493068475583E-02
-2.4987888343213967E-03 | 32 | 3.3313658300882690E-02
-2.1390815966764882E-03 | 33 | -1.4691563058190206E-02
10 | -9.55953974545897772E-04 | 34 | -7.2307890475334147E-02
11| 1.1172111530118943E-03 | 35 | -1.2993222541703875E-01
12 | 3.9091309427348584E-03 | 36 | -1.7551641029040532E-01
13 | 6.9635703420118673E-03 | 37 | -1.9626543957670528E-01
14 | 9.5595442159478339E-03 | 38 | -1.8073330670215029E-01
15| 1:0815766540021360E-02 | 39 | -1.2097653136035738E-01
16_{19:8770514991715300E-03 | 40 | -1.4377370758549035E-02
17 6.1562567291327357E-03 | 41 | 1.3522730742860303E-01
18 | -4.1793946063629710E-04 | 42 | 3.1737852699301633E-01
19 [-9.2128743097707640E-03 | 43 | 5.1590021798482233E-01
20 |-1.8830775873369020E-02 | 44 | 7.1080020379761377E-01
21 |-2.7226498457701823E-02 | 45 | 8.8090632488444798E-01
22 |-3.2022840857588906E-02 | 46 | 1.0068321641150089E+00
23 | -3.0996332527754609E-02 | 47 | 1.0737914947736096E+00
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Huffman Codebook Tables

Table A.1 — Scalefactor Huffman Codebook

index length codeword index length codeword
(hexadecimal) (hexadecimal)
0 18 3ffe8 61 4 a
1 18 Ifel 82 4 c
2 18 3ffe7 63 5 1b
3 18 3ffe5 64 6 39
4 19 7fff5 65 6 3b
5 19 7fff1 66 7 78
6 19 7ffed 67 7 7la
7 19 7ff6 68 8 f7
8 19 7ffee 69 8 S
9 19 7ffef 70 9 1f6
10 19 7ff0 71 9 1f9
11 19 7fffc 72 10 3f4
12 19 7fffd 73 10 3f6
13 19 7Ffff 74 10 3f8
14 19 7fffe 75 11 7f5
15 19 77 76 11 7f4
16 19 7ff8 77 11 7f6
17 19 7fffb 78 11 7f7
18 19 7ff9 79 12 fl5
19 18 3ffed 80 12 fl8
20 19 7iffa 81 13 114
21 18 3ffe3 82 13 116
22 17 1ffef 83 13 118
23 17 1£ff0 84 14 31f8
24 16 ff5 85 14 314
25 17 1ffee 86 16 fff0
26 16 ff2 87 15 714
27 16 ff3 88 16 ff6
28 16 ff4 89 15 715
29 16 ff1 90 18 3fle2
30 15 7f6 91 19 7fld9
31 15 7ff7 92 19 7flda
32 14 3ff9 93 19 7fldb
33 14 3ff5 94 19 7f{dc
34 14 37 95 19 7H#dd
35 14 3ff3 96 19 7ffde
36 14 3ff6 97 19 7ffd8
37 14 3ff2 98 19 7ffd2
38 13 17 99 19 7ffd3
39 13 1ff5 100 19 7ffd4
40 12 ff9 101 19 7ffd5
41 12 ff7 102 19 7ffd6
42 12 ff6 103 19 7fff2
43 11 7f9 104 19 7ffdf
44 12 ff4 105 19 7ffe7
45 11 718 106 19 7ffe8
46 10 3f9 107 19 7ffe9
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Table A.1 (continued)

index length codeword index length codeword

(hexadecimal) (hexadecimal)
47 10 3f7 108 19 7ffea
48 10 3f5 109 19 7ffeb
49 9 118 110 19 7ffe6
50 9 117 111 19 7ffe0
51 8 fa 112 19 7ffel
52 8 f8 113 19 7ffe2
53 8 f6 114 19 7ffe3
54 7 79 5 19 Tied
85 6 3a 116 19 7ffes
56 6 38 117 19 7ffd7)
87 5 1a 118 19 7ffec
58 4 b 119 19 Tfff4
59 3 4 120 19 7fff3
40 1 0
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Table A.2 — Spectrum Huffman Codebook 1

index length codeword index length codeword
(hexadecimal) (hexadecimal)

0 11 7f8 41 5 14
1 9 1f1 42 7 65
2 11 7fd 43 5 16
3 10 3f5 44 7 6d
4 7 68 45 9 1e9
5 10 3f0 46 7 63
6 11 7f7 47 9 1e4
7 &) tec 48 7 b
8 11 7f5 49 5 13
9 10 3f1 50 7 7
10 7 72 51 9 1¢3
11 10 3f4 52 7 70
12 7 74 53 9 13
13 5 11 54 14 7fe
14 7 76 55 9 1¢7
15 9 1eb 56 11 713
16 7 6c 57 9 1gf
17 10 3f6 58 7 60
18 11 7fc 59 9 1¢e
19 9 1e1 60 11 7f0
20 11 7f1 61 9 1¢2
21 9 110 62 11 7fa
22 7 61 63 10 3[3
23 9 116 64 7 Ga
24 11 7f2 65 9 1¢8
25 9 1ea 66 7 75
26 11 7ib 67 5 10
27 9 112 68 7 73
28 7 69 69 9 114
29 9 1ed 70 7 Ge
30 7 77 71 10 3f7
31 5 17 72 11 7f6
32 7 6f 73 9 1¢0
33 9 1e6 74 11 719
34 7 64 75 10 312
35 9 1e5 76 7 66
36 7 67 77 9 15
37 5 15 78 11 7ff
38 7 62 79 9 17
39 5 12 80 11 74
40 1 0
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Table A.3 — Spectrum Huffman Codebook 2

index length codeword index length codeword
(hexadecimal) (hexadecimal)
0 9 113 41 5 7
1 7 6f 42 6 1d
2 9 1fd 43 5 b
3 8 eb 44 6 30
4 6 23 45 8 ef
5 8 ea 46 6 1c
6 9 117 47 7 64
7 8 e8 48 B te
B 9 1fa 49 5 c
D 8 f2 50 6 29
10 6 2d 51 8 f3
11 7 70 52 6 2f
12 6 20 53 8 f0
13 5 6 54 9 1fc
14 6 2b 55 7 71
15 7 6e 56 9 1f2
16 6 28 57 8 f4
17 8 e9 58 6 21
18 9 1f9 59 8 €6
19 7 66 60 8 f7
20 8 f8 61 7 68
21 8 e7 62 9 118
22 6 1b 63 8 ee
23 8 f1 64 6 22
24 9 114 65 7 65
25 7 6b 66 6 31
26 9 115 67 4 2
27 8 ec 68 6 26
28 6 2a 69 8 ed
29 7 6c 70 6 25
30 6 2c 71 7 6a
31 5 a 72 9 1fb
32 6 27 73 7 72
33 7 67 74 9 1fe
34 6 1a 75 7 69
35 8 f5 76 6 2e
36 6 24 77 8 f6
37 5 8 78 9 1ff
38 6 1f 79 7 6d
39 5 9 80 9 16
0 3 0
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Table A.4 — Spectrum Huffman Codebook 3

index length codeword index length codeword
(hexadecimal) (hexadecimal)

0 1 0 41 10 3ef
1 4 9 42 9 13
2 8 ef 43 9 14
3 4 b 44 11 716
4 5 19 45 9 1e8
5 8 f0 46 10 3ea
6 9 1eb 47 13 1ffc
7 9 16 48 8 R

8 10 3f2 49 9 11

9 4 a 50 12 flo

10 6 35 51 10 3f5
11 9 1ef 52 11 7f3
12 6 34 53 12 flc

13 6 37 54 8 de

14 9 1e9 55 10 3f7
15 9 1ed 56 15 7ife
16 9 1e7 57 9 1f0
17 10 3f3 58 11 715
18 9 1ee 59 15 7{fd
19 10 3ed 60 13 11fb
20 13 1ffa 61 14 3ffa
21 9 1ec 62 16 fiff
22 9 12 63 8 ffl

23 11 79 64 10 3f0
24 11 718 65 14 3ifc
25 10 3f8 66 9 1¢a
26 12 8 67 10 3¢e
27 4 8 68 14 3ffb
28 6 38 69 12 fl6

29 10 3f6 70 12 fla

30 6 36 71 15 7ifc
31 7 75 72 11 7f2
32 10 3f1 73 12 fl5

33 10 3eb 74 16 fife
34 10 3ec 75 10 3f4
35 12 ff4 76 11 7f7
36 5 18 77 15 7ifb
37 7 76 78 12 fl7
38 11 7f4 79 12 f{9
39 6 39 80 15 7ffa

N
(@

4
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Table A.5 — Spectrum Huffman Codebook 4

index length codeword index length codeword
(hexadecimal) (hexadecimal)
0 4 7 41 7 6b
1 5 16 42 8 ed
2 8 f6 43 7 69
3 5 18 44 9 113
4 4 8 45 8 eb
5 8 ef 46 8 eb
6 9 1ef 47 10 36
7 8 f3 48 7 Be
B 11 7f8 49 7 6a
D 5 19 50 9 1H4
10 5 17 51 10 3ec
11 8 ed 52 9 110
12 5 15 53 10 3f9
13 4 1 54 8 5
14 8 e2 55 8 ec
15 8 f0 56 14 7fb
16 7 70 57 8 ea
17 10 3f0 58 7 6f
18 9 1ee 59 10 3f7
19 8 f1 60 11 7f9
20 11 7fa 61 10 3f3
21 8 ee 62 12 fff
22 8 e4 63 8 e9
23 10 3f2 64 7 6d
24 11 76 65 10 3f8
25 10 3ef 66 7 6c
26 11 7fd 67 7 68
27 4 5 68 9 15
28 5 14 69 10 3ee
29 8 f2 70 9 1f2
30 4 9 71 11 74
31 4 4 72 11 77
32 8 e5 73 10 3f1
33 8 f4 74 12 ffe
34 8 e8 75 10 3ed
35 10 34 76 9 1f1
36 4 6 77 11 75
37 4 2 78 11 7fe
38 8 e7 79 10 35
39 4 3 80 11 7fc
0 ) 0
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Table A.6 — Spectrum Huffman Codebook 5

N
(@

U

index length codeword index length codeword
(hexadecimal) (hexadecimal)

0 13 1fff 41 4 a

1 12 ff7 42 7 71
2 11 74 43 8 f3
3 11 7¢e8 44 11 7e9
4 10 3f1 45 11 7ef
5 11 7ee 46 9 lee
6 11 7f9 47 8 ef
7 12 ff8 48 5 8
8 13 1ffd 49 4 9
9 12 ffd 50 5 b
10 11 7f1 51 8 éb
11 10 3e8 52 9 1e9
12 9 1e8 53 11 Tec
13 8 f0 54 11 16
14 9 1ec 55 10 3eb
15 10 3ee 56 9 113
16 11 72 57 8 éd
17 12 ffa 58 7 (2
18 12 ff4 59 8 €9
19 10 3ef 60 9 11
20 9 1f2 61 10 3ed
21 8 e8 62 11 17
22 7 70 63 12 1f6
23 8 ec 64 11 1f0
24 9 10 65 10 3e9
25 10 3ea 66 9 1led
26 11 713 67 8 [1
27 11 7eb 68 9 lea
28 9 1eb 69 10 Jec
29 8 ea 70 11 18
30 5 1a 71 12 1f9
31 4 8 72 13 1lffc
32 5 19 73 12 ffic
33 8 ee 74 12 15
34 9 1ef 75 11 Tea
35 11 7ed 76 10 33
36 10 3f0 77 10 32
37 8 f2 78 11 15
38 7 73 79 12 ifb
39 4 b 80 13 1ffe

1
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Table A.7 — Spectrum Huffman Codebook 6

index length codeword index length codeword
(hexadecimal) (hexadecimal)
0 11 7fe 41 4 3
1 10 3fd 42 6 2f
2 9 111 43 7 73
3 9 1eb 44 9 1fa
4 9 1f4 45 9 1e7
5 9 1ea 46 7 6e
6 9 1f0 47 6 2b
1 10 3fc 48 7% 7
§ 11 7fd 49 4 1
9 10 3f6 50 4 5
1P 9 1e5 51 6 2c
1" 8 ea 52 7 6d
1P 7 6c 53 9 1ec
1B 7 71 54 9 119
14 7 68 55 8 ee
1p 8 f0 56 6 30
1B 9 1e6 57 6 24
1¥ 10 3f7 58 6 2a
18 9 13 59 6 25
1P 8 ef 60 6 33
2D 6 32 61 8 ec
21 6 27 62 9 112
2p 6 28 63 10 3f8
2B 6 26 64 9 1e4
24 6 31 65 8 ed
2b 8 eb 66 7 Ba
2B 9 17 67 7 70
2y 9 1e8 68 7 69
2B 7 6f 69 7 74
2p 6 2e 70 8 f1
3p 4 8 71 10 3fa
3l 4 4 72 11 7ff
3p 4 6 73 10 3f9
3B 6 29 74 9 116
3t ¥ 6b 75 9 1ed
3p 9 1ee 76 9 118
3p 9 1ef 77 9 1e9
3y 7 72 78 9 115
3B 6 2d 79 10 3fb
3p 4 2 80 11 7fc
40 4

U
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Table A.8 — Spectrum Huffman Codebook 7

index length codeword index length codeword
(hexadecimal) (hexadecimal)
0 1 0 32 8 f3
1 3 5 33 8 ed
2 6 37 34 9 1e8
3 7 74 35 9 1ef
4 8 f2 36 10 3ef
5 9 1eb 37 10 3f1
6 10 3ed 38 10 3f9
7 + TH7 39 + qfb
8 3 4 40 9 1led
9 4 c 41 8 bf
10 6 35 42 9 lea
11 7 71 43 9 112
12 8 ec 44 10 33
13 8 ee 45 10 38
14 9 1ee 46 ™ 19
15 9 15 47 11 1fc
16 6 36 48 10 3ee
17 6 34 49 9 lec
18 7 72 50 9 14
19 8 ea 51 10 3f4
20 8 f1 52 10 37
21 9 1e9 53 11 18
22 9 113 54 12 ffd
23 10 3f5 55 12 ffe
24 7 73 56 11 16
25 7 70 57 10 3f0
26 8 eb 58 10 32
27 8 f0 59 10 3f6
28 9 111 60 11 1fa
29 9 1f0 61 11 1fd
30 10 3ec 62 12 ffc
31 10 3fa 63 12 i
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Table A.9 — Spectrum Huffman Codebook 8

index length codeword index length codeword
(hexadecimal) (hexadecimal)
0 5 e 32 7 71
1 4 5 33 6 2b
2 5 10 34 6 2d
3 6 30 35 6 31
4 7 6f 36 7 6d
5 8 f1 37 7 70
6 9 1fa 38 8 f2
L 10 3fe 39 9 19
§ 4 3 40 8 ef
g 3 0 41 7 68
1D 4 4 42 6 33
1 5 12 43 7 6b
1P 6 2c 44 7 6e
18 7 6a 45 8 ee
14 7 75 46 8 f9
1p 8 f8 47 10 3fc
1B 5 f 48 9 1f8
17 4 2 49 7 74
18 4 6 50 7 73
1P 5 14 51 8 ed
2D 6 2e 52 8 f0
21 7 69 53 8 f6
2p 7 72 54 9 116
2B 8 5 55 9 1fd
24 6 2f 56 10 3fd
2b 5 11 57 8 f3
2B 5 13 58 8 f4
2y 6 2a 59 8 f7
2B 6 32 60 9 117
2p 7 6c 61 9 1fb
3p 8 ec 62 9 1fc
3l 8 fa 63 10 3ff
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Table A.10 — Spectrum Huffman Codebook 9
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index length codeword index length codeword
(hexadecimal) (hexadecimal)
0 1 0 85 12 fda
1 3 5 86 12 fe3
2 6 37 87 12 fe9
3 8 e’ 88 13 1fe6
4 9 1de 89 13 113
5 10 3ce 90 13 1ff7
6 10 3d9 91 11 7d3
T L 7C8 92 10 308
8 11 7cd 93 10 3e1
9 12 fc8 94 11 7d4
10 12 fdd 95 11 7d9
11 13 1fed 96 12 fd3
12 13 1fec 97 12 fde
13 3 4 98 13 1fdd
14 4 c 99 13 1fd9
15 6 35 100 13 1fe2
16 7 72 101 13 1fea
17 8 ea 102 13 1f1
18 8 ed 103 13 1f6
19 9 1e2 104 11 7d2
20 10 3d1 105 10 3d4
21 10 3d3 106 10 3da
22 10 3e0 107 11 7c7
23 11 7d8 108 11 7d7
24 12 fcf 109 11 7e2
25 12 fd5 110 12 fce
26 6 36 111 12 fdb
27 6 34 112 13 1fd8
28 7 71 113 13 1fee
29 8 e8 114 14 3ff0
30 8 ec 115 13 1f4
31 9 1e1 116 14 3ff2
32 10 3cf 117 11 7e1
33 10 3dd 118 10 3df
34 10 3db 119 11 7c9
35 11 7d0 120 11 7d6
36 12 fc7 121 12 fca
37 12 fd4 122 12 fd0
38 12 fe4 123 12 feb
39 8 e6 124 12 fe6
40 7 70 25 T3 TTeb
41 8 e9 126 13 1fef
42 9 1dd 127 14 3ff3
43 9 1e3 128 14 3ff4
44 10 3d2 129 14 3ff5
45 10 3dc 130 12 fe0
46 11 7cc 131 11 7ce
47 11 7ca 132 11 7d5
48 11 7de 133 12 fcb
49 12 fd8 134 12 fd1
50 12 fea 135 12 fe1
51 13 1fdb 136 13 1fe0
52 9 1df 137 13 1fe8
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Table A.10 (continued)

index length codeword index length codeword
(hexadecimal) (hexadecimal)

53 8 eb 138 13 1f0
54 9 1dc 139 14 3ff1
55 9 1e6 140 14 3ff8
56 10 3d5 141 14 3ff6
57 10 3de 142 15 7ffc
58 11 7¢cb 143 12 fe8
59 11 7dd 144 11 7df
80 + 7dT %5 12 fco
61 12 fcd 146 12 fd7
62 12 fe2 147 12 fdc
63 12 fe7 148 13 1fde
64 13 1fe1 149 13 1Hdf
65 10 3d0 150 13 1fed
66 9 1e0 151 13 1f5
67 9 1e4 152 14 3ff9
68 10 3d6 153 14 3ffb
69 11 7c5 154 15 7ffd
70 11 7d1 155 15 7ffe
71 11 7db 156 13 1fe7
72 12 fd2 157 12 fcc
73 11 7e0 158 12 fd6
74 12 fd9 159 12 fdf
75 12 feb 160 13 1fde
76 13 1fe3 161 13 1fda
77 13 1fe9 162 13 1fe5
78 11 7c4 163 13 112
79 9 1e5 164 14 3ffa
80 10 3d7 165 14 3ff7
81 11 7c6 166 14 3ffc
82 11 7cf 167 14 3ffd
83 11 7da 168 15 7fff
84 12 fcb
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Table A.11 — Spectrum Huffman Codebook 10

index length codeword index length codeword
(hexadecimal) (hexadecimal)

0 6 22 85 9 1c7
1 5 8 86 9 1ca
2 6 1d 87 9 1e0
3 6 26 88 10 3db
4 7 5f 89 10 3e8
5 8 d3 90 11 7ec
6 9 1cf 91 9 1e3
7 19 346 92 8 72

8 10 3d7 93 8 b

9 10 3ed 94 8 ¢0

10 11 7f0 95 8 d7

11 11 7f6 96 8 db

12 12 ffd 97 9 1c6
13 5 7 98 9 1ld5
14 4 0 99 9 1ld8
15 4 1 100 10 Jca
16 5 9 101 10 3da
17 6 20 102 11 7lea
18 7 54 103 11 1f1

19 7 60 104 9 Tle1
20 8 d5 105 8 d4

21 8 dc 106 8 Ccf

22 9 1d4 107 8 {6

23 10 3cd 108 8 de

24 10 3de 109 8 ¢1

25 11 7e7 110 9 1ido
26 6 1c 111 9 1ld6
27 4 2 112 10 3d1
28 5 6 113 10 3d5
29 5 c 114 10 32
30 6 1e 115 11 Tlee
31 6 28 116 11 1fo
32 7 5b 117 10 3e9
33 8 cd 118 9 Tlcd
34 8 do9 119 9 1lc8
35 9 1ce 120 9 1lcb
36 9 1dc 121 9 1fd1
37 10 3d9 122 9 1ld7
38 10 3f1 123 9 1df
39 6 25 124 10 3Jcf
40 5 D 120 10 e0
41 5 a 126 10 3ef
42 5 d 127 11 7e6
43 6 24 128 11 7f8
44 7 57 129 12 ffa

45 7 61 130 10 3eb
46 8 cc 131 9 1dd
47 8 dd 132 9 1d3
48 9 1cc 133 9 1d9
49 9 1de 134 9 1db
50 10 3d3 135 10 3d2
51 10 3e7 136 10 3cc
52 7 5d 137 10 3dc
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Table A.11 (continued)

index length codeword index length codeword
(hexadecimal) (hexadecimal)

53 6 21 138 10 3ea
54 6 1f 139 11 7ed
55 6 23 140 11 7f3
56 6 27 141 11 7f9
57 7 59 142 12 ff9
58 7 64 143 11 72
59 8 d8 144 10 3ce
6p 8 df 45 9 te4
6|l 9 1d2 146 10 3ch
6p 9 1e2 147 10 3d8
6B 10 3dd 148 10 3d6
6 10 3ee 149 10 3e2
6p 8 d1 150 10 3e5
6p 7 55 151 11 7e8
6y 6 29 152 11 74
68 7 56 153 " 75
6p 7 58 154 M 77
7D 7 62 155 12 ffb
71 8 ce 156 11 7fa
7P 8 el 157 10 3ec
7B 8 e2 158 10 3df
74 9 1da 159 10 3e1
75 10 3d4 160 10 3e4
7B 10 3e3 161 10 3e6
7V 11 7eb 162 10 3f0
78 9 1¢c9 163 11 7e9
7P 7 5e 164 11 7ef
8p 7 5a 165 12 ff8
8ll 7 5C 166 12 ffe
8p 7 63 167 12 ffc
8B 8 ca 168 12 fff
8t 8 da
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Table A.12 — Spectrum Huffman Codebook 11

index length codeword index length codeword
(hexadecimal) (hexadecimal)

0 4 0 145 10 38d
1 5 6 146 10 398
2 6 19 147 10 3b7
3 7 3d 148 10 3d3
4 8 9 149 10 3d1
5 8 c6 150 10 3db
6 9 1a7 151 11 7dd
7 19 399 152 8 4
8 10 3c2 153 10 3de
9 10 3df 154 9 1la9
10 11 7¢6 155 9 1lob
11 11 7f3 156 9 19c
12 12 ffb 157 9 1la1
13 11 7ec 158 9 1laa
14 12 ffa 159 9 1lad
15 12 ffe 160 9 1b3
16 10 38e 161 10 38b
17 5 5 162 10 3b2
18 4 1 163 10 3bs
19 5 8 164 10 Jee
20 6 14 165 10 Jet
21 7 37 166 10 3e0
22 7 42 167 11 7d2
23 8 92 168 11 7e5
24 8 af 169 8 7
25 9 191 170 11 7e3
26 9 1a5 171 9 1lob
27 9 1b5 172 9 128
28 10 39 173 9 126
29 10 3c0 174 9 100
30 10 3a2 175 9 1o2
31 10 3cd 176 9 107
32 K 7d6 177 10 39b
33 8 ae 178 10 39a
34 6 17 179 10 3ba
35 5 7 180 10 3b5
36 5 9 181 10 3d6
37 6 18 182 11 7d7
38 7 39 183 10 Je4
39 7 40 184 11 7d8
40 s ] oe 160 T ea
41 8 a3 186 8 ba
42 8 b8 187 11 7e8
43 9 199 188 10 3a0
44 9 1ac 189 9 1bd
45 9 1ct 190 9 1b4
46 10 3b1 191 10 38a
47 10 396 192 9 1c4
48 10 3be 193 10 392
49 10 3ca 194 10 3aa
50 8 9d 195 10 3b0
51 7 3c 196 10 3bc
52 6 15 197 10 3d7
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Table A.12 (continued)

index length codeword index length codeword
(hexadecimal) (hexadecimal)

53 6 16 198 11 7d4
54 6 1a 199 11 7dc
55 7 3b 200 11 7db
56 7 44 201 11 7d5
57 8 91 202 11 7f0
58 8 a5 203 8 c1

59 8 be 204 11 7fb
60 &) 196 205 10 3c8
6| 9 1ae 206 10 3a3
6R 9 1b9 207 10 395
6B 10 3a1 208 10 39d
6 10 391 209 10 3ac
6p 10 3a5 210 10 3ae
6p 10 3d5 211 10 3c5
6y 8 94 212 10 3d8
68 8 9a 213 10 3e2
6P 7 36 214 10 3eb
7D 7 38 215 11 7e4
7| 7 3a 216 11 7e7
7P 7 41 217 11 7e0
7B 8 8c 218 11 7e9
74 8 9%b 219 11 77
75 8 b0 220 9 190
7B 8 c3 221 11 72
v 9 19e 222 10 393
78 9 1ab 223 9 1be
7P 9 1bc 224 9 1c0
8p 10 39f 225 10 394
8ll 10 38f 226 10 397
8p 10 3a9 227 10 3ad
8B 10 3cf 228 10 3c3
8t 8 93 229 10 3c1
8p 8 bf 230 10 3d2
8p 7 3e 231 11 7da
8y 4 3f 232 11 7d9
8B 7 43 233 11 7df
8P 7 45 234 11 7eb
9p 8 %e 235 11 74
ot 8 a7 236 11 7fa
9P 8 b9 237 9 195
93 9 94 233 T1 718
94 9 1a2 239 10 3bd
95 9 1ba 240 10 39c
96 9 1c3 241 10 3ab
97 10 3ab 242 10 3a8
98 10 3a7 243 10 3b3
99 10 3bb 244 10 3b9
100 10 3d4 245 10 3d0
101 8 of 246 10 3e3
102 9 1a0 247 10 3e5
103 8 8f 248 11 7e2
104 8 8d 249 11 7de
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Table A.12 (continued)

index length codeword index length codeword
(hexadecimal) (hexadecimal)

105 8 90 250 11 7ed
106 8 08 251 11 7f1
107 8 ab 252 11 79
108 8 b6 253 11 7fc
109 8 c4 254 9 193
110 9 19f 255 12 ffd
111 9 1af 256 10 3dc
112 9 tbf 257 19 b6
113 10 399 258 10 3c7
114 10 3bf 259 10 dec
115 10 3b4 260 10 3cb
116 10 3c9 261 10 3d9
117 10 3e7 262 10 3da
118 8 a8 263 11 7d3
119 9 1b6 264 ik 7et
120 8 ab 265 11 Tlee
121 8 a4 266 11 Tef
122 8 aa 267 11 1f5
123 8 b2 268 11 1f6
124 8 c2 269 12 ffc
125 8 c5 270 12 fff
126 9 198 271 9 1lod
127 9 1a4 272 9 1lc2
128 9 1b8 273 8 5
129 10 38¢c 274 8 a1
130 10 3a4 275 8 D6
131 10 304 276 8 7
132 10 3c6 277 8 5
133 10 3dd 278 8 D9
134 10 3e8 279 8 20
135 8 ad 280 8 82
136 10 3af 281 8 ac
137 9 192 282 8 89
138 8 bd 283 8 X
139 8 bc 284 8 3
140 9 18e 285 8 b
141 9 197 286 8 -0
142 9 19a 287 9 1sf
143 9 1a3 288 5 4
144 9 1b1
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Table A.13 — Kaiser-Bessel window for SSR profile EIGHT_SHORT_SEQUENCE

i w(i) i w(i)

0 0.0000875914060105 16 0.7446454751465113
1 0.0009321760265333 17 0.8121892962974020
2 0.0032114611466596 18 0.8683559394406505
3 0.0081009893216786 19 0.9125649996381605
4 0.0171240286619181 20 0.9453396205809574
5 0.0320720743527833 21 0.9680864942677585
6 0.0548307856028528 22 0.9827581789763112
7 0.0871361822564870 23 0.9914756203467121
8 0.1302923415174603 24 0.9961964092194694
9 0.1848955425508276 25 0.9984956609571091
10 0.2506163195331889 26 0.9994855586984285
11 0.3260874142923209 27 0.9998533730714648
12 0.4089316830907141 28 0.9999671864476404
13 0.4959414909423747 29 0.9999948432453556
14 0.5833939894958904 30 0.9999995655238333
15 0.6674601983218376 31 0.9999999961638728
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Table A.14 — Kaiser-Bessel window for SSR profilefor other window sequences.

i w(i) i w(i)

0 0.0005851230124487 128 0.7110428359000029
1 0.0009642149851497 129 0.7188474364707993
2 0.0013558207534965 130 0.7265597347077880
3 0.0017771849644394 131 0.7341770687621900
4 0.0022352533849672 132 0.7416968783634273
5 0.0027342299070304 133 0.7491167073477523
6 0.0032773001022195 134 0.7564342060337386
7 0.0038671998069216 135 0.7636471334404891
8 0.0045064443384152 136 0.7707533593446514
9 0.0051974336885144 137 0.7777508661725849
10 0.0059425050016407 138 0.7846377507242818
11 0.0067439602523141 139 0.7914122257259034
12 0.0076040812644888 140 0.7980726212080798
13 0.0085251378135895 141 0.8046173857078919
14 0.0095093917383048 142 0.8110450872887550
15 0.0105590986429280 143 0.8173544143867162
16 0.0116765080854300 144 0.8235441764639875
17 0.0128638627792770 145 0.8296133044858474
18 0.0141233971318631 146 0.8355608512093652
19 0.0154573353235409 147 0:8413859912867303
20 0.0168678890600951 148 0:8470880211822968
21 0.0183572550877256 149 0.8526663589032990
22 0.0199276125319803 150 0.8581205435445334
23 0.0215811201042484 161 0.8634502346476508
24 0.0233199132076965 162 0.8686552113760616
25 0.0251461009666641 153 0.8737353715068081
26 0.0270617631981826 154 0.8786907302411250
27 0.0290689473405856 155 0.8835214188357692
28 0.0311696653515848 156 0.8882276830575707
29 0.0333658905863535 157 0.8928098814640207
30 0.0356595546648444 158 0.8972684835130879
31 0.0380525443366107 159 0.9016040675058185
32 0.0405466983507029 160 0.9058173183656508
33 0.0431438043376910 161 0.9099090252587376
34 0.0458455957104702 162 0.9138800790599416
35 0.0486537485902075 163 0.9177314696695282
36 0.0515698787635492 164 0.9214642831859411
37 0.0545955386770205 165 0.9250796989403991
38 0.0577322144743916 166 0.9285789863994010
39 0.0609813230826460 167 0.9319635019415643
40 0.0643442093520723 168 0.9352346855155568
41 0.0678221432558827 169 0.9383940571861993
42 0.0714163171546603 170 0.9414432135761304
43 0.0751278431308314 171 0.9443838242107182
44 0.0789577503982528 172 0.9472176277741918
45 0.0829069827918993 173 0.9499464282852282
46 0.0869763963425241 174 0.9525720912004834
47 0.0911667569410503 175 0.9550965394547873
48 0.0954787380973307 176 0.9575217494469370
49 0.0999129187977865 177 0.9598497469802043
50 0.1044697814663005 178 0.9620826031668507
51 0.1091497100326053 179 0.9642224303060783
52 0.1139529881122542 180 0.9662713777449607
53 0.1188797973021148 181 0.9682316277319895
54 0.1239302155951605 182 0.9701053912729269
55 0.1291042159181728 183 0.9718949039986892
56 0.1344016647957880 184 0.9736024220549734
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Table A.14 (continued)

i w(i) i w(i)
57 0.1398223211441467 185 0.9752302180233160
58 0.1453658351972151 186 0.9767805768831932
59 0.1510317475686540 187 0.9782557920246753
60 0.1568194884519144 188 0.9796581613210076
61 0.1627283769610327 189 0.9809899832703159
62 0.1687576206143887 190 0.9822535532154261
63 0.1749063149634756 191 0.9834511596505429
64 0.1811734433685097 192 0.9845850806232530
65 0.1875578769224857 193 0.9856575802399989
66 0.1940583745250518 194 0.9866709052828243
67 0.2006735831073503 195 0.9876272819448033
68 0.2074020380087318 196 0.9885289126911557
69 0.2142421635060113 197 0.9893779732525968
70 0.2211922734956977 198 0.9901766097569984
71 0.2282505723293797 199 0.9909269360049314
72 0.2354151558022098 200 0.9916310308941294
73 0.2426840122941792 201 0.9922909359973702
74 0.2500550240636293 202 0.9929086532976777
75 0.2575259686921987 203 0.9934861430841844
76 0.2650945206801527 204 0.9940253220113651
7 0.2727582531907993 205 0.9945280613237534
78 0.2805146399424422 206 0.9949961852476154
79 0.2883610572460804 207 0/9954314695504363
80 0.2962947861868143 208 0.9958356402684387
81 0.3043130149466800 209 0.9962103726017252
82 0.3124128412663888 210 0.9965572899760172
83 0.3205912750432127 211 0.9968779632693499
84 0.3288452410620226 212 0.9971739102014799
85 0.3371715818562547 213 0.9974465948831872
86 0.3455670606953511 214 0.9976974275220812
87 0.3540283646950029 215 0.9979277642809907
88 0.3625521080463003 216 0.9981389072844972
89 0.3711348353596863 217 0.9983321047686901
90 0.3797730251194006 218 0.9985085513687731
91 0.3884630932439016 219 0.9986693885387259
92 0.3972013967475546 220 0.9988157050968516
93 074059842374986933 221 0.9989485378906924
94 0.4148078660689724 222 0.9990688725744943
95 0.4236684856687616 223 0.9991776444921379
96 0.4325622561631607 224 0.9992757396582338
97 0.4414852981630577 225 0.9993639958299003
98 0.4504336971855032 226 0.9994432036616085
99 0.4594035078775303 227 0.9995141079353859
100 0.4683907582974173 228 0.9995774088586188
101 0.4773914542472655 229 0.9996337634216871
102 0.4864015836506502 230 0.9996837868076957
103 0.4954171209689973 231 0.9997280538466377
104 0.5044340316502417 232 0.9997671005064359
105 0.5134482766032377 233 0.9998014254134544
106 0.5224558166913167 234 0.9998314913952471
107 0.5314526172383208 235 0.9998577270385304
108 0.5404346525403849 236 0.9998805282555989
109 0.5493979103766972 237 0.9999002598526793
110 0.5583383965124314 238 0.9999172570940037
111 0.5672521391870222 239 0.9999318272557038
112 0.5761351935809411 240 0.9999442511639580
113 0.5849836462541291 241 0.9999547847121726
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Table A.14 (continued)

w(i)

w(i)

114 0.5937936195492526 242 0.9999636603523446
115 0.6025612759529649 243 0.9999710885561258
116 0.6112828224083939 244 0.9999772592414866
117 0.6199545145721097 245 0.9999823431612708
118 0.6285726610088878 246 0.9999864932503106
119 0.6371336273176413 247 0.9999898459281599
120 0.6456338401819751 248 0.9999925223548691
121 0.6540697913388968 249 0.9999946296375997
122 0.6624380414593221 250 0.9999962619864214
123 0.6707352239341151 251 0.9999975018180320
124 0.6789580485595255 252 0.9999984208055542
125 0.6871033051160131 253 0.9999990808746198
126 0.6951678668345944 254 0.999999535144623
127 0.7031486937449871 255 0.99999982881551565
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Annex B
(informative)
Information on Unused Codebooks

As specified by the normative part of this standard, the AAC decoder does not make use of
codebooks #12 and #13. However, if desired, a decoder may use these codebooks to
extend its functionality in a way that is consistent with other MPEG standards like
ISO/IEC 14496-3 which use these particular codebooks to indicate coding by extended
coding methods.

As an exajmple, the syniax in subclause 6.3 would change o

Table B.1 — Extended syntax for scale factor_data()

Syntax No. Of bits , Mhemonic
scdle_factor_data()

{

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 (sfb_cb[g][sfb] == 13)
if (noise_pcm_flag) {
noise_pcm_flag = 0;

dpcm_noise_nrg[g][sfbi; 9 uimsbf
} else
hcod_sf[dpcm_noise. nrg[g][sfb]]; 1..19 viclbf
else
hcod_sf[dpcm_sflg]isfb]]; 1..19 viclbf
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Annex C
(informative)
Encoder

CA1 Psychoacoustic Model

C11 General

This annex presents the general Psychoacoustlc Model for the AAC encoder . The
ked by the
5 has three

iblen must
ign process.

FT iblen =

1024, for short FFT iblen = 128.

2. Hor each FFT type the newest iblen samples ofcthe signal, with the samples delayed
(either in the filterbank or psychoacoustic calculation) such that the wingdow of the
psychoacoustic calculation is centered in the time-window of the codec tim¢/frequency
transform .

3. Tlhe sampling rate. There are sets ‘of tables provided for the standard samr)ling rates.
[ [ implementation
of the threshold calculation process.

The putput from the psychoacoustic model is :

1. &l set of Signal-to-Mask Ratios and thresholds  which are adapted to the gncoder as
described below,

2. the delayeditime domain data (PCM samples) , which are used by the MDCT

3. the block type for the MDCT ( long, start, stop or short type )

4. an estimation of how many bits should be used for encoding in addition to the average
available bits.

The delay of the PCM samples is necessary , because if the switch decision algorithm
detects an attack, so that short blocks have to be used for the actual frame, the long block
before the short blocks has to be ‘patched’ to a start block type in this case..

Before running the model initially, the array used to hold the preceding FFT source data
window and the arrays used to hold r(w) and f(w) should be zeroed to provide a known
starting point.
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c12 C

omments on Notation

Throughout this threshold calculation process, three indices for data values are used.
These are:

CA1.3

Several p
by the foll
ifj
t mpx

el se
t mpx

Where j is

indicates that the calculation is indexed by frequency in the FFT spectral line
domain. An index of 0 corresponds to the DC term and an index of 1023

corresponds to the spectral line at the Nyquist frequency.

indicates that the calculation is indexed in the threshold calculation partition

domaintmrthecasewherethecatcutatiominctudesaconvotutionmorsom

variable. Partition numbering starts at 0.

An index of 0 corresponds to the lowest scalefactor band.

The "Spreading Function"

pints in the following description refer to the "spreading-function”. It is calc
bwing method:
>= |

3.0 (j-i )

1.5(j-i)

the Bark value of the signal being spread, j is the Bark value of the band

spread intp, and tmpx is a temporary variable.

tnpz =|8 * mini num ((tnpx-0.5)2-2(trpx-0.5), 0)
Where tmpz is a temporary variable, and minimum (a , b) is a function returning the
negative qf a or b.

tnpy =|15.811389 + 7.5(tnpx.@ 0.474)-17.5(1. 0+(tnpx + 0.474)2)0.5
where tmpy is another temporary variable.

if (mpy <- 100) then{sprdngf (i, j) = 0} else {sprdngf (i, j) = 10N((tmpz + tmpy)/

C.1.4  Steps in Threshold Calculation
The following are-thie necessary steps for the calculation of SMR(n) and xmin(n) used
coder for long and short FFT.
1. Reconstruct2—*1bter samples of-thei put-sighat:

threshold calculation partition domain, bb will be used as the sumr

indicates that the calculation is indexed in the coder scalefacter-band dd

in the
nation

main.

Lilated

being

more

—

0)}

in the

iblen new samples are made available at every call to the threshold generator. The
threshold generator must store 2 * iblen - iblen samples, and concatenate those samples
to accurately reconstruct 2 * iblen consecutive samples of the input signal, s(i), where i
represents the index, 0 <= < 2 *iblen , of the current input stream.

Calculate the complex spectrum of the input signal.

First, s(i) is windowed by a Hann window, i.e.

swi) = s(i) * (0.5-0.5 * cos(( pi

140

*(i+0.5))/ iblen).

© ISO/IEC 2004 — All rights

reserved


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

4.

sin(f(w) - r_pred(w
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Second, a standard forward FFT of sw(i) calculated.Third, the polar representation of the
transform is calculated. r(w) and f(w) represent the magnitude and phase components of
the transformed sw(i), respectively.

. Calculate a predicted r(w) and f(w).

A predicted magnitude, r_pred(w) and phase, f pred(w) are calculated from the
preceding two threshold calculation blocks r(w) and f(w):

r_pred(w) =2.0*r (t-1)-r(t-2)
f_pred(w) =2.0 * f(t-1)-f (t-2)
where f represents the current block number, #-7 indexes the previous block’s Hata, and ¢-
2 Indexes the data from the threshold calculation block before that.

Q

alculate the unpredictability measure c(w).
(W = (((r(w) * cos(f(w)) - r_pred(w) * cos(f_pred(w)))*2 + (r(w) *

(@]

sin(f_pred(w)))”*2)70.5) / (r(w) + abs(r_pred(w))
This formula is used for each of the short blocks with theshort FFT, for long blocks for
the first 6 lines the unpredictability measure is calculated from the long FFT, for the
regmaining lines the minimum of the unpredictability of all short FFT's s used. If
cdlculation power should be saved, the unpredictability of the upper part of thie spectrum
cgn be set to 0.4.

(alculate the energy and unpredictability itvthe threshold calculation partition

UJ)

The energy in each partition, e(b), is:
do for each partition b:
e(b) =0
do fromlower index to upper index w of partition b
e(b) = e(b) + r(w?2
end do
end do

(efb) is used in the M/S-module (see subclause C.6.1) : e(b) is equal to Xengy with X’ = [
R|L,M,S]) and the-weighted unpredictability, c(b), is:
do for each“partition b:

c(b) =50

do frem | ower index to upper index w of partition b

efb) = c(b) +r(w"2 * c(w

end do
end-do
The-threshold calculation partitions provide a resolution of approximately either one FFT
line or 1/3 critical band, whichever is wider. At low frequencies, a single line of the FFT
will constitute a calculation partition. At high frequencies, many lines will be combined
into one calculation partition. A set of partition values is provided for each of the three
sampling rates in Table C.1 to Table C.24. These Table elements will be used in the
threshold calculation process. There are several elements in each Table entry:

1. The index of the calculation partition, b.

2. The lowest frequency line in the partition, w_low(b).
3. The highest frequency line in the partition, w_high(b)
4. The median bark value of the partition, bval(b)

© ISO/IEC 2004 — All rights reserved 141


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 13818-7:2004(E)

5. The

threshold in quiet gsthr(b)

6. A largest value of b, bmax, equal to the largest index, exists for each sampling rate.

6. Convolve the partitioned energy and unpredictability with the spreading function.

for each partition b:

ec

b(b) = 0

do for each partition bb:

ecb(b) = ecb(b) +e(bb)* sprdngf(bval (bb), bval (b))

end do

end

do f
ct
dd

en
end

Because (

cb(b)

Just as th
renormaliz

en(b) #

The norm

i[e)

br each partition b:

(b) =0

for each partition bb:

ct(b) = ct(b) +c(bb)* sprdngf(bval (bb), bval (b))
d do

Ho

t(b) is weighted by the signal energy, it must be renormalized to cb(b)
ct(b) / ecb(b)

is, due to the non-normalized nature of the spreading function, ecby shol
red and the normalized energy enp, calculated:

ecb(b) * rnorm(h)

blization coefficient, rnorm(b). is:

do for edch partition b

t mp(b)
do f

tn

end
rnor |
end do

7. Conve
tb(b) 3
Each tt

8. Calcul

=0
br each partition bb
p(b) = tnmp(b) + sprdngf(bval (bb), bval (b))

o
) 1/ tp(b)

It cb(b) to tb(b) , the tonality index.

-0.299 — 0(43 1 oge (ch(b))
(b) is limitedto the range of O<tb(b) <1.

hte the required SNR in each partition.

ild be

NMT (b

=6 dB for all b. NMT(b) is the value for noise masking tone (in dB) fi

Dr the

partition. TMN(b) = 18 dB for all b. TMN(b) is the value for tone masking noise ( in dB)
.The required signal to noise ratio, SNR(b) , is:

SNR( b)

= th(b) * TMN(b) + (1-tb(b) ) * NMT(b)

9. Calculate the power ratio.

The power ratio, bc(b) , is:

bc( b)

=107(- SNR(b) /10)

10. Calculation of actual energy threshold, nb(b) .
nb(b) = en(b) * bc(b)
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nb(b) is also used in the M/S-module (see clause 12): nb(b) is equal to Xthr with

X

'=[R,L,M,S]

11.Pre-echo control and threshold in quiet.

To avoid pre-echoes the pre-echo control is calculated for short and long FFT, the
threshold in quiet is also considered here:

nb_I(b) is the threshold of partition b for the last block , gsthr(b) is the threshold in quiet .
The dB values of gsthr(b) shown in Figure C.1

T4d
th
da

nh
lre

12.7T]
th

13.7
td

if
e
en

if

e

Th
A

14.Q
Te

ible C.T 10 Table C.24 are relative 1o the level that a sine wave of + or -,
o FFT used for threshold calculation. The dB values must be converted.into
main after considering the FFT normalization actually used.

(b) = max (gsthr(b), mn ( nb(b), nb_I(b)*rpelev ) )

elev is set to ‘1’ for short blocks and ‘2’ for long blocks

he PE is calculated for each block type from the ratio e(b) / nb (b) , where
ireshold and e(b) is the energy for each threshold partition:
PE=0
do for threshold partition b

PE = PE - ( w_high(b)-w_low(b)) * 10g10 ¢ nb(b) / ( e(b) +1) )
end do

he decision , whether long or short block.type is used for encoding is mads
 this pseudo code.

PE for long block is greater than switch _pe then
codi ng_bl ock_type = short_bl ock*type

se
codi ng_bl ock_type = | ong_bhkeck_type
dif

(codi ng_bl ock_type == ,short_bl ock_type) and

(last _codi ng_bl ock_t.ype == |l ong_type) then

| ast coding block type = start_type

se

| ast _codi ng_bl ock type = short_type
e last four lin€s "are necessary since there is no combined stop/start bl

\C. switch_pe-is a implementation dependend constant

alculate_the signal-to-mask ratios, SMR(n) and the codec threshold xmin(n),
ble 45 to Table 57 shows:

b Isb has in

the energy

nb(b) is the

b according

bck type in

1.

The index, swb, of the coder partition catted scalefactorband:

2. The offset of mdct line for the scalefactor band swb_offset long/short_window.

we define the following variable :

n

= swb

w_|ow(n) = swb_offset_I ong/short_w ndow n)
w_hi gh(n) = swb_of fset_| ong/ short_wi ndowm( n+1) — 1
The FFT energy in the scalefactor band, epart(n), is:

do for each scal efactor band n

© IS0/

epart(n) =0
do for w=1lower index wlow(n) to n = upper index w_high(n)
epart(n) = epart ( n) + r(wn"2
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end do

end do

the threshold for one line of the spectrum is calculated according to:

do for each threshold partition b
thr(all line_indices in this partition b )=
thr (w_low(b), ..., w_hi gh(b)) = nb(b) / (w_high(b)+1-w_|ow b))
end do

the noise level in the scalefactor band on FFT level , npart(n)is calculated as:

do for each scal efactor band n
npart(n) = mnimum thr(w.lown)),..., thr(w_high(n)) )
* (w_high(n)+1-w_|ow(n))
end do
Where,| in this case, minimum (a,...,z) is a function returning the smallest p
argumgnt of the arguments a...z.
The rat|os to be sent to the quantization module, SMR(n), are calculated as:
SMR(n) = epart(n) / npart(n)
For the calculation of coder thresholds xmin(n) the MDCT energy-for each scalg
band is|calculated:
do for |all scal efactor bands n
codef_e(n) =0
do fpr lower index i to higher index i of this scalefactor band

cd
end
end do

Then X

according to this formula :

xmn (

15. Calcul
bit_allc
for long

pewl
for sho

pewl =
then bit

nor e_bi

F 0.3, pew2 = 6.0

dec_e(n) = codec_e(n) +( ndct _line(i))"2
o

min(n), the maximum allowed error energy on MDCT level, can be calc

) = npart(n) * codec_e(n) / epartd(n)

hte the bit allocation out of the psychoacoustic entropy (PE).
pcation = pew1* PE + pew2*sqrt(PE);

blocks the constants are defined as:

it blocks the PE of theeight short blocks is summed up and the constants ar|

0.6 , pew2 = 24
| _allocation isdimited to O<bit_allocation < 3000 and more_bits is calculated

ts = bit_saltocation - (mean_bits - side_info_bits)

Dsitive

factor

ulated

D
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input buffer

Y

FFT (long and short)
(windowsize long 2048
windowsize short 256)

* delay compensation for
filterbank

calculate unpredictability measure cw

'

calculate threshold (part 1)

'

calculate perceptual entropy

use * use

long blocks short blocks
perceptual entropy
N > switch pe ? Y
calculate threshold (part 2) calculate threshold for short blocks

' 1

delay threshold (ratio), blocktypey/perceptual entropy by one block
if (window_sequence(n) =&=EIGHT SHORT SEQUENCE &&
window_sequence(n-1)== ONLY LONG_SEQUENCE)
window sequence(n-1) = LONG START SEQUENCE;

Y Y

output.buffer: blocktype, threshold (ratio), perceptual entropy, time signal |

Figure C.1 —Block diagram psychoacoustic model
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Table C.1- Psychoacoustic parametersfor 8 kHz long FFT

index | w_low | w_high | width bval gsthr
0 0 8 9 0.18 46.82
1 9 17 9 0.53 46.82
2 18 26 9 0.89 46.82
3 27 35 9 1.24 41.82
4 36 44 9 1.59 41.82
5 45 53 9 1.94 41.82
6 54 62 9 2.29 38.82
7 63 71 9 2.63 38.82
8 72 80 9 298 3882
9 81 89 9 3.31 33.82
10 90 98 9 3.65 33.82
11 99 108 10 3.99 34.28
12 109 118 10 4.35 32.28
13 119 128 10 4.71 32.28
14 129 138 10 5.05 32.28
15 139 148 10 5.39 32.28
16 149 159 11 5.74 3269
17 160 170 11 6.10 32.69
18 171 181 11 6.45 32.69
19 182 192 11 6.79 32.69
20 193 204 12 743 33.07
21 205 216 12 /.48 33.07
22 217 228 12 7.82 33.07
23 229 241 13 8.17 33.42
24 242 254 13 8.51 33.42
25 255 268 14 8.85 33.74
26 269 282 14 9.20 33.74
27 283 297 15 9.54 34.04
28 298 312 15 9.88 34.04
29 313 328 16 10.22 34.32
30 329 345 17 10.56 34.58
31 346 363 18 10.91 34.83
32 364 381 18 11.25 34.83
33 382 400 19 11.58 35.06
34 401 420 20 11.91 35.29
35 421 441 21 12.24 35.50
36 442 464 23 12.58 35.89
37 465 488 24 12.92 36.08
38 489 514 26 13.26 36.43
39 515 541 27 13.59 36.59
40 542 570 29 13.93 36.90
41 YAl 601 31 14.26 3/7.19
42 602 634 33 14.60 37.46
43 635 670 36 14.93 37.84
44 671 708 38 15.27 38.07
45 709 749 41 15.60 38.40
46 750 793 44 15.93 38.71
47 794 841 48 16.26 39.09
48 842 893 52 16.60 39.44
49 894 949 56 16.93 39.76
50 950 1009 60 17.26 40.06
51 1010 1023 14 17.47 33.74
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index | w_low | w_high | width bval gsthr
0 0 1 2 0.32 30.29
1 2 3 2 0.95 30.29
2 4 5 2 1.57 25.29
3 6 7 2 2.19 22.29
4 8 9 2 2.80 22.29
5 10 11 2 3.40 17.29
6 12 13 2 3.99 17.29
7 14 15 2 4.56 15.29
8 16 r7 2 5.12 1529
9 18 19 2 5.66 15.29
10 20 21 2 6.18 15.29
11 22 23 2 6.68 15.29
12 24 25 2 7.16 15.29
13 26 27 2 7.63 1529
14 28 29 2 8.07 15.29
15 30 31 2 8.50 15.29
16 32 33 2 8.90 15.29
17 34 35 2 9.29 15.29
18 36 37 2 9,67 15.29
19 38 39 2 10.03 15.29
20 40 41 2 10.37 15.29
21 42 44 3 10.77 17.05
22 45 47 3 11.23 17.05
23 48 50 3 11.66 17.05
24 51 53 3 12.06 17.05
25 54 56 3 12.44 17.05
26 57 59 3 12.79 17.05
27 60 63 4 13.18 18.30
28 64 67 4 13.59 18.30
29 68 71 4 13.97 18.30
30 72 75 4 14.32 18.30
31 76 80 5 14.69 19.27
32 81 85 5 15.07 19.27
33 86 90 5 15.42 19.27
34 91 96 6 15.77 20.06
35 97 102 6 16.13 20.06
36 103 109 7 16.49 20.73
37 110 116 7 16.85 20.73
38 117 124 8 17.20 21.31
39 125 127 3 17.44 17.05
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Table C.3 — Psychoacoustic parametersfor 11.025 kHz long FFT

index | w_low | w_high | width bval qsthr
0 0 6 7 0.19 45.73
1 7 13 7 0.57 45.73
2 14 20 7 0.95 45.73
3 21 27 7 1.33 40.73
4 28 34 7 1.71 40.73
5 35 41 7 2.08 37.73
6 42 48 7 2.45 37.73
7 49 55 7 2.82 37.73
8 56 62 7 3.18 32.73
9 63 69 7 3.54 32.73
10 70 76 7 3.89 32.73
11 77 83 7 4.24 30.73
12 84 90 7 4.59 30.73
13 91 97 7 4.92 30.73
14 98 105 8 5.28 31.31
15 106 113 8 5.65 31.31
16 114 121 8 6.01 31.31
17 122 129 8 6.36 34,34
18 130 137 8 6.70 3131
19 138 146 9 7.06 31.82
20 147 155 9 7.42 31.82
21 156 164 9 747 31.82
22 165 173 9 8.11 31.82
23 174 183 10 8.46 32.28
24 184 193 10 8.82 32.28
25 194 203 10 9.16 32.28
26 204 214 11 9.50 32.69
27 215 225 11 9.85 32.69
28 226 237 12 10.19 33.07
29 238 249 12 10.54 33.07
30 250 262 13 10.88 33.42
31 263 275 13 11.22 33.42
32 276 289 14 11.56 33.74
33 290 304 15 11.90 34.04
34 305 320 16 12.24 34.32
35 321 337 17 12.59 34.58
36 338 355 18 12.94 34.83
37 356 374 19 13.28 35.06
38 375 394 20 13.62 35.29
39 395 415 21 13.96 35.50
40 416 438 23 14.29 35.89
41 439 462 24 14.63 36.08
42 463 488 26 14.96 36.43
44 517 546 30 15.63 37.05
45 547 579 33 15.96 37.46
46 580 614 35 16.30 37.72
47 615 652 38 16.63 38.07
48 653 693 41 16.97 38.40
49 694 737 44 17.30 38.71
50 738 785 48 17.64 39.09
51 786 836 51 17.97 39.35
52 837 891 55 18.30 39.68
53 892 950 59 18.64 39.98
54 951 1014 64 18.97 40.34
55 1015 1023 9 19.16 31.82
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Table C.4 — Psychoacoustic parametersfor 11.025 kHz short FFT
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index | w_low | w_high | width bval gsthr
0 0 0 1 0.00 27.28
1 1 1 1 0.44 27.28
2 2 2 1 0.87 27.28
3 3 3 1 1.30 22.28
4 4 4 1 1.73 22.28
5 5 5 1 2.16 19.28
6 6 6 1 2.58 19.28
7 7 7 1 3.00 14.28
8 8 8 1 341 14728
9 9 9 1 3.82 14.28
10 10 10 1 4.22 12.28
11 11 11 1 4.61 12.28
12 12 12 1 4.99 12.28
13 13 13 1 5.37 1228
14 14 14 1 5.74 12.28
15 15 15 1 6.10 12.28
16 16 16 1 6.45 12.28
17 17 17 1 679 12.28
18 18 19 2 144 15.29
19 20 21 2 8.05 15.29
20 22 23 2 8.64 15.29
21 24 25 2 9.19 15.29
22 26 27 2 9.70 15.29
23 28 29 2 10.19 15.29
24 30 31 2 10.65 15.29
25 32 33 2 11.08 15.29
26 34 35 2 11.48 15.29
27 36 37 2 11.86 15.29
28 38 39 2 12.22 15.29
29 40 42 3 12.64 17.05
30 43 45 3 13.10 17.05
31 46 48 3 13.53 17.05
32 49 51 3 13.93 17.05
33 52 54 3 14.30 17.05
34 55 58 4 14.69 18.30
35 59 62 4 15.11 18.30
36 63 66 4 15.49 18.30
37 67 70 4 15.84 18.30
38 71 75 5 16.21 19.27
39 76 80 5 16.58 19.27
40 81 85 5 16.92 19.27
41 66 91 §] 1727 20.06
42 92 97 6 17.62 20.06
43 98 104 7 17.97 20.73
44 105 111 7 18.32 20.73
45 112 119 8 18.67 21.31
46 120 127 8 19.02 21.31
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Table C.5— Psychoacoustic parametersfor 12 kHz long FFT

index w_low | w_high width bval qgsthr
0 0 5 6 0.18 45.06
1 6 11 6 0.53 45.06
2 12 17 6 0.89 45.06
3 18 23 6 1.24 40.06
4 24 29 6 1.59 40.06
5 30 35 6 1.94 40.06
6 36 41 6 2.29 37.06
7 42 47 6 2.63 37.06
8 48 53 6 2.98 37.06
9 54 59 & 334 32-06
10 60 65 6 3.65 32.06
11 66 72 7 4.00 30.73
12 73 79 7 4.38 30.73
13 80 86 7 4.75 30.73
14 87 93 7 5.1 30.73
15 94 100 7 5.47 30.73
16 101 107 7 5.82 30.73
17 108 114 7 6.15 30.73
18 115 122 8 6.51 34,34
19 123 130 8 6.88 3431
20 131 138 8 7.24 31.31
21 139 146 8 7.58 31.31
22 147 154 8 7.92 31.31
23 155 163 9 8.27 31.82
24 164 172 9 8.62 31.82
25 173 181 9 8.96 31.82
26 182 191 10 9.31 32.28
27 192 201 10 9.66 32.28
28 202 212 11 10.01 32.69
29 213 223 11 10.36 32.69
30 224 235 12 10.71 33.07
31 236 247 12 11.06 33.07
32 248 260 13 11.41 33.42
33 261 273 13 11.75 33.42
34 274 287 14 12.09 33.74
35 288 302 15 12.43 34.04
36 303 318 16 12.77 34.32
37 319 335 17 13.11 34.58
38 336 353 18 13.46 34.83
39 354 372 19 13.80 35.06
40 373 392 20 14.13 35.29
41 393 414 22 14.47 35.70
42 415 437 23 14.81 35.89
43 438 462 25 15.14 36.26
44 463 489 27 15.48 36.59
45 490 518 29 15.81 36.90
46 519 549 31 16.15 37.19
47 550 583 34 16.48 37.59
48 584 619 36 16.82 37.84
49 620 658 39 17.15 38.19
50 659 700 42 17.48 38.51
51 701 745 45 17.81 38.81
52 746 794 49 18.14 39.18
53 795 847 53 18.48 39.52
54 848 904 57 18.81 39.83
55 905 965 61 19.15 40.13
56 966 1023 58 19.47 39.91

© ISO/IEC 2004 — All rights reserved


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 13818-7:2004(E)

Table C.6 — Psychoacoustic parametersfor 12 kHz short FFT

index | w_low | w_high | width bval gsthr
0 0 0 1 0.00 27.28
1 1 1 1 0.47 27.28
2 2 2 1 0.95 27.28
3 3 3 1 1.42 22.28
4 4 4 1 1.88 22.28
5 5 5 1 2.35 19.28
6 6 6 1 2.81 19.28
7 7 7 1 3.26 14.28
8 8 8 1 3.70 14728
9 9 9 1 4.14 12.28
10 10 10 1 4.57 12.28
11 11 11 1 4.98 12.28
12 12 12 1 5.39 12.28
13 13 13 1 5.79 1228
14 14 14 1 6.18 12.28
15 15 15 1 6.56 12.28
16 16 16 1 6.93 12.28
17 17 17 1 728 12.28
18 18 18 1 7.63 12.28
19 19 20 2 8.28 15.29
20 21 22 2 8.90 15.29
21 23 24 2 9.48 15.29
22 25 26 2 10.02 15.29
23 27 28 2 10.53 15.29
24 29 30 2 11.00 15.29
25 31 32 2 11.45 15.29
26 33 34 2 11.86 15.29
27 35 36 2 12.25 15.29
28 37 38 2 12.62 15.29
29 39 40 2 12.96 15.29
30 41 43 3 13.36 17.05
31 44 46 3 13.80 17.05
32 47 49 3 14.21 17.05
33 50 52 3 14.59 17.05
34 53 55 3 14.94 17.05
35 56 59 4 15.32 18.30
36 60 63 4 15.71 18.30
37 64 67 4 16.08 18.30
38 68 72 5 16.45 19.27
39 73 77 5 16.83 19.27
40 78 82 5 17.19 19.27
41 63 60 §] 17.54 20.06
42 89 94 6 17.90 20.06
43 95 101 7 18.26 20.73
44 102 108 7 18.62 20.73
45 109 116 8 18.97 21.31
46 117 124 8 19.32 21.31
47 125 127 3 19.55 17.05
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Table C.7 — Psychoacoustic parametersfor 16 kHz long FFT

index w_low | w_high | width bval qgsthr
0 0 4 5 0.20 43.30
1 5 9 5 0.59 43.10
2 10 14 5 0.99 38.30
3 15 19 5 1.38 38.10
4 20 24 5 1.77 38.00
5 25 29 5 2.16 35.10
6 30 34 5 2.54 35.30
7 35 39 5 2.92 30.00
8 40 44 5 329 30.00
9 45 49 5 3.66 28.30
10 50 54 5 4.03 28.30
11 55 59 5 4.39 28.30
12 60 64 5 4.74 28.30
13 65 69 5 5.09 28.30
14 70 74 5 5.43 28.30
15 75 80 6 5.79 28.30
16 81 86 6 6.18 28.30
17 87 92 6 6.56 280
18 93 98 6 6.92 29.27
19 99 104 6 7.28 29.27
20 105 110 6 7.63 29.27
21 111 116 6 796 29.27
22 117 123 7 8.31 29.27
23 124 130 7 8.68 29.06
24 131 137 7 9.03 30.06
25 138 144 7 9.37 30.06
26 145 152 8 9.71 30.06
27 153 160 8 10.07 30.73
28 161 168 8 10.41 30.73
29 169 e 9 10.75 30.73
30 178 186 9 11.10 31.31
31 187 196 10 11.45 31.31
32 197 206 10 11.80 31.82
33 207 217 11 12.14 31.82
34 218 228 11 12.48 32.28
35 229 240 12 12.82 32.28
36 241 253 13 13.16 32.69
37 254 267 14 13.51 32.69
38 268 282 15 13.86 33.07
39 283 298 16 14.21 33.46
40 299 315 17 14.56 33.82
41 316 333 18 14.90 34.12
42 334 352 19 15.24 34.42
43 353 373 Al T5.58 3463
44 374 395 22 15.91 35.15
45 396 419 24 16.25 35.32
46 420 445 26 16.58 35.73
47 446 473 28 16.92 35.91
48 474 503 30 17.25 36.42
49 504 536 33 17.59 36.75
50 537 571 35 17.93 37.11
51 572 609 38 18.26 37.34
52 610 650 41 18.60 37.63
53 651 694 44 18.94 38.12
54 695 741 47 19.27 38.17
55 742 791 50 19.60 41.52
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index w_low | w_high | width bval qgsthr
56 792 845 54 19.94 41.84
57 846 903 58 20.27 42.13
58 904 965 62 20.61 44.41
59 966 1023 58 20.92 44.87

Table C.8 — Psychoacoustic parametersfor 16 kHz short FFT

index w_low w_high width bval gsthr
0 0 0 1 0.00 27.28
1 1 1 1 0.63 27.28
2 2 2 1 1.26 22.28
3 3 3 1 1.88 22.28
4 4 4 1 2.50 19.28
5 5 5 1 3.11 14.28
6 6 6 1 3.70 14-28
7 7 7 1 4.28 12.28
8 8 8 1 4.85 12.28
9 9 9 1 539 12.28
10 10 10 1 5,92 12.28
11 11 11 1 6.43 12.28
12 12 12 1 6.93 12.28
13 13 13 1 7.40 12.28
14 14 14 1 7.85 12.28
15 15 15 1 8.29 12.28
16 16 16 1 8.70 12.28
17 17 17 1 9.10 12.28
18 18 18 1 9.49 12.28
19 19 19 1 9.85 12.28
20 20 20 1 10.20 12.28
21 21 22 2 10.85 156.29
22 23 24 2 11.44 15.29
23 25 26 2 11.99 15.29
24 27 28 2 12.50 156.29
25 29 30 2 12.96 15.29
26 31 32 2 13.39 15.29
27 33 34 2 13.78 156.29
28 35 36 2 14.15 15.29
29 37 39 3 14.57 17.05
30 40 42 3 15.03 17.05
31 43 45 3 15.45 17.05
32 46 48 3 15.84 17.05
33 49 51 3 16.19 17.05
34 52 55 4 16.57 18.30
35 56 59 4 16.97 18.30
36 60 63 4 17.33 18.30
37 64 68 5 17.71 19.27
38 69 73 5 18.09 19.27
39 74 78 5 18.44 19.27
40 79 84 6 18.80 20.06
41 85 90 6 19.17 20.06
42 91 97 7 19.53 20.73
43 98 104 7 19.89 20.73
44 105 112 8 20.25 24.31
45 113 120 8 20.61 24.31
46 121 127 7 20.92 23.73
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Table C.9 — Psychoacoustic parametersfor 22.05 kHz long FFT

index w_low | w_high | width bval qgsthr
0 0 3 4 0.22 43.30
1 4 7 4 0.65 43.30
2 8 11 4 1.09 38.30
3 12 15 4 1.52 38.30
4 16 19 4 1.95 38.30
5 20 23 4 2.37 35.30
6 24 27 4 2.79 35.30
7 28 31 4 3.21 30.30
8 32 35 4 362 30.30
9 36 39 4 4.02 28.30
10 40 43 4 4.41 28.30
11 44 47 4 4.80 28.30
12 48 51 4 5.18 28.30
13 52 55 4 5.55 28.30
14 56 59 4 5.92 28.30
15 60 63 4 6.27 28.30
16 64 67 4 6.62 28.30
17 68 71 4 6.95 28430
18 72 76 5 7.32 29.27
19 77 81 5 7.71 29.27
20 82 86 5 8.10 29.27
21 87 91 5 846 29.27
22 92 96 5 8.82 29.27
23 97 101 5 9.16 29.27
24 102 107 6 9.52 30.06
25 108 113 6 9.89 30.06
26 114 119 6 10.25 30.06
27 120 125 6 10.59 30.06
28 126 132 7 10.95 30.73
29 133 139 7 11.31 30.73
30 140 146 7 11.65 30.73
31 147 154 8 12.00 31.31
32 158 162 8 12.35 31.31
33 163 171 9 12.70 31.82
34 172 180 9 13.05 31.82
35 181 190 10 13.40 32.28
36 191 200 10 13.74 32.28
37 201 211 11 14.07 32.69
38 212 223 12 14.41 33.07
39 224 236 13 14.76 33.42
40 237 250 14 15.11 33.74
41 251 265 15 15.46 34.04
42 266 281 16 15.80 34.32
43 282 298 17 T6.14 3458
44 299 317 19 16.48 35.06
45 318 337 20 16.82 35.29
46 338 359 22 17.16 35.70
47 360 382 23 17.50 35.89
48 383 407 25 17.84 36.26
49 408 434 27 18.17 36.59
50 435 463 29 18.51 36.90
51 464 494 31 18.84 37.19
52 495 527 33 19.17 37.46
53 528 563 36 19.51 37.84
54 564 601 38 19.84 38.07
55 602 642 41 20.17 41.40
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Table C.9 (continued)
index w_low | w_high | width bval qgsthr
56 643 686 44 20.50 41.71
57 687 733 47 20.84 42.00
58 734 784 51 21.17 44.35
59 785 839 55 21.50 44.68
60 840 898 59 21.84 44.98
61 899 962 64 22.17 50.34
62 963 1023 61 22.48 50.13
'able C.10 — Psychoacoustic parameterstor 2Z2.Uo KHz short F 1
index w_low | w_high width bval qgsthr
0 0 0 1 0.00 27.28
1 1 1 1 0.87 27.28
2 2 2 1 1.73 22.28
3 3 3 1 2.58 19.28
4 4 4 1 3.41 14.28
5 5 5 1 4.22 12.28
6 6 6 1 4.99 12.28
7 7 7 1 574 12.28
8 8 8 1 6:45 12.28
9 9 9 1 7.12 12.28
10 10 10 1 7.75 12.28
11 11 11 1 8.36 12.28
12 12 12 1 8.92 12.28
13 13 13 1 9.45 12.28
14 14 14 1 9.96 12.28
15 15 15 1 10.43 12.28
16 16 16 1 10.87 12.28
17 17 17 1 11.29 12.28
18 18 18 1 11.68 12.28
19 19 19 1 12.05 12.28
20 20 21 2 12.71 15.29
21 22 23 2 13.32 15.29
22 24 25 2 13.86 15.29
23 26 27 2 14.35 15.29
24 28 29 2 14.80 15.29
25 30 31 2 15.21 15.29
26 32 33 2 15.58 15.29
27 34 35 2 15.93 15.29
28 36 38 3 16.32 17.05
29 39 41 3 16.75 17.05
30 42 44 3 17.15 17.05
31 45 47 3 17.51 17.05
32 48 51 4 17.89 18.30
33 52 55 4 1830 1830
34 56 59 4 18.67 18.30
35 60 63 4 19.02 18.30
36 64 68 5 19.37 19.27
37 69 73 5 19.74 19.27
38 74 78 5 20.09 22.27
39 79 84 6 20.44 23.06
40 85 90 6 20.79 23.06
41 91 97 7 21.15 25.73
42 98 104 7 21.50 25.73
43 105 112 8 21.85 26.31
44 113 120 8 22.20 31.31
45 121 127 7 22.49 30.73
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Table C.11 — Psychoacoustic parametersfor 24 kHz long FFT

index w_low | w_high | width bval qgsthr
0 0 2 3 0.18 42.05
1 3 5 3 0.53 42.05
2 6 8 3 0.89 42.05
3 9 11 3 1.24 37.05
4 12 14 3 1.59 37.05
5 15 17 3 1.94 37.05
6 18 20 3 2.29 34.05
7 21 23 3 2.63 34.05
8 24 26 3 298 34 .05
9 27 29 3 3.31 29.05
10 30 32 3 3.65 29.05
11 33 36 4 4.03 28.30
12 37 40 4 4.46 28.30
13 41 44 4 4.88 28.30
14 45 48 4 5.29 28.30
15 49 52 4 5.69 28.30
16 53 56 4 6.08 28.30
17 57 60 4 6.46 28430
18 61 64 4 6.83 28.30
19 65 68 4 7.19 28.30
20 69 72 4 7.54 28.30
21 73 76 4 788 28.30
22 77 81 5 8.25 29.27
23 82 86 5 8.64 29.27
24 87 91 5 9.02 29.27
25 92 96 5 9.38 29.27
26 97 101 5 9.73 29.27
27 102 107 6 10.09 30.06
28 108 113 6 10.47 30.06
29 114 N9 6 10.83 30.06
30 120 125 6 11.18 30.06
31 126 132 7 11.53 30.73
32 133 139 7 11.89 30.73
33 140 146 7 12.23 30.73
34 147 154 8 12.57 31.31
35 155 162 8 12.92 31.31
36 163 171 9 13.26 31.82
37 172 180 9 13.61 31.82
38 181 190 10 13.95 32.28
39 191 201 11 14.29 32.69
40 202 213 12 14.65 33.07
41 214 225 12 15.00 33.07
42 226 238 13 15.33 33.42
43 239 252 4 T5.60 33.74
44 253 267 15 16.00 34.04
45 268 284 17 16.34 34.58
46 285 302 18 16.69 34.83
47 303 321 19 17.02 35.06
48 322 342 21 17.36 35.50
49 343 364 22 17.70 35.70
50 365 388 24 18.03 36.08
51 389 414 26 18.37 36.43
52 415 442 28 18.70 36.75
53 443 472 30 19.04 37.05
54 473 504 32 19.38 37.33
55 505 538 34 19.71 37.59

156 © ISO/IEC 2004 — All rights reserved


https://iecnorm.com/api/?name=745462323179c65abb79aee6a7a6ad9f

ISO/IEC 13818-7:2004(E)

Table C.11 (continued)

index w_low | w_high width bval gsthr
56 539 575 37 20.04 40.96
57 576 614 39 20.38 41.19
58 615 656 42 20.71 41.51
59 657 701 45 21.04 43.81
60 702 750 49 21.37 44.18
61 751 803 53 21.70 44.52
62 804 860 57 22.04 49.83
63 861 922 62 22.37 50.20
64 923 989 67 22.70 50.54
65 990 023 34 2295 7759
Table C.12 — Psychoacoustic parametersfor 24 kHz short FFT
index w_low | w_high | width bval qgsthr
0 0 0 1 0.00 2728
1 1 1 1 0.95 27.28
2 2 2 1 1.88 22.28
3 3 3 1 2.84 19.28
4 4 4 1 3.70 14.28
5 5 5 1 4.57 12.28
6 6 6 1 5.39 12.28
7 7 7 1 6.18 12.28
8 8 8 1 6.93 12.28
9 9 9 1 7.63 12.28
10 10 10 1 8.29 12.28
11 11 11 1 8.91 12.28
12 12 12 1 9.49 12.28
13 13 13 1 10.03 12.28
14 14 14 1 10.53 12.28
15 15 15 1 11.01 12.28
16 16 16 1 11.45 12.28
17 17 17 1 11.87 12.28
18 18 18 1 12.26 12.28
19 19 19 1 12.62 12.28
20 20 21 2 13.28 15.29
21 22 23 2 13.87 15.29
22 24 25 2 14.40 15.29
23 26 27 2 14.88 15.29
24 28 29 2 15.32 15.29
25 30 31 2 15.71 15.29
26 32 33 2 16.08 15.29
27 34 36 3 16.49 17.05
28 37 39 3 16.94 17.05
29 40 42 3 17.35 17.05
30 43 45 3 17.73 17.05
31 46 48 3 18.07 17.05
32 49 52 4 18.44 18.30
33 53 56 4 18.83 18.30
34 57 60 4 19.20 18.30
35 61 65 5 19.57 19.27
36 66 70 5 19.96 19.27
37 71 75 5 20.31 22.27
38 76 81 6 20.67 23.06
39 82 87 6 21.04 25.06
40 88 94 7 21.41 25.73
41 95 101 7 21.77 25.73
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Table C.12 (continued)

index w_low | w_high | width bval qgsthr
42 102 109 8 22.13 31.31
43 110 117 8 22.48 31.31
44 118 126 9 22.82 31.82
45 127 127 1 23.01 32.28

Table C.13 — Psychoacoustic parametersfor 32 kHz long FFT

index \M_ln\u \M_hig,h width h\lall__qsl'hr
0 0 2 3 0.24 42.05
1 3 5 3 0.71 42.05
2 6 8 3 1.18 37.05
3 9 11 3 1.65 37.05
4 12 14 3 212 34.05
5 15 17 3 2.58 34.05
6 18 20 3 3.03 29.05
7 21 23 3 3.48 29.056
8 24 26 3 3.92 29,05
9 27 29 3 4.35 2705
10 30 32 3 4.77 27.05
11 33 35 3 5.19 27.05
12 36 38 3 5,59 27.05
13 39 41 3 5.99 27.05
14 42 44 3 6.37 27.05
15 45 47 3 6.74 27.05
16 48 50 3 7.10 27.05
17 51 53 3 7.45 27.05
18 54 56 3 7.80 27.05
19 57 60 4 8.18 28.30
20 61 64 4 8.60 28.30
21 65 638 4 9.00 28.30
22 69 72 4 9.39 28.30
23 73 76 4 9.76 28.30
24 77 80 4 10.11 28.30
25 81 84 4 10.45 28.30
26 85 89 5 10.81 29.27
27 90 94 5 11.19 29.27
28 95 99 5 11.55 29.27
29 100 104 5 11.90 29.27
30 105 110 6 12.25 30.06
31 111 116 6 12.62 30.06
32 117 122 6 12.96 30.06
33 123 129 7 13.31 30.73
34 130 136 7 13.66 30.73
35 137 144 8 14.01 31.31
36 145 152 8 14.36 31.31
37 153 161 9 14.71 31.82
38 162 171 10 15.07 32.28
39 172 181 10 15.42 32.28
40 182 192 11 15.76 32.69
41 193 204 12 16.10 33.07
42 205 217 13 16.45 33.42
43 218 231 14 16.80 33.74
44 232 246 15 17.14 34.04
45 247 262 16 17.48 34.32
46 263 279 17 17.82 34.58
47 280 298 19 18.15 35.06
48 299 318 20 18.49 35.29
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