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Foreword

2004(E)

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
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stablished has the right to be represented on that committee. Tniernational organizations, governm
on-governmental, in liaison with ISO, also take part in the work. ISO collaborates closely
nternational Electrotechnical Commission (IEC) on all matters of electrotechnical standardization)

nternational Standards are drafted in accordance with the rules given in the ISO/IEC Directives, Part

he main task of technical committees is to prepare International Standards. Draft international S
dopted by the technical committees are circulated to the member bodies for ‘voting. Publicatig
nternational Standard requires approval by at least 75 % of the member bodies'\casting a vote.

SO/IEC 13818-7 was prepared by Joint Technical Committee ISO/IEC'JTC 1, Information teq
ubcommittee SC 29, Coding of audio, picture, multimedia and hypermedia information.

his third edition cancels and replaces the second edition{(ISO/IEC 13818-7:2003), which h
pchnically revised. It also incorporates the Amendment ISO/IEC 13818-7:2003/Amd.1:2004.

BO/IEC 13818 consists of the following parts, under thevgeneral title Information technology —
oding of moving pictures and associated audio information:

- Part 1: Systems

- Part 2: Video

- Part 3: Audio

- Part 4: Conformance testing

- Part 5: Software simulation

- Part 6: Extensions for DSM-CC

- Part 7: Advanced Audio)Coding (AAC)

- Part 9: Extension-for'real time interface for systems decoders

- Part 10: Conférmance extensions for Digital Storage Media Command and Control (DSM-CC)
- Part 11: IRMP on MPEG-2 systems

bntal and
with the

D .

tandards
n as an
hnology,

as been

Generic
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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 ¢f development, the MPEG Audio subgroup defined a multichannel extension to MPEG-T audio thal is
backwgrds 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 International Organization for Standardization (ISO) and International Electrotechnical Commission (I5C)
draw attention to the fact that it is claimed that compliance with this document may involve the,use of patents.

The ISQ and IEC take no position concerning the evidence, validity and scope of this patent-right.

The ho|der of this patent right has assured the ISO and IEC that he is willing to negotiate licences under
reasonable and non-discriminatory terms and conditions with applicants throughout{the world. In this respdct,
the statement of the holder of this patent right is registered with the ISO and IEC~nformation may be obtained
from th¢ companies listed in Annex D.

Attentign 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 beseld responsible for identifying any|or
all sucH patent rights.
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INTERNATIONAL STANDARD ISO/IEC 13818-7:2004(E)

Information technology — Generic coding of moving pictures
and associated audio information —

Part 7:
Advanced Audio Coding (AAC)

Scope

1

This International Standard describes the MPEG-2 audio non-backwards compatible
gtandard called MPEG-2 Advanced Audio Coding, AAC [1], a higher quality multichannel
gtandard than achievable while requiring MPEG-1 backwards ¢ompatibility. This MIPEG-2
AAC audio standard allows for ITU-R ‘indistinguishable’ quality according to [2] at data rates
af 320 kbit/s for five full-bandwidth channel audio signals.

'he AAC decoding process makes use of a number of required tools and a number of
ptional tools. Table 1 lists the tools and their status as required or optional. Requir¢d tools
re mandatory in any possible profile. Optional tools may not be required in some profiles.

QO

Table1 —AAC decoder tools

Tool Name Required / Optional
Bitstream’Formatter Required
Noiseless Decoding Required
Inverse guantization 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

he basic structure of the MPEG-Z2 AAT sysiem is shown in Figure T 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 olitputs from the bitstream demultiplexer tool are:

e 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 informatipn
(both optional)

e The temporal noise shaping (TNS) information (optional)
e The filterbank control information

e The gain control information (optional)

The noiseless decoding tool takes information from the bitstream demultiplexer, parses that
informiation, decodes the Huffman coded(data, and reconstructs the quantized spectra apd
the Huffman and DPCM coded scalefagtors.

The inputs to the noiseless decoding tool are:

e The sectioning information for the noiselessly coded spectra
e The noiselessly coded spectra

The olitputs of the Noiseless Decoding tool are:

e The deceded integer representation of the scalefactors:

e Thequantized values for the spectra

The inverse quantizer tool takes the quantized values for the spectra, and converts the
integer values 10 the non-scaled, reconstructed specira. 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

ool i
aACTOTS (OUT TS,

e The scaled, inversely quantized spectra

=

'he M/S tool converts spectra pairs from Mid/Side to Left/Right under’control of the M/S
ecision information in order to improve coding efficiency.

= O

'he inputs to the M/S tool are:
e The M/S decision information

e The scaled, inversely quantized spectra related to.pairs of channels

=

'he output from the M/S tool is:
e The scaled, inversely quantized spectraelated to pairs of channels, after M/S
decoding

ote: The scaled, inversely quantized spectra of individually coded ¢hannels are not processed by the M/S block, rather they jre passed
rectly through the block without modification. If the M/S block isynot active, all spectra are passed through this block unmodifig¢d.

o Z

'he prediction tool reverses the prediction process carried out at the encodegr. This
rediction process re-inserts the redundancy that was extracted by the prediction togl at the
ncoder, under the control of the predictor state information. This tool is implemented as a
econd order backward adaptive predictor. The inputs to the prediction tool are:

w o T

e The predictor state information

e The scaledinversely quantized spectra

=

'he output from the-prediction tool is:

e The'sealed, inversely quantized spectra, after prediction is applied.

pd

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

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

[he’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


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

ISO/IEC 13818-7:2004(E)

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 ogtputfrom-the-couplingtooHs:
e (The inversely quantized spectra coupled with the dependently switched coupling
channels.

Note: Thg scaled, inversely quantized spectra are passed directly through this tool without modification, if coupling-i§ not indicated.
Dependirlg on the coupling control information, dependently switched coupling channels might either be coupled before-or after the TINS
processir|g.

The coupling tool for independently switched coupling channels adds therelevant data frgm
independently switched coupling channels to the time signal, as directed by the coupling
contr:ll information.

The i
e | The time signal as output by the filterbank

—

puts to the coupling tool are:

e | The coupling control information
The ouitput 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 medification, if coupling is not indicated.

The tgmporal noise shaping (TNS) todlimplements a control of the fine time structure of the
coding noise. 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 restgre
the agtual temporal envelope(s), under control of the TNS information. This is done py
applying a filtering process to parts of the spectral data.

The inputs to the TNS.tool are:

e The inversely quantized spectra
e The-ANS information

The ouitputifrom the TNS block is:

¢+ 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).

2004(E)

Vhen present, the gain control tool applies a separate time domain gain control-{o

frequency bands that have been created by the gain control PQF filterbank
ncoder. Then, it assembles the 4 frequency bands and reconstructs the/tinie wa
nrough the gain control tool’s filterbank.

=] = D D <

'he inputs to the gain control tool are:
e The time domain reconstructed audio signal(s)

e The gain control information

=

'he output(s) from the gain control tool is (are):

e The time domain reconstructed audio signal(s)

I
passed directly from the filterbank tool to the output of the decoder. This tool is useg
dcalable sampling rate (SSR) profile only.

each of
in the
hveform

F the gain control tool is not active, the time domain reconstructed audio signaj(s) are

for the

© ISO/IEC 2004 — All rights reserved
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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
assoclated audio information — Part 1: Systems

ISO/IBC 13818-3, Information technology — Generic coding of moving pictures ahd
assoclated audio information — Part 3: Audio

ISO/IBC 14496-3, Information technology — Coding of audio-visual objects —'Part 3: Audio

3 Terms and Definitions
For the purposes of this part of ISO/IEC 13818, the following definitions apply:

3.1
accesss unit
in the case 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 set |of
spectral coefficients.

34
ancillary data
part of the bitstream that might be used for transmission of ancillary data.

3.5
audiolaccess unit
for AAC, an audio-access unit is defined as the smallest part of the encoded bitstregm
which| can be“decoded by itself, where decoded means "“fully reconstructed soundg".
Typically this*is a segment of the encoded bitstream starting after the end of the byte
containing. the last bit of one ID_END id_syn_ele() through the end of the byte containipg
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.

8 © 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 if decoders
designed to operate with the older coding standard are able to continue to operate by
decoding all or part of a bitstream produced according to the newer coding standard.

3.9
bitrate
the rate at which the compressed bitstream is delivered to the input of a decoder.

10
itstream; stream
n ordered series of bits that forms the coded representation of the data.

A1

itstream verifier
process by which it is possible to test and verify that all the requirements specified in this
art of ISO/IEC 13818 are met by the bitstream.

A2
lock companding
ormalising of the digital representation of an audio signahwithin a certain time periogd.

A3

yte aligned
bit in a coded bitstream is byte-aligned if its pasition is a multiple of 8-bits from either the
rst bit in the stream for the Audio Data Interchange Format (see subclause 6.1) or the first
it in the syncword for the Audio Data Transport Stream Format (see subclause 6.2)

14

Byte

equence of 8-bits.
A5

entre channel

n audio presentation channel used to stabilise the central component of the frontal stereo
mage.
.16
hannel

sequence of data representing an audio signal intended to be reproduced at one l|stening
osition.

A7
oded-audio bitstream
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.

O G T QO O ¢ =0 O ¢ O md T —h A &5 ) S5 G T O 5 QO 55 )

Q
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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 glement
an itern of data as represented before encoding and after decoding.

3.24
decoded stream
the deicoded reconstruction of a compressed bitstream.

3.25
decoder
an empodiment of a decoding process.

3.26
decoding (process)

the prpcess defined in this part of ISO/IEC 13818 that'reads an input coded bitstream a
outputs decoded audio samples.

3.27
digita] storage media; DSM
a digitpl storage or transmission device orsystem.

3.28
discréete cosine transform; DCT

either |the forward discrete cosine'transform or the inverse discrete cosine transform. T
DCT i$ an invertible, discreteorthogonal transformation.

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

3.30

editin
the prpcess by which one or more coded bitstreams are manipulated to produce a nd
coded| bitstream. Conforming edited bitstreams must meet the requirements defined in th

nd

ne

W
is

part oHSOAEC43848-

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.

10 © ISO/IEC 2004 — All rights reserved
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3.33

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

3.34
FFT
Fast Fourier Transformation. A fast algorithm for performing a discrete Fourier transform
(an orthogonal transform).

2004(E)
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.35
Iterbank
set of band-pass filters covering the entire audio frequency range.

.36
ag
variable which can take one of only the two values defined in this-specification.
37
prward compatibility
newer coding standard is forward compatible with an older coding standard if dg
esigned to operate with the newer coding standard aré’able to decode bitstream
Ider coding standard.

.38
rame
part of the audio signal that corresponds¢’ audio PCM samples from an audio
nit.
.39
s
ampling frequency.
40
lann window

time function applied $sample-by-sample to a block of audio samples before
ransformation.

41
luffman coding
specific method for entropy coding.

42
ybrid filterbank
sérial combination of subband filterbank and MDCT.

bcoders
5 of the

access

Fourier

“J

43

IDCT
Inverse Discrete Cosine Transform.

3.44
IMDCT
Inverse Modified Discrete Cosine Transform.

© ISO/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 sl;ereo mode
a mode of the audio coding algorithm using joint stereo coding.

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

3.49
main audio channels

all channels represented by either single channel_element()'s\(see subclause 8.2.1)
channgl_pair_element()’s (see subclause 8.2.1)

3.50
Mapp|ng

convefsion of an audio signal from time to frequency-domain by subband filtering and/or
MDCT].

3.51
Maskiing

a property of the human auditory system(by which an audio signal cannot be perceived
the présence of another audio signal.

masking threshold

3.53

a transform whieh-has the property of time domain aliasing cancellation. An analytig
espregsion forthe MDCT can be found in subclause C.3.1.2.

3.54

M/S stereo

or

in

al

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 — Al rights reserved
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3.57
non-tonal component
a noise-like component of an audio signal.

3.58
NCC
Number of Considered Channels. The number of channels represented by the el
SCE, independently switched CCE and CPE, i.e. once the number of SCEs plus o

2004(E)

ements
nce 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-

.59
yquist sampling
ampling at or above twice the maximum bandwidth of a signal.

method to adjust the average length of an audio frame inytime to the duratior
orresponding PCM samples, by conditionally adding a slot.tothe audio frame.

.61

arameter

variable within the syntax of this specification which may take one of a range of v4
ariable which can take one of only two values isa flag or indicator and not a param¢

functional stage of a decoder which;.@xtracts from a coded bitstream a series
representing coded elements.

.63

olyphase filterbank

set of equal bandwidth filters with special phase interrelationships, allowing for an
plementation of the filtérbank.

.64
rediction error

umber is used to derive the required decoder input buffer size (see subclause 8.2.2)).

the difference between the actual value of a sample or data element and its predictor.

rl. This

of the

lues. A

bter.

of bits

bfficient

urrently

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_chgm:mwmmmmginn
bitstregm.

3.70

psychoacoustic model
a mathematical model of the masking behaviour of the human auditory system.

3.7
random access
the propcess of beginning to read and decode the coded bitstream at an-arbitrary point.

3.72
Resenved
the tefm "reserved" when used in the clauses defining the.coded bitstream indicates that
the vajue may be used in the future for ISO/IEC defined extensions.

3.73

ing Frequency (Fs)
the rate in Hertz which is used to digilise an audio signal during the sampli

—

g

3.75

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
nhance the spatial perception.

.83

yncword
12-bit code embedded in the audio bitstream that identifies the start ©f a adts_[frame()
ee subclase 6.2, Table 5).

.84
ynthesis filterbank
fllterbank in the decoder that reconstructs a PCM audio signal-ftom subband sample

.85
tpnal component
sinusoid-like component of an audio signal.

.86
ariable bitrate
peration where the bitrate varies with time during the decoding of a coded bitstrean.

.87

ariable length coding
reversible procedure for coding that assigns shorter code-words to frequent symbols and
lpnger code-words to less frequent Symbols.

.88
ariable length code (VLC)
code word assigned by:variable length encoder (See variable length coding)

.89
ariable length decoder
procedure to gbtain the symbols encoded with a variable length coding technique.

.90
ariable length encoder
procedure to assign variable length codewords to symbols.

UJ

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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++

I

DIV
|

%
Sign(

INT (
NINT

sin
cos
exp

log10
loge

log2

16

Increment.
Decrement.
Multiplication.
Power.

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

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

Integer division with truncation of the result towards —o.
Absolute value. | x| =x whenx>0

| x| =0 whenx==

| x| =—x whenx<0
Modulus operator. Defined only for positive numbers.

Sign.

Sign(x)=1  when'x>0
Sign(x) =0 when x ==
Sign(x) = -1<when x <0

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

14

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

Sine.

Cosine.

Exponential.

Square root.
Logarithm to base’ten.

Logarithm to)base e.

Logarithm to base 2.

Logical Operators

togical-OR:
Logical AND.
Logical NOT

Relational Operators
Greater than.

Greater than or equal to.
Less than.

© ISO/IEC 2004 — All rights reserved
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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.

44—Bitwise-Operators

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

& AND

| OR

A

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

.5 Assignment
Assignment operator.

tIOI'S are

4.6 Mnemonics

The following mnemonics are defined to descfibe the different data types used in th¢ coded

Ritstream.

Rslbf Bit string, left bit first, where "left" is the order in which bit strings are
written in ISO/IEE€ 13818. Bit strings are written as a string of 1s{and Os
within single-guote marks, e.g. '"1000 0001'. Blanks within a bjt string
are for ease of reading and have no significance.

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

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

yimsbf Unsigned integer, most significant bit first.

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

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

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

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

© ISO/IEC 2004 — All rights reserved
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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.

non-zero value is equivalent to a condition that is true.

while (dondition) { If the condition is true, then the group of data eleménts occurs next in
data_element; the data stream. This repeats until the conditionfis hot true.

}

do { The data element always occurs atdeast once. The data element is
dath_element; repeated until the condition is notdrue.

} while {condition)

if (condjtion) { If the condition is true,‘then the first group of data elements occurs
dath_element; next in the data stream
}
else { If the condition is not true, then the second group of data elements
data_element; occursnext in the data stream.
}
switch (expression) { If the condition formed by the comparison of expression and const-
case const-expr: expr. is true, then the data stream continues with the subsequent data
data_element; elements. An optionally break statement can be used to immediately
break; leave the switch, data elements beyond a break do not occur in the
case const=expr: data stream.

data._element;

for (expr1; expr2; expr3) Expr1is an expression specifying the initialisation of the loop.
Normally it specifies the initial state of the counter. Expr2 is a
data_element; 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
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for (i=0;i<n;i+t+){
data_element

}

ISO/IEC 13818-7:2004(E)

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

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

data_element[]

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

ata_element [n]
ata_element [m][n]

ata_element [[][m][n]

ata_element [m..n]

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

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

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

hile the syntax is expressed in procedural terms, it should not'be assumed that glause 6
implements a satisfactory decoding procedure. In particular; it’defines a correct and error-
ffee input bitstream. Actual decoders must include a means-to look for start codes [n order

tp begin decoding correctly.
efinition of nextbits function

he function nextbits() permits comparison of a bit'string with the next bits to be dedoded in

the bitstream.

Syntax

6.1 Audio Data Interchange Format, ADIF

Table 2— Syntax of adif _sequence()

Syntax

No. of bits Mnemonic

adif_sequence()

adif _header();
byte_alignment();
raw data_stream();
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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
1
original_copy; 1 bslbf
home; 1 bslbf
bitstream_type; 1 bsibf
bitrate; 23 uimsbf
num_program_config_elements; 4 bsIbf
if (bitstream_type == ‘0’) {
adif_buffer_fullness; 20 uimsbf
}
for (i = 0; i < num_program_config_elements + 1; i++) {
program_config_element();
}
}
6.2 Audio 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()

Syntax

No. of bits Mnemonic

adts_frame()
{
adts~fixed_header();
adts.variable_header();
it(number_of raw_data_blocks_in_frame == 0) {
adts_error_check();

raw datg hlack()-
vvvvvvvvvvvvvv \Vil

}
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();
}
}

20
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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++) {

2.1

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 rpchof

Fixed Header of ADTS

Table 8 — Syntax of @dts fixed _header ()

Syntax No. of bits = Mnemonic

adts_fixed_header()

{
syncword; 12 bslbf
ID; 1 bslbf
layer; 2 uimsbf
protection_absent; 1 bslbf
profile; 2 uimsbf
sampling_frequency_index; 4 uimsbf
private_bit; 1 bslbf
channel_configuration; 3 uimsbf
originallcopy; 1 bslbf
home; 1 bslbf

}

.2.2 _<Variable Header of ADTS
Table9 — 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  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
}
6.3 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_datanblock()
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:~fe_channel_element();
break;
case ID_ DSE: data_stream_element();
break;
caselD 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
IT (mS_mask_present == 1){
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
ms_used[g][sfb]; 1 uimsbf
}
}
}
individual_channel_stream(common_window);
individual_channel_stream(common_window);
}
Table 15 — Syntax of i¢S, info()
Syntax No. of bits  Mnemonic
ics_info()
{
ics_reserved_bit; 1 bslbf
window_sequence; 2 uimsbf
window_shape; 1 uimsbf
if (window_sequence == EIGHF. SHORT_SEQUENCE) {
max_sfb; 4 uimsbf
scale_factor_grouping; 7 uimsbf
}
else {
max_sfb; 6 uimsbf
predictor_data_present; 1 uimsbf
if (predicter’ 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
}
}
}
}
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Table 16 — Syntax of individual_channel_stream()

Syntax

No. of bits Mnemonic

individual_channel_stream(common_window)

{

global_gain;

if (lcommon_window)
ics_info();

section_data();

scale_factor_data();

8 uimsbf

pulse_data_present;

if (pulse_data_present) {
pulse_data();

}

tns_data_present;

if (tns_data_present) {
tns_data();

}

gain_control_data_present;

if (gain_control_data_present) {
gain_control_data();

}

spectral_data();

1 uismbf

1 uimsbf

1 uimsbf

Table 17 — Syntax-of section_data()

Syntax

No. of bits Mnemonic

section_data()

{

if (window_sequence == EIGHT.SHORT_SEQUENCE)

sect_esc_val = (1<<3) - 1}
else
sect_esc_val = (1&<5) - 1;

for (g = 0; g < nufm)window_groups; g++) {
k=0;
i=0;
while, tk’< max_sfb) {
sect_cb[g][il;
sect len = 0;

while (sect_len_incr == sect_esc_val) {

sect_len += sect_esc_val;

}

4 uimsbf

{3;5} uimsbf

Sect_ien = sect_len_lIncr,
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;
i++;
}

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) {

IT{(IS_mtensity(g,stb))
hcod_sf[dpcm_is_position[g][sfb]]; 1.19 viclbf
else
hcod_sf[dpcm_sf[g][sfb]]; 1.19 vicibf
}
}
}
}
Table 19 — Syntax of tns_data()
Syntax No. of bits  Mnemonic
tns_data()
for (w = 0; w < num_windows; w++) {
n_filt[w]; 1..2 uimsbf
if (n_filt{w])
coef_res[w]; 1 uimsbf
for (filt = 0; filt < n_filt[w]; filt++) {
length[w][filt]; {4;6} uimsbf
order[w][filt]; {3;5} uimsbf
if (order[w][filt]) {
direction[w][filt]; 1 uimsbf
coef_compress[w][filt]; 1 uimsbf
for (i = 0y i < order[w][filt]; i++)
coef[w][filt][i]; 2.4 uimsbf
}
}
}
}
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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_sib_ofsetgJ[sect_end[alll; ) {
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 = Q)i <'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_ISis++;
cc_target_is_cpe[c]; 1 uimsbf
cc_target_tag_select[c]; 4 uimsbf
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 uimsbf
gain_element_scale; 2 uimsbf
individual_channel_stream(0);
for (¢ =1; c < num_gain_element_lists; c++) {
if (ind_sw_cce_flag) {
cge=1;
} else {
common_gain_element_present[c]; 1 uimsbf
cge = common_gain_element_present[c];
}
if (cge)
hcod_sf[commoh. gain_element[c]]; 1..19 viclbf
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 viclbf
1
¥
1
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);
}

© ISO/IEC 2004 — All rights reserved
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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; ;S 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 uimsbf
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 bslbf
side_element_tag_select[i]; 4 uimsbf
}
for (i = 0; i < num_back_channél_elements; i++) {
back_element_is_cpe]il; 1 bslbf
back_element_tag_select[i]; 4 uimsbf
}
for (i = 0; i < num_lfe_channel_elements; i++)
Ife_element-tag_select[i]; 4 uimsbf
for (i = 0; i <num_assoc_data_elements; i++)
assoc -data_element_tag_select[i]; 4 uimsbf
for (i =057< num_valid_cc_elements; i++) {
cc”element_is_ind_swli]; 1 uimsbf
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 datali]; 8 uimsbf |
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29


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

ISO/IEC 13818-7:2004(E)

30

Table 26 — Syntax of fill_element()

No. of bits Mnemonic

Syntax
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 uimsbt
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++) {

adjustnum[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[hd][wd]; 3 uimshf |
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:
Teturn sbr_extension_data(id_aac, 0J, 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.

}

32 © ISO/IEC 2004 — Al rights reserved


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

ISO/IEC 13818-7:2004(E)

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; ;)
n++;
excluded_chns_present; 1 uimsbf
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 uimsbf
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()
Syniax No. Of bits  Mnemonic
excluded_channels( )
{
n=0;
num_excl_chan = 70,
for(i=0;i<7;i++)
exclude_mask[i]; 1 uimsbf
n++;
while (additional_excluded_chns[n-1] == 1) { 1 uimsbf
for (i = num_excl_chan; i < num_excl_chan+7; i++)
exclude_mask([i]; 1 uimsbf
n++;
num_excl_chan +=7;
}
return n;
}

© ISO/IEC 2004 — All rights reserved
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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

de:db:c Sdlllp“llg Ratc PIUﬁ:U
In thel program_config_element() and adts_fixed_header(), a two bit field indicates’ the
profile[in use:

Table 31 - Profiles

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

WIN|—=

711 Main

The Main profile is used when memory cost is not significant, and when there is substantjal
processing power available. With the exception of the gain control tool, all parts of the togls
may be used in order to provide the best data compression possible. There shall be only
one pfogram (in the sense of what is specified in@a program_config_element()) in a Main
profile[ bitstream. The program in a Main profile-bitstream shall not contain any mono |or
stereg mixdown elements.

7.1.2 | Low Complexity

The Low Complexity profile is used-when RAM usage, processing power, and compressipn
requirements are all present. In the-low complexity profile, prediction, and gain control tqol
are ngt permitted and TNS orderis limited. There shall be only one program (in the sense|of
what is specified in a program_config_element()) in a Low Complexity profile bitstream. The
progrdgm in a Low Complexity profile bitstream shall not contain any mono or stergo
mixdovn elements.

7.1.3 | Scalable Sampling Rate

In thel Scalable® Sampling Rate profile, the gain-control tool is required. Prediction apd
coupling channels are not permitted, and TNS order and bandwidth are limited. Gain contfol
is not puséd'in the lowest of the 4 PQF subbands. In the case of a reduced audio bandwidih,
the S$R-profile will scale Qr‘r‘nrdingly in (‘nmplm{ify There shall he nnly Qne 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 leading "L", and an SSR profile by an "S".

7.1.5 Minimum Decoder Capability for Specified Number of Main Audio Channels and
Proftile
To insure a certain level of interoperability the following minimum decoder capabilties for

q

ecoders of a given profile and number of main audio channels are specified,

© ISO/IEC 2004 — All rights reserved

Table 32 — Profile dependent minimum decoder capabilitiesin terms of channel configliration
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 2.0.0:0 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 51.1.1 5.1.0.1 5.1.0.0
7 7.1.1.2 7.1.0.2 7.1.0.0
71.1.6  Profile Dependent Tool Parameters
Maximum TNS order and bandwidth:
According to the profile in use, the value for the constant TNS_MAX ORDER is| set as
fpllows for long windows: For the main profile the constant TNS_MAX_ORDER is 20j for the
lpw complexity profile and.Cthe scalable sampling rate profile the donstant
TNS_MAX ORDER is 12. Forshort windows, the constant TNS_MAX ORDER is | for all
profiles.
According to the sampling rate and profile in use, the value for the gonstant
TNS _MAX BANDS is‘set as follows:
Table 33—Profile and sampling rate dependent definition of TNS_MAX_BAND$
Sampling | Low Complexity | Low Complexity Scalable Scalable Sampling
Rate / Main Profile / Main Profile Sampling Rate Rate Profile
[Hz] (long windows) | (short windows) Profile (short windows)
(long windows)
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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Profile Interoperability

Interoperability of Bitstreams and Decoders

Any bitstream of a given profile (see Table 34) whose number of main audio channels, LFE
channels, independent 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 'mtemper;abilit;; of the three pmfiIQQ
Table 34 — Profile I nter oper ability
Encoder Profile
Decoder Profile Main Profile LC Profile SSR Profile
Main Profile yes yes no ¥
LC Profile no yes no *
SSR Profile no no ** yes
*In Tgble 34, these entries can be decoded if the main or LC.profile decoder is able
parse,| but not decode, the gain control information, but the reconstructed audio will have

limited bandwidth.

*InT
limited
filter b

36

and.

bble 33, this entry can be decoded, but the bandwidth of the decoded signal will
to approximately 5 kHz, corresponding to the.monaliased portion of the first PQNF

DE
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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

dif_header()

Q

dif _sequence()

Q)

dts_error_check()

Q)

header of the Audio Data Interchange Format
located at the beginning of an adif _sequence
(Table 3).

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

14

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

e all bits of the headers

o first 192 bits of;any
e singled channel_element() (SCE)
e channel_pair_element() (CPE)
e_Ccoupling_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 actual length,
the element is zero padded to the specified
protection length for CRC calculation.

Note that “all bits of the header” refers to the bits in
the adts_fixed_header() and
adts_variable_header(); that the id_syn_ele pits
shall be excluded from CRC protection, and that if
the length of a CPE is shorter than 192 bits, [zero

© ISO/IEC 2004 — All rights reserved

data are appended 1o achieve the fength 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.

37


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

ISO/IEC 13818-7:2004(E)

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)

adts_fjxed_header()

adts_frame()

e channel_pair_element() (CPE)
e coupling_channel_element() (CCE)
e low frequency enhancement channel (LFE)

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

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

—~

O

For any element where the specified length of 12§
or 192 bits exceeds its actual length, the element |s
zero padded:.to the specified length for CRC
calculation¢The id_syn_ele bits shall be excluded
from CRC protection. If the length of a CPE is
shortet‘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 190th bit of CPE, the first 3 bits of the second
ICS are protected twice. Finally, if the length of th
second ICS is shorter than 128 bits, zero data 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. It i
repeated every frame to allow random access intd
a bitstream bitstream (Table 8).

1%

an ADTS frame consisting of a fixed header a

adts_header_error_check()

38

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_sequence()

adts_variable header()

byte alignment()

—

aw_data_block()

o]

.1.1.2 Data Elements
dif_id

Q

(o)

opyright_id_present

(o)

opyright_id

(o)

riginal_copy
home

hitstream type

program_config_element()

ISO/IEC 13818-7:2004(E)

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-respectio-thefirstbitof-theraw—data—block(),

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

contains information about the configuration |for one
program (Table 3). See subclause 8.5.

see subclause 8.2.1 and Tabled2:

ID that indicates the Audio Data Interchange
Format. Its value is 041444946 (most significant
bit first), the ASCIlk.representation of the strirlg
LADIF* (Table 3).

indicates whether copyright_id is present of not
(Table 3).

The field consists of an 8-bit copyright_identffier,
followed by a 64-bit copyright_number (Tablg 3).
The copyright identifier is given by a Registration
Authority as designated by SC 29. The
copyright_number is a value which identifies
uniquely the copyrighted material. See
ISO/IEC 13818-3, definition of data element
copyright_identification_bit.

see ISO/IEC 11172-3, subclause 2.4.2.3 (Tgble 3)
definition for copyright.

see ISO/IEC 11172-3, subclause 2.4.2.3 (Tgble 3)
definition for original_copy.

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

‘0 constant rate bitstream. This bitstream may
be transmitted via a channel with congtant
rate

bitrate

© ISO/IEC 2004 — All rights reserved

1’ variable rate bitstream. This bitstream is not
designed for transmission via constant rate
channels

a 23 bit unsigned integer indicating either the
bitrate of the bitstream in bits/sec in case of
constant rate bitstream or the maximum peak
bitrate (measured per frame) in case of variable
rate bitstreams. A value of 0 indicates that the
bitrate is not known (Table 3).
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num_program_config_element 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().

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

ID MPEG identifier, set to ‘1’. See ISO/IEC11172-3,
subclause 2.4.2.3 (Table 8).

layer Indicates which layer is used. Setto ‘00’. See
ISO/IEC 11172-3, subclause 2:4.2.3 (Table 8).

protec¢tion_absent Indicates whether error_check() data is present ol

not. Same as syntax element ‘protection_bit’ in
ISO/IEC 11172-3, subclause 2.4.1 and 2.4.2

(Table 8).
profile profile used. See clause 2 (Table 8).
sampling_frequency_index indicates.the sampling frequency used according {o

the following table (Table 8):

Table 35— Sampling frequency dependent on
sampling_frequency_index

sampling_frequency_index | sampling frequeny [Hz]

0x0 96000

0x1 88200

0x2 64000

0x3 48000

Ox4 44100

0x5 32000

0x6 24000

0x7 22050

0x8 16000

0x9 12000

Oxa 11025

Oxb 8000

Oxc reserved

Oxd reserved

Oxe reserved

Oxf reserved
private_bit see ISO/IEC 11172-3, subclause 2.4.2.3 (Table 8).
channel_configuration indicates the channel configuration used. If

channel_configuration is greater than 0, the
channel configuration is given by the ‘Default
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bitstream index number’ in Table 42, see

2004(E)

subclause 8.5. If channel_configuration equals 0,

the channel configuration is not specified in t
header and must be given by a
program_config_element() following as first
syntactic element in the first raw_data_block
the header, or by the implicit configuration (s

he

() after
ee

subclause 8.5) or must be known in the application

(o)

opyright_identification_bit

(o

opyright_identification_start

=

rame_length

gdts_buffer_fullness

raw_data_block_position[i]

© ISO/IEC 2004 — All rights reserved

Ve Ll oAy
(Tapre oy

One bit of the 72-bit copyright identification f

eld

(see copyright_id above). The bits of, this field are

transmitted frame by frame; the first-bit is ing
by the copyright_identification_start bit set tg
The field consists of an 8-bit capyright_ident
followed by a 64-bit copyright_number. The
copyright identifier is given by a Registration
Authority as designated by SC29. The
copyright_number is7a value which identifies
uniquely the copyrighted material. See
ISO/IEC 138183, subclause 2.5.2.13 (Table

One bit to.indicate that the
copyrightyidentification_bit in this audio fram

icated
“1°.
fier,

9).

e is the

first bit,of the 72-bit copyright identification. If no

copyright identification is transmitted, this bit

should

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

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

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

ation in

state of the bit reservoir in the course of encpding

the ADTS frame, up to and including the first

raw_data_block(). It is transmitted as the number of

available bits in the bit reservoir divided by N
divided by 32 and truncated to an integer vaal
(Table 9). A value of hexadecimal 7FF sign
the bitstream is a variable rate bitstream. In
case, buffer fullness is not applicable.

number_of_raw_data_bltocks_in_frame —INumber of raw_data_bitock()'s thatare

multiplexed in the adts:fram_e() is equal to

CcC
ue

Is that
his

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(
adts_frame().

) in the

4
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heck CRC error detection data generated as described
ISO/IEC 11172-3, subclause 2.4.3.1 (Table 10).

Help Elements

data_available() Function that returns ‘1’ as long as data is

8.1.2

The r
data).
descri
eleme

For s
head
hence
block
There

specified in this standard. However, one non-normative transpart stream, called Audio Dg

Trans
decod

8.1.3

The Audio Data Interchange Format (ADIF) eontains one header at the start of t

seque
furthe

As su
decod
as an
audio

8.1.4
The A

ISO/IBC 13818-3. Fhis will be recognized by ISO/IEC 11172-3 decoders as a “Layer

3re
er

bitstre

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

8.2
8.2.1

8.2.11
raw_d

raw_d

42

available, otherwise 0’.

in

w_data_block() contains all data which belongs to the audio (including anci|l+y
u

Beyond that, additional information like sampling_frequency is needed to T
e an audio sequence. The Audio Data Interchange Format (ADIF) contains
ts that are necessary to describe a bitstream according to this standard.

ecific applications some or all of the syntax elements like those rspecified in t
r of the ADIF, e.g. sampling_rate, may be known to the decoder by other means a
do not appear in the bitstream. Furthermore, additional information that varies frg
to block (e.g. to enhance the parsability or error resilience) may be require
ore transport streams may be designed for a specific-application and are n

port Stream (ADTS), is described. It may be used./for applications in which t
er can parse this stream.

Audio Data Interchange Format ADIF

nce followed by a raw_data_stream(). -Fhe raw_data_stream() may not contain a
program_config_element()’s.

ch, the ADIF is useful only for _systems with a defined start and no need to st;
jng from within the audio data.stream, such as decoding from disk file. It can be us
nterchange format in that it contains all information necessary to decode and play t
data.

Audio Data Transport Stream ADTS
dio Data Transport Stream (ADTS) is similar to syntax used in ISO/IEC 11172-3 a

m.

ly
All

ne
nd
m
d.
ot
ta
ne

he

hrt
bd

Decoding of Raw Data
Definitions

Data Functions
ata_stream() sequence of raw_data_block()’s.

ata_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

(0))

ingle_channel_element()

ghannel_pair_element()

data—stream etement()'sand-fitt_—eterment()'s.
Therefore, in one raw_data_block(), there.egn be
from 0 to at most 16 instances of any syntaclic
element, except for data_stream_element()'s and
fill_element()'s, where this limitation’does not apply.
If multiple data_stream_element()'s occur which
have the same element_instance_tag then they are
part of the same data stream. The fill_element()
has no element_instance tag (since the content
does not require subsequent reference) and|can
occur any numbefof times. The end of a
raw_data_block()is indicated with a special
id_syn_ele (TERM), which may occur only opce in
a raw_data “block(). (Table 12).

abbreviaton SCE. Syntactic element of the
bitstfeam containing coded data for a single faudio
channel. A single_channel_element() basicafly
consists of an individual_channel_stream(). There
may be up to 16 such elements per raw datd 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 channgls. A
channel_pair_element() consists of two
individual_channel_stream()’s and additiona| joint

channel coding information. The two channefls may
share common side information. The
channel_pair_element() has the same restrigtions
as the single channel element as far as
element_instance_tag, and number of occurfances
(Table 14).

coupling_channel_element()

© ISO/IEC 2004 — All rights reserved

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()

audio_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.

generic term for single_channel_element(),
channel_pair_element(),
coupling channel element() and

progrs

fill_elg

data_s

8.2.1.2
id_sy

m_config_element()

ment()

stream_element()

Data Elements
n_ele

Ife_channel_element().

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

Abbreviation FIL. Syntactic element that contains 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.

Abbreviation.DSE. Syntactic element that containg
data. Againz,there are 16 element_instance_tags.
There isxhowever, no restriction on the number of
data_stream_element()'s with any one instance tdg,
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.

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

Table 36 — Syntaxtic element identification

element_instance_tag

44

ID name | encoding | Abbreviation Syntactic Element

ID SCE 0x0 SCE single_channel_element(
ID CPE 0x1 CPE channel_pair_element()
ID CCE 0x2 CCE coupling_channel_elemen{()
ID—+FE 0x3 tFE ffechanmet—efermentt)—
ID_DSE 0x4 DSE data_stream_element()
ID PCE 0x5 PCE program_config_element()
ID_FIL 0x6 FIL fill_element()

ID END 0x7 TERM

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,

© ISO/IEC 2004 — All rights reserved


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

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

program_config_element()’s (Table 13, Tabl
Table 22, Table 23, Table 24, Table 25, Tab

(o]

.2.2 Buffer Requirements

.2.2.1 Minimum Decoder Input Buffer

'he following rules are used to calculate the maximum numbek/ of bits in the inpy
oth for the bitstream as a whole, for any given program, or far-any given SCE/CPE/

'he input buffer size is 6144 bits per SCE or independently-switched CCE, plus 12]
nat the buffering limit can be calculated for either th€)entire bitstream, any entire p

r the individual audio_channel_element()'s permitting the decoder to break a multi
itstream into separate mono and stereo bitstreams which are decoded by separat

rom the total buffer requirements based, on the independent CCE's, SCE's, and
urthermore, all bits required for any:BSE’s, PCE’s, FIL’s, or fixed headers,

S T Moo ot o -1 oo

equirements.

.2.2.2 Bit Reservoir

'he bit reservoir is controlled at the encoder. The maximum bit reservoir in the ¢
epends on the NCC_and the mean bitrate. The maximum bit reservoir size for ¢
ate channels can be ealculated by subtracting the mean number of bits per block f
hinimum decoder-input buffer size. For example, at 96 kbit/s for a stereo signal at 4
ampling frequency the mean number of bits per block (mean_framelen
96000 bit/s/44100 1/s * 1024 ) = 2229.1156... . This leads to a maximum bit rg
ize (maxubit_reservoir) of INT ( 12288 bit - 2229.1156... ) = 10058. For variable
hannels.the encoder must operate in a way that the input buffer requirements
xceed-the minimum decoder input buffer.

e 14,
e 26).

t buffer
CCE:

P88 bits

er CPE (6144*NCC). Both the total buffer and the individual buffer sizes are limjted, so

rogram,
channel
5 mono

nd stereo decoders, respectively. All bits fori.FE’s or dependent CCE's must be qupplied

CPE's.
ariable

eaders, byte alignment, and CRC -must also be supplied from the same tota] buffer

bncoder
onstant
rom the
1.1 kHz
gth) is
pServoir
bitrate
do not

= D 0O WO~ 5 = O 1

[he’ state of the bit reservoir (bit reservoir state) is transmitted in the buffer fullne

5s 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
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

© ISO/IEC 2004 — All rights reserved
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Maximum Bitrate

Maximum bitrate:

The maximum bitrate depends on the audio sampling rate. It can be calculated based on

the mi

Table

nimum input buffer size according to the formula:

-sampling _ frequency - NCC
, samples

block

37 gives some examples of the maximum bitrates per channel depending on t

used gampling frequency.

8.2.3

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

Decoding Process

Assuming that the start of a raw_data_block() is~known, it can be decoded without a
additignal ,transport-level® information and produces 1024 audio samples per outd
channgl. The sampling rate of the< audio signal, as specified by t

samp
implie
samp
Since
and si
followi
sampl

46

ing_frequency_index, may be specified in a program_config_element() or it may
1 in the specific application domain. In the latter case, t
ing_frequency_index must be:deduced in order for the bitstream to be parsed.

a given sampling frequency is associated with only one sampling frequency tab
Ece maximum flexibility-is*desired in the range of possible sampling frequencies, t

g Table shall be useédto associate an implied sampling frequency with the desir
ng frequency dependent tables.

Table 38 — Sampling frequency mapping

ny
ut

O

e
he

e,
he
bd

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

f >= 92017 96000
92017 > f>= 75132 88200
F5432>f>=55426 64666
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
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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 s o mimmurmrmput datarequirement priorto the—startof decoding:
Examples of the simplest possible bitstreams are:

hitstream segment output sighal
4SCE><TERM><SCE><TERM>... mono signal
4CPE><TERM><CPE><TERM>... stereo. signal
4SCE><CPE><CPE><LFE><TERM><SCE><CPE><CPE><LFE><TERM>... 5.1 channel signal

yhere angle brackets (< >) are used to delimit syntactic eleménts. For the mong
ach SCE must have the same value in its element_instancetag, and similarly,
tereo signal each CPE must have the same value in its .element_instance_tag.

[PE associated with the front channel pair mdgst™ have the same value

—~ O O mnm D <

ne same value in its element_instance_tag.

- these bitstreams are to be transmitted over a constant rate channel then the
nclude a fill_element() to adjust the instantaneous bitrate. In this case an examj
oded stereo signal is

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

A Q=" —

- the bitstreams are to carry ancillary data and run over a constant rate channel
xample of a coded stereo signalis

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

D

A

(CPE).or an individual_channel_stream() (ICS)
4.3.1 Definitions

8.31.1 Data Elements

p signal
for the
For the

.1 channel signal each SCE must have the same value jn.its element_instance_tag, each

in its

lement_instance_tag, and each CPE associated,with the back channel pair must have

y might
le of a

hen an

All data_stream_element()'s have the same element_instance_tag if they are par of the
game data stream.
8.3 Decoding of a single_channel_element() (SCE), a channel_pair_element()

common_window a 1lag Indicating whether the two

individual_channel_stream()'s share a common

ics_info() or not. In case of sharing, the ics_i

nfo() 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).

ics_reserved_bit flag reserved for future use. Shall be '0'.

© ISO/IEC 2004 — All rights reserved
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window_sequence

window_shape

max_sfb

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).

scale[factor_grouping

8.3.1.2 Data Functions
individual_channel_stream()

ics_info()

8.3.1.3 Help Elements
scalefactor window band

scalefactor band

g
win
sfb
swb
bin
num_window_groups

A bit field that contains information about grouping
of short spectral data (Table 15).

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

contains side information necessary to decode an
individual_channel_stream{).\The
individual_channel_stream()’s of a
channel_pair_element().may share one common
ics_info() (Table 15),

term for scalefactor bands within a window, given|in
Table 45:10 Table 57.

term for scalefactor band within a group. In the
case of EIGHT_SHORT_SEQUENCE and grouping
a.scalefactor band may contain several scalefactqr
window bands of corresponding frequency. For al
other window_sequences scalefactor bands and
scalefactor window bands are identical.

group index.

window index within group.

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

number of groups of windows which share one s
of scalefactors.

window _group_length[g]
bit_set(bit_field,bit_num)

num_windows

num_swb_long_window

48

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.
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num_swb_short_window number of scalefactor window bands for short

windows. This number has to be selected
depending on the sampling frequency. See
subclause 8.9.

num_swb number of scalefactor window bands for
shortwindows in case of
EIGHT_SHORT_SEQUENCE, number of
scalefactor window bands for long windows

otherwise.

(75}

wb_offset_long_window[swb] Table containing the index of the lowest.spe

This Table has to be selected depending on
sampling frequency. See subclause 8.9.

(75}

wb_offset_short_window[swb] Table containing the index-of the lowest spe
coefficient of scalefactordand sfb for short
windows. This Table has to be selected dep

(75}

wb_offset[swb] Table containing‘the index of the lowest spe
coefficient of'scalefactor band sfb for short w
in case of EIGHT_SHORT_SEQUENCE, oth
for long windows.

(5}

ect_sfb_offset[g][section] Tablethat gives the number of the start coef]
for.the section_data() within a group. This of]
depends on the window_sequence and
scale_factor_grouping.

o

ampling_frequency_index see subclause 8.1.1.

§.3.2 Decoding Process

.3.2.1 Decoding a single_channel_element() and channel_pair_element()

individual_channel“stream. In this case ics_info() is always located
individual_channel_stream.

\ channel \pair_element() begins with an element_instance_tag and common_wind

ndividual_channel_stream elements and the MS information is transmi

on the sampling frequency. See subclause §.

8
A single_channelielement() is composed of an element instance _tag and an
i
i

ctral

coefficient of scalefactor band sfb fofilong windows.

the

ctral

ending
9.

ctral
indows
erwise

ficient
fset

n the

pw flag.

the.~common_window equals ‘1’, then ics_info() is shared amongst tme two

ed. If

ommon_window equals ‘0O, 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 — All rights reserved
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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_¢
sectio
be giv

8.3.2.3

For s
global
two pq
toget

chann
immeq

ontrol data In clause 16. An OVErview of how to decode ICS_info() (Subclause 8.,
n data (clause 9), scalefactor data (clause 9 and 11), and spectral data (clause. 9)'v
en here.

Recovering ics_info()
ingle_channel_element()’'s ics_info() is always located immediately after t

ssible locations for the ics_info(). If each individual channel in.the pair window swit
r then the ics_info() is located immediately after common_window in t
|_pair_element() and common_window is set to 1. Otherwise there is an ics_infq
iately after global_gain in each of the two individual_channel_stream() in t

ics_info() carries window information associated with an ICS and thus permits channels in

chann
an up

transmitted. If the window_sequence .is EIGHT_SHORT _SEQUENCE th
factor_grouping is transmitted. If a set of 'short windows form a group then they share

scale |
scalef
interle
Subsg

group
windo

correlated coefficients next(to- each other. The manner of interleaving is indicated

Figure
(seec

8.3.2.4

In the
The s

apply

data is:

chann[l_pair_element() and common_window is set to 0.

|_pair to switch separately if desired. In addition'it carries the max_sfb which plac
per limit on the number of ms _used[] .and predictor _used[] bits that must

pctors as well as intensity stereo positions and have their spectral coefficier
aved. The first short window is always a new group so no grouping bit is transmittg
quent short windows are in the Same group if the associated grouping bit is 1. A ne
is started if the associated_grouping bit is 0. It is assumed that grouped she
s have similar signal statistics. Hence their spectra are interleaved so as to pla

6. ics_info() also carriés the prediction data for the individual channel or channel p
ause 13).

Recovering Sectioning Data
ICS, the information about one long window, or eight short windows, is recoverg
bctioning-data is the first field to be decoded, and describes the Huffman codes th
to the-scalefactor bands in the ICS (see clause 9 and 11). The form of the secti

| gain in the inidividual_channel_stream(). For a channel_pair_glement() there gre

).
ill

he

ch
he

p()

ne

eN

ts
d.
W
Drt
Ce
in
ir

d.
at

and

sect_cb The codebook for the section

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

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 number of
scalefactor bands is reached.

After this description is provided, all scalefactors and spectral data corresponding to
codebook zero are zeroed, and no values corresponding to these scalefactors or spectral

ata all b $e mittad \I\Il-. fo alafactar daota it artant o t tht
ata—whrobe—transSitttea—rvhReh oucunmnd tor—Seate-ractor—aata—tis IIII|JUI taft—toHple a

da

gcalefactors for any scalefactor bands whose Huffman codebook is zero will be pmitted.
Similarly, all spectral data associated with Huffman codebook zero are -omitted (see
dlause 9 and 11).

n addition spectral data associated with the scalefactor bands that“have an iptensity
odebook will not be transmitted, but intensity steering coefficients ‘will be transmitted in
lace of the scalefactors, as described in subclause 12.2.

o0

.3.2.5 Scalefactor Data Parsing and Decoding

or each scalefactor band that is not in a section .Ceded with the zero codebook
VERO_HCB), a scalefactor is transmitted. These will be denoted as ‘active’ scalefactor
ands and the associated scalefactors as active scalefactors. Global gain, the fifst data
lement in an ICS, is typically the value of the firsta@active scalefactor. All scalefactgrs (and
teering coefficients) are transmitted using Huffman coded DPCM relative to the grevious
ctive scalefactor (see clause 9 and 11). The-first active scalefactor is differentially coded
elative to the global gain. Note that it ¥is not illegal, merely inefficient, to provide a
lobal_gain that is different from the first' active scalefactor and then a non-zero| DPCM
alue for the first scalefactor DPCM value. If any intensity steering coefficients are received
nterspersed with the DPCM scalefactor elements, they are sent to the intensity| stereo
nodule, and are not involved:-in the DPCM coding of scalefactor values (see
ubclause 12.2). The value ©f-the first active scalefactor is usually transmitted|as the
lobal_gain with the first DPCM scalefactor having a zero value. Once the scalefacjors are
ecoded to their integerivalues, the actual values are found via a power functipn (see
lause 11).

O 0O (p | = < (0O = QO (b D TFr-— T O

.3.2.6 Spectral.Data Parsing and Decoding
'he spectral.data is recovered as the last part of the parsing of an ICS. It consists of all the
on-zeroed,coefficients remaining in the spectrum or spectra, ordered as described in the
CS_info. For each non-zero, non-intensity codebook, the data are recovered via Huffman

8
1
M
I

g
S

any escape value is recelved a correspondlng escape sequence will appear 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 spectral 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 correspondlng transform length and shows the shape of the

8.3.4 | Scalefactor Bands and Grouping

Many [tools of the decoder perform operations on groups of ‘consecutive spectral valugs
called|scalefactor bands (abbreviation ‘sfb’). The width of the“scalefactor bands is built|in
imitatipn of the critical bands of the human auditory system. For that reason the number |of
scalefactor bands in a spectrum and their width depend on the transform length and the
sampl|ng frequency. Table 45 to Table 57 list the offset to the beginning of each scalefacfor
band ffor the transform lengths 1024 and 128 and the different sampling frequencigs,
respegdtively.

To rgduce the amount of side information in case of sequences which contgin
SHORT_WINDOWS, consecutive SHORT, WINDOWSs may be grouped (see Figure 4). The
informiation about the grouping is contained in the scale_factor_grouping data element.
Grouping means that only one set of.scalefactors is transmitted for all grouped windows as
if thene was only one window. The scalefactors are then applied to the corresponding
spectrpl data in all grouped windows. To increase the efficiency of the noiseless coding
(see dlause 9), the spectral-data of a group is transmitted in an interleaved order given|in
subclguse 8.3.5. The interleaving is done on a scalefactor band by scalefactor band basjs,
so thdt the spectral data can be grouped to form a virtual scalefactor band to which the
commpn scalefactor.can be applied. Within this document the expression ‘scalefactor band’
(abbrgviation ‘sfh’)-denotes these virtual scalefactor bands. If the scalefactor bands of the
single| windows are referred to, the expression ‘scalefactor window band’ (abbreviatipn
‘swb’) [is used.*Due to its influence on the scalefactor bands, grouping affects the meaning
of sedtion_'data (see clause 9), the order of spectral data (see subclause 8.3.5), and the
total humber of scalefactor bands. For a LONG_WINDOW scalefactor bands apd
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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bands. 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

pseudo 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]

I I ot I I : te + dowH I —swh-fort
window type

¢ how to determine swb_offset[swb], the offset of the first coefficient in scalefactor
band swb of the window actually used

o« how to determine sect_sfb_offset[g][section], the offset of the first,coefficient in

case 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_w ndow fs_i ndex];
[* preparation of sect_sfh-offset for Iong bl ocks */
/* also copy the |ast wval-ue! */

for (i =0; i < max_shb + 1; i++) {
sect _sfb _offset[Q][i] = swb_offset_|ong wi ndowfs_index][i];
swb_of fset[i] = swb_of fset_| ong_wi ndowffs_index][i];

}

br eak;

case El GHT_SHORT.) SEQUENCE:
num w ndows 7= 8;
num w ndow)groups = 1;

wi hdow~group_| engt h[ num wi ndow_groups-1] = 1;

num swb = num swb_short_w ndow fs_i ndex] ;

forc(i = 0; i < numswb _short_w ndow fs_index] + 1; i++)
sWb_offset[i] = swb_offset_short_w ndow fs_index][i];

for (i = 0; i < numw ndows-1; i++) {

if(bit_set(scale_factor_grouping, 6-i)) == 0) {

p actual

window

section

section. This offset depends on window_sequence and scale_factor_grouping and is
needed to decode the spectral_data().
A long transform window is always described as a windaw,'group containing g single
window. Since the number of scalefactor bands and their.width depend on the sampling
frequency, the affected variables are indexed with sampling frequency_index to select the
gppropriate table.
fls_i ndex = sanpling_frequency_i ndex;
gwi t ch (wi ndow_sequence) {

num wi ndow groups += 1;

wi ndow_gr oup_| engt h[ num wi ndow_gr oups-1] = 1;
el se {
wi ndow_group_| engt h[ num wi ndow_gr oups-1] += 1;

| }
/* preparation of sect_sfb_offset for short blocks */
for (g = 0; g < numwi ndow_groups; g++) {
sect _sfb 0;
of fset =
for (i = i < max_sfb; i++) {
width = swb_of fset_short_wi ndow fs_index][i+1] -

0;
0;
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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 | Order of Spectral Coefficients in spectral_data()
For ONLY_LONG_SEQUENCE windows (num_window_groups = 1,
window_group_length[0] = 1) the spectral data is in ascending spectral order, @s ‘shown|in
Figure 5.

For the EIGHT_SHORT_SEQUENCE window, the spectral order depends.on the grouping
in the following manner:

e Grgups are ordered sequentially

e Within a group, a scalefactor band consists of the spectral data of all grouped
SHORT_WINDOWSs for the associated scalefactor window ‘band. To clarify via example,
thellength of a group is in the range of one to eight SHORT_ WINDOWs.

o If there are eight groups each with length one (num_window_groups =|8,
window_group_length[0] = 1), the result is_ a-sequence of eight spectrums, each(in
ascending spectral order.

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

e Figure 6 shows the spectral’ ordering for an EIGHT_SHORT_SEQUENCE wijth
grouping of SHORT_WINDOWSs according to Figure 4 (hum_window_groups = 4).

~—"

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

8.3.6 | Output Word Length

The global gain for gach audio channel is scaled such that the integer part of the output|of
the IMDCT can be‘used directly as a 16-bit PCM audio output to a digital-to-analog (D/A)
convefter. This is-the default mode of operation and will result in correct audio levels. If the
decoder hasa.D/A converter that has greater than 16-bit resolution then the output of the
IMDCT carnvbe scaled up such that the appropriate number of fractional bits are included|to
form the-desired D/A word size. In this case the level of the converter output would be
matched 1o 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:

e The window_shape field is always set to 0, i.e. sine window (see subclause 6.3,
Table 15).

The window_sequence field is always set to 0 (ONLY_LONG_SEQUENCE) (see
subclause 6.3, Table 15).

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

No Temporal Noise Shaping is used, i.e. tns_data present ,is- set to 0 (see
subclause 6.3, Table 16).

¢ No prediction is used, i.e. predictor_data_present is setto’0 (see subclayise 6.3,
Table 15).

'he presence of LFE channels depends on the profile used> Refer to clause 7 for ¢etailed
hformation.

—

00

.5 program_config_element() (PCE)

\ program_config_element() may occur outside-the AAC payload e. g. in the adif_h¢ader(),
hut also inside the AAC payload as syntactic element in a raw_data_block().

I

§.5.1 Data Elements

profile The two-bit profile index from Table 31 (Table 25).
sampling_frequency_index Indicates the sampling rate of the program (and all
other programs in this bitstream). See definifion in

subclause 8.1.1 (Table 25).

num_front_channel_elements The number of audio syntactic elements in the front
channels, front center to back center, symmetrically
by left and right, or alternating by left and right in
the case of single channel elements (Table 25).

num_side_channel_elements Number of elements to the side as above
(Table 25).
num_back_channel_elements As number of side and front channel elementts, for
back channels (Table 25).
num_Ife_channel_elements Number of LFE channel elements associated with

this program (Table 25).

num_assoc_data_elements The number of associated data elements for this
program (Table 25).

num_valid_cc_elements The number of CCE's that can add to the audio
data for this program (Table 25).

mono_mixdown_present One bit, indicating the presence of the mono
mixdown element (Table 25).
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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 mono
mixdown (Table 25).

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 mixdown

matrix_mixdown_idx

pseudo_surround_enable

front_lelement_is_cpe

front_lelement_tag_select
side_¢lement_is_cpe
side_e¢lement_tag_select
back_lelement_is_cpe
back_lelement_tag_select

Ife_element_tag_select
assod_data_element_tag_select

valid 1cc_element_tag_select
I

cc_element_is_ind_sw

information by means of a stereo matrix coefficierjt
index (see Table 39). For all configurations other
than the 3/2 format this bit must be zero (Table 23).

Two bit field, specifying the index of thetmixdown
coefficient to be used in the 5-channékto 2-chann
matrix-mixdown. Possible matrix ceefficients are
listed in Table 39 (Table 25).

One bit, indicating the possihility of mixdown for
pseudo surround reproduetion (Table 25).

~—

|12

indicates whether a SCE or a CPE is addressed gs
a front element (Table 25).°0’ selects an SCE.‘1’

selects an CPE.<The instance of the SCE or CPE
addressed is given by front_element_tag_select.

The instange_tag of the SCE/CPE addressed as a
front element (Table 25).

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

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

see front_element_is_cpe, but for back elements
(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).
One bit, indicating that the corresponding CCE is

comment_field_bytes

comment_field_data

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.

56

© ISO/IEC 2004 — All rights reserved


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

ISO/IEC 13818-7:2004(E)

8.5.2 Channel configuration

The AAC audio syntax provides three ways to convey the mapping of channels within a set
of syntactic elements to physical locations of speakers.

8.5.2.1 Explicit channel mapping using default channel settings
The most common mappings are defined in Table 42.

522  Explicit channel mapping using a program_caonfig _element()
\ny possible channel configuration can be specified using a program_config-elgment().
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airs of SCE’s. These are listed in the order of front to back. Again, in the case of
bCE'’s, the first is a left channel, the second a right channel.

(NT I

receeded by a CPE) indicates that‘the two SCE’s are Left and Right Rear |center,
pspectively.

'he configuration indicated by.the PCE takes effect at the raw_data_block() containing the
PCE. The number of front, side’and back channels as specified in the PCE must be present
n that block and all subsequent raw_data_block()'s until a raw_data_block() containing a
ew PCE is transmitted(

tion to
rder to

Dther elements arealso specified. A list of one or more LFE’s is specified for appli
nis program. A lisb of one or more CCE’s (profile-dependent) is also provided, in
llow for dialeg-management as well as different intensity coupling streams for different
hannels using the same main channels. A list of data streams associated with the grogram
an also-associate one or more data streams with a program. The program configuration
lement>also allows for the specification of one monophonic and one sterepphonic
imdlcast mixdown channel for a program. Note that the MPEG-2 Systems sfandard
SO/IEC 13818-1 supports alternate methods of simulcast.

— O D O O Q) = ™ S =" T = T (O T

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 Implicit channel mapping

If no explicit channel mapping is given, the following methods describe the default
determination of 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
N ) " . N efofpairwisetmtil

ing either center back pair.

3) Any number of SCEs may appear. If this number is even, allocating pairs, of SCEs
Left/R|ght, from 2), back to center back. If this number is odd, allocated as L/R pairs, excgpt
for the final SCE, which is assigned to center back..

4) Any number of LFEs may appear. No speaker mapping is defined in\case of multigle
LFEs.

In casg of this default (or implicit) mapping the number and order of-SCEs, CPEs and LFEs
and the resulting configuration may not change within the bitstream without sending|a
progrgm_config_element(), i.e. an implicit reconfiguration is not:allowed.

Other|audio syntactic elements that do not imply additional output speakers, such gs
coupling channel_element, may follow the listed set of syntactic elements. Obviously ngn-
audio [syntactic elements may be received in addition-and in any order relative to the listed
syntagtic elements.

8.5.3 Matrix-mixdown Method

8.5.3.1 Description

The matrix-mixdown method applies-only for mixing a 3-front/2-back speaker configuratign,
5-chamnel program, down to a stereo or a mono program. It is not applicable to apy
progrgdm with other than the 3/2+configuration.

8.5.3.2 Matrix-mixdown Process

A deriyed stereo signaliean be generated within a matrix-mixdown decoder by use of one|of
the twp following setS-of equations.

Set'1:

L'=m~[L+C/\/§+A~LS]
R’:Hl/ﬁ{mc/wm.]es]

Set 2:
L'=m-[L+C/\5—A-(LS+RS)]
R’:Wﬁ-[mc/ﬁm-(g +R)]

58 © ISO/IEC 2004 — All rights reserved


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

ISO/IEC 13818-7:2004(E)

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

Honazmo oo iobian.

f:IIU\IVII IH U\.;IUGLIUI T.

1
3+2-4

~[L+C+R+A-(LS +RS)]

.5.3.3 Advisory

'he matrix-mixdown provision enables a mode of operation which~may be beneficial to
ome operators in some circumstances. However, it is advised that'this method should not
e used. The psychoacoustic principles on which the audio coding are based are yiolated
y this form of post-processing, and a perceptually faithful-reconstruction of thg signal
annot be guaranteed. The preferred method is to use“the stereo or mono mixdown
hannels in the AAC syntax to provide stereo or mono programming which is spgcifically
reated by conventional studio mixing prior to bitratededuction.

[he stereo and mono mixdown channels additionally enable the content proyider to
eparately optimize the stereo and multichannel program mixes - this is not possible by
sing the matrix-mixdown method.

cC n 1 O 0O O oo w 1

is additionally relevant to note that, due to the algorithms used for the multichanpel and
tereo mixdown coding, a better combination of quality and bitrate is usually provjded by
se of the stereo mixdown channels:than can be provided by the matrix-mixdown prgcess.

cC n —

8.5.3.4 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 figst syntactic element to be read is the the 1 bit data_byte_align_flag. Next is the-8*pit
value lcount. It contains the initial byte-length of the data stream. If count equals-255, jts
value |is incremented by a second 8 bit value, esc_count, this final value représents the
numbgr of bytes in the data stream element. If data_byte_align_flag is‘set, a 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 value for length of extension_payload()
(Table 26).

8.7.2 | Decoding Process
fill_elgment()’s might be added to allow for several kinds of extension payloads. Ahy
numbeér 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 ap for the data element this value is incremented with the value of esc_count if count
equalg 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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Table 40 — Values of the extension_type data element

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

2004(E)

The ‘reserved’ values might be used for further extension of the syntax in a compatib

§8.8.2 Fill data and other bits

itrate. Under normal conditions fill bits are.avoided and free bits are used to fill ug
eservoir. Fill bits are written only if the bitreservoir is full.

lote that fill_nibble is normatively defined to be ‘0000’ and fill_byte is normatively defin
10100101 (to ensure that self-clocked data streams, such as radio modems, can perform
lock recovery).

o= N o wll—

(@)

§.8.3 Dynamic Range Control (DRC)

drcctag_reserved_bits Reserved (Table 29)

le way.

8.8.2.1 Data Elements

fill_nibble Four bit field for fill (Table28).

fjll_byte Byte to be discarded by the decoder (Table 28).

dther_bits Bits to be discarded by the decoder (Table 28).

§.8.2.2 Decoding Process

Rill data shall be added if the total bits for all audio data together with all additional| data is
pwer than the minimum allowed number of bits in this frame necessary to reach the target

the bit

ed to be
reliable

§.8.3.1 Data Elements

pce_tag_present One bit indicating that program element tag |s
present (Table 29).

pce_instance_tag Tag field that indicates with which program the
dynamic range information is associated (Taple 29)

rent (Tae 2)

vV

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

prog_fref_level_present
prog_|ref_level

prog_fref_level_reserved_bits
dyn_rhg_sgn[i]

dyn_rng_ctl[i]

exclugde_mask[i]

additipnal_excluded_chnsi]

8.8.3.2 Decoding Process

O 1 bl L.
O SIOIt tUarsiortlis.

One bit indicating that reference level is present
(Table 29).

Reference level. A measure of long-teramprogram
audio level for all channels combined/(Table 29).

Reserved (Table 29)

Dynamic range control sign infefmation. One bit
indicating the sign of dyn_mg_ctl (0 if positive, 1 i
negative, (Table 29)

Dynamic range control magnitude information
(Table 29)

Boolean array-indicating the audio channels of a
program that are excluded from DRC processing
using this:DRC information.

One hit'indicating that additional excluded channg
are present (Table 30)

The eyaluation of potentially available dynamic range control information in the decoder

optiongl.

prog_fref_level_present indicates that prog_ref_level is being transmitted. This perm
prog_[ref_level to be _S§ent as infrequently as desired (e.g. once), although perioc

transnpission would permit break-in.

prog_[ref_level is)guantized in 0.25 dB steps using 7 bits, and therefore has a range
approximately _32-'dB. It indicates program level relative to full scale (i.e. dB below f

scale)| and isreconstructed as:

level =32767 - 2—P"0g,ref,leve1/24

Is

is

Its

ic

of
ull

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 mformatlon must be transmltted |n each frame where channels are excluded.

o If a PCE is present, the exclude_mask bits correspond to the audio channel$ in the
SCE, CPE, CCE and LFE syntax elements in the order of their appearance.in the PCE.
In the case of a CPE, the first transmitted mask bit corresponds to the first'channgl in the
CPE, the second transmitted mask bit to the second channel. In the case of a [CCE, a
mask bit is transmitted only if the coupling channel is specified t0’be an indepgndently
switched coupling channel.

o If no PCE is present, the exclude_mask bits correspond_to.the audio channel$ in the
SCE, CPE and LFE syntax elements in the order of their-appearance in the bitstream,
followed by the audio channels in the CCE syntax. elements in the order pf their
appearance in the bitstream. In the case of a CPE, the first transmitted nlask bit
corresponds to the first channel in the CPE, the)second transmitted mask bit to the
second channel. In the case of a CCE, a mask bit is transmitted only if the goupling
channel is specified to be an independently switched coupling channel.

o

rc_band_incr is the number of bands greater than one if there is multi-band DRC
hformation.

yn_rng_ctl is quantized in 0.25 dB steps using a 7-bit unsigned integer, and therefore, in
ssociation with dyn_rng_sgn, has'a range of +/-31.75 dB. It is interpreted as a gain value
nat shall be applied to the decoded audio output samples of the current frame.

'he range supported by the-dynamic range information is summarized in the fgllowing
bble:

T able 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

I’\B A\Iﬂ’)mlf‘ "Ol’\ﬂﬂ r\nnh"r\l nrocaoco I(‘ ’JI’\I’\IIDI‘I {'f\ +hﬂ onar\+ro| f‘lﬁ"‘ﬁ o, o 21 f\'F f\l"\ frame
LEASRSD ARL- LR Yo oUmirUuT PTroCC oo To appPiocU—to— T op o Tt uata— o o T T L—‘-J T U1

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 * (rlrn_h::nrl_fnp[ hrl] + 1),

/* DPecode DRC gain factor */

if [dyn_rng_sgn[bd])

actor = 2°(-ctrl1*dyn_rng_ctl[bd]/24); /* conpress */
el sp
flactor = 27(ctrl2*dyn_rng _ctl[bd]/24); [/* boost */

—h

f programreference normalization is done in the digital domai'n, nodify
actor to perform normalization.
brog_ref _level can alternatively be passed to the system‘for nodification
* pf the level in the anal og domain. Analog | evel nodifiecation avoids
probl ¢ns
* Wth reduced DAC SNR (if signal is attenuated) or eclipping
* [if signal is boosted)
*/
facfor *= 0.5"((target _level-prog ref _|evel)/24);

* %

/* Apply gain factor */

for[(i = bottom i < top; i++)
gpec[i] *= factor;
botfom = top;

}

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

e Dependently switched coupling €hannels are always coupled onto their target channgls
as jspectral coefficients prior to“the DRC processing and synthesis filtering of thege
chdnnels. Therefore a dependently switched coupling channel’s signal that couples orto
a specific target channel will undergo the DRC processing of that target channel.

e Singe independently-switched coupling channels couple to their target channels in the
tim¢ domain, each~independently switched coupling channel will undergo DRC
progessing and<subsequent synthesis filtering separate from its target channels. This
permits the independently switched coupling channel to have distinct DRC processing if
desjired.

8.8.3.3 Persistence of DRC Information

At the beginning of a stream, all DRC information for all channels is assumed 1o be set o 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 info

rmation

that was used in the previous frame. (This means that one adjustment can hold for a

permit break-in.)

¢ |If any DRC information for this channel appears in the current frame, the fq
sequence occurs: first, overwrite all per-channel DRC information forhat chan
the default values (one DRC band, with no DRC gain modificationfor that ban
overwrite any per-channel DRC information with the transmitted values.

.8.4 Bandwidth Extension (SBR)

8

Rill elements containing an extension_payload with an extension_type of EXT_SBR
gqr EXT_SBR_DATA_CRC are reserved for SBR enhancement data. In this ca
flll_element count field must be set equal to the total length in bytes, including th
gnhancement data plus the extension_type field.

gbr_extension_data() and the decoding process are defined in ISO/IEC 14496-3

The SBR fill elements shall be handled¢zaccording to ISO/IEC 14496-3, su
4.5.2.8.2.2 "SBR Extension Payload for the*Audio Object Types AAC main, AAC SS
HC and AAC LTP". The signaling .of+*SBR shall be done implicitly as outl
IBO/IEC 14496-3, subclause 1.6.5 "Signaling of SBR".

torg-time;atthoughritmaybe—appropriateto-trarmsmit the BRE-mformatiomperigdjcally to

llowing
nel with
1), then

| DATA
se, the
e SBR

bclause
R, AAC
ned 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
bhal I IU:_pa;l_C:UI el It() :Uft, 1 IH: It fl Ul It apca:\cl'ls
4 4 single_channel_element(), center front speaker
channel_pair_element(), left, right center frant
single_channel_element() speakers,
rear surround
5 5 single_channel_element(), center front'speaker
channel_pair_element(), left, right front speakers,
channel_pair_element() left surround, right
supround rear speakerg
6 5+1 single_channel_element(), center front speaker
channel_pair_element(), left, right front speakers,
channel_pair_element(), left surround, right
Ife _element() surround rear speakers,
front low frequency
effects speaker
7 7+1 single_channel_element(), center front speaker
channel_pair_element(), left, right center front
channel_pair_element(), speakers,
channel_pair_element(); left, right outside front
Ife_element() speakers,
left surround, right
surround rear speakerg,
front low frequency
effects speaker

Table43 - Transform windows (for 48 kHz)

window num_swb | #coeffs _ ‘Io?ks Ii‘ke‘ N
SHORT_WINDOW 14 128 i‘ i‘ i‘ i‘ i‘ i‘ i //\i i i‘ i‘ i‘ i‘

L ONGSTART_WINDOW 49 1024 ‘: ‘: ‘: ‘: L ‘i j ‘i “ ‘i ‘i ‘i
LONG_STOP_WINDOW 49 1024 i i i : i i i o : : .
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Table 44 — Window Sequences

ISO/IEC 13818-7:2004(E)

value

window_sequence

num_
windows

looks like

0 ONLY_LONG_SEQUENCE
= LONG_WINDOW

1

1 LONG_START_SEQUENCE
= LONG_START_WINDOW

1

2 EIGHT_SHORT_SEQUENCE
=8 * SHORT WINDOW

3 LONG_STOP_SEQUENCE
= LONG_STOP_WINDOW

Table 45 — Scalefactor bands for

48 kHz

fs [kHz]

441, 48

hum_swb_long_window

49

LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 44.1 kH

zand

swb swb_offset_long_window swb swb_offset_long_window
0 0 25 216
1 4 26 240
2 8 27 264
3 12 28 292
4 16 29 320
5 20 30 352
6 24 31 384
7 28 32 416
8 32 33 448
9 36 34 480
10 40 35 512
11 48 36 544
12 56 37 576
13 64 38 608
14 72 39 640
15 80 40 672
16 88 41 704
17 96 42 736
18 108 43 768
19 120 44 800
20 132 45 832
21 144 46 864
22 160 47 896
23 176 48 928
24 196 1024
67
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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
4 16 2 96
5 20 13 112
6 28 128
7 36
Table 47 — Scalefactor bands for
LONG_WINDOW, LONG_START_WINDOW, LONG_STOR“WINDOW
at 32 kHz
fs [kHZz] 32
num_|swb_long_window 51
swb swb_offset_long_window swb swb_offset_long_windgw
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 46 864
21 144 47 896
22 160 48 928
23 176 49 960
24 196 50 992
25 216 1024
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Table 48 — Scalefactor bands for
LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 8 kHz

ISO/IEC 13818-7:2004(E)

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
4 48 25 372
5 60 26 396
6 72 27 420
7 84 28 448
8 96 29 476
9 108 30 508
10 120 31 544
11 132 32 580
12 144 33 620
13 156 34 664
14 172 35 712
15 188 36 764
16 204 37 820
17 220 38 880
18 236 39 944
19 252 1024
20 268

Table 49 — Scalefactorybandsfor SHORT_WINDOW at 8 kHz

fs [kHz] 8
hum_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

Taple 51 — Scalefactor bandsfor SHORT WINDOW at 11.025 kHz, 12 kHz and 16 kHz

fs [kHz] 11.025, 12, 16
num_gwb_short_window 15
swb swb- offset_short window swb swb_offset short windgw
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
v 28 128
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Table 52 — Scalefactor bands for
LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 22.05 kHz and

ISO/IEC 13818-7:2004(E)

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 28 220
5 20 29 240
6 24 30 260
7 28 31 284
8 32 32 308
9 36 33 336
10 40 34 364
11 44 35 396
12 52 36 432
13 60 37 468
14 68 38 508
15 76 39 552
16 84 40 600
17 92 41 652
18 100 42 704
19 108 43 768
20 116 44 832
21 124 45 896
22 136 46 960
23 148 1024

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

fs [kHz] 22.05 and 24
hum_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 20 13 92
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
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 swh-offset_short_window swb swb_offset_short_windgw
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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Table 56 — Scalefactor bands for
LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 88.2kHz and

ISO/IEC 13818-7:2004(E)

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 44
3 12 24 156
4 16 25 172
5 20 26 188
6 24 27 212
7 28 28 240
8 32 29 276
9 36 30 320
10 40 31 384
11 44 32 448
12 48 33 512
13 52 34 576
14 56 85 640
15 64 36 704
16 72 37 768
17 80 38 832
18 88 39 896
19 96 40 960
20 108 1024

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

fs [kHz] 88.2 and 96
hum_swb_short_window 12
swb swhb 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

9

9.1

Noiseless coding is used to further reduce the redundancy of the scalefactors and the

Figures
window_sequence = EIGHT _SHORT_SEQUENCE
num_windows = 8
grouping_bits = 1100101
num_window_groups =4
window group length[1=1{3,1,2,2}
0 Cs ‘ ; ‘
group#
S XXAXXNK
Figure 4 — Examplefor short window grouping
spectral coefficients —p
sfb 0 |stb 1 |stb 2 stb (num_sfb-1)
Order of scalefactor bands for ONLY_LONG/SEQUENCE
Figure 5— Spectral order of scalefactor bandsinscase of ONLY_LONG_SEQUENCE

spectral coefficients —p

< group 0 p&—— group | ——»
— stb0 —p | «—sfbl —p stb 0 |stb 1 |sfb 2
win O|win 1|win 2|win 0 |win 1 |win 2 T S8 |win 3|win 3 |win 3

Fi

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

jure 6 — Spectral erder of scalefactor bandsin case of EIGHT_SHORT_SEQUENCE

Noiseless Coding

Tool Description

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
differentially coded relative to the previous scalefactor and then Huffman coded using the

scalefactor codebook.
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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 divi

sion 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

pectrum. Note that the length of a section is given in scalefactor bands rath
calefactor window bands (see subclause 8.3.4). In order to maximize the match
tatistics of the quantized spectrum to that of the Huffman codebooks the nur
ections is permitted to be as large as the number of scalefactor bands. The maxim
f a section is max_sfb scalefactor bands.

s indicated in Table 59, spectrum Huffman codebooks can represént signed or u

the n-tuple immediately follow the associated codeword.

he noiseless coding has two ways to represent large quantized spectra. One w
end the escape flag from the escape (ESC) Huffman codebook, which signals that
mediately following that codeword plus optional sign bits are an escape sequer
ncodes values larger than those represented by.the ESC Huffman codebook. A
ay is the pulse escape method, in which relatively large-amplitude coefficients

er than

of the
nber of
m size

nsigned

-tuples of coefficients. For unsigned codebooks, sign bits for every non-zero coefficient in

By is to
the bits
ce that
second
can be

replaced by coefficients with smaller amplitudes-in order to enable the use of Huffman code

tables with higher coding efficiency. This replacement is corrected by sending the

f the spectral coefficient and the differences in amplitude as side informatig
frequency information is represented by<the combination of the scalefactor band nu
indicate a base frequency and an offset into that scalefactor band.

.2 Definitions

2.1 Data Elements

sect_cb[g][i] Spectrum Huffman codebook used for sectic
group g (see subclause 6.3, Table 17).

gect_len_incr Used to compute the length of a section, me
number of scalefactor bands from start of se
The length of sect_len_incr is 3 bits if

window_sequence is EIGHT _SHORT_SEQL
and 5 bits otherwise (see subclause 6.3, Tal

position
n. The
mber to

niin
asures

ction.

JENCE
le 17).

[{a]

lobal_gai Slobal qain of f zed

unsigned integer value (see subclause 6.3,
Table 16).

hcod_sf[] Huffman codeword from the Huffman code
Table used for coding of scalefactors (see
subclause 6.3, Table 18).

AaS

hcod[sect_cb[g][ill[w][x][yl[z] Huffman codeword from codebook sect_cb[g][i]

that encodes the next 4-tuple (w, x, y, z) of s
coefficients, where w, x, y, z are quantized s
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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][i]][y] [z]

quad_|sign_bits

pair_sign_bits

hcod [esc_y

hcod esc_z

pulse| data_present

numbe

pulse_start_sfb

pulse_offset[i]

76

Huffman codeword from codebook sect_cb[g][i]
that encodes the next 2-tuple (y, z) of spectral
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] = z. N-tuples
progress from low to high frequency within the
current section (see subclause 6.3, Table 20).

Sign bits for non-zero coefficients in the spectral 4
tuple. A “1’ indicatesr a‘Aegative coefficient, a ‘0’ a
positive one. Bits associated with lower frequency
coefficients are sent first (see subclause 6.3,
Table 20).

Sign bits:for'non-zero coefficients in the spectral 2
tuple. A\'1’ indicates a negative coefficient, a ‘0’ a
positive one. Bits associated with lower frequency
coefficients are sent first (see subclause 6.3,
Table 20).

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

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

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

EIGHT _SHORT_SEQUENCE.

v, 10 adur g rrow-Trrary pu C adpPtC i

The number of pulse escapes is from 1 to 4 (see

subclause 6.3, Table 21).

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

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
——————————————————————————————————seection+of group-g{see-subelause-6-3—Fable 17).

num_secfq] Number of sections in group g (see subelausge 6.3,
Table 17).

gscape_flag The value of 16 in the ESC Huffman codebopk

gscape_prefix The bit sequence of N 1's

gscape_separator One 0 bit

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

gscape_sequence The sequence of escape_prefix, escape_separator
and escape _word

gscape_code 2N(N+4) + escape_word

X_quant[g][win][sfb][bin] Huffmandecoded value for group g, window| win,

scalefactor band sfb, coefficient bin

[/

pec[w]lk] De-interleaved spectrum. w ranges from 0 tg
num_windows-1 and k ranges from 0 to
swb_offset[num_swhb]-1.

The noiseless coding tool requires these constants (see subclause 6.3, spectral_data()).

4ERO_HCB

RIRST_PAIR_HCB

ESC_HCB 11
QUAD_LEN 4
RAIR_LEN 2
INTENSITY XHCB2 14
INTENSITY_HCB 15
ESC. FLAG 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

inforwmﬂmm

data, is zero.

There

shown in Table 58. The differential scalefactor codebook is shown in Table A.4.-There gre
eleven Huffman codebooks for the spectral data, as shown in Table 59. The codebooks
showr] in Table A.2 through Table A.12. There are three other “codebgoks” above a

beyon
neithe
indica

normdlly be scalefactors is instead steering data for intensjty~stereo. In this case,

quanti
The s

spectrgl coefficients, as shown in Table 59. This Table also indicates the largest absoll

value
array,

The result of Huffman decoding each differential scalefactor codeword is the codewg

index,
scalef
in Ta

codeword index, listed in the first.column of Table A.2 through Table A.12. This index|i
translated to the n-tuple spectral values as specified in the following pseudo C-code:

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

is a single differential scalefactor codebook which represents a range of yvalues

d the actual Huffman codebooks, specifically the “zero” codebook, indicating th
I scalefactors nor quantized data will be transmitted, and the &intensity” codeboo
ing that this individual channel is part of a channel pair, and that the data that woy

zed spectral data are transmitted. Codebook indices 12 and 13 are reserved.
bectrum Huffman codebooks encode 2- or 4-tuples of signed or unsigned quantiz

LAV) able to be encoded by each codebook:«and defines a boolean helper variak
unsigned_cb][], that is 1 if the codebook is unsigned and 0 if signed.

listed in the first column of Table A:1< This is translated to the desired different
hctor by adding index_offset to the dndex. Index_offset has a value of —-60, as shoy
ble 58. Likewise, the result of\Huffman decoding each spectrum n-tuple is t

DN

AS

re
hd
at

ks

Id
NO

bd
te
le

dim =|Dimension of codebook, listed in the third column of Table 59.
lav =|LAV, listed in the-fourth column of Table 59.
idx =|codeword index
i f (unsigned)y™{
mod| = | av—-+"1;
of f| = 0]
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
gpectrat—oefficients——the—TtodebookTepresents—unsigned—vatues—therm—the—sign  bits
ssociated with non-zero coefficients immediately follow the Huffman codeword,| with a
I’ indicating a negative coefficient and a ‘0’ indicating a positive one. For @xample, if a
Huffman codeword from codebook 7

hcod[7][y][z]
RHas been parsed, then immediately following this in the bitstream is

- Q)

pair_sign_bits
which is a variable length field of O to 2 bits. It can be parsed-directly from the bitstream as
if (y'!'=0)
if (one_sign_bit == 1)
y = -y
if (z!=0)
if (one_sign_bit == 1)
Z = -7,

Yhere one_sign_Dbit is the next bit in the bitstream and pair_sign_bits is the concatenation
f the one_sign_bit fields.

'he ESC codebook is a special case. ltrepresents values from 0 to 16 inclusive, buf values
rom 0 to 15 encode actual data values, and the value16 is an escape_flag that sigpals the
resence of hcod_esc_y or hcod_esc_z, either of which will be denoted|as an
scape_sequence. This escapé.sequence permits quantized spectral elements of LAV>15
D be encoded. It consists of an escape_prefix of N 1’s, followed by an escape _sepagrator of
ne zero, followed by an.escape_word of N+4 bits representing an unsigned integer value.
'he escape_sequence._has a decoded value of 2*°(N+4)+escape word. The [desired
uantized spectral coefficient is then the sign indicated by the pair_sign_bits applied to the
alue of the escape sequence. In other words, an escape sequence of 0000Q would
ecode as 16, @n*escape_sequence of 01111 as 31, an escape_sequence of 1000000 as
2, one of 1941111 as 63, and so on. Note that restrictions in subclause 10.3 dictate that
ne lengthvef the escape_sequence is always less than 22 bits. For escape Huffman
odewords the ordering of data elements is Huffman codeword followed by 0 to 2 gign bits
pllowed by 0 to 2 escape sequences.

< —h O & (O < O J0 = O —h Qo <

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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g = 0;
win = 0;
k = swb_offset[pul se_start_sfb];
for (j = 0; j < nunmber_pul se+l; j++) {
k += pul se_offset[j];
/* transl ate_pul se_paraneters(); */
for (sfb = pulse_start_sfb; sfb < numswb; sfb++) {
if(k < swb_offset[sfb+1]) {
bin = k - swb_offset[sfb] ;
br eak;
}
}
/[I* restore coefficients */
iff (x_quant[g][win][sfb]l[bin] > 0)
x_quant[g][win][sfb][bin] += pul se_anmp[j];
gl se
x_quant[g][win][sfb][bin] -= pul se_anmp[j];
}

Several decoder tools (TNS, filterbank) access the spectral coefficients in a non-interleav
fashiop, i.e. all spectral coefficients are ordered according to window number and frequen

within

a window. This is indicated by using the pnotation spec[w]k] rather th

x_quapt[g][w][sfb][bin].

The fqllowing pseudo C-code indicates the correspondence between the four-dimension

or int

interlepved, structure of array spec|[ ][ ]. In the latter array the first index increments over t
indiviqual windows in the window sequence;;and the second index increments over t
spectrpl coefficients that correspond to_each window, where the coefficients progre

linearl

y from low to high frequency.

quant |to_spec() {

k
fo

g
j
f

9.4

80

p b

(é = 0; g < numw ndow_groups; g++) {

or (sfb = 0; sfb <_num swh; sfb ++)
wi dth = swb_of fset]sfb+1] - swb_offset[sfb];
for (win = 0; wWin' < w ndow group_length[g]; w n++) {
for (bin =9) bin < width; bin++) {
spec[witmrk] [bin+j] = x_quant[g][win][sfb][bin] ;

} .
j += wihndt h;

+= Wi-ndow_group_l engt h[ 9] ;

bd

CYy
AN

brleaved, structure of array x_quant] ][ J[€][ 1 and the two-dimensional, or de-

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

A 0 2 4 Table A.6

6 0 2 4 Table|A.7

7 1 2 7 Table|A.8

8 1 2 7 TablelA.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 qui-cf-phase -

15 - - intensity in-phase -

10 Quantization

0.1 Tool Description

1

Ror quantization of the spectral coefficients:inthe encoder a non uniform quantizer is used.
Therefore the decoder must perform the inverse non uniform quantization after the Huffman
decoding of the scalefactors (see clause™9 and 11) and spectral data (see clause 9).

10.2 Definitions

s §

0.2.1 Help Elements

X_quant[g][win][sfb][bin] quantized spectral coefficient for group g, wihdow
win, scalefactor band sfb, coefficient bin.

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

10.3 .~ Decoding Process
'he 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 —FoolBeseription
The bpsic method to adjust the quantization noise in the frequency domain is the (hoise
shaping using scalefactors. For this purpose the spectrum is divided in several groups |of
spectral coefficients called scalefactor bands which share one scalefactor (see
subclguse 8.3.4). A scalefactor represents a gain value which is used to. ‘change the
amplitude of all spectral coefficients in that scalefactor band. This mechanism is used |to
changg the allocation of the quantization noise in the spectral domain generated by the npn
uniform quantizer.

For window_sequences which contain SHORT_WINDOWSs grouping' can be applied, i.ea
speciffed number of consecutive SHORT_WINDOWs may.-have only one set |of
scalefactors. Each scalefactor is then applied to a  group of scalefactor banfls
corresponding in frequency (see subclause 8.3.4).

In this| tool the scalefactors are applied to the inverse qtantized coefficients to reconstryct
the spgctral values.

11.2 | Definitions

11.2.1| Data Functions

scale|factor_data() Part of bitstream which contains the differential
coded scalefactors (see Table 18)

11.2.2| Data Elements

globa]_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 Table 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
Hands of consecutive SHORT_WINDOWs (see subclause 8.3.4 and 8.3.5).

1.3.2 Decoding of Scalefactors

1

Ror all scalefactors the difference to the preceeding value is coded using the Huffman code
hook given in Table A.1. See clause 9 for a detailed description of the-Huffman decoding
process. The start value is given explicitly as a 8 bit PCM in the data.element globgl_gain.
A scalefactor is not transmitted for scalefactor bands which are(coded with the Huffman
godebook ZERO HCB. If the Huffman codebook for a scalefactor band is coded with
INTENSITY_HCB or INTENSITY_HCB2, the scalefactor is-used for intensity stergo (see
dlause 9 and subclause 12.2). In that case a normal scalefactor does not exist| (but is
ipitialized to zero to have a valid entry in the array).

=

'he following pseudo code describes how to decode the scalefactors sf[gj[sfb]:

ast _sf = gl obal _gai n;
or (g = 0; g < numw ndow _groups; .gt+) {
for (sfb = 0; sfb < max_sfb; sfhb¥+) {

—h

if (sfb_cb[g][sfb] != ZERO.HEB && sfb_cb[g][sfb] != I NTENSI TY_HCB
&& sfb_cb[g][sfb] !'= LNTENSI TY_HCB2) {
dpcm sf = decode_huf frman() - index_offset; /* see clause 9*/
sf[g][sfb] = dpcm sf y+ | ast_sf;

last _sf = sf[g][sfb];

el se {
sf[g][sfb] =L0;

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

11.3.3' Applying Scalefactors

-hU Dpcbtld: bUUffib;Ulltb Uf d” bbd:cfdbtul bdlldb VVh;bh L;UIIUb}.)UIICII tU d Dbd:cfdbtul ave 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] );

f

or (win = 0; win < wi ndow group_len[g]; w n++) {;
gain = get_scal e _factor_gain(sf[g][sfb]);
for (k = 0; k <wdth; k++) {
x_rescal [g][w ndow] [sfb][Kk] =

}
}

}

The fu

scalef

The c(

The fallowing pseudo code describes this operation:

get _sq
SF_
gai
ret

}
12
12.1

1211
The M

X_Tnvguant{ g Tw ndow { ST K] garm,

nction get_scale_factor_gain(sf[g][sfb]) returns the gain factor that corresponds to
pctor. The return value follows the equation:

gain = 2025 IElpI-SF_OFFSET)

pnstant SF_ OFFSET must be set to 100.

ale factor_gain( sf[g][sfb] ) {

OFFSET = 100;

n = 27(0.25 * ( sf[g][sfb] - SF_OFFSET));
irn (gain);

Joint Coding

M/S Stereo

Tool Description
/S joint channel coding operates on channel pairs. Channels are most often pair

such LT'1at they have symmetric presentation relative to the listener, such as left/right or |
n

surro
Onay
recons

per-spectral-cogfficient basis, the vector formed by the left and right channel signals
structed or de-matrixed by either the identity matrix

d/right surround. The first channel in the pair is denoted “left” and the second “right.

bd
bft

is

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).
12.1.2 Definitions
12.1.21 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_used fqllows
this field
10 All ones
11 Reserved
(see subclause 6.3, Table14)
ms_used[g][sfb] One-bit flag per scalefactor band indicating 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.
n_spec(] Array containing the right channel spectrum pf the
respective channel pair.
is_intensity(g,sfb) Function returning the intensity status, defined
in12.2.3
12.1.3 Decoding Process
Reconstruct the spectral coefficients of the first (“left”) and second (“right”) chapnel as
gpecified by the mask:_present and the ms_used[][] flags as follows:
iff (mask_present >= 1) {
for (g =0; g < numw ndow_groups; g++)
for (b = 0; b < wi ndow group_length[g]; b++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
if ((ms_used[g][sfb] || nmask_present == 2) && !is_intensity(g,sfb)) {
for (i =0; i < swb_offset[sfb+1l]-swb_offset[sfb]; i++) {
tp———spestglbitstbit——+—spestglbitstbiHi
| _spec[g][b][sfb][i] = |_spec[g][b][sfb][i] + r_spec[g][b][sfb][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
channkl pair. Thus, both channel outputs are derived from a single set of spectral
coeffigients after the inverse quantization process. This is done selectively on a scalefaclor
band lpasis when intensity stereo is flagged as active.

12.2.2| Definitions

12.2.2.1 Data Elements

hcod [sf[] Huffman codeword from the FHuffman code
Table used for coding of scalefactors (see
subclause 9.2)

12.2.2.2 Help Elements
dpcm |is_position[][] Differentially encoded intensity stereo position

is_position[group][sfb] Intensity stereo position for each group and
scalefactorband

|_spedg[] Arrayccontaining the left channel spectrum of the
respective channel pair

r_spec[] Array containing the right channel spectrum of thg
respective channel pair

12.2.3| Decoding Process

The Use of intensity stereo coding is signaled by the use of the pseudo codebooks
INTENSITY_HCB and-INTENSITY_HCB2 (15 and 14) only in the right channel of|a
channgl_pair_elelement() having a common ics_info() (common_window ==1).
INTENSITY_HCB.and INTENSITY_HCB2 signal in-phase and out-of-phase intensity stergo
coding, respectively.

In addition, the‘phase relationship of the intensity stereo coding can be reversed by means
of the|ms,_used field: Because M/S stereo coding and intensity stereo coding are mutually
exclugive) for a particular 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:

flunction is_intensity(group,sfb) {
+1  for window groups / scal efactor bands wi th right channel codebook

sfb_cb[group][sfb] == I NTENSI TY_HCB

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

0 ot herw se

}

flunction invert_intensity(group,sfb) {

1- 2*ns_used[ group] [ sf b] if (ms_nmask_present == 1)

+1 ot herw se

}

=

'he intensity stereo decoding for one channel pair is defined by the following pseudq code:

= 01
or (g = 0; g < numw ndow_groups; g++) {

o]

/* Decode intensity positions for tthis group */
for (sfb = 0; sfb < max_sfb; sfbt%)
if (is_intensity(g,sfb))
is_position[g][sfb] = p %= dpcm.is_position[g][sfb];

/* Do intensity stereo decodi ng */
for (b =0; b < wndow group |ength[g]; b++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
if (is_intensit¥yfg,sfb)) {

scale = is\¥ntensity(g,sfb) * invert_intensity(g,sfb) *

0.57(0.25%i s _position[g][sfb]);

[* Scal® fromleft to right channel, do not touch |eft channel */

for (i) '=0; i < swb_offset[sfb+l]-swb_offset[sfb]; i++)
rospec[g]l[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

12.3.1

Coupling Channel

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 t

12.3.2

12.3.2.1
ind_s

num_

cc_ta

cc_ta

cc_|

cc_r

cc_do

Definitions

Data Elements
v_cce_flag

coupled_elements

rget_is_cpe

rget_tag_select

main

gain_¢

gain_element_scale

common_gain_element_present[c]
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hat this tool includes certain profile dependent parameters (see subclause 7 1)

i st Sme-bitimdieating--4 tad-rar—e]

One bit indicating whether the coupled target
syntax element is an independently-switched (1) qr
a dependently switched (0) CCE-(see
subclause 6.3, Table 22).

Number of coupled target'ehannels is equal to
num_coupled_elements+1. The minimum value i O
indicating 1 coupled4arget channel (see
subclause 6.3, Table 22).

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

Fourbit field specifying the element_instance_tag
ofthe coupled target syntax element (see
subclause 6.3, Table 22).

One bit indicating that a list of gain_element valugs
is applied to the left channel of a channel pair (se¢
subclause 6.3, Table 22).

One bit indicating that a list of gain_element valugs
is applied to the right channel of a channel pair (s¢e
subclause 6.3, Table 22).

One bit indicating whether the coupling is
performed before (0) or after (1) the TNS decoding
of the coupled target channels (see subclause 6.3,
Table 22).

values contain information about in-phas_e / 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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or whether Huffman coded differential
gain_elements are sent (0) (see subclause 6.3,

Table 22).
12.3.2.2 Help Elements
dpcm_gain_element[][] Differentially encoded gain element.
gain_element[group][sfb] Gain element for each group and scalefactor band.
dgommon_gain_element|| Gain element that Is used tor all window grolips
and scalefactor bands of one coupling target
channel.
gpectrum_m(idx, domain) Pointer to the spectral data associated with the

single_channel_element() witmihdex idx.
Depending on the value of *domain”, the spgctral
coefficients before (0) orafter (1) TNS decoding are

pointed to.
gpectrum_I(idx, domain) Pointer to the spectral data associated with tlhe left
channel of the channel_pair_element() with index

idx. Dependingion the value of "domain", theg
spectral coéfficients before (0) or after (1) TNS
decoding.are pointed to.

gpectrum_r(idx, domain) Pointer to the spectral data associated with the
right'channel of the channel_pair_element() with
index idx. Depending on the value of "domaip", the
spectral coefficients before (0) or after (1) TNS
decoding are pointed to.

2.3.3 Decoding Process

'he coupling channel isibased on an embedded single_channel_element() which is
ombined with some dedicated fields to accomodate its special purpose.

'he coupled target ‘syntax elements (SCEs or CPEs) are addressed using two| syntax
lements. First,.the cc_target is_cpe field selects whether a SCE or CPE is addressed.
becond, a ccctarget _tag_select field selects the instance_tag of the SCE/CPE.

'he scaling-operation involved in channel coupling is defined by gain_element values which
escribe\the applicable gain factor and sign. In accordance with the coding procedures for
calefactors and intensity stereo positions, gain_element values are differentially encoded
sing the Huffman Table for scalefactors. Similarly, the decoded gain factors for qoupling

etate-to-window groupsof spectratcoeffictents—————————————————
Independently switched CCEs vs. dependently switched CCEs

c B O 1 (D —Jd O -1 -

-

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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e 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

frequ
target

The faollowing pseudo code in function decode_ coupling_channel() defines the decodi
operafion for a dependently switched coupling channel element. First the\ spect
coeffigients of the embedded single_channel_element() are decoded into an intetnal buff

Since

gain_glement values associated with this target are assumed to be 0, i.e. the coupli

chann

coeffigients are scaled and added to the coefficients of the coupled\target channels usi
the appropriate list of gain_element values.

An independently switched CCE is decoded like a dependently switched CCE having o

comm
its tim
Pleas

chann
as ind

decodg_coupl i ng_channel ()

nevdomain and than ccalad acs diractad hyv tha aain lict hafara it ie addaed to t
ReyY—GoHai—ahRa—tei—S6at8a—as— a8 68—y —He—gaihi— St etore—1+—1s—aaaea—+to—+

SCE or CPE channels.

the gain elements for the first coupled target (list_index == 0) are not-fransmitted,

el is added to the coupled target channel in its natural scaling. @therwise the spect

n_gain_element’s. However, the resulting scaled spectrum is transformed back in
representation and then coupled in the time domain.

note that the gain_element lists may be shared between the left and the rig

| of a target channel pair element. This is signalled by both cc_| and cc_r being zero

cated in the Table below:

Table 60 — Sharing of gain_element lists

ccl, cc_r shared gain list left gain list right gain list
present present present
0, 0 yes no no
0, 1 RO no yes
1, 0 no yes no
1, 1 no yes yes

1S

9
ral
Br.
all
Ng
ral
9

ly
o

ht

{
- decode spectral coefficients of enbedded singl e_channel _el enent
ilnto buffer-"cc_spectruni]”.
[ * Louplkevspectral coefficients onto target channels */
I'ist_imdex = 0;
for[(c = 0; ¢ < numcoupl ed_el ements+1; c++) {
if—(tcc_target _iS_Cpeici) |
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++));

oupl e_channel (source_spectrunf{], dest_spectrun{], gain_list_index)

~ O

i dx = gain_list_index;

a = 0;

cc_scale = cc_scal e_tabl e[gai n_el ement _scal e] ;
for (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] = comon_gai'n el enent [i dx];
}
el se {

for (sfb = 0; sfb < max_sfb; sfb#¥) {
if (sfb_cb[g][sfb] == ZERO HCB)
conti nue;

i f (gain_el ement_sign), ¢
cc_sign[idx][g][sfb]~= 1 - 2*(dpcm._gai n_el enent[idx][g]

[sfb] &[0x1);
gain_element[idx]{g][sfb] = a += (dpcm gain_el enent[idx][g]][sf

bl >>

el se {

cc_sign[idx]r[o][sfb] = 1;
gain_eleénment[idx][g][sfb] = a += dpcm gain_el enent[idx][g][sfb]|
}
} .
/* Do <celpling onto target channels */
for .(\b~= 0; b < window group_length[b]; b++) {

r
for (sfb = 0; sfb < max_sfb; sfb++) {

if (sfb_cb[g][sfb] != ZERO HCB) ({

cc gain[idx][g][sfb] = cc_sign[idx][g][sfb] *
c_scatergain_erement [ Taxi{ ol 5ol
for (i = 0; i<swb off
dest _spectrunig][b]
source_spectrunig] [

set[sfb+1l]-swb_offset[sfb]; i++)
sfb][i] += cc_gain[idx][g][sfb] *
][ sfb]

[ .
b [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

Predidtion is used for an improved redundancy reduction and is especially effective in cage
of mofe 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 mgno) predictor which exploits the auto-correlation between the-Spectral components |of
conseputive frames. Because a window_sequence of type EIGHT _SHORT_SEQUENCE
indicates signal changes, i.e. non-stationary signal charactetistics, prediction is only used if
window_sequence is of type ONLY_LONG_SEQUENCE; LONG_START_SEQUENCE |or
LONG_STOP_SEQUENCE. The use of the prediction tool is profile dependent. See
clausg 7 for detailed information.

For epch channel prediction is applied to the:spectral components resulting from the
spectrpl decomposition of the filterbank. For each spectral component up to limit specified
by PRED_SFB_MAX, there is one corresponding predictor resulting in a bank of predictofs,
where| each predictor exploits the auto-carrelation between the spectral component valugs
of congecutive frames.

The oyerall coding structure using(a filterbank with high spectral resolution implies the use
of backward adaptive predictors.to-achieve high coding efficiency. In this case, the prediclor
coeffigients are calculated fram preceding quantized spectral components in the encoder gs
well ag in the decoder and'no additional side information is needed for the transmission |of
predictor coefficients - as. would be required for forward adaptive predictors. A second order
backward-adaptive laftice structure predictor is used for each spectral component, so that
each predictor is working on the spectral component values of the two preceding framgs.
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 quantizer|is
fed with a prediction error instead of the original spectral component, resulting in a codipg
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).

y  reset
in current frame if predictor reset is enabled‘(only
present if predictor_reset flag is set, see
subclause 6.3, Table 15).

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

'he following Table specifies the upper limit of scalefactor bands up to which prediction can
e used:

o

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 hands 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
pred:E)r side information has to be extracted from the bitstream to control the further

predictor processing in the decoder. In case of a single_channel_element() the centfol
informiation is valid for the predictor bank of the channel associated with that element. |In
case |of a channel_pair_element() there are the following two possibilities: | If
common_window = 1 then there is only one set of the control information which is valid for
the two predictor banks of the two channels associated with that element. | If
common_window = 0 then there are two sets of control information, one for each of the
two predictor banks of the two channels associated with that element.

If window_sequence is of type ONLY_LONG_SEQUENCE, LONG.-START_SEQUENCE |or
LONG_STOP_SEQUENCE, the predictor_data_present bit is.read. If this bit is not set (0)
then prediction is switched off at all for the current frame and-there is no further predicior
side ipformation present. In this case the prediction_used bit for each scalefactor bapd
stored in the decoder has to be set to zero. If the predictor_data_present bit is set (1) then
prediction is used for the current frame and theo predictor_reset bit is read which
determines whether predictor reset is applied_ia; the current frame (1) or not (0).|If
predigtor_reset is set then the next 5 bits are read giving a number specifying the group|of
predictors to be reset in the current frame, see also subclause 13.3.2.4 for the details. If the
predi¢tor_reset is not set then there is<no 5 bit number in the bitstream. Next, the
predi¢tion_used bits are read from the: bitstream, which control the use of prediction |in
each gcalefactor band individually, i.e(if the bit is set for a particular scalefactor band, then
prediction is enabled for all spectral components of this scalefactor band and the quantized
prediction error of each spectral.component is transmitted instead of the quantized value |of
the spectral component. Otherwise, prediction is disabled for this scalefactor band and the
quantiged values of the spectral components are transmitted.

13.3.2| Predictor Processing

13.3.2. General

The following.description is valid for one single predictor and has to be applied to eagh
predictor,, A~second order backward adaptive lattice structure predictor is used. Figurg 7
showg the ‘corresponding predictor flow graph on the decoder side. In principle, an estimgte
Xest(n) © g
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) ’

VAR Va L _1\_1 .1 Va \. VAR NN
T = a7, = 1= 0 (7)€ ;\77))

Q)

nd eq,m (n) = eq,mfl (n) - xest,m (n) "

Hence, the overall estimate results to:
X (1) = X1 (1) + X, (1)

The constants

a and b, 0<a,b<l

re attenuation factors which are included in each signal path contributing to the regursivity
f the structure for the purpose of stabilization. By this means, possible oscillationg due to
ransmission errors or drift between predictor coefficients on the encoder and decoder side
ue to numerical inaccuracy can be faded out of.even prevented.

O —+ 0O Q

n the case of stationary signals and with a*=b = 1, the predictor coefficient of elemént m is
alculated by

(@)

k = Eleq,m—l (l’l) ) rq,m—l (}’l - l)J
" 1Ele, ]+ El, = D))
n order to adapt the coefficients to the current signal properties, the expected valugs in the

bove equation are subsfituted by time average estimates measured over a limited past
ignal period. A compromise has to be chosen between a good convergence aga{st the

m=12 and e ,(n)=r,,(n)=x,,.(n)

ptimum predictor setting for signal periods with quasi stationary characteristic and the
bility of fast adaptation in case of signal transitions. In this context algorithms with iterative
mprovement of-the estimates, i.e. from sample to sample, are of special interest. Here, a
east mean-square" (LMS) approach is used and the predictor coefficients are calculated
s follows

Q O M Q) —

Q)

_ COR,,(n)

K+ D)= VAR (n)

with
COR,(n)=a-COR, (n-D)+r,, (n=1-e,, (1)

VAR, (n)=a-VAR,(n-1)+0.5-(2 (n=1)+e>, ,(n))

ym—1

where « is an adaptation time constant which determines the influence of the current
sample on the estimate of the expected values. The value of « is chosen to

a =0.90625 .
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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 UONG_STOP_SEQUENCE only the calculation of the reconstructed value ofythe
quantiged spectral components differs depending on the value of the prediction_used bit

e |If the bit is set (1), then the quantized prediction error reconstructed, from the
transmitted data is added to the estimate x.s(n) calculated by ,the predicior
resulting in the reconstructed value of the quantized spectral .component, ile.

xrec (n) = xest (n) + eq (n)
e |If the bit is not set (0), then the quantized value of the \spéctral component|is
reconstructed directly from the transmitted data.

In cage of short blocks, i.e. window_sequence is of type EIGHT SHORT_SEQUENCE,
prediction is always disabled and a reset is carried out for all predictors in all scalefactor
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 according
to the ffollowing pseudo code:

(It is @assumed that the reconstructed value y. rec(c) - which is either the reconstructed
quantiged prediction error or the reconstructed' quantized spectral coefficient - is available
from previous processing.)

if (ONLY_LONG SEQUENCE || LONG_START 'SEQUENCE || LONG_STOP_SEQUENCE) {
for|(sfb = 0; sfb < PRED SFB_MAX;" sfb++) {

flc = swb_of fset | ong_wi ndoW,fs i ndex] [ sfb];

llc = swb_offset | ong_w ndow fs_index][sfb+1];

flor (¢ = fc; ¢ <lc; c+h)» {

x_est[c] = predict();

if (predictor_dat@jpresent && prediction_used[sfb])

x_rec[c] = x(est[c] + y_rec[c];
el se
x_rec[c] &y_rec[c];
}
el se {

respt _allspredictors();

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.
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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
representation (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 ‘in pseudo-C
function make_inv_tables().
/
r
1
t

\I intermediate results in every floating point computation in the prediction algorithm will be
epresented in single precision floating point using rounding described below.

'he IEEE Floating Point computational unit used in executing alkarithmetic in the prediction
pol will enable the following options:

¢ Round-to-Nearest, Even - Round to nearest fepresentable value; rounqg to the
value with the least significant bit equal to-zero (even) when the two pearest
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 numbers) |will be
supported; values whose magnitude is less than the smallest representable value
will be set to zero.

—

3.3.2.3 Fast Algorithm for Rounding

* this does not conformito”| EEE conventions of round to
* nearest, even, but if\is fast

*/

tatic void

It _round_inf (fl oaty *pf)

~

~= =h (N

int flg;
unsi gned{honhg tnp, tnpl, tnp2;

tmp =\*(unsi gned | ong*) pf;
flgx=/tnmp & (unsigned | ong)0x00008000;
tap. &= (unsi gned | ong) Oxf fff000O;
thpl = tnp;
/* round 1/2 Isb toward infinity */
T (o<
tmp &= (unsigned | ong) Oxff800000;
tmp | = (unsigned | ong) 0x00010000;
tnp2 = tnp;
tmp &= (unsigned | ong) Oxff800000;

extract exponent and sign */
insert 1 Isbh */

add 1 | sb and elided one */
extract exponent and sign */

[ I

/
/
/
/

*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;

fl ogt—tup,;

frexp((doubl e)*pf, &exp);

tnp (= *pf * (1<<(8-exp));

a =|(int)tnp;

if ((tnmp-a) >= 0.5) a++;

if ((tnmp-a) == 0.5) a&=-2;

*pf |= (float)al (1<<(8-exp));
}

stati¢ void make_inv_tabl es(void)
{
int|i;
unsilgned | ong tnpl, tnp;
float *pf = (float *)& npl;

float ftnp;
*pf |= 1.0;
for |(i=0; i<128; i++) {
tgp = tnpl + (i<<16); /* float 1.m 7 nsboonly */

ftlmp = b / *(float*) &t np;
fljt _round_even(&tnp); /* round to 16 'hits */
mpt _table[i] = ftnp;

}
for |(i=0; i<256; i++) {
tnp = (i<<23); /* float 1.0%*%2"exp */
ifl (*(float*)& np > 1.0) {
ftmp = 1.0 / *(fl oat*) & np;
} lelse {
ftnp = O;
}
efp table[i] = ftnp;
}
}

13.3.3| Predictor Reset

Initialization of apredictor means that the predictor’'s state variables are set as follows:

ro=ri[= 0, CORs = COR; = 0, VAR = VAR, = 1. When the decoding process is started,
predictors are initialized.

A cyclicreset mechanism is applied by the encoder and signaled to the decoder, in whi

all

ch

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 decoder 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:

98 © ISO/IEC 2004 — All rights reserved


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

ISO/IEC 13818-7:2004(E)

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,...

yhere P; is the predictor which corresponds to the spectral coefficient indexed byii;

V
Whether or not a reset has to be applied in the current frame is determined|by the
predictor_reset bit. If this bit is set then the number of the predictor resetigroup to e reset
in the current frame is specified in predictor_reset_group_number. All predictors
helonging to that reset group are then initialized as described above. This initialization has
tp be done after the normal predictor processing for the current frame has been carnjed out.
Note that predictor_reset_group_number cannot have the value0 or 31.
/
[
I.
t
fi

\ typical reset cycle starts with reset group number 1 and @he reset group number|is then
incremented by 1 until it reaches 30, and then it starts with 1 again. Nevertheless| it may
appen, e.g. due to switching between programs (bitstreams) or cutting and pasting, that
nere will be a discontinuity in the reset group numbering. If this is the case, these|are the
pllowing three possibilities for decoder operation:

e Ignore the discontinuity and carry on the normal processing. This may result in a
short audible distortion due to a<mismatch (drift) between the predictor$ in the
encoder and decoder. After oné‘complete reset cycle (reset group n, n+1j ..., 30,
1, 2, ..., n-1) the predictors.are re-synchronized again. Furthermore, a possible
distortion is faded out because of the attenuation factors a and b.

e Detect the discontinuity, carry on the normal processing but mute the output until
one complete reset-cycle is performed and the predictors are re-synchronized
again.

o Reset all predictors.

Fvery predictor group has to be reset after a maximum ‘active’ period of 240 frames. The
pset of the 30-predictor reset groups can be done either intermittently or in a buifst or in
yhatever other)pattern is convenient, as long as the maximum reset period of 240|‘active’
rames is net violated. Note that an ‘active’ period of 240 frames may take much longer than
40 frames, since frames with predictor activity may be interleaved with an arbitrary humber
f frames without any predictor activity. Note further, that prediction groups may bé active
ndependently of each other, so that separate ‘activity’ bookkeeping is required for each

A PN +
ITUILIVUTN TTOTL UTuupy.

=0 N —h< =S m

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)

AT Xest,l(n) Xest,Z(n)
k1 (n)
\:‘_(/ %X
IS P
1) neb

Figufe 7 — Flow graph of intra channel predictor for one spectral component.itithe decoder|
The dotted linesindicate the signal flow for the adaptation of the predictor. Coefficients.

Predictor Side Info RECONSTRUCTION
. IF (PDP && PU)
—_ Q > X rec(t) = Vi recl®) ™ X est(n) X rec (1)
Vi, q (I’l) Vi (n) ’
i,rec ELSE .

Xi,rec(n) = yi,rec(n)

v

Xi,est (1) Xi,rec (n-1)
P; - z-1
Legend: P  Predietor. PDP predictor_data-present
Q;' Inyerse quantizer PU prediction_used

Filgure 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] Number of noise shaping filters used for window w
(see subclause 6.3, Table 19).

coef_res[w] Token indicating the resolution of the transmitted
filter coefficients for window w, switching between a
resolution of 3 bits (ﬂ) and 4 hits (1) (QPP

subclause 6.3, Table 19).

angth[w][filt] Length of the region to which one filteris‘applied in
window w (in units of scalefactor bands) (se
subclause 6.3, Table 19).

rder[w][filt] Order of one noise shaping filter applied to window
w (see subclause 6.3, Table, 19).

(o

(@)

irection[w][filt] 1 bit indicating whether.the filter is applied in
upward (0) or downward (1) direction (see
subclause 6.3, Table 19).

oef_compress[w][filt] 1 bit indicatingwhether the most significant bpit of
the coefficients of the noise shaping filter filt|in
window weare omitted from transmission (1) pr not
(0) (seesubclause 6.3, Table 19).

oef[w][filt][i] Coefficients of one noise shaping filter applied to
window w (see subclause 6.3, Table 19).

(o)

(o)

]

pec[w][k] Array containing the spectrum for the windoy w of
the channel being processed.

Note: Depending on the window_sequence the'size of the following bitstream fields is switched for each transform window accerding to its
indow size:

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 gn each
window of the current frame by applying all-pole filtering to selected regions of the g$pectral
qoefficients (see function tns_decode_frame).

1 | f noi haping fi lied h wind . ified by “n filt". The

target range of spectral coefficients is defined in units of scalefactor bands count_ing 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; w++) {
otftom = num swuwh:
flor (f = 0; f <n_filt[w; f++) {
top = bottom
bottom = nmax(top - length[w[f], 0);
tns_order = nmin(order[w][f], TNS_MAX ORDER);
if ('tns_order) continue;
tns_decode_coef (tns_order, coef_res[w +3, coef_conmpress[{w|[f],
coef [W[f], Ipc[]);
start = swb_offset[m n(bottom TNS_MAX BANDS, max_sfb)];
end = swb_of fset[m n(top, TNS_MAX BANDS, max_sfb)];
if ((size = end - start) <= 0) continue;
if (direction[w][f]) {
inc = -1; start = end - 1;
} else {
inc = 1;

tns_ar _filter(&spec[w[start], size, inc, |p€[)], tns_order);

}
}

}

Pleas¢ note that this pseudo code uses a C-style-interpretation of arrays and vectors, i.e| if
coef[w][filt][i] describes the coefficients for allowindows and filters, coef[w][filt] is a pointer|to
the cqefficients of one particular window_and filter. Also, the identifier coef is used as| a
formal parameter in function tns_decode coef().

/* Degoder transmtted coefficient's for one TNS filter */
tns_d¢code _coef (order, coef res. bits, coef _conpress, coef[], a[])

{

—

/* Bome internal tables *
sgnf mask[] = { 0x2, 0x4,_0x8 };
neg| mask[] = { ~0x3, ~0x7, ~Oxf };

/* Bize used for transm ssion */

coef _res2 = coef“nes_bits - coef _conpress;

s_npsk = sgn_pmask[coef res2 - 2];/* mask for sign bit */

n_npsk neg.mask[ coef _res2 - 2];/* mask for paddi ng neg. val ues */

/* Lonversion to signed integer */
for|(i,s~0; i < order; i++)
timp[ ] = (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] +tmp2[m1] * ajmi];
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Yo _ _
for (i =1; i <m i++) {
a[i] = b[i];
}
a[m = tm2[m1];
}
}
tns_ar _filter(spectruni{], size, inc, Ipc[], order)
{
- Sinple all-pole filter of order “order” defined by
y(n) = x(n) - Ipc[1l]*y(n-1) - ... - Ipc[order]*y(n-order)
- The state variables of the filter are initialized to zero every tine
- The output data is witten over the input data (“in-place operation”)
- An input vector of “size” sanples is processed and the indéex)increnent
to the next data sanple is given by “inc”
}
15 Filterbank and Block Switching
15.1  Tool Description
The time-frequency representation of the signal is mapped onto the time domain by [feeding

it into the filterbank module. This module consists<of an inverse modified discrete

t

time/frequency resolution of the filterbank to the characteristics of the input signal,
gwitching tool is also adopted. N represents.the window length, where N is a functio
indow_sequence, see subclause 8.3 3 For each channel, the N/2 time-frequency
« are transformed into the N time domain values x,, via the IMDCT. After apply
indow function, for each channelxthe first half of the z, sequence is added to the
alf of the previous block windewed sequence z.,, to reconstruct the output sam
ach channel out; .

5.2 Definitions

he syntax elements—for the filterbank are specified in the raw data stream
ingle_channel_element() (see subclause 6.3, Table 13), channel_pair_elemen
ubclause 6.3, Fable 14), and the coupling_channel (see subclause 6.3, Table 22
onsist of the eontrol information window_sequence and window_shape.

5.2.1 <-Data Elements

cosine

ransform (IMDCT), and a window and an overlap-add function. In order to adapt the

a block
n of the
values
ing the
second
ples for

for the
() (see
). They

indow_sequence 2 bit indicating which window sequence (i.e. |block
size) is used (see subclause 6 3 Table 15)
window_shape 1 bit indicating which window function is selected

(see subclause 6.3, Table 15).

Table44 shows the four window_sequences (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 & 27 1
X, =— [k —\n+ k+—1|| for0<Sn<N
n =y Zspec[z][ ]cos( v (n noi 2)) or

k=0

where :

n =sampleindex

i = window index

k =spectral coefficient index

N =window length based on the window_sequence value

n, =(N2+1)72

The synthesis window length N for the inverse transform is a function' of the syntax elemgnt
windgw_sequence and is defined as follows:

2048, if ONLY LONG SEQUENCE (0x0)

2048, if LONG _START SEQUENCE (0x1)

256, if EIGHT SHORT SEQUENCE (0x2), (8times)
2048, if LONG_STOP SEQUENCE (0x3)

The mleaningful block transitions are as follows:

from ONLY_LONG_SEQUENCE 10, ([ ONG START SEQUENCE

from LONG_START_SEQUENCE to  {{(\G SToP SEQUENCE

(ONLY_LONG SEQUENCE

from LONG_STOP_SEQUENCE to LONG_START SEQUENCE

from EIGHT_SHORT_SEQUENCE to {Eg‘r;{g-g;lgfgﬁgﬁ%%p%

In addition to the meaningful block transitions the following transitions are possible:

from ONLY_LONG_SEQUENCE to  {{GX( STOP SEQUENCE

fromLONG_START_SEQUENCE to  {PONE§TART SEQUENCE

from LONG_STOP_SEQUENCE t0  {{GX( STOP SEQUENCE

from EIGHT_SHORT_SEQUENCE to  {P0N{§TART SEQUENCE

This will still result in a reasonably smooth transition from one block to the next.
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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:

N [l ]
AV LR |

KBD_LEFT,N(n)

_ 14
WKBD_RIGHT,N(n)_ N2

Where:
W’ (Kaiser-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,a) =

4 for N = 2048

¢ =kernel window alpha factor, ¢ =
6 for N=256

Otherwise, forwindow_shape == 0, a sine window is employed as follows:

W (n)=sin(“(n+1y) for 0<n<¥
SIN VEEFT,N YA =ns

7z ] A
=sin(—(n+—)) for —<n<N
N 2 2

" _RIGHT,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 Tlable 44) with a total window length of 2048.

For window_shape == 1 the window for ONLY_LONG_SEQUENCE is given,as follows:
W(n) _ { WLEFT,2048 (n), for 0<n <1024

WKBDfRIGHT,2048 (n), for 1024 < n < 2048
If window_shape == 0 the window for ONLY_LONG_SEQUENCE can be described gs
follows:
WLEFT,2O48 (n), for 0<n <1024
WSH\,_R,GHK2048 (n), for 1024 <n <2048

W(n) =

After windowing, the time domain values (z;,) can be expressed as:

z. = (n)-xi’n;

i,n

b) LONG_START_SEQUENCE:

The LONG_START_SEQUENCE is needed to obtain a correct overlap and add for a block
transitjon from a ONLY_LONG_SEQUENCE to a EIGHT_SHORT_SEQUENCE.

If window_shape == 1 the window for LONG_START_SEQUENCE is given as follows:

W, et 2045 (1), for 0 <n <1024
1.0, for 1024 <n <1472
w(n)=
Wesn riir.ss 01128 —1472), for 1472 <n <1600
0.0, for 1600 < n < 2048
If wingdow_shiape == 0 the window for LONG_START_SEQUENCE looks like:
[ W, it 2005 (1), for 0<n <1024
10 for 1024 < n <1472

Won rinr.ase(n+128=1472), for 1472 <n <1600
0.0, for 1600 < n < 2048

W(n)=11.\l, TOUT 1T UZ

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:

( ) WLEFT,256 (n), for 0<n <128
W()n “\w (n\7 for 128 < n < 256

U &5D _KIGHT , 256 \""/

W

()= { Wisp 1errase(n), for 0<n <128
1-7

- WKBD_RIGHT,256 (n), for 128 <n <256

Otherwise, if window_shape == 0, the window functions can be described as:

() { W, 7256 (1), for 0<n <128

W (n)=
0" WSIN_RIGHT,256 (n), for 128 <n <256

b (n) | Wan_rerrase (n), for 0<n<128
=77 Wy wianrass(n), for 128<n <256

=

'he overlap and add between the EIGHT_SHORT”window_sequence resultingd in the
/indowed time domain values z;, is described as:follows:

<

0, for 0 < nx 448
X, _aag - Wo(n —448), for 448<n <576

X, aas - Wo(n —448) + x, oo ¥ (n - 576), for 576 < n < 704

X, 576 - Wi(n = 576) + x50, - W, (n — 704), for 704 < n < 832
Xy 00 - Wa(n = T04) + x, 50, - W, (n — 832), for 832 < n < 960
X, s W(n = 83230 X, o0 - W, (n —960), for 960 < n < 1088

X o060 - Wa(n —960) + x, 105 - Ws(n —1088), for 1088 <n <1216
X105 - W= 1088) + x, , 1316 - We(n —1216), for 1216 < n < 1344
Xyt W (= 1216) + x, 15y - W, (n —1344), for 1344 < n < 1472
X forses - W, (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).

15.3.3| Overlapping and Adding with Previous Window Sequence

Besid¢s the overlap and add within the EIGHT_SHORT window_sequence the\first (Igft)

half offevery window_sequence is overlapped and added with the second (right) half of t
previous window_sequence resulting in the final time domain values® outi,. T
matheimatic expression for this operation can be described as follows. It is valid for all fo
possikjle window_sequences.

out, Fz. +z for 0Sn<g, N =2048

in in . N>
? ’ i—ln+—
2

16 | Gain Control

16.1 | Tool Description
The gain control tool is made up of several gain:*Compensators and overlap/add processi

he
ne
ur

9

stageg, and an IPQF (Inverse Polyphase Quadrature Filter) stage. This tool receives ngn-

overlapped signal sequences provided by the IMDCT stages, window_sequence a
gain_gontrol_data, and then reproduces.the output PCM data. The block diagram for t
gain cpntrol tool is shown in Figure 9.

Due tg the characteristics of the PQF filterbank, the order of the MDCT coefficients in ea
even PQF band must be reversed. This is done by reversing the spectral order of t
MDCT| coefficients, i.e. exchanging the higher frequency MDCT coefficients with the low
frequgncy MDCT coefficients..

If the gain control tool.isused, the configuration of the filter bank tool is changed as follows.

In the case of anDEIGHT_SHORT_SEQUENCE window_sequence, the number
coeffigients for the-IMDCT is 32 instead of 128 and eight IMDCTs are carried out. In t
case ¢f other window_sequence values, the number of coefficients for the IMDCT is 2
instead of 1024'and one IMDCT is performed. In all cases, the filter bank tool outputs a to
of 2048 non-overlapped values per frame. These values are supplied to the gain cont

nd
he

ch
he
er

of
ne
h6
al
ol

tool ag @, ,.(j) defined in 16.3.3.

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.

108 © ISO/IEC 2004 — All rights reserved


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

16.2 Definitions

16.2.1 Data Elements

ISO/IEC 13818-7:

2004(E)

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 bands in
which their Qignal g';nin have bheen controlled
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 bandhas been
controlled.
2: signal gain on 2nd and:3rd IPQF bands have
been controlled.
3: signal gain on 2nd; 3rd and 4th IPQF bands have
been controlled,
dlevcode 4-bit field indicating the gain value for one gain
change (se€ subclause 6.3, Table 27).
3dloccode 2-, 4-cor 5-bit field indicating the position for|one
gain.change. The length of this data varies
depending on the window sequence (see
subclause 6.3, Table 27).
16.2.2 Help Elements
gain control data side information indicating the gain values apd the
positions used for the gain change.
IPQF band each split band of IPQF.
16.3 DecodingProcess
The followingfour processes are required for decoding.
(1)-Gain control data decoding
(2) Gain control function setting
(3) Gain control windowing and overlapping
(4) Synthesis filter
16.3.1 Gain Control Data Decoding
Gain control data are reconstructed as follows.
(1)
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

where
NAD,,

1if NAD,, , == 0

ALEV)y (O) - {ALE Vi s (1),otherwise

256, ==0if ONLY LONG_SEQUENCE
112,/ ==0)

ifLONG_START SEQUENGE
W ==
ALOC,(NADy,, +1)= 32,0 <W < 7if EIGHT SHORT SEQUENCE
12,0 ==0

if LONG_STOP SEQUENCE
256, ==1 - )

ALEV,, ,(NAD,, , +1)=1

5 Gain Control Information Number, an integer

ALO(Q, , (m): Gain Control Location,an integer

ALEYV]
B:

w-:
m:

aloccq

In cag

,B(m): Gain Control Level, an integer-valued real number

Band ID, an integer from 1 to 3

Window ID;-an integer from 0 to 7

an integer

bde[B][Win] must be set so that {4LOC,, ,(m)} satisfies the following conditions.

ALQG,, ,(m, )< ALOC,, ,(m, )1 <m, <m, < NAD,, , +1
es)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 Tab

16.3.2
The G

(1)

110

le 65.

Gain Control Function Setting
ain control function is obtained as follows.

My 5, :Max{m tALOC,, 4 (m)< j},
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0< j<255W ==0ifONLY LONG SEQUENCE

0< <1117 ==0

ifLONG_START SEQUENCE
0< <31 ==1

0< j<31,0<W <7ifEIGHT SHORT SEQUENCE

0< <111 ==

0
}if LONG _STOP_SEQUENCE
0< j<OSSW =1 - -

J

ALEV,, (M, .,
Inter ALEVW,B(MW,B,j_Fl)’ ’
FMD,, ,(j)= J—ALOC,, ; (MW,B,./')

if ALOC,, ,(M,, , )< j < ALOC, ,(M,, , )+
ALEV,, (M, , . +1)otherwise

®)
if ONLY_LONG_SEQUENCE
ALEV, ,(0)x PFMD, ()0 < j <255

GMF, 5(j)= {FMD()’B (j-256)256 < j <511

PFMD,(j)=FMD, ,(j)0 < j <255

~

if LONG_START_SEQUENCE
ALEV, ,(0)x 4LEV, ,(0)x PFMD,(j)0 < j < 255
Gur,(j)= ﬁijVLB((g)x FMD, ,(j .—256),256 < j<367
(i —368)368 < j <399
1,400< j <511
PEMD,(j)EFMD, ()0 < j <31
if EIGHT_SHORT_SEQUENCE
ALEV,, ,(0)x PEMD,(j)J7 == 00< j <31
GMF,, ,(j)=1ALEV,, ,(0)x FMD,,_, ,(j})1<W <7,0< j<31
FMD,, ,(j—32)0<W <732< <63

PEMD,(j)=FMD, ,(j)0< j <31

if LONG_STOP_SEQUENCE

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)=
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PFMD,(j)=FMD, ,(j)0 < j <255

1

AD, ,(j)=————,
"o (J) GMFW,B (])
0< j<511W ==0ifONLY LONG SEQUENCE
0O 7 S11I —— OAT ONGC START SEOQOLTENCE
|\ — J —_— LL,V' \.l'./j LJ\JL‘U_UA[ AL\L_UJ_I\(\J‘_JLV\_/J_/

0< j<63,0<W <7ifEIGHT SHORT SEQUENCE
0< j<511W == 0ifLONG_STOP SEQUENCE

where

FMD,)| ,(j): Fragment Modification Function, a real number

PFMD,(j): Fragment Modification Function of previous frame, a realriumber
GMF,),(j): Gain Modification Function, a real number

ADy, 4 j):  Gain Control Function, a real number

ALO(Q 7B(m): Gain Control Location defined in subclause 16.3.1, an integer
ALEV}, (m): Gain Control Level defined in subclauSe 16.3.1, an integer-valued real number
B: Band ID, an integer from 1 to 3

w. Window ID, an integer from Q.10 7

My, [ an integer

m: an integer

and

(8—)logs (@} log, ()

[nter(a,b,j) =2

8

Note that the initialvalue of PFMD,(j) must be set 1.0.

16.3.3
Band

Gain‘Control

Sample Data are obtained through the processes (1) to (2) shown below.

Windowing and Overlapping

(1) Gain-Control Windowing
ifB=0
Ty 5(7)=Uy 5 (/)
0< j<511,7 == 0ifONLY LONG SEQUENCE
0< j <511 ==0if LONG_START SEQUENCE

112

0< j<630<W <7ifEIGHT SHORT SEQUENCE

0< j <511V == 0if LONG_STOP_SEQUENCE
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else

~~

~

Ty 5 ()= 4Dy s (j)x Uy 5 (),
0< j<511,7 == 0ifONLY LONG SEQUENCE
0< j <511 ==0if LONG_START SEQUENCE
0< j<630<W <TifEIGHT SHORT SEQUENCE

ISO/IEC 13818-7:2004(E)

- - 9

P) Overlapping
ifONLY_LONG_SEQUENCE

Ve(j)=PT,(j)+T,,(j)0< j<255

PT,(j)=T,,(j+256)0 < j <255

ifLONG_START_SEQUENCE

VB(]):PTB(])+T0,B(j)a0§jS255
V,(j+256)=T, ,(j+256)0< j <111

PT,(j)=T,,(j+368)0< j<31

T EIGHT_SHORT_SEQUENCE

VB(]):PTB(j)+TW,B(j):W - 0303j531
V(32w + j)=T, (i +32)+ T, (G < W <70< j <31

PT,(j)=T,,(j+32)W =30< j <31

fLONG_STOP_SEQUENGCE

V()= PT,(j)+T54(j +112)0< j <31
V,(j+32) =155 (j+144)0< j <111

PT, ()=, ,(j+256)0 < j < 255

Where
U, () Band Spectrum Data, a real number
) Gain-Controfted-Btock-Sampte-Dataareatnumbet
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
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J: an integer
Note that the initial value of PT,(;) must be set 0.0.

16.3.4 Synthesis Filter
Audio Sample Data are obtained from the following equations.
(1)

L

Lo\
= {VB\K)J] T==4r,

v,(j)= 0<B<3

0,else

0,(j)= Q(j)xcos((23+l)l(§j_3)ﬂj,0 <j<950<B<3

45(n)= 330, (/)% 7, (n - j)

B=0 j=0

AS(n)} Audio Sample Data

V,(n){Band Sample Data defined in subclause 16.3:3, a real number
)

'){Interpolated Band Sample Data, a real number
0,(/){Synthesis Filter Coefficients, a realnumber
j): Prototype Coefficients given below, a real number

Band ID, an integer from 0to 3

0
B
w. Window ID, an integer(fiom 0 to 7
n an integer
J an integer
k an integer

The vplues of Q(0) to Q(47) are shown in Table 66. The values of Q(48) to Q(95) dre
obtained from the following equation.

06/)=0(95- j)48< j <95
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16.4 Diagrams
window
sequence
. gain control tool
gain_
control
data
256 or 32 I : Overlapping
IMDCT v
. output
> Gain PCM
Spectral .| 256 or 32 > Compens at_or data
reverse IMDCT ’| & Overlapping IPQF >
. Gain
256 or 32 » Compensator
IMDCT »| & Overlapping
- Gain
Spectral | | 256 or 32 » Compensator
reverse IMDCT V ”| & Overlapping
non-
overlapped
time signal
Figure 9 —Block diagram of gain control tool
16.5 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
1 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 | -6.803:1113858963354E-03
9.8400749256623534E-05 | 26 | 1.5085400948280744E-02
8.6671544782335723E-05 | 27 {~3:9750993388272739E-02
4.6217998911921346E-04 | 28 |-'6.2445363629436743E-02
1.0211814095158174E-03 }:29 | 7.7622327748721326E-02
1.6772149340010668E-08Y 30 | 7.9968338496132926E-02
-2.2533338951411081E=03 | 31 | 6.5615493068475583E-02
-2.4987888343213967E-03 | 32 | 3.3313658300882690E-02
-2.1390815966761882E-03 | 33 | -1.4691563058190206E-02
10 | -9.5595397454597772E-04 | 34 | -7.2307890475334147E-02
111 1.1172111830118943E-03 | 35 | -1.2993222541703875E-01
12 | 3.9091309427348584E-03 | 36 | -1.7551641029040532E-01
13 | 6.9635703420118673E-03 | 37 | -1.9626543957670528E-01
14 | 9.55695442159478339E-03 | 38 | -1.8073330670215029E-01
15| 1.0815766540021360E-02 | 39 | -1.2097653136035738E-01
16,.9:8770514991715300E-03 | 40 | -1.4377370758549035E-02
174[-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 1-3 0996332527754609E-02 |47 | 1 0737914947736096FE+00
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(normative)
Huffman Codebook Tables
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Table A.1 — Scalefactor Huffman Codebook

index length codeword index length codeword
(hexadecimal) (hexadecimal)

0 18 3ffe8 61 4 a

1 18 3ffe6 62 4 ¢

2 18 3ffe7 63 5 1
3 18 3ffeb 64 6 39
4 19 7fff5 65 6 3b
5 19 7fff1 66 7 78
6 19 7ffed 67 7 7a
7 19 7fff6 68 8 f7

8 19 7ffee 69 8 f9

9 19 7ffef 70 9 1f6
10 19 7fff0 71 9 1f9
11 19 7fffc 72 10 3f4
12 19 7fffd 73 10 36
13 19 7ffff 74 10 3f8
14 19 7fffe 75 11 75
15 19 7fff7 76 11 74
16 19 7fff8 77 11 76
17 19 7fffb 78 11 77
18 19 7fff9 79 12 ff5
19 18 3ffe4 80 12 ff8
20 19 [fffa 81 13 1f4
21 18 3ffed 82 13 116
22 17 1ffef 83 13 118
23 17 1fff0 84 14 3ff8
24 16 fff5 85 14 3ff4
25 17 1ffee 86 16 fff0
26 16 fff2 87 15 7ff4
27 16 fff3 88 16 fff6
28 16 fff4 89 15 7ff5
29 16 fff1 90 18 3ffe2
30 15 7ff6 91 19 7ffd9
34 15 7ff7 92 19 7ffda
32 14 3ff9 93 19 7ffdb
33 14 3ff5 94 19 7ffdc
34 14 3ff7 95 19 7ffdd
35 14 3ff3 96 19 7ffde
30 14 Kiifs] 9/ 19 /11d3
37 14 3ff2 98 19 7ffd2
38 13 1ff7 99 19 7fd3
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 79 104 19 7ffdf
44 12 ff4 105 19 7ffe7
45 11 7f8 106 19 7ffe8
46 10 3f9 107 19 7ffe9
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118

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
K2 8 8 113 19 7ffe?
53 8 f6 114 19 7ffe3
54 7 79 115 19 7ffe4
55 6 3a 116 19 7ffeb
56 6 38 117 19 7ffd7
57 5 1a 118 19 (ffec
58 4 b 119 19 7fff4
59 3 4 120 19 7fff3
60 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
o) 10 3f0 46 7 63
6 11 7f7 47 9 1e4
7 9 1ec 48 7 6b
8 11 7f5 49 5 13
9 10 3f1 50 7 71
10 7 72 51 9 1e3
11 10 3f4 52 7 70
12 7 74 53 9 13
13 5 11 54 11 7fe
14 7 76 55 9 1e7
15 9 1eb 56 11 7f3
16 7 6c 57 9 1ef
17 10 3f6 58 7 60
18 11 7fc 59 9 1ee
19 9 1e1 60 11 7f0
20 11 7f1 61 9 1e2
21 9 110 62 11 7fa
22 7 61 63 10 3f3
23 9 116 64 7 6a
24 11 72 65 9 1e8
25 9 1ea 66 7 75
26 11 7fb 67 5 10
27 9 112 68 7 73
28 7 69 69 9 1f4
29 9 1ed 70 7 6e
30 7 77 71 10 3f7
31 5 17 72 11 76
32 7 6f 73 9 1e0
33 9 1e6 74 11 79
34 7 64 75 10 3f2
35 9 1e5 76 7 66
36 7 67 77 9 15
3 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 1f3 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
A 8 ea 46 6 1c
6 9 1f7 47 7 64
7 8 e8 48 6 1e
8 9 1fa 49 5 c
9 8 f2 50 6 29
10 6 2d 51 8 3
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 9 112
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 5 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 9 116
40 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 1f4
3 4 b 44 11 76
4 5 19 45 9 1e8
o) 8 fO 46 10 3ea
6 9 1eb 47 13 1ffc
7 9 1e6 48 8 2
8 10 3f2 49 9 11
9 4 a 50 12 ffb
10 6 35 51 10 3f5
11 9 1ef 52 11 7f3
12 6 34 53 12 fic
13 6 37 54 8 ee
14 9 1e9 55 10 3f7
15 9 1ed 56 15 7ffe
16 9 1e7 57 9 1f0
17 10 3f3 58 11 75
18 9 1ee 59 15 7ffd
19 10 3ed 60 13 1ffb
20 13 1ffa 61 14 3ffa
21 9 1lec 62 16 ffff
22 9 112 63 8 f1
23 11 79 64 10 3f0
24 11 78 65 14 3ffc
25 10 3f8 66 9 lea
26 12 ff8 67 10 3ee
27 4 8 68 14 3ffb
28 6 38 69 12 ff6
29 10 3f6 70 12 ffa
30 6 36 71 15 7ffc
31 7 75 72 11 72
32 10 3f1 73 12 ff5
33 10 3eb 74 16 fffe
34 10 3ec 75 10 3f4
35 12 ff4 76 11 77
36 5 18 77 15 7ffb
3 7 76 78 12 ff7
38 11 74 79 12 ff9
39 6 39 80 15 7ffa
40 7 74
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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
o) 8 ef 46 8 e
6 9 1ef 47 10 36
7 8 3 48 7 6e
8 11 7f8 49 7 6a
9 5 19 50 9 14
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 11 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
40 4 0
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Table A.6 — Spectrum Huffman Codebook 5

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 7e8 44 11 7e9
4 10 3f1 45 11 7ef
a5 11 Zee 46 9 lee
6 11 7f9 47 8 ef
7 12 ff8 48 5 18
8 13 1ffd 49 4 9
9 12 ffd 50 5 1b
10 11 7f1 51 8 eb
11 10 3e8 52 9 1e9
12 9 1e8 53 11 7ec
13 8 f0 54 1 76
14 9 1ec 55 10 3eb
15 10 3ee 56 9 113
16 11 72 57 8 ed
17 12 ffa 58 7 72
18 12 ff4 59 8 e9
19 10 3ef 60 9 1f1
20 9 1f2 61 10 3ed
21 8 e8 62 11 77
22 7 70 63 12 ff6
23 8 ec 64 11 7f0
24 9 1f0 65 10 3e9
25 10 3ea 66 9 1ed
26 11 7f3 67 8 f1
27 11 7eb 68 9 lea
28 9 1eb 69 10 3ec
29 8 ea 70 11 7f8
30 5 1a 71 12 ff9
31 4 8 72 13 1ffc
32 5 19 73 12 ffc
33 8 ee 74 12 ff5
34 9 1ef 75 11 7ea
35 11 7ed 76 10 3f3
36 10 3f0 77 10 3f2
37 8 f2 78 11 75
38 7 73 79 12 ffb
39 4 b 80 13 1ffe
40 1 0
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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
A 9 lea 46 Z Ge
6 9 110 47 6 2b
7 10 3fc 48 4 7
8 11 7fd 49 4 1
9 10 36 50 4 5
10 9 1e5 51 6 2c
11 8 ea 52 7 6d
12 7 6c 53 9 1lec
13 7 71 54 9 1f9
14 7 68 55 8 ee
15 8 f0 56 6 30
16 9 1e6 57 6 24
17 10 3f7 58 6 2a
18 9 113 59 6 25
19 8 ef 60 6 33
20 6 32 61 8 ec
21 6 27 62 9 112
22 6 28 63 10 3f8
23 6 26 64 9 1e4
24 6 31 65 8 ed
25 8 eb 66 7 Ba
26 9 17 67 7 70
27 9 1e8 68 7 69
28 7 6f 69 7 74
29 6 2e 70 8 f1
30 4 8 71 10 3fa
31 4 4 72 11 7ff
32 4 6 73 10 3f9
33 6 29 74 9 116
34 7 6b 75 9 1ed
35 9 1ee 76 9 1f8
36 9 1ef 77 9 1€9
37 7 72 78 9 1f5
38 6 2d 79 10 3fb
39 4 2 80 11 7fc
4Q 4 0
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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
o) 9 1eb 37 10 3f1

6 10 3ed 38 10 3f9
7 11 77 39 11 7fb
8 3 4 40 9 1ed
9 4 c 41 8 ef

10 6 35 42 9 1ea
11 7 71 43 9 112
12 8 ec 44 10 3f3
13 8 ee 45 10 3f8
14 9 1ee 46 (4 7f9
15 9 1f5 47 11 7fc
16 6 36 48 10 3ee
17 6 34 49 9 1ec
18 7 72 50 9 114
19 8 ea 51 10 3f4
20 8 f1 52 10 3f7
21 9 1e9 53 11 78
22 9 113 54 12 ffd

23 10 3f5 55 12 ffe
24 7 73 56 11 76
25 7 70 57 10 3f0
26 8 eb 58 10 3f2
27 8 f0 59 10 3f6
28 9 111 60 11 7fa
29 9 1f0 61 11 7fd
30 10 3ec 62 12 ffc
31 10 3fa 63 12 fff
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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
o) 8 f1 37 7 70
6 9 1fa 38 8 f2
7 10 3fe 39 9 1f9
8 4 3 40 8 ef
9 3 0 41 7 68
10 4 4 42 6 33
11 5 12 43 7 6b
12 6 2c 44 7 6e
13 7 6a 45 8 ee
14 7 75 46 8 f9
15 8 f8 47 10 3fc
16 5 f 48 9 1f8
17 4 2 49 7 74
18 4 6 50 7 73
19 5 14 51 8 ed
20 6 2e 52 8 f0
21 7 69 53 8 f6
22 7 72 54 9 116
23 8 5 55 9 1fd
24 6 2f 56 10 3fd
25 5 11 57 8 f3
26 5 13 58 8 f4
27 6 2a 59 8 f7
28 6 32 60 9 117
29 7 6c 61 9 1fb
30 8 ec 62 9 1fc
31 8 fa 63 10 3ff
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Table A.10 — Spectrum Huffman Codebook 9

ISO/IEC 13818-7:2004(E)

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
o) 10 3ce a0 13 1ff7
6 10 3d9 91 11 7d3
7 11 7¢c8 92 10 3d8
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 70 125 13 1feb
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

© ISO/IEC 2004 — All rights reserved



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

ISO/IEC 13818-7:2004(E)

128

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
A8 11 Zch 143 12 fe8
59 11 7dd 144 11 7df
60 11 7dc 145 12 fc9
61 12 fcd 146 12 fd7
62 12 fe2 147 12 fdc
63 12 fe7 148 13 1fde
64 13 1fe1 149 13 Afdf
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
o) 8 d3 a0 11 Zec
6 9 1cf 91 9 1e3
7 10 3d0 92 8 d2
8 10 3d7 93 8 cb
9 10 3ed 94 8 do
10 11 7f0 95 8 d7
11 11 7f6 96 8 db
12 12 ffd 97 9 1c6
13 5 7 98 9 1d5
14 4 0 99 9 1d8
15 4 1 100 10 3ca
16 5 9 101 10 3da
17 6 20 102 11 7ea
18 7 54 103 11 7f1
19 7 60 104 9 1e1
20 8 d5 105 8 d4
21 8 dc 106 8 cf
22 9 1d4 107 8 dé
23 10 3cd 108 8 de
24 10 3de 109 8 el
25 11 7e’ 110 9 1d0
26 6 1c 111 9 1d6
27 4 2 112 10 3d1
28 5 6 113 10 3d5
29 5 c 114 10 3f2
30 6 1e 115 11 7ee
31 6 28 116 11 7fb
32 7 5b 117 10 3e9
33 8 cd 118 9 1cd
34 8 d9 119 9 1c8
35 9 1ce 120 9 1cb
36 9 1dc 121 9 1d1
37 10 3d9 122 9 1d7
38 10 3f1 123 9 1df
39 6 25 124 10 3cf
40 5 b 125 10 3e0
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
A8 7 64 143 11 72
59 8 d8 144 10 3ce
60 8 df 145 9 1e4
61 9 1d2 146 10 3cb
62 9 1e2 147 10 3d8
63 10 3dd 148 10 3d6
64 10 3ee 149 10 3e2
65 8 d1 150 10 3e5
66 7 55 151 11 7e8
67 6 29 152 11 74
68 7 56 153 11 75
69 7 58 154 1 77
70 7 62 155 12 ffb
71 8 ce 156 11 7fa
72 8 el 157 10 3ec
73 8 e2 158 10 3df
74 9 1da 159 10 3e1
75 10 3d4 160 10 3e4
76 10 3e3 161 10 3e6
77 11 7eb 162 10 3f0
78 9 1¢c9 163 11 7e9
79 7 5e 164 11 7ef
80 7 5a 165 12 ff8
81 7 5c 166 12 ffe
82 7 63 167 12 ffc
83 8 ca 168 12 fff
84 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 9c 149 10 3d1
o) 8 cB 150 10 3dh
6 9 1a7 151 11 7dd
7 10 390 152 8 b4
8 10 3c2 153 10 3de
9 10 3df 154 9 1a9
10 11 7e6 155 9 19b
11 11 7f3 156 9 19¢c
12 12 ffb 157 9 1a1
13 11 7ec 158 9 1aa
14 12 ffa 159 9 1ad
15 12 ffe 160 9 1b3
16 10 38e 161 10 38b
17 5 5 162 10 3b2
18 4 1 163 10 3b8
19 5 8 164 10 3ce
20 6 14 165 10 3e1
21 7 37 166 10 3e0
22 7 42 167 11 7d2
23 8 92 168 11 7e5
24 8 af 169 8 b7
25 9 194 170 11 7e3
26 9 1a5 171 9 1bb
27 9 1b5 172 9 1a8
28 10 39 173 9 1a6
29 10 3c0 174 9 1b0
30 10 3a2 175 9 1b2
31 10 3cd 176 9 1b7
32 11 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 3e4
39 7 40 184 11 7d8
40 8 8e 185 11 7ea
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 1c1 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
A8 8 ah 203 8 c

59 8 be 204 11 7fb
60 9 196 205 10 3c8
61 9 1ae 206 10 3a3
62 9 1b9 207 10 395
63 10 3a1 208 10 39d
64 10 391 209 10 3ac
65 10 3a5 210 10 3ae
66 10 3d5 211 10 3c5
67 8 94 212 10 3d8
68 8 9a 213 10 3e2
69 7 36 214 10 3eb
70 7 38 215 11 7e4
71 7 3a 216 11 7e7
72 7 41 217 11 7e0
73 8 8c 218 11 7e9
74 8 9%b 219 11 77
75 8 b0 220 9 190
76 8 c3 221 11 72
77 9 19e 222 10 393
78 9 1ab 223 9 1be
79 9 1bc 224 9 1c0
80 10 39f 225 10 394
81 10 38f 226 10 397
82 10 Ba9 227 10 3ad
83 10 3cf 228 10 3c3
84 8 93 229 10 3c1
85 8 bf 230 10 3d2
86 7 3e 231 11 7da
87 7 3f 232 11 7d9
88 7 43 233 11 7df
89 7 45 234 11 7eb
90 8 %e 235 11 74
91 8 a7 236 11 7fa
92 8 b9 237 9 195
93 9 194 238 11 7f8
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 98 251 11 7f1
107 8 a6 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 3d¢
112 9 1bf 257 10 3b6
113 10 399 258 10 3c7
114 10 3bf 259 10 3cc
115 10 3b4 260 10 3cb
116 10 3c9 261 10 3d9
117 10 3e7 262 10 3da
118 8 a8 263 14 7d3
119 9 1b6 264 (i 7e1
120 8 ab 265 11 7ee
121 8 a4 266 11 7ef
122 8 aa 267 11 75
123 8 b2 268 11 7f6
124 8 c2 269 12 ffc
125 8 c5 270 12 fff
126 9 198 271 9 19d
127 9 1a4 272 9 1c2
128 9 1b8 273 8 b5
129 10 38¢c 274 8 at
130 10 3a4 275 8 96
131 10 3cd 276 8 97
132 10 3c6 277 8 95
133 10 3dd 278 8 99
134 10 3e8 279 8 a0
135 8 ad 280 8 a2
136 10 3af 281 8 ac
137 9 192 282 8 a9
138 8 bd 283 8 b1
139 8 bc 284 8 b3
140 9 18e 285 8 bb
141 9 197 286 8 c0
142 9 19a 287 9 18f
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 0.80461738570738919
14 0.0095093917383048 142 0.8110450872887550
15 0.0105590986429280 143 0.8173544143867162
16 0.0116765080854300 144 0.8235441\64639875
17 0.0128638627792770 145 0.8296138044858474
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 151 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 0-08290698279189093 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 0.9909269360049311
72 0.2354151558022098 200 0.991631030894 1204
73 0.2426840122941792 201 0.992290935997:3702
74 0.2500550240636293 202 0.99290865329r6777
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 0-4059842374986933 221 0.9989485378906924
94 04148078660689724 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 0-9096837868076957
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 0.9999995351446231
127 0.7031486937449871 255 0.99999982881554,55
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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

codind

methods.

As an|example, the syntax in subclause 6.3 would change to

Table B.1 — Extended syntax for scale factor_data()

Syntax

No. Of bits , ‘Mnémonic

scale_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]];
else if (sfb_cb[g][sfb] == 13)
if (noise_pcm_flag) {
noise_pcm_flag = 0;
dpcm_noise_nrg[g][sfb];
} else
hcod_sf[dpcm_noise; nrg[g][sfb]];
else
hcod_sf[dpcm_sf[g]sfb]];

1..19 viclbf

9 uimsbf
1..19 viclbf
1..19 viclbf
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Annex C
(informative)
Encoder

Psychoacoustic Model

C11 General

2004(E)

1

() e

D)

=

DN

'his annex presents the general Psychoacoustic Model for the AAC encodej
sychoacoustic model calculates the maximum distortion energy which is masked
ignal energy. This energy is called threshold. The threshold generation process hg
nputs. They are:

. The shift length for the threshold calculation process is called nblen. This iblg

. For each FFT type the newest iblen samples of the signal, with the samples

. The sampling rate. There are sets.6f tables provided for the standard samplin

'he output from the psychoacoustic model is :

. a set of Signal-to-Mask Ratios and thresholds, which are adapted to the enc

. the delayedtime domain data (PCM samples) , which are used by the MDCT,

. the block type for the MDCT ( long, start, stop or short type )

remain constant over any particular application of the threshold calculation
Since it is necessary to calculate thresholds for two different shift lengt
processes, each running with a fixed shift length, are necessary. For long FFT
1024, for short FFT iblen = 128.

(either in the filterbank or psychoacoustic calculation) such that the window
psychoacoustic calculation is centered in thejtime-window of the codec time/freg
transform .

Sampling rate, just as iblen, must,necessarily remain constant over one implem¢
of the threshold calculation process.

described below,

. The
by the
s three

n must
rocess.
s, two
iblen =

elayed
of the
quency

j rates.
bntation

pder as

\verage

Q)

n estimation of how many bits should be used for encoding in addition to the &

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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C.1.2 Comments on Notation

Throughout this threshold calculation process, three indices for data values are used.
These are:

w- 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.

b - indicates that the calculation is indexed in the threshold calculation partitipn
domain. In the case where the calculation includes a convolution or sum-in the
threshold calculation partition domain, bb will be used as the summatipn
variable. Partition numbering starts at 0.

N - indicates that the calculation is indexed in the coder scalefactorband domaljn.
An index of 0 corresponds to the lowest scalefactor band.

C.1.3 | The "Spreading Function"

Several points in the following description refer to the "spreadingfunction”. It is calculat
by the|following method:

9%
o

iff j >=i

timpx = 3.0 (j-i )
el sp

tlmpx = 1.5(j-i)

Where i is the Bark value of the signal being spread, j is the Bark value of the band being
spread into, and tmpx is a temporary variable,

tnpg = 8 * mini num ((tnpx-0.5)2-2(tnpx-0.5), 0)
Wherg tmpz is a temporary variable, and-minimum (a , b) is a function returning the mdre
negative of 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 (tmpy <- 100) then({sprdndf (i, j) = 0} else {sprdngf (i, j) = 10*((tmpz + tmpy)/10)}
C.1.4 | Steps in Threshold Calculation
The fdllowing are-the necessary steps for the calculation of SMR(n) and xmin(n) used in the

coder [for long and short FFT.

1. Reconstruct 2 * iblen samples of the input signal.

ibler—hew—sampltes—are—made—avaitabte—at-every—calto—the—threshotd—generator—he
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.

2. Calculate the complex spectrum of the input signal.

First, s(i) is windowed by a Hann window, i.e.
swii) = s(i) * (0.5-0.5 * cos(( pi *(i+0.5))/ iblen).
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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.

3. 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):

—pregtw =2 0T (t=1)~=T1(t=2)
f_pred(w) =2.0 * f(t-1)-f (t-2)
where t represents the current block number, t-1 indexes the previous block's. data, and t-
2 indexes the data from the threshold calculation block before that.

4. Calculate the unpredictability measure c(w).

c(w) = (((r(w * cos(f(w) - r_pred(w) * cos(f_pred(w))*2+ (r(w *
gin(f(w) - r_pred(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 the'short FFT, for long blocks for
the first 6 lines the unpredictability measure is calculated from the long FFT,|for the
remaining lines the minimum of the unpredictability of all short FFT's is ysed. If
calculation power should be saved, the unpredictability of the upper part of the spectrum
can be set to 0.4.

(N

. Calculate the energy and unpredictability ifi‘the threshold calculation partitions.

The energy in each partition, e(b), is:
do for each partition b:
e(b) =0
do from |l ower index to.upper index w of partition b
e(b) = e(b) + r(wa2
end do
end do

(e(b) 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) =%
do fram | ower index to upper index w of partition b

e(b) =c(b) +r(w"2 * c(w
end do
endvdo

The threshold calculation partitions provide a resolution of approximately either gne 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)
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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. Co

f

nvolve the partitioned energy and unpredictability with the spreading function.

or each partition b:
ecb(b) =0
do for each partition bb:

oD

€

Becau
cb(

Just 3
renor

en(
The n¢

do forn

tnp
d

€
rno
end dd

~
0
o)

t b(
Ead

eCch( by = ecb(b) Fe( bbby sprangf{bvat (bb), bvar (b))
end do
nd do
o for each partition b
ct(b) =0
do for each partition bb:
ct(b) = ct(b) +c(bb)* sprdngf(bval (bb), bval (b))
end do
nd do

se ct(b) is weighted by the signal energy, it must be renormalized to cb(b)
D) = ct(b) / ecb(b)

s this, due to the non-normalized nature of the spreading function, ecby should
nalized and the normalized energy enp, calculated:

D) = ecb(b) * rnorm(hb)
brmalization coefficient, rnorm(b). is:

each partition b
b) =0
o for each partition bb
tmp(b) = tnp(b) + sprdngf(bval (bb), bval (b))
nd do
fm(b) = 1/ tnp(b)

nvert cb(b) to tb(b) , the tonality index.
D) = -0.299 — 0¢43’1 0ge (cb(b))
h tb(b) is limited,to the range of O<tb(b) <1.

Iculate the‘required SNR in each partition.

he

SN

9. Ca

R(b) = tb(b) * TM\(b) + (1-tb(b) ) * NMT(b)

Iculate the power ratio.

The power ratio, bc(b) , is:
bc(b) =107(-SNR(b) /10)

10.Ca

Iculation of actual energy threshold, nb(b) .

nb(b) = en(b) * bc(b)

142
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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]

1.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 .

1

1

1

The dB values of gsthr(b) shown In Figure C.1

Table C.1 to Table C.24 are relative to the level that a sine wave of + or -_¥4{sk
the FFT used for threshold calculation. The dB values must be converted into the
domain after considering the FFT normalization actually used.

nb(b) = max (qgsthr(b), mn ( nb(b), nb_I(b)*rpelev ) )

rpelev is set to ‘1’ for short blocks and ‘2’ for long blocks

2.The PE is calculated for each block type from the ratio e(b)./*nb (b) , where nb(k
threshold and e(b) is the energy for each threshold partitior:

PE =0
do for threshold partition b

PE = PE - ( w_high(b)-w_low(b)) * 10gl0<()nb(b) / ( e(b) +1) )
end do

3.The decision , whether long or short block.type is used for encoding is made ag
to this pseudo code.

if PE for long block is greater than switch_pe then
codi ng_bl ock_type = short_bl ock™t ype
el se
codi ng_bl ock_type = | ong_bl'eck_type
end if
if (coding_block type ==~short_bl ock_type) and
(last _codi ng_bl ock_type == long_type) then
| ast codi ng bl ock\t'ype = start_type
el se
| ast _codi ng_bl okt ype = short_type

The last four lines-are necessary since there is no combined stop/start block
AAC. switch_pg’is a implementation dependend constant

4.Calculatecthe signal-to-mask ratios, SMR(n) and the codec threshold xmin(n).
Table45 to Table 57 shows:
1. The index, swb, of the coder partition called scalefactor band.

has in

energy

) is the

cording

type in

2 The offsetof mdcttine forthe scatefactor band-swb _offset forigzstort_wirrdow.
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
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{ny = m o thr{w_town)yJ, ..., thr{w_hirghny ) )
* (w_high(n)+1-w_|ow(n))
end| do

Where, in this case, minimum (a,...,z) is a function returning the smallest: positi

argument of the arguments a...z.

The ratios 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 scalefacfor

band is calculated:

do for all scal efactor bands n

odec_e(n) =0

o for lower index i to higher index i of this sgalefactor band
codec_e(n) = codec_e(n) +( ndct_line(i))"2

gnd do

end| do

o0

Thgn xmin(n), the maximum allowed error energy on MDCT level, can be calculat

accprding to this formula :
xmp (n) = npart(n) * codec_e(n) / eparty(n)

15. Calculate the bit allocation out of the psychoacoustic entropy (PE).

bit| allocation = pew1* PE + pew2*sqrt(PE);
for long blocks the constants are defined as:
pepwl = 0.3, pew2 = 6.0

for short blocks the PE of the eight short blocks is summed up and the constants are :

pewl = 0.6 , pew2 = 24
then bit_allocation is-imited to O<bit_allocation < 3000 and more_bits is calculated :

more bits = bit_@blocation - (nmean_bits - side_info_bits)

1%
o
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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), blocktypes/perceptual entropy by one block
if (window_sequence(n) %=)EIGHT SHORT SEQUENCE &&
window_sequence(nz1y == 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
8 54 62 Q 229 3882
7 63 71 9 2.63 38.82
8 72 80 9 2.98 38.82
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 32.69
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 12 713 33.07
21 205 216 12 7.48 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
31 846 363 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
41 571 601 31 14.26 37.19
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
8 12 13 2 3.09 17.29
7 14 15 2 4.56 15.29
8 16 17 2 5.12 15.29
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 15.29
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 79 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 31.34
17 122 129 8 6.36 31,31
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 77 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 (i 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
43 489 516 28 15.29 36.75
44 517 546 30 15.63 37.05
45 047 o/9 33 15.96 3/7.46
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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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
8 8 8 1 258 1928
7 7 7 1 3.00 14.28
8 8 8 1 3.41 14.28
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 12.28
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 6.79 12.28
18 18 19 2 744 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 86 91 6 17.27 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
Z 42 47 6 2 63 37 06
8 48 53 6 2.98 37.06
9 54 59 6 3.31 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 30.78
18 115 122 8 6.51 31.31
19 123 130 8 6.88 31231
20 131 138 8 7.24 31.31
21 139 146 8 7.58 31.31
22 147 154 8 792 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 55Q 583 34 16.48 37.5Q
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
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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
8 8 8 1 281 1928
7 7 7 1 3.26 14.28
8 8 8 1 3.70 14.28
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 12.28
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 7.28 12.28
18 18 18 1 763 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 83 88 6 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 3.29 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 28.00
18 93 98 6 6.92 29.27
19 99 104 6 7.28 29.27
20 105 110 6 7.68 29.27
21 111 116 6 7:96 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 &7 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 21 15.58 34.68
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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Table C.7 (continued)

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

index w_low | w_high | width bval qsthr
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 1428
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 5.39 12.28
10 10 10 1 592 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 i 7.85 12.28
15 15 15 1 8.29 12.28
16 16 16 1 8.70 12.28
17 17 1% 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 15.29
22 23 24 2 11.44 15.29
23 25 26 2 11.99 15.29
24 27 28 2 12.50 15.29
25 29 30 2 12.96 15.29
26 31 32 2 13.39 15.29
27 33 34 2 13.78 15.29
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 3.62 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 28.30
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 8:46 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
32 155 162 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 16.14 34.58
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
Table C.10 — Psychoacoustic parametersfor 22.05 kHz short FFT
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 5.74 12.28
8 8 8 1 6.45 12.28
9 9 9 1 712 12.28
10 10 10 1 7.75 12.28
11 11 11 1 8.36 12.28
12 12 12 q 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 18.30 18.30
34 56 59 4 18.67 18.30
35 66 63 4 19-62 18-36
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 2.98 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 28.30
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 7:88 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 9 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 14 15.66 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
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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 4452
62 804 860 57 22.04 49.83
64 923 989 67 22.70 50.54
65 990 1023 34 22.95 47.59
Table C.12 — Psychoacoustic parametersfor 24 kHz short FRT
index w_low | w_high | width bval gsthr
0 0 0 1 0.00 27.28
1 1 1 1 0.95 27.28
2 2 2 1 1.88 22.28
3 3 3 1 2.81 19.28
4 4 4 1 370 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 3 773 705
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

——Fable CA3—Psyehoacouste parameterstor- 32 kHztong FH+——

index w_low | w_high width bval gsthr
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 29.08
8 24 26 3 3.92 29.0%5
9 27 29 3 4.35 27,05
10 30 32 3 4.77 27.05
11 33 35 3 5.19 27.05
12 36 38 3 559 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 68 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 84 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 Q 14 71 3182
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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