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Foreword

ISO (the International Organization for Standardization) and IEC (the International Electrotechnical
Commission) form the specialized system for worldwide standardization. National bodies that are members of
ISO or IEC participate in the development of International Standards through technical committees

establighed by the respective organization to deal with particular fields of technical activity. ISO and. |
technicgl committees collaborate in fields of mutual interest. Other international organizations, governmery
and nop-governmental, in liaison with 1ISO and IEC, also take part in the work. In the field of informat
technolpgy, ISO and IEC have established a joint technical committee, ISO/IEC JTC 1.

Internafional Standards are drafted in accordance with the rules given in the ISO/IEC Directives, Part 2.

The main task of the joint technical committee is to prepare International Standards: Draft Internatio
Standards adopted by the joint technical committee are circulated to national bodies’ fer/'voting. Publication
an International Standard requires approval by at least 75 % of the national bodies\casting a vote.

ISO/IE(
Subcon

This se
revised

ISO/IE(
coding

— Pa
— Pa
— Pa
— Pa
— Pa
— Pa
— Pa
— Pa
— Pa
— Pa

[ 13818-7 was prepared by Joint Technical Committee ISO/IECJTC 1, Information technolo
nmittee SC 29, Coding of audio, picture, multimedia and hypermedia-information.

cond edition cancels and replaces the first edition (ISO/IEC 13818-7:1997), which has been technicg

[ 13818 consists of the following parts, under the general title Information technology — Geng
bf moving pictures and associated audio informations

t 1. Systems

[t 2: Video

't 3: Audio

't 4: Conformance testing

't 5: Software simulation

t 6: Extensions for DSM-CC

t 7. Advanced Audio-Coding (AAC)

t 9: Extension fofreal time interface for systems decoders

't 10: Conformance extensions for Digital Storage Media Command and Control (DSM-CC)
't 11: IPMP)on MPEG-2 systems

FC
tal
on

hal

Y,

y

ric

vi

© ISO/IEC 2003 — All rights reserved


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

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
Jeverot - oA - - ";' ST € "'i'i'v'- = iOthatiS
EG-2 BC) and defined an audio coding.standard at

Ipwer sampling frequencies than MPEG-1, ISO/IEC 13818-3.
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INTERNATIONAL STANDARD ISO/IEC 13818-7:2003(E)

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

Part 7:
Advanced Audio Coding (AAC)

Scope
'his International Standard describes the MPEG-2 audio non-backwards compatible standagd called
IPEG-2 Advanced Audio Coding, AAC [1], a higher quality multichannel statidard than achievable
Vhile requiring MPEG-1 backwards compatibility. This MPEG-2 AAC audio standard allows for
TU-R ‘indistinguishable’ quality according to [2] at data rates of 320 kbit/s for five full-bandwidth
hannel audio signals.

Q < F ]

'he AAC decoding process makes use of a number of required tdgls and a number of optioral tools.
[able 1 lists the tools and their status as required or optional.,-Required tools are mandatory in any
ossible profile. Optional tools may not be required in some/profiles.

= e

Table1l — AAC decoder tools

Tool Name Required / Optional
Bitstream Formatter Required
Noiseless Decoding Required
Inverse quantization Required

Rescaling Required

M/S Optional

Prediction Optional

Intensity Optional
Dependently switched coupling Optional
TNS Optional

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

A MPEG-2 AAC Tools Overview

1

The basic structure of the MPEG-2 AAC system is shown in Figure 1 and Figure 2. As is shown in
Table 1,-thére are both required and optional tools in the decoder. The data flow in this diggram is
f]
9

fom left to right, top to bottom. The functions of the decoder are to find the descriptiop of the
uantized audio spectra in the bitstream, decode the quantized values and other recon{truction
i i 1 hatever

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 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.

© ISO/IEC 2003 — All rights reserved 1
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The outputs from the bitstream demultiplexer tool are:

The sectioning information for the noiselessly coded spectra
The noiselessly coded spectra
The M/S decision information (optional)

The predictor state information (optional)

The n

h

=

The intensity sterco control information and coupling channel control information (bq
optional)

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

The gain control information (optional)

inform
Huffm

The inj

The outputs of the Noiseless Decoding tool are:

The in

piseless decoding tool takes information from the bitstream demiltiplexer, parses tm:lt
ption, decodes the Huffman coded data, and reconstructs the uantized spectra and
hin and DPCM coded scalefactors.

buts to the noiseless decoding tool are:

€

The sectioning information for the noiselessly codéd spectra

The noiselessly coded spectra

The decoded integer representation of‘the scalefactors:

The quantized values for the spectra

perse quantizer tool takes the quantized values for the spectra, and converts the integer valyes

to the fon-scaled, reconstructed speetra. This quantizer is a non-uniform quantizer.

The inj

The output of the inverse quantizer tool is:

The re

multip

put to the Inverse QuantiZer tool is:

The quantized values for the spectra

Thewun-scaled, inversely quantized spectra

scaling tool converts the integer representation of the scalefactors to the actual values, apd

1es’the un-scaled invprcp]y qnqnﬁ'ﬂnr‘ Qpp{‘fra ]'\y the relevant scalefactors

The inputs to the rescaling tool are:

The decoded integer representation of the scalefactors

The un-scaled, inversely quantized spectra

The output from the scalefactors tool is:

The scaled, inversely quantized spectra

© ISO/IEC 2003 — All rights reserved
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The M/S tool converts spectra pairs from Mid/Side to Left/Right under control of the M/S decision
information in order to improve coding efficiency.

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

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

arntortfrom-tha NM/S ¢
lvtlbl—lv

a oolic-
He-Otk Ho—thHe Vit 015:

e The scaled, inversely quantized spectra related to pairs of channels, after M/S decpding

NOTE The scaled, inversely quantized spectra of individually coded channels are not processed by the M/S ‘block, ratjer they are
ppssed directly through the block without modification. If the M/S block is not active, all spectra are\passed through| this block
hmodified.

ot

The prediction tool reverses the prediction process carried out at the encader. This predictior| process
rg-inserts the redundancy that was extracted by the prediction tool at.thie encoder, under thg control
df the predictor state information. This tool is implemented as a second order backward pdaptive
fdredictor. The inputs to the prediction tool are:

e The predictor state information

e The scaled, inversely quantized spectra

—_

'he output from the prediction tool is:

e The scaled, inversely quantized spectta, after prediction is applied.

Z

OTE If the prediction is disabled, the scaled, inversely quantized spectra are passed directly through the blofk without
modification.

The intensity stereo tool implements-intensity stereo decoding on pairs of spectra.
The inputs to the intensity stereo tool are:
e The inversely quantized spectra

e The intensity8tereo control information

—

'he output from the intensity stereo tool is:
e Theinversely quantized spectra after intensity channel decoding.

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

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

© ISO/IEC 2003 — All rights reserved 3
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The output from the coupling tool is:

NOTE

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

The scaled, inversely quantized spectra are passed directly through this tool without modification, if coupling is

not

indicated. Depending on the coupling control information, dependently switched coupling channels might either be coupled before or
after the TNS processing.

The coupling tool for independently switched coupling channels adds the relevant data from

indepe

ndently switched coupling channels to the time signal, as directed by the coupling cont

rol

inform
The inj
[ ]

ption.
puts to the coupling tool are:
The time signal as output by the filterbank

The coupling control information

The output from the coupling tool is:

°
NOTE

The tei

The time signal coupled with the independently switched coupling)channels.
The time signal is passed directly through this tool without modification, if coupling is not indicated.

mporal noise shaping (TNS) tool implements a control of the fine time structure of the codi

noise.

has bg
envelo
parts o

The inj

[n the encoder, the TNS process has flattened the temporal envelope of the signal to which
en applied. In the decoder, the inverse process\is used to restore the actual tempo
pe(s), under control of the TNS information. This is done by applying a filtering process
f the spectral data.

puts to the TNS tool are:

e The inversely quantized spectra

e The TNS information

The output from the TNS blockis;

NOTE

e The inversely quantized spectra

If this block is disabl€d) the inversely quantized spectra are passed through without modification.

The filterbank / bleek switching tool applies the inverse of the frequency mapping that was carri

out in
tool. Tj
256 sp

he encoder. An inverse modified discrete cosine transform (IMDCT) is used for the filterb
he IMDCT can be configured to support either one set of 128 or 1024, or four sets of 32
pctral ‘coefficients.

ng

it
Fal
to

k
or

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).

© ISO/IEC 2003 — All rights reserved
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When present, the gain control tool applies a separate time domain gain control to each of 4
frequency bands that have been created by the gain control PQF filterbank in the encoder. Then, it
assembles the 4 frequency bands and reconstructs the time waveform through the gain control tool’s
filterbank.

The inputs to the gain control tool are:

e The time domain reconstructed audio signal(s)

o—Th 1

a gain oomnten] s at
He-gat-controrihrormation

—

'he output(s) from the gain control tool is (are):
e The time domain reconstructed audio signal(s)
f the gain control tool is not active, the time domain reconstructed audio signal(s) are passed directly

Fom the filterbank tool to the output of the decoder. This tool is used for the scalable samplling rate
SSR) profile only.

A~ —

© ISO/IEC 2003 — All rights reserved 5
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Figurel— MPEG-2 AAC Encoder Block Diagram
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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 11172-3:1993, Information technology — Coding of moving pictures and associated audio
for digital storage media at up to about 1,5 Mbit/s—Part 3: Audio

ISO/IEC 13818-1:2000, Information technology — Generic coding of moving pictures and
associated audio information: Systems

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

I SO/IHC 14496-3:2001, Information technology — Coding of audio-visual objects — Part 3:" Audid

3 Terms and definitions
For thg purposes of this document, the following terms and definitions apply.

3.1
access [unit
in the ¢ase of compressed audio an access unit is an audio access unit

3.2
alias
mirror¢d signal component resulting from sampling

33
analysjs filterbank
filterbgnk in the encoder that transforms a broadband PCM audio signal into a set of specttal
coeffidients

34
ancillary data
part of]the bitstream that might be used fortransmission of ancillary data

3.5
audio pccess unit
for AAC, an audio access unit'is“defined as the smallest part of the encoded bitstream which can pe
decoddd by itself, where deeoded means "fully reconstructed sound". Typically this is a segment|of
the engoded 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 containing the last bit of the next ID_END id syn_ele

3.6
audio puffer
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

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

8 © ISO/IEC 2003 — All rights reserved
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3.10
bitstream; stream
an ordered series of bits that forms the coded representation of the data

3.11
bitstream verifier

2003(E)

a process by which it is possible to test and verify that all the requirements specified in this part of

ISO/IEC 13818 are met by the bitstream

ormalising of the digital representation of an audio signal within a certain time period

13

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

14
yte
sequence of 8-bits

A5
entre channel
audio presentation channel used to stabilise the central.component of the frontal stereo im4

.16
annel
sequence of data representing an audio signaliintended to be reproduced at one listening po

17
ded audio bitstream
coded representation of an audio.signal

18
oded representation
data element as represented in its encoded form

19

ompression ' .
rgduction in the-mdmber of bits used to represent an item of data

peration where the bitrate is constant from start to finish of the coded bitstream

first bit
t in the

jge

ition

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

3.24

decoded stream
the decoded reconstruction of a compressed bitstream

3.25

decoder

an em}y

3.26

decoding (process)
cess defined in this part of ISO/IEC 13818 that reads an input coded bitstreami~and outpyits

the pra
decodg

3.27
digital
a digitz

3.28

discret
either {
invertil

3.29
downn
a matri

3.30

editing
the pr
bitstred
ISO/IE

3.31
encodg¢
an em}

3.32

encoding (process)

a procq
valid ¢

3.33
entrop

odiment of a decoding process

d audio samples

storage media; DSM
| storage or transmission device or system

e cosine transform; DCT
he forward discrete cosine transform or the inverse discrete cosine transform. The DCT is
ble, discrete orthogonal transformation

nix
xing of n channels to obtain less than n channel$

cess by which one or more coded*bitstreams are manipulated to produce a new cod

m. Conforming edited bitstreams;  must meet the requirements defined in this part
C 13818

r
odiment of an encoding process

ss, not specified in ISO/IEC 13818, that reads a stream of input audio samples and produce
pded bitstream as defined in this part of ISO/IEC 13818

y coding

variable“Jength lossless coding of the digital representation of a signal to reduce statistig

ed
of

X

al

redund

3.34
FFT

ancy

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

3.35

filterbank
a set of band-pass filters covering the entire audio frequency range

10
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3.36
flag
a variable which can take one of only the two values defined in this specification

3.37

forward compatibility

a newer coding standard is forward compatible with an older coding standard if decoders designed to
operate with the newer coding standard are able to decode bitstreams of the older coding standard

3.38
frame
a part of the audio signal that corresponds to audio PCM samples from an audio access pnit

3.39
Ks
spmpling frequency

3.40
ann window
time function applied sample-by-sample to a block of audio samples\before Fourier transfofmation

iptensity stereo
method of exploitinig stereo irrelevance or redundancy in stereophonic audio programmes Pased on
retaining at high frequencies only the energy envelope of the right and left channels

46
jpint stereo eoding
y method that exploits stereophonic irrelevance or stereophonic redundancy

47
jpint stereo 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) or
channel pair_elements (see subclause 8.2.1)

© ISO/IEC 2003 — Al rights reserved 1
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3.50

mapping
conversion of an audio signal from time to frequency domain by subband filtering and/or by MDCT

3.51

masking

a property of the human auditory system by which an audio signal cannot be perceived in the
presence of another audio signal

3.52

maskihg threshold mL
a function in frequency and time below which an audio signal cannot be perceived by the-humfan
auditory system

3.53

modified discrete cosine transform (MDCT)
a transform which has the property of time domain aliasing cancellation. An analytical espression for
the MIDCT can be found in subclause C.3.1.2

3.54

M/S stereo
a method of removing imaging artefacts as well as exploiting stereo“irrelevance or redundancy|in
stereopthonic audio programmes based on coding the sum and difference signal instead of the left apnd
right channels

3.55
multichannel
a comMination of audio channels used to create a spatial sound field

3.56
multilingual
a presgntation of dialogue in more than one language

3.57
non-tonal component
a noisg-like component of an audio sighal

3.58
NCC
Numbgr of Considered Channels. The number of channels represented by the elements SCE,
independently switched €CE and CPE, i.e. once the number of SCEs plus once the number |of
indepehdently switcheéd) CCEs plus twice the number of CPEs. With respect to the namiphg
convettions of the MPEG-AAC decoders and bitstreams, NCC=A+I. This number is used to derive
the required decoder input buffer size (see subclause 8.2.2)

3.59
Nyquist sampling
samplipg-at or above twice the maximum bandwidth of a signal

3.60

padding

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

3.61

parameter

a variable within the syntax of this specification which may take one of a range of values. A variable
which can take one of only two values is a flag or indicator and not a parameter
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3.62

arser

nctional stage of a decoder which extracts from a coded bitstream a series of bits representing
coded elements

3.63

polyphase filterbank

a set of equal bandwidth filters with special phase interrelationships, allowing for an efficient
implementation of the filterbank

64
rediction error
the difference between the actual value of a sample or data element and its predictor

the use of a predictor to provide an estimate of the sample value or data glement current]y being
ecoded

linear combination of previously decoded sample values or data elements

.67
resentation channel
audio channel at the output of the decoder

.68
resentation unit
1h the case of compressed audio a decoded audig‘@ccess unit

set of main audio channels; coupling channel element()'s (see subclause 8.2.1),
Ife_channel element()'s (see subclanse 8.2.1), and associated data streams intended to be decoded

d played back simultaneously.~A’ program may be defined by default (see subclause §.5.1) or
specifically by a program_config-element() (see subclause 8.2.1). A given single channel element()

(pee subclause 8.2.1), channel Tlpair_element() (see subclause 8.2.1), coupling channel element(),
Ife_channel element() or data'channel may accompany one or more programs in any given bitstream

.70
sychoacoustic model
mathematical model of the masking behaviour of the human auditory system

J1
andom access . . .
the process’of beginning to read and decode the coded bitstream at an arbitrary point

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

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

3.74

scalefactor
factor by which a set of values is scaled before quantization

© ISO/IEC 2003 — Al rights reserved 13
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scalefactor band
a set of spectral coefficients which are scaled by one scalefactor

3.76

scalefactor index
a numerical code for a scalefactor

3.77
side in
inform

3.78

formation

ation in the bitstream necessary for controlling the decoder

spectral coefficients

discret

3.79
spread
a funct

3.80
stereo-
a porti

e frequency domain data output from the analysis filterbank

ing function
ion that describes the frequency spread of masking effects

irrelevant
n of a stereophonic audio signal which does not contribute tocspatial perception

3.81

code-

ords that may be inserted at particular locations inthe coded bitstream that are discarded

stufﬁ:i (bits); stuffing (bytes)

the dedoding process. Their purpose is to increase the bitrate of the stream which would otherwise

lower

3.82
surrou

an the desired bitrate

nd channel

in

be

an audjo presentation channel added to the front channels (L and R or L, R, and C) to enhance the

spatial

3.83
syncw
a 12-4

perception

brd
it code embedded in (the audio bitstream that identifies the start of a adts fram

(see supclause 6.2, Table 5)

3.84

synthesis filterbank

filterba

3.85
tonal ¢
a sinus

nk in the deeoder that reconstructs a PCM audio signal from subband samples

omponent
pid<like component of an audio signal

34
—~
~

3.86
variab
operati

3.87
variab

le bitrate
on where the bitrate varies with time during the decoding of a coded bitstream

le length coding

a reversible procedure for coding that assigns shorter code-words to frequent symbols and longer
code-words to less frequent symbols

14
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3.88
variable length code (VLC)
a code word assigned by variable length encoder (see variable length coding)

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

3.90
variable length encoder
procedure to assign variable length codewords to symbols

Symbols and abbreviations

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

A Arithmetic operators
| Addition.

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

4+ Increment.
41— Decrement.
A Multiplication.
Power.
/ Integer division with truncation” of the result toward zero. For example, 7/4 and —[//—4 are

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

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

DIV Integer divisien with truncation of the result towards —co.
Il Absolute value. |x|=x whenx>0

|x|=0  whenx==

|x|=-x whenx<0
0 h " 11 + I £ 1 1 £, hiVihd 1
0 MIOUUIUS OpPCIdiol. DCIIIICU OIlly 10T DOSIUVC ITUINDCIS.
Sign() Sign.

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

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

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

cos Cosine.

exp Exponential.
\ Square root.

log10 Logarithm to base ten.

loge  Logarithm to base e.

logy —Hegarithmto-base2:

4.2 Logical operators

I Logical OR.

&& Logical AND.

! Logical NOT

4.3 Relational operators

> Greater than.

>= Greater than or equal to.

< Less than.

<= Less than or equal to.

== Equal to.

I= Not equal to.

max [,}..,] the maximum value in the argument list:
min [,.].,] the minimum value in the argument list.
4.4 Bitwise operators

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

& AND

] OR

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

4.5 Assighment
= Assighment operator.

4.6 —Mnemonies

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

bslbf Bit string, left bit first, where "left" is the order in which bit strings are written
in ISO/IEC 13818. Bit strings are written as a string of 1s and 0s within single
quote marks, e.g. '1000 0001'. Blanks within a bit string are for ease of reading
and have no significance.

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

16 © ISO/IEC 2003 — All rights reserved
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rpchof Remainder polynomial coefficients, highest order first. (Audio)

uimsbf Unsigned integer, most significant bit first.

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

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

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

4.7 Constants
L 3.14159265358...
g 2.71828182845...

Method of describing bitstream syntax

[~
The bitstream retrieved by the decoder is described in clause 6. Each. data item in the bitstrdam is in
Hold type. It is described by

e its name;

e its length in bits, where "X..Y" indicates that theZhttmber of bits is one of the values petween
X and Y including X and Y. "{X;Y}" means the number of bits is X or Y, dependinig on the
value of other data elements in the bitstream;

e amnemonic for its type and order of transmission.

The action caused by a decoded data.element in a bitstream depends on the value of that datalelement
and on data elements previously decoded. The decoding of the data elements and the definitign of the
tate variables used in their deceding are described in the clauses following the syntax clapse. The
pllowing constructs are used.to express the conditions when data elements are present, arld are in
ormal type:

= =

—

lote this syntax usesthe 'C'-code convention that a variable or expression evaluating to a fon-zero
alue is equivalent toya condition that is true.

<

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

}

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

} while (condition)
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if (condition) {
data_element;

}

else {
data_element;

}

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

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

switch (gxpression) {
cas¢ const-expr:

data_element;

break;

cas¢ const-expr:

data_element;

for (expt1; expr2; expr3) {
dath_element;

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

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

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

for 1=0;i<n;it++) {
dath_element

}

As noted, the group of data elements(may contain nested conditional constructs. For compactne

the {} may be omitted
data_elgment [ ]

data_elgment [n]
data_elgment [m][n]

data_elgment [1][m][n]

data_elgment [m..n]

While fhe syntax is expre

a satisl

The group of data elements occuts 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.

when only one data element follows.

data_glement [ ] is an array of data. The number of data elements is indicated
by, the-eontext.

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 [1][m][n] is the 1+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.

include a means to look for start codes in order to begin decoding correctly.

Definition of nextbits function

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

bitstream.

18
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6 Syntax
6.1 Audio Data Interchange Format, ADIF
Table2 — Syntax of adif _sequence()
Syntax No. of bits Mnemonic
adif sequence()
{
adif—teader();
byte alignment();
raw_data_stream();
H
Table 3— Syntax of adif _header ()
Syntax No..of bits Mnemonic
adif header()
{
adif_id; 32 bslbf
copyright_id_present; 1 bslbf
if (copyright_id_present) {
copyright_id; 72 bslbf
H
original_copy; 1 bslbf
home; 1 bslbf
bitstream_type; 1 bslbf
bitrate; 23 uimsbf
num_program_config_elements; 4 bslbf
if (bitstream_type == ‘0’) {
adif_buffer_fullness; 20 uimsbf
H
for (1=0; i <num_program config elements + 1; i++) {
program_config\element();
H
!
6.2 Audio Data Transport Stream, ADTS
Table 4 — Syntax of adts _sequence()
Syntax No. of bits Mnemonic
adts_sequence()
{
savhile(nascthita(\ —— cxmovzaed)
AAAAAAA trextbitsO——synreword){
adts_frame();
H
!

© ISO/IEC 2003 — All rights reserved
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Table 5 — Syntax of adts frame()

Syntax No. of bits Mnemonic
adts_frame()
{
adts_fixed header();
adts_variable header();
if (number_of raw_data blocks in_frame == 0) {
adts_error_check();
Taw_tata_btock();
}
else {
adts_header error check();
for (1= 0; i <= number of raw data blocks in frame; i++) {
raw_data_block();
adts_raw_data_block error_check();
}
}
i
Table 6 — Syntax of adts header_error_check()
Syntax No. of bits Mnemonic
adts_header error_check ()
{
if (protection_absent == ‘0’) {
for (i=1; 1 <=number of raw_data_blocks in frame; i++) {
raw_data_block_position[i]; 16 uimsfb
H
crc_check; 16 rpchof
H
!
Table 7 — Syntaxof adts raw_data block_error_check()
Syntax No. of bits Mnemonic
adts_raw_data block error-check()
{
if (protectionabsént == ‘0")
crc_chieck; 16 rpchof
H
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6.2.1 Fixed Header of ADTS

Table 8 — Syntax of adts fixed_header()

Syntax No. of bits Mnemonic
adts fixed header()
{
syncword; 12 bslbf
ID; 1 bslbf
tayer; 2 wimsbf
protection_absent; 1 bslbf
profile; 2 uimisbf
sampling_frequency_index; 4 uimsbf
private_bit; 1 bslbf
channel configuration; 3 uimsbf
original/copy; 1 bslbf
home; 1 bslbf
H
§.2.2 Variable Header of ADTS
Table 9 — Syntax of adts variable header ()
Syntax No. of bits Mnemonic
adts_variable header()
{
copyright_identification_bit; 1 bslbf
copyright_identification_start; 1 bslbf
frame_length; 13 bslbf
adts_buffer_fullness; 11 bslbf
number_of raw_data_blocks_in~frame; 2 uimsfb
!
§.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
i
G.3 Raw Data
Table 11 — Syntax of raw_data_stream()
Syntax No. of bits Mnemonic
raw_data_stream()
{

while ( data_available() ) {
raw_data_block();

}
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Table 12— Syntax of raw_data_block()

Syntax No. of bits Mnemonic
raw_data_block()
{

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

switch (id) {
case ID SCE:  single channel element();

break;
Cd>C ID_CPE. L«hclllllUlJ)dil_ClUlllUlll\),
break;
case ID CCE:  coupling channel element();
break;
case ID LFE: Ife channel element();
break;
case ID DSE: data stream element();
break;
case ID PCE:  program config element();
break;
case ID FIL: fill_element();
H
h
byte alignment();
H
Table 13— Syntax of single_channel_element()
Syntax No. of bits Mnemonic
single channel element()
{
element_instance_tag; 4 uimsbf
individual channel stream(0);
!
Table 14— Syntax of channd_pair_element()
Syntax No. of bits Mnemonic
channel pair_element()
{
element_instafice_tag; 4 uimsbf
commonswindow; 1 uimsbf
if (common_window ) {
ics info();
ms_mask present; 2 uimsbf
if (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
H
}
H
}
individual channel stream(common_ window);
individual channel stream(common_ window);
H
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Table 15 — Syntax of ics_info()

Syntax No. of bits Mnemonic
ics_info()
{
ics_reserved_bit; 1 bslbf
window_sequence; 2 uimsbf
window_shape; 1 uimsbf
if (window_sequence == EIGHT SHORT SEQUENCE) {
Trrx_sth; 74 wimsbf
scale_factor_grouping; 7 uimsbf
H
else {
max_stb; 6 uimsbf
predictor_data_present; 1 uimsbf
if (predictor data present) {
predictor_reset; 1 uimsbf
if (predictor_reset) {
predictor_reset_group number; 5 uimsbf
}
for (stb = 0; sfb < min(max_sfb,
PRED SFB_MAX); sfb++) {
prediction_used[sfb]; 1 uimsbf
}
H
H
}
Table 16 — Syntax ofiindividual_channel_stream()
Syntax No. of bits Mnemonic
individual channel_stream(common_window)
{
global_gain; 8 uimsbf
if (lcommon_window)
ics_info();
section_data();
scale factor~data();
pulse_data’ present; 1 uismbf
if (pulse’ data_present) {
pulse_data();
¥
tns_data_present; 1 uimsbf
if (tns_data_present) {
in c_ﬂ qfn( ),
H
gain_control_data_present; 1 uimsbf
if (gain_control data present) {
gain_control data();
H
spectral_data();
}

© ISO/IEC 2003 — All rights reserved

23


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

24

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) - I;
for (g=0; g <num_window_groups; g++) {
k=0;
i=0;
while (k < max_sfb) {
sect_cb[g]l[i]; 4 uimsbf
sect_len=0;
while (sect_len_incr == sect_esc_val) { {3:5} uimsbf
sect_len += sect_esc_val;
}
sect_len += sect_len_incr;
sect_start[g][i] = k;
sect_end[g][i] = ktsect_len;
for (sfb = k; sfb < k+sect_len; sfb++)
sfb_cb[g][sfb] = sect_cb[g][i];
k +=sect_len;
it+;
H
num_sec[g] =1;
H
}
Table 18 — Syntax of scale factor_data()
Syntax No. of bits  Mnemonic

scale factor data()

{

for (g =0; g <num_window_groups; g++) {
for (sfb = 0; sfb <umlax_sfb; sfb++) {

if (sfb_cbfg][sfb] = ZERO HCB) {
if\(is” intensity(g,sfb))

hcod_sf[dpcm_is_position[g][sfb]];

else
hcod_sf[dpem_sf[g][sfb]];

1..19 bslbf

1..19 bslbf

4~
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Table 19 — Syntax of tns_data()
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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
fUl kﬁiL - G, ﬁ‘lt ll_ﬁ‘lL[W], ﬁilTT) {
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 = 0; 1 < order[w][filt]; i++)
coef[w][filt][i]; 2.4 uimsbf
¥
§
}
}
Table 20 — Syntax of spectral_data()
Syntax No. of bits Mnemonic
spectral_data()
{
for (g=0; g <num_window_groups; g++) {
for (1= 0; 1 <num_sec[g]; i++) {
if (sect_cb[g][i] '= ZERO-HCB &&
sect_cb[g][i] <= ESE HCB) {
for (k = sect_sfb offset[g][sect_start[g][i]];
k € sect_sfb_offset[g][sect_end[g][i]]; ) {
if (sect_cb[g][i]<FIRST PAIR_HCB) {
hcod[sect_cb[g][ill[w][x][yllzl]; 1..16 bslbf
if (unsigned_cb[sect_cb[g][i]])
quad_sign_bits; 0.4 bslbf
k += QUAD LEN;
}
else {
hcod[sect_cb[g][i]ll[y][z]; 1..15 bslbf
if (unsigned_cb[sect_cb[g][i]])
pair_sign_bits; 0.2 bslbf
k += PAIR _LEN;
if (sect_cb[g][i] == ESC_HCB) {
it (y==ESC FLAG)
hcod_esc_y; 5.21 bslbf
if (z==ESC_FLAG)
hcod_esc_z; 5.21 bslbf
}
}
}
¥
§
}
I
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Table 21 — Syntax of pulse_data()

Syntax No. of bits Mnemonic
pulse data() {
number_pulse; 2 uimsbf
pulse_start_sfb; 6 uimsbf
for (i=0; i <number pulse+1; i++) {
pulse_offset[i]; 5 uimsbf
pulse_ampli]; 4 uimsbf
}
}
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 (¢ = 0; c <num_coupled_elements+1; c++) {
num_gain_element lists++;
cc_target_is_cpelc]; 1 uimsbf
cc_target_tag_select[c]; 4 uimsbf
if (cc_target is_cpe[c]) {
cc_lfe]; 1 uimsbf
cc_rfe]; 1 uimsbf
if (cc_I[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 (c = 1; c <num gain_element_lists; ct++) {
if (ind_sw’cce flag) {
ecge~ 1;
}else {
common_gain_element_present|c]|; 1 uimsbf
cge = common_gain_element_present[c];
§
if (cge)
hcod_sf[common_gain_element|c]]; 1..19 bslbf
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[dpem_gain_element[c][g][sfb]]; 1..19 bslbf
}
¥
§
}
}
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Table 23 — Syntax of Ife_channel_element()

Syntax No. of bits Mnemonic
Ife_channel element()
{
element_instance_tag; 4 uimsbf
individual channel stream(0);
H
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 1=0;1<ecnt; i++) {
data_stream_byte[element_instance tag](i]; 8 uimsbf
H
H
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Table 25 — Syntax of program_config_element()

Syntax

program_config_element()

{
element_instance_tag;
profile;
sampling_frequency_index;

——aum—side—channel—elements;
ts+

num_Ife_channel_elements;
num_assoc_data_elements;
num_valid_cc_elements;
mono_mixdown_present;

stereo_mixdown_present;

}

}

}

}

}
byte alignment();

——eomment—field—bvt
= Clu_u‘yl.co,

No. of bits Mnemonic
4 uimsbf
2 uimsbf
4 uimsbf
num_front_channel_elements; 4 uimsbf
4 wimshf
num_back_channel_elements; 4 uimsbf
2 uimsbf
3 uimsbf
4 uimsbf
1 uimsbf
if (mono_mixdown_present == 1)
mono_mixdown_element_number; 4 uimsbf
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 1=0;1<num_front channel elements; i++) {
front_element _is_cpeli]; 1 bslbf
front_element_tag_select[i]; 4 uimsbf
for (1=0; 1 <num side channel elements; i+%) {
side_element_is_cpeli]; 1 bslbf
side_element_tag_select[i]; 4 uimsbf
for (1=0; 1 <num_back channel” elements; i++) {
back_element_is_cpelil; 1 bslbf
back_element_tag select][i]; 4 uimsbf
for (1= 0; i <num_lIfe ehannel elements; i++)
Ife_element-tag select]i]; 4 uimsbf
for (i=0; 1 <num” assoc_data_eclements; i++)
assoc {data_element_tag select][i]; 4 uimsbf
for (1 = 0r<num_valid cc_elements; i++) {
ec element_is_ind_swl[i]; 1 uimsbf
valid_cc_element_tag select][i]; 4 uimsbf
8 uimsbf
for (1=0; 1 <comment field bytes; i++)
comment_field_datali]; 8 uimsbf
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Table 26 — Syntax of fill_element()
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Syntax

No. of bits Mnemonic

fill_element()
{
cnt = count;
if (cnt == 15)
cnt += esc_count - 1;
while (cnt > 0) {

Nt — avtomciog avlosdl
t

4 uimsbf

8 uimsbf

}

1t
C1t CATOTISTOTT pory toattorT
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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—awmmtbdHwds 3 wimshf
for (ad = 0; ad < adjust_num[bd][wd]; ad++) {
alevcode[bd][wd][ad]; 4 uimsbf
aloccode[bd][wd][ad]; 5 uimsbf
}
¥
i
}
else if (window_sequence == LONG_START SEQUENCE) {
for (bd = 1; bd <= max_band; bd++) {
for (wd = 0; wd < 2; wd++) {
adjust_num[bd][wd]; 3 uimsbf
for (ad = 0; ad < adjust_num[bd][wd]; ad++) {
alevcode[bd][wd][ad]; 4 uimsbf
if (wd ==0)
aloccode[bd][wd][ad]; 4 uimsbf
else
aloccode[bd][wd][ad]; 2 uimsbf
}
¥
§
}
else if (window_sequence == EIGHT ,SHORT SEQUENCE) {
for (bd = 1; bd <= max_band;.bd+¥) {
for (wd = 0; wd < 8; wd++) {
adjust_num[bd}{wd]; 3 uimsbf
for (ad = 0; ad-<adjust_num[bd][wd]; ad++) {
alevcode[bd][wd][ad]; 4 uimsbf
aloceode[bd][wd][ad]; 2 uimsbf
}
¥
§
}
else if\(window_sequence == LONG_STOP_SEQUENCE) {
for (bd = 1; bd <= max_band; bd++) {
for (wd = 0; wd < 2; wd++) {
adjust_num[bd][wd]; 3 uimsbf
for-(ad—b6ad—<adpustnumtbdifwedtad+H—
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 FILL DATA:
fill_nibble; /* must be ‘0000’ */ 4 uimsbf
for 1=0;1<cnt-1; i++)
fill_byte[i]; /* must be ‘10100101° */ 8 uimsbf
return cnt;
case default:
for (1= 0; 1 < 8*(cnt-1)+4; i++)
other_bits[i]; 1 uimsbf
return cnt;
H
}
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Table 29 — Syntax of dynamic_range_info()

Syntax No. of bits Mnemonic
dynamic_range info()
{
n=1;
drc_num_bands = 1;
pce_tag_present; 1 uimsbf
if (pce_tag present == 1) {
pce_instance_tag; 4 uimsbf
drc_tag_reserved_Dits; 3
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_topli]; 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_sgnli]; 1 uimsbf
dyn_rng_ctl[i]; 7 uimsbf
n++;
}
return n;
}
Table 30 — Syntax of excluded_channels()
Syntax No. Of bits  Mnemonic
excluded\channels( )
{
n'=0;
num_excl chan = 70;
for(1i=0;1<7;it+)
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;
H
return n;
}
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7 Profiles

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

Main Profile
Low Complexity Profile
—__Scarapbtec Sampiing Rate Profite

h the program configuration element and ADTS fixed header, a two bit field indicates\the grofile in
se:

=

Table 31 — Profiles

index | profile

0 Main profile

Low Complexity profile (LC)
Scalable Sampling Rate profile (SSR)
(reserved)

WIN [

A4 Main

7

The Main profile is used when memory cost is not(significant, and when there is supstantial
frocessing power available. With the exception of the gain control tool, all parts of the toold may be
ysed in order to provide the best data compression possible. There shall be only one prograrh (in the
sense of what is specified in a program config elemiént) in a Main profile bitstream. The program in a
Main profile bitstream shall not contain any mone or stereo mixdown elements.

1.2 Low complexity

'he Low Complexity profile is used-when RAM usage, processing power, and compression
equirements are all present. In the lgw complexity profile, prediction, and gain control too] are not
ermitted and TNS order is limited. There shall be only one program (in the sense of|what is
pecified in a program config-element) in a Low Complexity profile bitstream. The proggam in a
ow Complexity profile bitstteam shall not contain any mono or stereo mixdown elements.

| M7 s o ML S LN |

.1.3  Scalable sampling rate

h the Scalable Sampling Rate profile, the gain-control tool is required. Prediction and ¢oupling
hannels are not permitted, and TNS order and bandwidth are limited. Gain control is not us¢d in the
bwest of the 4PQF subbands. In the case of a reduced audio bandwidth, the SSR profile will scale
ccordingly_im-complexity. There shall be only one program (in the sense of what is specified in a
rogram eorfig element) in a Scalable Sampling Rate profile bitstream. The program in a Scalable
ampling.Rate profile bitstream shall not contain any mono or stereo mixdown elements.

s O — O == =]

~I

.4 Naming convention for MPEG-2 AAC decoders and bitstreams

\_decoder or bitstream may be specified as an A.L.I.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, I by the number of independently switched coupling channels, D by the
number of dependently switched coupling channels, and Profile 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".
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71.5

Minimum decoder capability for specified number of main audio channels and profile

To insure a certain level of interoperability the following minimum decoder capabilities for decoders
of a given profile and number of main audio channels are specified.

Table 32 — Profile dependent minimum decoder capabilitiesin terms of channel configuration

Number of Main Main Profile | Low Complexity | SSR Profile
Audio Channels Capability | Profile Capability | Capability
1 1.0.0.0 1.0.0.0 1.0.0.0
3 3.0.1.0 3.0.0.1 3.0.0.0
4 4.0.1.0 4.0.0.1 4.0.0.0
5 5.1.1.1 5.1.0.1 5.1.0.0
7 7.1.1.2 7.1.0.2 7.1.0.0
7.1.6 | Profile dependent tool parameters
Maxinjum TNS order and bandwidth:
According to the profile in use, the value for the constant TNS MAX ORDER is set as follows 1
long wiindows: For the main profile the constant TNS_ MAX ORDER is,20, for the low complex
profile| and the scalable sampling rate profile the constant TNS MAX ORDER is 12. For sh
windoys, the constant TNS MAX ORDER is 7 for all profiles.
According to the sampling rate and profile in use, the value for the constant TNS MAX BANDS|i

set as flollows:

Table 33 — Profile and sampling rate dependent definition of TNS MAX_BANDS

Sampling | Low Complexity / | Low Complexity"/ | Scalable Sampling | Scalable Sampling
Rate Main Profile Main Profile Rate Profile Rate Profile
[Hz] (long windows) (short windows) (long windows) (short 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

or

ty
Drt

7.2

7.21

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 interoperability of the three profiles.

34
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Table 34 — Profile interoperability

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

4

8.1.1 Definitions

o]

1.1.1 Data functions
dif headet()

jo5)

jo5)

dif “sequence()

I_ ; C P} RCST cH S C ; . i C .
decode, the gain control information,

8 General information

but the reconstructed audio will have a limited bandwid

**In Table 33, this entry can be decoded, but the bandwidth of the decoded signal will’be limited to
approximately 5 kHz, corresponding to the nonaliased portion of the first PQMF filter band.

Figure 3— Profileinter operability

4.1 Audio Data Interchange Format (ADIF) and Audio Data Transport Stream (ADTS)

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

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

adts_error_check()

© ISO/IEC 2003 — All rights reserved

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

e all bits of the headers
e first 192 bits of any
e single channel element() (SCE)
e channel pair_element() (CPE)
e coupling channel element() (CCE)
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e low frequency enhancement channel (LFE)

In addition, the first 128 bits of the second

individual channel stream in the

channel_pair_ element() must be protected. All
information in any program configuration element or
data element must be protected.

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

adts_rg

w_data block error check()

calculation.

Note that “all bits of the header” refers to the bits(in-th¢
adts_fixed header() and adts_variable header(); that the
id_syn_ele bits shall be excluded from CRC,protection,
and that if the length of a CPE is shorter than’192 bits,
zero data are appended to achieve the lenigth of 192 bith
Furthermore, if the first ICS of the CPEends at the
Nth bit (N<192), the first (192 — N)_ bits of the second
ICS are protected twice, each timé.in order of their
appearance. For example if the)second ICS starts at th¢
190" bit of CPE, the first 3-bits of the second ICS are
protected twice. Flnally, ifithe length of the second ICS
is shorter than 128 bits; zéro data are appended to
achieve the length of 128 bits.

With regard to the i-th
adts_raw_datablock_error_check(), the following bitg
of the i-th.ydw data_block() are protected and fed into
the CRC algorithm in order of their appearance:

o Fifst 192 bits of any

T

e single channel element() (SCE)

e channel pair_element() (CPE)

e coupling channel element() (CCE)

e low frequency enhancement channel (LFE)

e First 128 bits of the second
individual channel stream (ICS) in the
channel pair _element() must be protected.

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

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

oW

36

id_syn_ele bits shall be excluded from CRC protection.
If the length of a CPE is shorter than 192 bits, zero data
are appended to achieve the length of 192 bits.
Furthermore, if the first ICS of the CPE ends at the
Nth bit (N<192), the first (192 - N) bits of the second
ICS are protected twice, each time in order of 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 the second ICS
is shorter than 128 bits, zero data are appended to
achieve the length of 128 bits.
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adts_fixed header()

adts_frame()

adts_header error_check()

ISO/IEC 13818-7:2003(E)

fixed header of ADTS. The information in this header
does not change from frame to frame. It is repeated
every frame to allow random access into a bitstream
bitstream (Table 8).

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

The following bits are protected and fed into the CRC

alaarithaon 100 A dar A fthaly amonranoag.
arg ottt - orae- o mei—appearatee:

jo5)

dts sequence()

adts_variable header()

o

yte_alignment()

fdrogram_config_element()

raw_data block()
8.1.1.2 Data elements
adif_id

o

opyright_id_present

o

opyright id

)

riginal* copy

e all bits of adts_fixed header()
e all bits of adts_variable header()
o all bits of every raw_data_block” positionf[i].

a sequence according to Audio Dat@Transport Sfream
ADTS (Table 4).

variable header of ADTS. This header is transmifted
every frame as well as the\fixed header, but contgins data
that changes from frame-to frame (Table 9).

If called from withitr.a raw_data block() then align with
respect to the first bit of the raw_data_block(), else align
with respect 1o, the first bit of the header.

contains information about the configuration for pne
progrant(Table 3). See subclause 8.5.

seessubclause 8.2.1 and Table 12.

ID that indicates the Audio Data Interchange Format. Its
value is 0x41444946 (most significant bit first), the
ASCII representation of the string ,,ADIF* (Tablg 3).

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

The field consists of an 8-bit copyright identifiet,
followed by a 64-bit copyright number (Table 3}. The
copyright identifier is given by a Registration Aythority
as designated by SC 29. The copyright number i a
value which identifies uniquely the copyrighted 1naterial.
See ISO/IEC 13818-3, definition of data element
copyright_identification_bit.

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

home

bitstream_type

bitrate

© ISO/IEC 2003 — All rights reserved

see ISO/IEC 11172-3;subclause 2.4.2.3 (Table 3)
definition for original_copy.

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

‘0’ constant rate bitstream. This bitstream may be

transmitted via a channel with constant rate

‘1’ wvariable 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
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num_program_config_element

adif bp

ffor fullness

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).

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

state n{-‘ tha it reseris oiraftar ano~nding tha {-"mw

syncw
ID
layer

protec

profilg

TICT TUITITCYY

brd

tion_absent

sampling_frequency_index

o 1
I OUTCTOUSUT vV O aTtTT U HITOUTIT S tHT—TIIrS

raw_data_block() in the adif sequence(). It is
transmitted as the number of available bits in the bit
reservoir (Table 3).

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

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

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

Indicates whether error check() data is present or not.
Same as syntax element “protection_bit’ in ISO/IEC
11172-3, subclause2.4.1 and 2.4.2 (Table 8).

profile used. See.clause 2 (Table 8).
indicates the-sampling frequency used according to the
following:fable (Table 8):

T.able 35 — Sampling frequency dependent on
sampling_frequency_index

private_bit

channel_configuration

38

sampling_frequency_index sampling frequency [Hz]
0x0 96000
0x1 88200
0x2 64000
0x3 48000
0x4 44100
0x5 32000
0x6 24000
0x7 22050
0x8 16000
0x9 12000
Oxa 11025
Oxb 8000
0xc reserved
Oxd reserved
Oxe reserved
Oxf reserved

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

indicates the channel configuration used. If

channel configuration is greater than 0, the channel
configuration is given by the ‘Default bitstream index
number’ in Table 42, see subclause 8.5. If

© ISO/IEC 2003 — All rights reserved
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channel configuration equals 0, the channel
configuration is not specified in the header and must be
given by a program_config_element() following as first
syntactic element in the first raw_data block() after the
header, or by the implicit configuration (see

subclause 8.5) or must be known in the application
(Table 8).

copyright_identification bit One bit of the 72-bit copyright identification field (see
copyright id above). The bits of this field are transmitted
frame by frame; the first bit 1s indicated by the %

copyright_identification_start bit set to ‘1°. The-fiield

consists of an 8-bit copyright_identifier, followed by a
64-bit copyright number. The copyrightiidentifigr is

given by a Registration Authority as designated by
SC29. The copyright number is a yalue which identifies
uniquely the copyrighted material See ISO/IEC | 3818-
3, subclause 2.5.2.13 (Table 9).

opyright_identification_start One bit to indicate that the-Copyright identificatipn_bit
in this audio frame is the first bit of the 72-bit copyright
identification. If no copyright identification is
transmitted, this bit:should be kept '0'.'0' no start pf
copyright identification in this audio frame 'l' start of
copyright idesitification in this audio frame See IFO/IEC
13818-3, subclause 2.5.2.13 (Table 9).

(o)

frame_length Length of-the frame including headers and error [check
in bytes (Table 9).
adts_buffer fullness state of the bit reservoir in the course of encoding the

ADTS frame, up to and including the first
raw_data block(). It is transmitted as the numbet of
available bits in the bit reservoir divided by NC(
divided by 32 and truncated to an integer value

(Table 9). A value of hexadecimal 7FF signals thiat the

bitstream is a variable rate bitstream. In this case| buffer
fullness is not applicable.

rumber_of raw_data (blocks in_frame Number of raw_data block()’s that are multiplexed is

equal to number of raw data blocks in frame { 1. The
minimum value is 0 indicating 1 raw_data blockj)
(Table 9).

naw_data_bleek position[i] Start position of the i-th raw_data block() in the
adts_frame(), measured as an offset in bytes fronj the
start position of the first raw_data block() in the
adts_frame().

drc”check CRC error detection data generated as described jin
ISO/IEC 11172-3, subclause 2.4.3.1 (Table 10).

8.1.1.3 Help elements

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

8.1.2 Overview

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

© ISO/IEC 2003 — Al rights reserved 39


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

The Audio Data Interchange Format (ADIF) contains all elements that are necessary to describe a
bitstream according to this standard.

For specific applications some or all of the syntax elements like those specified in the header of the
ADIF, e.g. sampling_rate, may be known to the decoder by other means and hence do not appear in
the bitstream. Furthermore additional information that varies from block to block (e.g. to enhance
the parsability or error resrlrence) may be required. Therefore transport streams may be designed for
a specific application and are not specified in this standard. However, one non-normative transport

stream,
which

called Audio Data Transport Stream (ADTS), is described. It may be used for applications in

hao docaoder caon norco thic ot
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m_config_element()’s.

Definitions
Data functions
ta_stream() sequence of raw_data block()’s.
ta_block() block of raw data that contains audio data for a time

Audio Data Interchange Format ADIF

udio Data Interchange Format (ADIF) contains one header at the start of the s€quence

ed by a raw data stream(). The raw data stream() may not contain pany further

h, the ADIF is useful only for systems with a defined start and no need to start decoding frgm
the audio data stream, such as decoding from disk file. It can be used as'an interchange fornjat
it contains all information necessary to decode and play the audio data:

Audio Data Transport Stream ADTS

udio Data Transport Stream (ADTS) is similar to syntax Qised in ISO/IEC 11172-3 ahd
C 13818-3. This will be recognized by ISO/IEC 11172-3 d¢coders as a “Layer 4” bitstream.

ed header of the ADTS contains the syncword plus all\parts of the header which are necessgry
oding and which do not change from frame to ftame. The variable header of the ADTS
s header data which changes from frame to framé

Decoding of raw data

period of 1024 samples, related information and 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() ahd
one raw_data_block() must have one and only one
sampling rate. In the raw_data_block(), several instancis
of the same syntactic element may occur, but must have
a different 4-bit element_instance tag, except for
data_stream_element()'s and fill_element()'s. Thereforg,
in one raw_data block(), there can be from 0 to at mos{

40

16 instances of any syntactic element, exceptior
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 number of times. The end of a
raw_data_block() is indicated with a special id_syn_ele
(TERM), which may occur only once in a

raw_data block(). (Table 12).

© ISO/IEC 2003 — All rights reserved
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single channel element()

channel pair _element()
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abbreviaton SCE. Syntactic element of the bitstream
containing coded data for a single audio channel. A
single channel element() basically consists of an
individual channel stream(). There may be up to 16
such elements per raw data 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 channels. A
channel pair element() consists of two

(@)

oupling_channel element()

Ife_channel element()

audio_channel element()

fdrogram_config_element()

—+

11 _element()

data“stream_element()

individual channel stream()’s and additional jeipt
channel coding information. The two channelsymay
share common side information. The
channel pair_element() has the same restriCtions|as the
single channel element as far as elemént instanc¢ tag,
and number of occurrances (Tablecl4).

Abbreviation CCE. Syntactic elénient that contaips audio
data for a coupling channel, A_coupling channel
represents the information-for multi-channel intefisity for
one block, or alternately for dialogue for multilirjgual
programming. The rules for number of
coupling channel element()'s and instance tags gre as
for single chandel element()'s (Table 22). See
subclause 12.3,

Abbreviation LFE. Syntactic element that contaifs a low
sampling frequency enhancement channel. The rples for
the numiber of Ife_channel element()'s and instarjce 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 elemgnt()
and Ife_channel element().

Abbreviation PCE. Syntactic element that contaips
program configuration data. The rules for the nupber of
program_config_element()’s and element_instanfe tag’s
are the same as for single channel element()’s
(Table 25). PCE’s must come before all other symtactic
elements in a raw_data block(). See subclause 8}5.

Abbreviation FIL. Syntactic element that containf fill
data. There may be any number of fill elements, that can
come in any order in the raw data block (Table 2p). See
subclause 8.7.

Abbreviation DSE. Syntactic element that contaips data.
Again, there are 16 element instance tags. Therg is,

8.2.1.2 Data elements
id_syn_ele

© ISO/IEC 2003 — All rights reserved

however, no restriction on the number of
data_stream_element()'s with any one instance tag, as a
single data stream may continue across multiple
data_stream_element()'s with the same instance tag
(Table 24). See subclause 8.6.

a data element that identifies either a syntactic element
or the end of a raw_data_block() (Table 12):
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Table 36 — Syntaxtic element identification

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 element()
ID LFE 0x3 LFE Ife channel element()
ID DSE 0x4 DSE data stream element()
ID PCE 0x5 PCE program config element()
DTt %6 FiE fiit—<termentt)
ID END 0x7 TERM

element_instance tag Unique instance tag for syntactic elements other than

fill_element(). All syntactic elements contdining instance
tags may occur more than once, but, except for
data_stream_element()'s, must have-a unique

element _instance tag in each raw, data block(). This t
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_elemi¢nt(), and provides the possibilit
of up to 16 independent program_config_element()’s
(Table 13, Table:l4, Table 22, Table 23, Table 24,
Table 25, Table 26)

™

g

~

8.2.2 | Buffer requirements

8.2.2.1 Minimum decoder input buffer

The fol]lowing rules are used to calculate thesiaximum number of bits in the input buffer both for the
bitstregm as a whole, for any given program,. or for any given SCE/CPE/CCE:

The input buffer size is 6144 bits per SCE or independently switched CCE, plus 12288 bits per CPE
(61444NCC). Both the total buffetiand the individual buffer sizes are limited, so that the bufferihg
limit ¢an be calculated for either the entire bitstream, any entire program, or the individyal
audio_phannel element()'s permitting the decoder to break a multichannel bitstream into separjte
mono @nd stereo bitstreams which are decoded by separate mono and stereo decoders, respectively.
All bity for LFE’s or dependent CCE's must be supplied from the total buffer requirements based pn
the independent CCE!'s))SCE's, and CPE's. Furthermore, all bits required for any DSE’s, PCE[s,
FIL’s, jor fixed headers, variable headers, byte alignment, and CRC must also be supplied from the
same tptal buffer requirements.

8.2.2.2 Bit reservoir

The bi
the NAC= :
calculated by subtractlng the mean number of bits per block from the minimum decoder 1nput buffer
size. For example, at 96 kbit/s for a stereo signal at 44.1 kHz sampling frequency the mean number
of bits per block (mean_framelength) is ( 96000 bit/s / 44100 1/s * 1024 ) =2229.1156... . This leads
to a maximum bit reservoir size (max_bit reservoir) of INT ( 12288 bit - 2229.1156... ) = 10058.
For variable bitrate channels the encoder must operate in a way that the input buffer requirements do
not exceed the minimum decoder input buffer.

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

8.2.2.3 Maximum bitrate
Maximum bitrate:

2003(E)

rhinimum input buffer size according to the formula:

o =

ne sampling_frequency_index must be deduced in order for the bitstream to be parsed.

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

61440
bloclk -sampling _ frequency - NCC
1004 S@mples
block
Table 37 gives some examples of the maximum bitrates per channel-depending on the used gampling
frequency.
Table 37 — Maximum bitrate depending on the sampling frequency
sampling_frequency maximum bitrate / NCC
48 kHz 288 kbit/s
44.1 kHz 264.6 kbit/s
32 kHz 192 kbit/s
§.2.3 Decoding process
Assuming that the start of a raw_data block() is known, it can be decoded without any additional

transport-level information and produces 1024 audio samples per output channel. The sampling
ate of the audio signal, as specificd by the sampling_frequency_index, may be speciffed in a
rogram_config_element() or it may be implied in the specific application domain. In the lafter case,

Since a given sampling frequency is associated with only one sampling frequency table, apd since
rhaximum flexibility _is—desired in the range of possible sampling frequencies, the f¢llowing
Table shall be used to.dssociate an implied sampling frequency with the desired sampling frequency
dependent tables,
Table 38 — Sampling frequency mapping
Frequency range (in Hz) Use tables for sampling frequency (in Hz)

f>=92017 96000

92017 > £>=75132 88200

5129 £ S8 404 L4000

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 > £>=9391 11025

9391 >f 8000
© ISO/IEC 2003 — Al rights reserved 43
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The raw_data stream supports encoding for both constant rate and variable rate channels. In each
case the structure of the bitstream and the operation of the decoder are identical except for some
minor qualifications. For constant rate channels, the encoder may have to insert a FIL element to
adjust the rate upwards to exactly the desired rate. A decoder reading from a constant rate channel
must accumulate a minimum number of bits in its input buffer prior to the start of decoding so that
output buffer underrun does not occur. In the case of variable rate, demand read channels, each
raw_data block() can have the minimum length (rate) such that the desired audio quality is achieved,
and in the decoder there is no minimum input data requirement prior to the start of decoding.

Exam leo oftha n1mﬂ]an+ nacuble hitctraninac

ar.
Ot T ST pPTIOS T POSSTUTC UTTS T TaTThS afe-:

bitstream segment output signal
<SCE><TERM><SCE><TERM>... mono signal
<CPE><[ERM><CPE><TERM>... stereo signal
<SCE><{CPE><CPE><LFE><TERM><SCE><CPE><CPE><LFE><TERM>... 5.1 channel signal

where jangle brackets (< >) are used to delimit syntactic elements. For the mono»signal each SCE
must hpve the same value in its element_instance_tag, and similarly, for the ster¢o signal each CPE
must have the same value in its element_instance tag. For the 5.1 channe] §ignal each SCE muyst
have tle same value in its element_instance_tag, each CPE associated with-the front channel pjir
must Have the same value in its element instance tag, and each CPE associated with the back
channdl pair must have the same value in its element_instance_tag.

If thesp bitstreams are to be transmitted over a constant rate c¢hannel then they might includd a
fill_elgment() to adjust the instantaneous bitrate. In this case an.example of a coded stereo signal is

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

If the Bitstreams are to carry ancillary data and run ovéra constant rate channel then an example of a
coded $tereo signal is

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

All dafa stream_element()'s have the samg element instance tag if they are part of the same djta
stream

1Y)

8.3 Decoding of a single_channel_element() (SCE), a channel_pair_element() (CPE) or an

individual_channel_stream() (ICS)

8.3.1 Definitions

8.3.1.1 Data elements
common_window. a flag indicating whether the two
individual channel stream()’s share a common
ics_info() or not. In case of sharing, the ics_info() is pqrt
of the channel_pair_element() and must be used for both
channels. Otherwise, the ics_info() is part of each
individual_channel_stream() ( 1able 14).
ics_reserved_bit flag reserved for future use. Shall be '0'".
window_sequence indicates the sequence of windows as defined in
Table 44 (Table 15).
window_shape A 1 bit field that determines what window is used for the
trailing part of this analysis window (Table 15).
max_sfb number of scalefactor bands transmitted per group

(Table 15).
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scale_factor_grouping

8.3.1.2 Data functions
individual channel stream()

ISO/IEC 13818-7:2003(E)

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

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

ics_info() contains side information necessary to decode an
individual channel stream(). The
individual channel stream()’s ofa
channel pair_element() may share one common
ics_info() (Table 15).

§.3.1.3 Help elements

scalefactor window band term for scalefactor bands within a wahdow, given in

calefactor band

L

in
b
wb

in

S Y Y =

~

um_window_groups

=

indow _group length[g]
it_set(bit_field,bit num)

(]

Hum_windows

Hum_swb_long window

~

um_swbshort window

Aurm) swb

Table 45 to Table 57.

term for scalefactor band within a group. In the cpse of
EIGHT SHORT SEQUENCE and grouping a
scalefactor band may contain several scalefactor window
bands of corresponding-frequency. For all other
window_sequencescscalefactor 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¢t of
scalefactors.

number of windows in each group.

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

number of windows of the actual window sequernce.

number of scalefactor bands for long windows. This
number has to be selected depending on the sampling
frequency. See subclause 8.8.

number of scalefactor window bands for short windows.
This number has to be selected depending on the
sampling frequency. See subclause 8.8.

number of scalefactor window bands for shortwindows

swb_offset_long window[swb]

swb_offset_short window[swb]

© ISO/IEC 2003 — All rights reserved

in case of EIGHT SHORT_SEQUENCE, number of
scalefactor window bands for long windows otherwise.

Table containing the index of the lowest spectral
coefficient of scalefactor band sfb for long windows.
This Table has to be selected depending on the sampling
frequency. See subclause 8.8.

Table containing the index of the lowest spectral
coefficient of scalefactor band sfb for short windows.
This Table has to be selected depending on the sampling
frequency. See subclause 8.8.
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swb_offset[swb] Table containing the index of the lowest spectral
coefficient of scalefactor band sfb for short windows in
case of EIGHT SHORT SEQUENCE, otherwise for
long windows.

sect_sfb_offset[g] [section] Table that gives the number of the start coefficient for
the section_data() within a group. This offset depends on
the window_sequence and scale factor grouping.

sampling frequency index see subclause 8.1.1.

8.3.2 | Decoding process

8.3.2.1 Decoding a single_channel_element() and channel_pair_element()
A single channel element() is composed of an element instance tag)s ‘and |an
individual channel stream. In this case ics info() is always located in the
individual channel stream.
A channel pair element() begins with an element instance tag and common-window flag. If the
comm¢n_window equals ‘1°, then ics_info() is shared amongst the two individual channel stregm
elemerts and the MS information is transmitted. If common_window,-équals ‘0, then there is pn
ics_infp() within each individual channel stream and there is no MS infoermation.

8.3.2.2 Decoding an individual_channel_stream()
In the {ndividual channel stream, the order of decoding is:

get global gain

get ics_info() (parse bitstream if common information is not present)
get section_data()

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 prpcess of recovering pulse_data is described in clause 9, tns_data in clause 14, and gain_contfol

data in| clause 16) 'An overview of how to decode ics_info() (subclause 8.3), section data (clause D),
scalefactor data’(clause 9 and 11), and spectral data (clause 9) will be given here.

8.3.2.3 Recovering ics_info()

For single_channel_element()’s ics_info() is always located immediately after the global gain in the
inidividual_channel_stream(). For a channel pair_element() there are two possible locations for the
ics_info(). If each individual channel in the pair window switch together then the ics _info() is located
immediately after common_window in the channel pair_element() and common_window is set to 1.
Otherwise there is an ics_info() immediately after global gain in each of the two
individual channel stream() in the channel pair_element() and common_window is set to 0.

ics_info() carries window information associated with an ICS and thus permits channels in a
channel pair to switch separately if desired. In addition it carries the max_sfb which places an upper
limit on the number of ms used[] and predictor used[] bits that must be transmitted. If the
window_sequence is EIGHT SHORT SEQUENCE then scale factor grouping is transmitted. If a
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set of short windows form a group then they share scalefactors as well as intensity stereo positions
and have their spectral coefficients interleaved. The first short window is always a new group so no
grouping bit is transmitted. Subsequent short windows are in the same group if the associated
grouping bit is 1. A new group is started if the associated grouping bit is 0. It is assumed that
grouped short windows have similar signal statistics. Hence their spectra are interleaved so as to
place correlated coefficients next to each other. The manner of interleaving is indicated in Figure 6.
ics_info() also carries the prediction data for the individual channel or channel pair (see clause 13).

8.3.24 Recovering sectioning data
[ theTCS;theimformation about one fong window, or_cigit short windows, 15 recoveled. The
sectioning data is the first field to be decoded, and describes the Huffman codes that apply to the
scalefactor bands in the ICS (see clause 9 and 11). The form of the section data is:

sect_cb The codebook for the section

sect_len The length of the section.

'his length is recovered by reading the bitstream sequentially for a'section length, adding thg escape
alue to the total length of the section until a non-escape value, is.found, which is added to ¢stablish
he total length of the section. This process is clearly explainedin the C-like syntax descriptipn. Note
nat within each group the sections must delineate the scalefactor bands from zero to max_sfp so that
ne first section within each group starts at bands zero and.the last section within each group ends at
nax_sfb.

—_

'he sectioning data describes the codebook, and then the length of the section using that cqdebook,
tarting from the first scalefactor band and continuing until the total number of scalefactor pands is
rgached.

wn

After this description is provided, all scalefactors and spectral data corresponding to codebgok zero
e zeroed, and no values corresponding to these scalefactors or spectral data will be trarsmitted.
hen scanning for scale-factor datd.it is important to note that scalefactors for any scalefactpr bands
hose Huffman codebook is zero will be omitted. Similarly, all spectral data associated with
uffman codebook zero are emitted (see clause 9 and 11).

Ih addition spectral data~associated with the scalefactor bands that have an intensity codebpok will
ot be transmitted, but.intensity steering coefficients will be transmitted in place of the scalgfactors,
s described in subclause 12.2.

.3.2.5 Scalefactor data parsing and decoding

or each scalefactor band that is not in a section coded with the zero codebook (ZERO HCB), a
scalefactor )is transmitted. These will be denoted as ‘active’ scalefactor bands and the agsociated
scalefactors as active scalefactors. Global gain, the first data element in an ICS, is typically the value

f the' first active scalefactor. All scalefactors (and steering coefficients) are transmittgd using

uffman coded DPCM relative to the previous active scalefactor (see clause 9 and 11). The first
active scalefactor is differentially coded relative to the global gain. Note that it is not illegal, merely
inefficient, to provide a global gain that is different from the first active scalefactor and then a non-
zero DPCM value for the first scalefactor DPCM value. If any intensity steering coefficients are
received interspersed with the DPCM scalefactor elements, they are sent to the intensity stereo
module, and are not involved in the DPCM coding of scalefactor values (see subclause 12.2). The
value of the first active scalefactor is usually transmitted as the global gain with the first DPCM
scalefactor having a zero value. Once the scalefactors are decoded to their integer values, the actual
values are found via a power function (see clause 11).
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8.3.2.6 Spectral data parsing and decoding

The spectral data is recovered as the last part of the parsing of an ICS. It consists of all the non-
zeroed coefficients remaining in the spectrum or spectra, ordered as described in the ICS info. For
each non-zero, non-intensity codebook, the data are recovered via Huffman decoding in | quads or
pairs, as indicated in the noiseless codmg tool (see clause 9). If the spectral data is associated with an
unsigned Huffman codebook, the necessary sign bits follow the Huffman codeword (see
subclause 9.3). In the case of the ESCAPE codebook, if any escape value is received, a
corresponding escape sequence will 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 UC [1 Uldl dCCOUCd odeword. For cact C .' (1C C1UILIIan dc .C': OINUNUCS UI all
the spdctral 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.

8.3.3 | Windows and window sequences

Quantipation and coding is done in the frequency domain. For this purpose, the,time signal|is
mappefl into the frequency domain in the encoder. The decoder performs the idverse mapping |as
descrifled in clause 15. Depending on the signal, the coder may change the time/frequency resolutipn
by usipg two different windows: LONG_WINDOW and SHORT WINDOW: To switch between
windows, the transition windows LONG_START WINDOW and LONG* STOP_WINDOW dre
used. Table 43 lists the windows, specifies the corresponding transfornrlength and shows the shape
of the windows schematically. Two transform lengths are used: 1024 (réferred to as long transforpn)
and 12B coefficients (refered to as short transform).

Window sequences are composed of windows in a way that aqdaw_data block() always contains data
represgnting 1024 output samples. The data element window_sequence indicates the windgw
sequenice that is actually used. Table 44 lists how the window sequences are composed of individyal
windoys. Refer to clause 15 for more detailed informatien about the transform and the windows.

8.3.4 | Scalefactor bands and grouping

Many [tools of the decoder perform operations on groups of consecutive spectral values Caltllfld
scalefactor bands (abbreviation ‘sfb’). The width of the scalefactor bands is built in imitation of

criticall bands of the human auditory system. For that reason the number of scalefactor bands i a
spectrym and their width depend on the transform length and the sampling frequency. Table 45 to
Table $7 list the offset to the beginning’of each scalefactor band for the transform lengths 1024 apd
128 and the different sampling frequencies, respectively.

To redpce the amount of side‘information in case of sequences which contain SHORT WINDOWS,
consecputive SHORT WINDOWSs may be grouped (see Figure 4). The information about the
groupihg is contained in-theé scale factor grouping data element. Grouping means that only one $et
of scalefactors is transmitted for all grouped windows as if there was only one window. The
scalefactors are thefi-applied to the corresponding spectral data in all grouped windows. To incredse
the effjciency of the noiseless coding (see clause 9), the spectral data of a group is transmitted in an
interlegved order given in subclause 8.3.5. The interleaving is done on a scalefactor band py
scalefactor band basis, so that the spectral data can be grouped to form a virtual scalefactor band|to
which [thé¢ ‘common scalefactor can be applied. Within this document the expression ‘scalefactor
band’ [abbhreviation ‘sfb’) denotes these virtnal scalefactor bands If the scalefactor bands of the
single windows are referred to, the expression ‘scalefactor window band’ (abbreviation ‘swb’) is
used. Due to its influence on the scalefactor bands, grouping affects the meaning of section data (see
clause 9), the order of spectral data (see subclause 8.3. 5), and the total number of scalefactor bands.
For a LONG_WINDOW scalefactor bands and scalefactor window bands are identical since there is
only one group with only one window.

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

e how to determine the number of window groups num_window_groups

howto-d atarminag tho nialhare AL i daoc 10 ch o wndo IO ]nvinfl/- I'n7
1O WO Gt St e-HHHRBe o WARGO WS H- o8- Eroup iAo —LFoHp—TeHEH TS

o how to determine the total number of scalefactor window bands num_swb for the actual [window
type
o how to determine swb_offset/swb], the offset of the first coefficient in scaletactor windpw band
swb of the window actually used
o how to determine sect sfb_offset[g] [section], the offset of the first céefficient in section|section.
This offset depends on window_sequence and scale factor grouping and is needed td decode
the spectral data().
A long transform window is always described as a window gretip containing a single windo. Since
the number of scalefactor bands and their width depend ¢n the sampling frequency, the [affected
vfariables are indexed with sampling_frequency index to,select the appropriate table.
fls_i ndex = sanpling_frequency_i ndex;
gwi t ch (wi ndow _sequence) {
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.w ndow_gr oups-1] = 1;
num swb = num swb_| ongwirndow f s_i ndex] ;
/* preparation of sect_sfb _offset for |ong bl ocks */
/* also copy the lLast val ue! */
for (i =0; i < max_sfb + 1; i++) {
sect _sfb_offset[0][i] = swb_offset | ong wi ndowfs_index][i];
swh_of f set[N] = swb_offset_| ong_w ndow[fs_index][i];
}
br eak;
case El GHI=SHORT _SEQUENCE:
num-windows = 8;
numw ndow _groups = 1;
wirndow_gr oup_| engt h[ num wi ndow_gr oups-1] = 1;
num swb = num swb_short _wi ndovx.{fs |ndex]
Ul \I - U, I ||un| QVVU DIIUI L VVI IIUUVV'_ I Q I IIUCI\J LT 1 TT)
swh_offset[i] = swb_offset_short_wi ndow fs_index][i];
for (i =0; i < numw ndows-1; i++) {
i f(bit_set(scale _factor_grouping,6-i)) == 0) {
num w ndow_groups += 1;
wi ndow_gr oup_| engt h[ num wi ndow_gr oups-1] = 1;
}
el se {
wi ndow_gr oup_| engt h[ num wi ndow_gr oups- 1] += 1;
}
}
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[* preparation of sect _sfb _offset for short bl ocks */
for (g = 0; g < numw ndow _groups; g++) {
sect _sfb = 0;
offset = 0;
for (i =0; i < max_sfb; i++) {
width = swb_offset_short_wi ndow fs_index][i+1] -
swb_of f set _short _wi ndow fs_i ndex][i];
wi dt h *= wi ndow_group_l ength[g];
sect _sfb_offset[g][sect_sfb++] = offset;

affcant L — a1 At -
JTT T Vv orC T

o

}
sect _sfb_offset[g][sect_sfb] = offset;
}
br eak;
def qul 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 gpectral data is in ascending spectral order, as shown in Figure 5.

For th¢

followIng manner:

e Gropps are ordered sequentially

e Within a group, a scalefactor band consists of the spectral data of all group

SH(

length of a group is in the range of one to eight SHORT WINDOWs.

o [f there are eight groups .each with length one (num window groups =
window_group length[0] = 1),the result is a sequence of eight spectrums, each
ascending spectral order.

o [f there is only ~One group with Ilength eight (num window group =
window_group lengthf0]=8), the results is that spectral data of all eig
SHORT WINDOW:s'is interleaved by scalefactor window bands.

e Figure 6 shows the spectral ordering for an EIGHT SHORT SEQUENCE with groupi
of SHORTF, WINDOWSs according to Figure 4 (num_window_groups = 4).

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

8.3.6

Output word length

EIGHT SHORT SEQUENCE window, the spectral order depends on the grouping in the

cd

DRT WINDOWSs for the associated scalefactor window band. To clarify via example, the

8,
n

ht

The global gain for each 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) converter.
This is the default mode of operation and will result in correct audio levels. If the decoder has a D/A
converter that has greater than 16-bit resolution then the output of the IMDCT can be 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 to that of a 16-bit D/A, but would have the
advantage of greater signal dynamic range and lower converter noise floor. Similarly, shorter D/A

word
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lengths can be accommodated.
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8.3.7 Matrix-mixdown method

8.3.71 Description

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

8.3.7.2 Definitions

8.3.7.21 Data elements

rhatrix_mixdown_idx_present One bit indicating that a stereo matrix coefficien{ index
is present (see Table 25). For all configurationis-qther
than the 3/2 format this bit must be zero.

matrix_mixdown_idx A two bit field that indicates that the coefficient fo be
used in the 5-channel to 2-channel matrix-mixdown.
Possible matrix coefficients are listed in
subclause 8.3.7.5.

pseudo_surround_enable One bit indicating that pseudosurround decoding is
possible.
8.3.7.3 Matrix-mixdown process
A derived stereo signal can be generated within a matrix-mixdewn decoder by use of one off the two
fpllowing sets of equations.
Set 1:
1
L'=—— [L+C/N2+ A-EF]
1+1/42 + 4 / ’
1
R=—— [R+C/\2% 4-R,]
1+1/2 + 4 / ’
Set 2:
1
L'=— %" [L+C/\2-4-(L, +R,)]
1+1/+[25%2- 4 e
1
R=-2 _—  [R+C/V2+A4-(L, +R,)]
+1/V2+2- 4 / e
Where L, C,°R5'LS and RS are the source signals, L’ and R’ are the derived stereo signals gind A is
the matrix, 'coefficient indicated by matrix mixdown idx. LFE channels are omitted ffom the

mixdowi

If pseudo surround enable i Is not set, then only set 1 should be used If pseudo surround gnable is
S L, thenetthersettHorset2 cquauuub catrbe UDCU, ucpcuulug omrwhethertherecetverhastacilities
to invoke some form of surround synthesis.

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

1

= \L+C+R+A-(L. +R
W (Ls+Ry)]

© ISO/IEC 2003 — All rights reserved 51


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

8.3.7.4

Advisory

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

reduction.
The stETeo amd TMOMo MIXAOWIT ChHanmets additionatty enabie the coment provider toseparatgly
optimife the stereo and multichannel program mixes - this is not possible by using the mateix-
mixdown method.
It is additionally relevant to note that, due to the algorithms used for the multichannel and stereo
mixdown coding, a better combination of quality and bitrate is usually provided by use of the stereo
mixdown channels than can be provided by the matrix-mixdown process.
8.3.7.5 Tables
Table 39 — Matrix-mixdown coefficients
matrix_mixdown_idx A

0 /42

1 32

2 7(2V2)

3 0
8.4 Low Frequency Enhancement Channel (LFE)
8.4.1 | General
In ord¢r to maintain a regular structure of the decoder, the Ife channel element() is defined aq a
standatd individual channel stream(0) element, i.e. equal to a single channel element(). Thus,
decodihg can be done using the standard procedure for decoding a single channel element().
In ordg¢r to accomodate a more bitrate and hardware efficient implementation of the LFE decodgr,
however, several restrictions apply:to the options used for the encoding of this element:
e Thelwindow_shape field-is always set to 0, i.e. sine window (see subclause 6.3, Table 15)
e Thel window_sequence Tield is always set to 0 (ONLY LONG SEQUENCE) (see subclause 6{3,

Tabje 15)

e Only the lowest 12 spectral coefficients of any LFE may be non-zero
e No [lemporal Noise Shaping is used, i.e. tns_data present is set to 0 (see subclause 6.3, Table 16)

e No prediction 1S used, 1.¢. predictor_data_present 1S set to U (see subctause 0.3, 1abie 15)

The presence of LFE channels depends on the profile used. Refer to clause 7 for detailed
information.

8.5 Program Config Element (PCE)

Data elements:

profile The two-bit profile index from Table 31 (Table 25)
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Indicates the sampling rate of the program (and all other
programs in this bitstream). See definition in
subclause 8.1.1 (Table 25)

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)

Number of elements to the side as above (Table 25)

fum_bacK_channel_elements
rium_Ife_channel elements
rium_assoc_data_elements
rum_valid_cc_elements
mono_mixdown_present
mono_mixdown_element_number
stereo_mixdown_present
stereo_mixdown_element_number
rhatrix_mixdown_idx_present
thatrix_mixdown_idx
pseudo_surround_enable

front_element_is_cpe

front_element . tag select

side_element_is_cpe

ste_element_tag_select

AS number of side and 1ront channel elements, 1qr back
channels (Table 25)

Number of LFE channel elements associated with this
program (Table 25)

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

The number of CCE's that carr add to the audio dpta for
this program (Table 25)

One bit, indicating the présence of the mono mixdown
element (Table 25)

The number of a specified SCE that is the mono
mixdown (Table25)

One bit, indicating that there is a stereo mixdowr} present
(Table 25)

The number of a specified CPE that is the stereo
mixdown element (Table 25)

One bit, indicating the presence of matrix mixdofwn
information (Table 25)

Two bit field, specifying the index of the surrourld
mixdown coefficient (Table 25)

One bit, indicating the possibility of mixdown fof
pseudo surround reproduction (Table 25)

indicates whether a SCE or a CPE is addressed a$ 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 instance_tag of the SCE/CPE addressed as afront
element (Table 25)

see front_element is_cpe, but for side elements
(Table 25)

see front_element tag select, but for side elemelrts

back element _is cpe
back element _tag select

Ife_element tag select
assoc_data_element_tag_ select
valid_cc_element tag select

© ISO/IEC 2003 — All rights reserved

(Tabte25)
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)
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cc_element is_ind_sw One bit, indicating that the corresponding CCE is an
independently switched coupling channel (Table 25)

comment_field bytes The length, in bytes, of the following comment field
(Table 25)

comment_field data 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 irfStance_tag.

8.5.1 Implicit and defined channel configurations

The MPPEG-2 AAC audio syntax provides two ways to convey the mapping of channels Within a et
of synfactic elements to physical locations of speakers. The first way is a default mapping based pn
the spgcific set of syntactic elements received and the order in which they are received. The mgst
comm@n mappings are further defined in Table 42. If a mapping shown in Table.42 is not used, the
followIng methods describe the default determination of channel mapping:

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

If the humber of SCE's is even, then the SCE's are assigned as pairs as center-front L/R, in palirs
proceefling out and back from center front toward center back:

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

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

4) Any| number of LFEs may appedr, No speaker mapping is defined in case of multiple LFEs.

In casq of this default (or implicit) mapping the number and order of SCEs, CPEs and LFEs and the
resulting configuration (thay not change within the bitstream without sending | a
program_config_element()yi.e. an implicit reconfiguration is not allowed.

Other fpudio syntaetie’ elements that do not imply additional output speakers, such as couplipg
channdl_element,;may follow the listed set of syntactic elements. Obviously non-audio syntactic
elemer]ts may He received in addition and in any order relative to the listed syntactic elements.

If reliable“mapping of channel set to speaker geometry is a concern, then it is recommended that jan
implicit mapping from Table 42 or a program configuration element be used.

For more complicated configurations a Program Configuration Element (PCE) is defined. There
are 16 available PCE’s, and each one can specify a distinct program that is present in the raw data
stream. All available PCE’s within a raw_data block() must come before all other syntactic
elements. Programs may or may not share audio syntactic elements, for example, programs could
share a channel pair element() and use distinct coupling channels for voice over in different
languages. A given program configuration element contains information pertaining to only one
program out of many that may be included in the raw data stream. Included in the PCE are “list of
front channels”, again using the rule center outwards, left before right. In this list, a center channel
SCE, if any, must come first, and any other SCE’s must appear in pairs, constituting an LR pair. If
only two SCE’s are specified, this signifies one LR stereophonic pair.
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After the list of front channels, there is a list of “side channels” consisting of CPE’s, or of pairs of
SCE’s. These are listed in the order of front to back. Again, in the case of a pair of SCE’s, the first is
a left channel, the second a right channel.

After the list of side channels, a list of back channels is available, listed from outside in. Any SCE’s
except the last SCE must be paired, and the presence of exactly two SCE’s (alone or preceeded by a
CPE) indicates that the two SCE’s are Left and Right Rear center, respectively.

The conﬁguratlon 1ndlcated by the PCE takes effect at the raw_ data block() contalnlng the PCE. The
Re-D : : and all

subsequent raw_data_block()‘s unt11 a raw_data_block() contalnlng a new PCE is transmltted

(Other elements are also specified. A list of one or more LFE’s is specified for applicatiop to this
fdrogram. A list of one or more CCE’s (profile-dependent) is also provided, in-order to ajlow for
dialog management as well as different intensity coupling streams for different ‘ehannels ysing the
sapme main channels. A list of data streams associated with the program cantalso associat¢ one or
rhore data streams with a program. The program configuration element also allows |for the
specification of one monophonic and one stereophonic simulcast mixdown channel for a program.

Note that the MPEG-2 Systems standard ISO/IEC 13818-1 supports(alternate methods of simjulcast.

The PCE element is not intended to allow for rapid program-changes. At any time when|a given
HCE, 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,
4.6 Data Stream Element (DSE)
8.6.1 Data elements
data_byte align_flag One bit indicating that a byte aligment is perfornjed
within the data stream element (Table 24)
dount Initial value for length of data stream (Table 24)
sc_count Incremental value of length of data or padding elpment
(Table 24)
ata_stream_byte A data stream byte extracted from bitstream (Table 24)

data element contains afiy) additional data, e.g. auxiliary information, that is not part of the pudio
ipformation itself. Any aumber of data elements with the same element_instance ~tag or up tg 16 data
lements with different)élement_instance tags are possible. The decoding process of the data
lement is described’in this clause.

.6.2 Decoding process

he first syntactic element to be read is the the 1 bit data_byte align flag. Next is the 8 pit value
unt. Jt.contains the initial byte-length of the data stream. If count equals 255, its value is
inhcremerited by a second 8 bit value, esc_count, this final value represents the number of bytgs in the
ata.stream element. If data_byte align flag is set, a byte alignment is performed. The byt¢s of the
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8.7 Fill element (FIL)
8.71 Fill element including Dynamic Range Control (DRC)

count Initial value for length of fill data (Table 26)

esc_count Incremental value of length of fill data (Table 26)

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

fill_nibble Four bit field for fill (Table 28)
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fill_byte
other_bits
pce_tag present

pce_instance_tag

drc_tag reserved_bits

Byte to be discarded by the decoder (Table 28)
Bits to be discarded by the decoder (Table 28)

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

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

Reserved (Table 29)

excluded_chns_present
drc_bands_present
drc_bgnd_incr

drc_bInds_reserved_bits

drc_band_topli]

prog_ref level present
pce_tag present
excludied chns_present
drc_bgnds_present

prog_ref level

prog_ref level reserved bits

pce_instance_tag

drc_tag reserved bits

additional excluded_chns]i]

dyn_rng_sgn
drc_band_incr

drc_bands_reserved

56

One bit indicating that excluded channels are present
(Table 29)

One bit indicating that DRC multi-band information is
present (Table 29)

Number of DRC bands greater than 1 haying DRC
information (Table 29)

Reserved (Table 29)

Indicates top of i-th DRC band-inunits of 4 spectral
lines (Table 29).If drc_band_tep[i] = k, then the index
(w.r.t zero) of the highestispéctral coefficient (w.r.t zerp)
that is in the i-th DRC band is = k*/4-1+3. In case of ap
EIGHT SHORT SEQUENCE window_sequence the
index is interpretedas pointing into the concatenated
array of 8%128 (unde-interleaved) frequency points
corresponding:te the 8 short transforms.

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

Onebit indicating that program element tag is present
(Table 29).

One bit indicating that excluded channels are present
(Table 29)

One bit indicating that DRC multi-band information is
present (Table 29)

Reference level. A measure of long-term program audji
level for all channels combined (Table 29).

Reserved (Table 29)

Tag field that indicates with which program the dynamiic
range information is associated (Table 29)

Reserved (Table 29)
Boolean array indicating that a SCE, CPE or LFE is

@)

remains in effect until a new mask is transmitted.
One bit indicating that additional excluded channels are
present (Table 30)

One bit indicating the sign of dyn_rng_ctl (0 if positive,
1 if negative) (Table 29)

Number of DRC bands greater than 1 having DRC
information (Table 29)

Reserved (Table 29)
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drc_band_topli] Indicates top of ith DRC band in units of 4 spectral lines
(Table 29). If drc_band_top[i] =k, the index of the
highest spectral coefficient (w.r.t zero) that in i-th DRC

band is = k/4-1. In case of an

EIGHT_SHORT_SEQUENCE window_sequence the
index is interpreted as pointing into the concatenated

array of 8%128 (un-interleaved) frequency points
corresponding to the 8 short transforms.

dyn rng sgnli] Dynamic range control sign information. One bit
indicating the sign of dyn_rng_ctl (0 1f positive, | if
negative, (Table 29)

dyn_rng_ctl[i] Dynamic range control magnitude information
(Table 29)

axclude mask][i] Boolean array indicating the audiocchannels of a
program that are excluded from,DRC processing|using
this DRC information.

axclude mask][i] Boolean array indicating that'one channel of a SCE,
CPE, or LFE or CCE isfexcluded from dynamic fange
control. Mask information remains in effect until{a new
mask is transmitted.

additional excluded_chnsJi] One bit indicatitig that additional excluded chanrels are
present (Table'30)

Hill elements have to be added to the bitstream if the total bits for all audio data together|with all

additional data is lower than the minimum allowed humber of bits in this frame necessary [to reach

the target bitrate. Dynamic Range Control (DRE).bits must be added to the fill element wherjever the

gncoder wishes to include DRC information, Wnder normal conditions fill bits are avoided pnd free

Hits are used to fill up the bit reservoir. Quly if the bit reservoir is full, fill bits are written. Any

rumber of fill elements are allowed.

.7.2  Decoding process

'he syntactic element count givies the initial value of the length of the fill data. In the samg
pr the data element this value is incremented with the value of esc_count if count equals
esulting number gives theatumber of fill_bytes to be read.

= =] 00

7.3 DRC decoding process
ill elements contajning an extension_payload with an extension_type of EXT DYNAMIC

hust be set-equal to the total length, in bytes, of all dynamic range information |
xtension_type field.

rog xef level present indicates that prog ref level is being transmitted. This
rog. ref level to be sent as infrequently as desired (e.g. once), although periodic tran

< -

4.
E
(pee below) are feserved for dynamic range information. In this case the fill _element() coynt field
1
g

way as
15. The

RANGE

blus the

permits
bmission

yould permit break-in.

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

as:
level =32767 - D -prog_ref _level/24

and where ,,full scale level,, is 32767 (prog_ref level equal to 0).
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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 extension payload() of the fill element(). In the
multiple program case, the pce_instance tag would always have to be signaled.

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

The exicluded_chns_present bit indicates that channels that are to be excl/uded from dynamic ranjge
ing will be signaled immediately following this bit. The excluded channel mask informatipn
transmitted in each frame where channels are excluded. The following ordering principles
to assign the exclude mask to symmetric channel outputs:

e If a|PCE is present (explicit speaker mapping), the exclude mask bits correspond to the relevgnt
audjo channels in the SCE, CPE, CCE and LFE syntax elements (SCE, CPE, LFE) in the order|of
theif appearance in the PCE. In the case of a CPE, the first transmitted imask bit corresponds to the
firstl channel in the CPE, the second transmitted mask bit to the seeond channel. In the case of a
CCE, a mask bit is transmitted only if the coupling channel is specified to be an independen
swifched coupling channel.

<

e Forlthe case of an implicit speaker mapping (no PCE present), the exclude_mask bits correspond
to the audio channels in therelevant SCE, CPE and LFE syntax elements (SCE, CPE, LFE) in te
ordgr of their appearance in the bitstream, followed, by the audio channels in the CCE synfax
elerhents in the order of their appearance in th& bitstream. In the case of a CPE, the fifst
transmitted mask bit corresponds to the first chasnel in the CPE, the second transmitted mask pit

e second channel. In the case of CCE, a méask bit is transmitted only if the coupling channel is

spegified to be an independently switched coupling channel..

—

drc_band_incr is the number of bands greater than one if there is multi-band DRC information.
dyn_rng ctl is quantized in 0.25-dB steps using a 7-bit unsigned integer, and therefore, [in
associdtion with dyn_rng_sgn, has\a range of +/-31.75 dB. It is interpreted as a gain value that shpll
be applied to the decoded audie‘output samples of the current frame.

The rapge supported by the'dynamic range information is summarized in the following table:

Table 40 — Range supported by the DRC infor mationg

Field bits steps | stepsize, dB | range, dB
prog_ref level 7 128 0.25 31.75
dyn rng sgn anddyn rng ctl | 1and 7 | +/- 127 0.25 +/-31.75

The fo ]nwing Qymhn]i(‘ abbreviations for values of the extension type field are defined currently:

Table 41 — Values of the extension_type data element

Symbol Value of extension_type Purpose
EXT FILL ‘0000’ Bitstream filler
EXT FILL DATA ‘0001° Bitstream data as filler
EXT DYNAMIC RANGE ‘1011° Dynamic range control
- all other values reserved
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The ‘reserved’ values can be used for further extension of the syntax in a compatible way.

Note that fill nibble is normatively defined to be ‘0000’ and fill byte is normatively defined to be
‘10100101 (to ensure that self-clocked data streams, such as radio modems, can perform reliable
clock recovery).

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

1 ntorlanvad) fio ntc ooracian i o to tha Q chart trancforac
TefréaveatHequency-pottS-—corresponagtotieo-SnortHranStors:

'his is an illustrative following pseudo code is for illustrative purposes only, showing one| method
pr applying one set of dynamic control information to a frame of a target audio .chanfpel. The
onstants ctrll and ctr12 are compression constants (typically between 0 and 1, zero meaning
o compression) that may optionally be used to scale the dynamic range compression charagteristics
pbr positive and negative level adjustments levels greater than or less thamthe program rgference
pvel, respectively. The constant target level describes the output level desired by the user,
xpressed in the same scaling as prog ref level.

Q — 95 O =

'he process is applied to the spectral data spec [1] of one frame Gimmediately before the gynthesis
Iterbank. In case of an EIGHT SHORT SEQUENCE window-seéquence the index i is inferpreted
s pointing into the concatenated array of 8*128 (non-interleaved) frequency points correspopding to
ne 8 short transforms.

il SN e o W |

o

ottom = O;

drc_num bands = 1;

f (drc_bands_present)
drc_num bands += drc_band_i ncr;

f (drc_numbands == 1)
drc_band_top[0] = 1024/4 - 1,

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

—h

/* Decode DRC gain facton %/
if (dyn_rng_sgn[bd])

factor = 27(-ctrl1xdyn_rng _ctl[bd]/?24);/* conpress */
el se

factor = 27(ctrh2*dyn_rng_ctl[bd]/24); /* boost */

/* Level alighment between different prograns (if desired) */

/* |f programreference normalization is done in the digital domain, nodify

* factor to performnornmalization.

* proeg ref level can alternatively be passed to the systemfor nodificatign

* \of the level in the anal og donain. Anal og | evel nodification avoids proQl ens
**with reduced DAC SNR (if signal is attenuated) or clipping
*—(-f—stgnat—+s—boosted)

*/

factor *= 0.5"((target_level -prog_ref _level)/24);

/* Apply gain factor */

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

bottom = t op;
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Note the relation between dynamic range control and coupling channels:

8.7.4

At the
value:
DRC ¢
effect.

There

e Dependently switched coupling channels are always coupled onto their target channels

as

spectral coefficients, i.e. prior to the DRC processing and synthesis filterbanking of these
channels. This means that the output of a dependently switched coupling channel’s signal
that couples onto to a specific target channel will undergo the DRC processing of this

target channel.

o Slnce 1ndependently switched couphng channels couple to their target channels in the time

processmg and subsequent synthes1s ﬁlterbanklng separate from its target channels T
permits the independently switched coupling channel to have distinct DRC processing
desired.

Persistence of DRC information

beginning of a stream, all DRC information for all channels is assumed to beyset to its defa
program reference level equal to the decoder’s target reference level, one DRC band, with

rain modification for that band. Unless this data is specifically overwritten, this remains|i

re two cases for the persistence of DRC information that has been-transmitted:

e The

wh

send this value periodically to allow bitstream break-in.)

program reference level is per audio program, and persistSaintil a new value is transmitted,
ch point the new data overwrites the old and takes effeet‘that frame. (It may be appropriate

Nis
if

at
to

e Other DRC information persists on a per-channel basis. Note that if a channel is excluded via the

apy

ropriate exclude_mask]|] bit, then effectively no information is transmitted for that channel

in

that call to dynamic range mfo() The excluded* channel mask information must be transmitted

in ¢
The ru
o Ift

usqg
maj

o If:
ocq
(on
DR

ach frame where channels are excluded.

es for retaining per-channel DRC information are as follows:
here is no DRC information in & given frame for a given channel, use the information that w
d in the previous frame. (This means that one adjustment can hold for a long time, although

y be appropriate to transmitithe DRC information periodically to permit break-in.)

iny DRC information for this channel appears in the current frame, the following sequen
urs: first, overwrité-all per-channel DRC information for that channel with the default valy

C information.with the transmitted values.

as
it

CC
€S

e DRC band, with~no DRC gain modification for that band), then overwrite any per-channel

60
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8.8 Tables
Table 42 — Implicit speaker mapping
Default number of | audio syntactic elements, listed in order received default element to
bitstream index speakers speaker mapping
number
1 1 single channel element center front speaker
2 2 channel pair element left, right front speakers
3 3 Single channel _element(), channet_pair_ciement() Cenler 1ront Speakgr
left, right frontspgakers
4 4 single channel element(), center front'speak¢r
channel pair_element(), left, right’center frpnt
single channel element() speakers,
rear surround
5 5 single channel element(), channel pair element(), center front speak¢r
channel pair_element() left, right front spgakers,
left surround, righ
surround rear spealkers
6 5+1 single channel element(), channel pair element(), center front speak¢r
channel pair_element(), left, right front spgakers,
Ife _element() left surround, righ
surround rear spealkers,
front low frequendy effects
speaker
7 7+1 single channel element(), ehannel pair element(), center front speak¢r
channel pair_element(); left, right center frpnt
channel pair_element(), speakers,
Ife_element() left, right outside front
speakers,
left surround, righ
surround rear spealkers,
front low frequendy effects
speaker
Table 43 — Transform windows (for 48 kHz)
window num_swh #coeffs looks like
LONG WINDOW 49 1024 e e T
SHORT WINDOW 14 128 o X\ R
T T ——— |
LONG START WINDOW 49 1024 — R \ Lo
LONG_STOP_WINDOW 49 1024 NS
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Table 44 — Window sequences

value window_sequence num_ looks like
windows
0 ONLY_LONG_SEQUENCE L e —~— 1
=LONG_WINDOW 1 e b L ——
1 LONG_START SEQUENCE
=LONG_START WINDOW 1
2 EIGHT SHORT SEQUENCE
=8 * SHORT WINDOW 8
3 LONG _STOP SEQUENCE
=LONG_STOP WINDOW 1
Table 45 — Scalefactor bands for
LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW
at 44.1 kHz and 48 kHz
fs [kHz] 44.1, 48
num_§wb_long_window 49
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
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Table 46 — Scalefactor bandsfor SHORT_WINDOW
at 32kHz, 44.1 kHz and 48 kHz

fs [kHz] 32,44.1,48
num_swb_short_window 14
swb swb_offset_short window swb swb_offset_short window
0 0 8 44
1 4 9 56
2 8 10 68
3 12 11 80
4 16 12 96
5 20 13 112
6 28 128
7 36
Table 47 — Scalefactor bands for
LONG_WINDOW, LONG_START_WINDOW, LONG:STOP_WINDOW
at 32kHz
fs [kHz] 32
num_swb_long window 51
swb swb_offset long window swb swhb_offset_long| window
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

© ISO/IEC 2003 — All rights reserved

63



https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

Table 48 — Scalefactor bands for

LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 8 kHz

fs [kHz] 8
num_swb_long window 40
swb swhb_offset_long window swb swhb_offset_long_ window
0 0 21 288
1 12 22 308
2 24 23 328
3 36 24 348
4 48 25 372
5 60 26 396
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 — Scalefactor bandsfor SHORT_WINDOW at 8 kHz
fs [kHz] 8
num| swb_short_ 15
window
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 60
4 16 12 72
5 20 13 88
6 24 14 108
7 28 128

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

Table 51 — Scalefactor bandsfor SHORT_WINDOW at 11.025 kHz, 12 kHz and 16(kHz

fs [kHz] 11.025, 12, 16
nym_swb_short_window 15
swb swb_offset_short_window swb swb_offset_shont_ window
0 0 8 32
1 4 9 40
2 8 10 48
3 12 11 60
4 16 12 72
5 20 13 88
6 24 14 108
7 28 128
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Table 52 — Scalefactor bands for

LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW
at 22.05kHz and 24 kHz

fs [kHz] 22.05 and 24
num_swb_long window 47

swb swhb_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

s [kHz] 22,05 and 24
num_swb_short_window 15

swb swb_offset_short window swh swhb_offset_short_window
0 0 8 36
1 4 9 44
2 8 10 52
3 12 11 64
4 16 12 76
3 20 13 92
6 24 14 108
7 28 128

66
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LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW at 64 kHz

fs [kHz] 64
num_swb_long window 47
swb swhb_offset_long window swb swhb_offset_long window
0 0 24 172
1 4 25 192
2 8 26 216
3 12 27 240
4 16 28 268
5 20 29 304
6 24 30 344
7 28 31 384
8 32 32 424
9 36 33 464
10 40 34 504
11 44 35 544
12 48 36 584
13 52 37 624
14 56 38 664
15 64 39 704
16 72 40 744
17 80 41 784
18 88 42 824
19 100 43 864
20 112 44 904
21 124 45 944
22 140 46 984
23 156 1024
Table 55 — Scalefactor bandsfor SHORT_WINDOW at 64 kHz
fs [kHz] 64
nym_swb_short_window 12
swh 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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Table 56 — Scalefactor bands for

LONG_WINDOW, LONG_START_WINDOW, LONG_STOP_WINDOW
at 88.2 kHz and 96 kHz

fs [kHz] 88.2 and 96
num_swb_long_window 41
swb swhb_offset_long window swb swhb_offset_long window
0 0 21 120
1 4 22 132
2 8 23 144
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 35 640
15 64 86 704
16 72 37 768
17 80 38 832
18 88 39 896
19 96 40 960
20 108 1024

Table 57 — Scalefactor bands for-SHORT_WINDOW at 88.2 kHz and 96 kHz

fs [kHz] 88.2 and 96
num_swb_short_window 12
swb swb_offset_short_window swb swb_offset_short_window
0 0 7 32
1 4 8 40
2 8 9 48
3 12 10 64
4 16 11 92
5 20 128
6 24

68

© ISO/IEC 2003 — All rights reserved



https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

8.9 Figures

window_sequence = EIGHT _SHORT_SEQUENCE

num_windows = 8
grouping_bits = 1100101
num_window_groups =4
window group length[1={3.1,2,2}

0 1 2 3

group#

= 000

Figure 4 — Examplefor short window grouping

spectral coefficients —p
stb 0 |stb 1 |stb 2 stb (num_sfbf1)

Order of scalefactor bands for ONLY _I‘ONG_SEQUENCE

Figure 5 — Spectral order of scalefactor bandsin case of ONLY_LONG_SEQUENCE

spectral coefficients ——p

4—— group 0 » &—— groupl —»
44— stb0 —p | «—sfbl —p stb 0 |sfb 1 [sfb2
win 0|win 1|win 2|win O win I win 2| _ A%~ ° |win 3|win 3 [win 3

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

Figure 6 — Spectral order of scalefactor bandsin case of EIGHT_SHORT_SEQUEINCE

0

Noiseless-coding

9.1 Tool description

loiseless~e¢oding is used to further reduce the redundancy of the scalefactors and the gpantized
pectrum:of each audio channel.

v

—

'he global gam is coded as an 8 bit un51gned 1nteger The first scalefactor ass001ated with the
uauuLcu DPCL/U UllLl lb uulmcuuau_y L«UUUU lUlaLlVU LU LllC gluual_galu chuc auu LllCll 11u1uuc 101 COded
using the scalefactor codebook. The remaining scalefactors are differentially coded relative to the
previous scalefactor and then Huffman coded using the scalefactor codebook.

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

The second division, which is dependent on the quantized spectral data, is a division by scalefactor
bands to form sections. The significance of a section is that the quantized spectrum within the section
is represented using a single Huffman codebook chosen from a set of 11 possible codebooks. The

© ISO/IEC 2003 — Al rights reserved 69


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

length of a section and its associated Huffman codebook must be transmitted as side information in
addition to the section’s Huffman coded spectrum. Note that the length of a section is given in
scalefactor bands rather than scalefactor window bands (see subclause 8.3.4). In order to maximize
the match of the statistics of the quantized spectrum to that of the Huffman codebooks the number of
sections is permitted to be as large as the number of scalefactor bands. The maximum size of a

section is max_sfb scalefactor bands.

As indicated in Table 59, spectrum Huffman codebooks can represent signed or unsigned n-tuples of
coefficients. For unsigned codebooks, sign bits for every non-zero coefficient in the n-tuple

numbe

9.2
9.21

ly
cr

—

,|1N

1S

d by sending the position of the spectral coefficient and the differencés in amplitude as side
ntion. The frequency information is represented by the combination.of the scalefactor ba
I to indicate a base frequency and an offset into that scalefactor barid.

Definitions
Data elements

sect_ch[g][i]

sect_ldn_incr

global]

hcod_¢

| gain

fl]

hcod[sect_cb[g][i]][w][x][y][z]

Spectrum Huffman'codebook used for section 1 in grou
g (see subclause 6.3, Table 17).

Used to compute the length of a section, measures
number of scalefactor bands from start of section. The

length of'sect len_incr is 3 bits if window_sequence i§
EIGHT SHORT SEQUENCE and 5 bits otherwise (s¢

subclause 6.3, Table 17).

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

Huffman codeword from the Huffman code Table used

for coding of scalefactors (see subclause 6.3, Table 18).

Huffman codeword from codebook sect_cb|g][i] that
encodes the next 4-tuple (w, X, y, z) of spectral
coefficients, where w, X, y, z are quantized spectral

coefficients. Within an n- -tuple, w, X, y, z are ordered ap

described in subclause 8.3.5. so that
x_quant[group][win][sfb][bin] =
x_quant[group][win][sfb][bint+1] = x,
x_quant[group][win][sfb][bin+2] =y and
x_quant[group][win][sfb][bin+3] = z. N-tuples progres

d

€

n

from low to h]oh frem]en(‘v within the current section

hcod|[s

70

ect_cb[g][i]][yl[z]

(see subclause 6. 3, Table 20).

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 progres
from low to high frequency within the current section
(see subclause 6.3, Table 20).

S
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Sign bits for non-zero coefficients in the spectral 4-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).

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).

riumber_pulse

Pulse_start sfb

ulse_offset][i]

e

ulse_ampli]

e

[Je]

.2.2 Help elements

ect start[g] [i]

%)

%)

ect_end[g][i]

~

um_sec[g]

dscape_flag
dscape_prefix
gscapexseparator

dscape _word

cod—ese—y Eseape-sequenceforquantizedspeetral-eoeffietent y of
2-tuple (y,z) associated with the preceeding Hufffnan
codeword (see subclause 6.3, Table 20).

Hcod_esc z Escape sequence for quantized spectral Coefficieft z of
2-tuple (y,z) associated with the precéeding Hufffman
codeword (see subclause 6.3, Table-20).

pulse data present 1 bit indicating whether the pulse.€scape is used 1) or

not (0) (see subclause 6.3, Table 21). Note that
pulse data present must be® for an
EIGHT SHORT SEQUENCE.

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

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

5 bits'indicating the offset (see subclause 6.3, Taple 21).

4 bits indicating the unsigned magnitude of the pplse
(see subclause 6.3, Table 21).

Offset to first scalefactor band in section i of gropip g
(see subclause 6.3, Table 17).

Offset to one higher than last scalefactor band in|section
1 of group g (see subclause 6.3, Table 17).

Number of sections in group g (see subclause 6.3,
Table 17).

The value of 16 in the ESC Huffman codebook
The bit sequence of N 1’s

One 0 bit

An N+4 bit unsigned integer word, msb first

escape_sequence

escape_code

x_quant[g] [win] [sfb] [bin]
spec[w] [k]

© ISO/IEC 2003 — All rights reserved

The sequence of escape_prefix, escape separator and
escape_word

2"°(N+4) + escape_word

Huffman decoded value for group g, window win,
scalefactor band sfb, coefficient bin

De-interleaved spectrum. w ranges from 0 to
num_windows-1 and k ranges from 0 to
swb_offset[num_swb]-1.
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The noiseless coding tool requires these constants (see subclause 6.3, spectral data()).

ZERO HCB 0
FIRST PAIR HCB 5
ESC HCB 11
QUAD LEN 4
PAIR LEN 2
INTENSHY-—HEB2 4
INTENSITY HCB 15
ESC HLAG 16
9.3 Decoding process

Four-typles or 2-tuples of quantized spectral coefficients are Huffman coded and tfansmitted startipng
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
spectrdl coefficients is treated as a single set of coefficients that progress fromlow to high. The set|of
coeffigients may need to be de-interleaved after they are decoded (see subelause 8.3.5). Coefficients
are stdred in the array x_ quant[g][win][sfb][bin], and the order of ‘transmission of the Huffn%n
codew¢rds is such that when they are decoded in the order received and stored in the array, bin is the
most rapidly incrementing index and g is the most slowly increfmenting index. Within a codeword,
for thgse associated with spectral four-tuples, the order of deecoding is w, X, y, z; for codewords
associgted with spectral two-tuples, the order of decoding is.y, z. The set of coefficients is divided
into seftions and the sectioning information is transmitted:starting from the lowest frequency sectipn
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, specttal
informption for sections coded with the “intensity>teodebooks is not sent. The spectral informatipn
for all pcalefactor bands at and above max_sfb, fof‘which there is no section data, is zero.

There |s a single differential scalefactor codebook which represents a range of values as shown|in
Table $8. The differential scalefactor codebook is shown in Table A.1. There are eleven Huffman
codebdoks for the spectral data, as shown in Table 59. The codebooks are shown in Table A.2
through Table A.12. There are three other “codebooks” above and beyond the actual Huffmjn
codebqoks, specifically the “zere® codebook, indicating that neither scalefactors nor quantized data
will bg transmitted, and the “intensity” codebooks indicating that this individual channel is part of a
channgl pair, and that the~data that would normally be scalefactors is instead steering data for
intensify stereo. In this case;no quantized spectral data are transmitted. Codebook indices 12 and |13
are resgerved.

The spectrum Huffiman codebooks encode 2- or 4-tuples of signed or unsigned quantized specttal
coeffigients, ascSshown in Table 59. This Table also indicates the largest absolute value (LAV) able|to
be encpded by-each codebook and defines a boolean helper variable array, unsigned cb[], that is 1| if
the codebaok is unsigned and 0 if signed.

The result of Huffman decoding each differential scaletactor codeword is the codeword index, fisted
in the first column of Table A.1. This is translated to the desired differential scalefactor by adding
index_offset to the index. Index offset has a value of —60, as shown in Table 58. Likewise, the result
of Huffman decoding each spectrum n-tuple is the codeword index, listed in the first column of
Table A.2 through Table A.12. This index is translated to the n-tuple spectral values as specified in
the following pseudo C-code:

unsigned = Boolean value unsigned cbl[i], listed in second column of Table 59.

dim = Dimension of codebook, listed in the third column of Table 59.
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lav =LAV, listed in the fourth column of Table 59.
idx = codeword index

i f (unsigned) {

nod = lav + 1;
off = 0;

}

el se {
red——24av——1=
off = lav;

}

f (dim==4) {
w = | NT(idx/ (nod*nmod*mod)) - off;

i dx -= (w+of f)*( nod* nod* nod)
X = I NT(idx/(nod*nod)) - off;
i dx -= (x+of f)*( nod*nod)

y = INT(idx/nod) - off;
idx -= (y+off)*nod
z = idx - off;

(0]

| se {
y = INT(idx/nod) - off;
idx -= (y+off)*nod
z = idx - off;

f the Huffman codebook represents signed@alues, the decoding of the quantized spectral nf-tuple is
omplete after Huffman decoding and™translation of codeword index to quantized |spectral
ocfficients. If the codebook represents-unsigned values then the sign bits associated with fon-zero
oefficients immediately follow the-Huffman codeword, with a ‘1’ indicating a negative copfficient
and a ‘0’ indicating a positive on€.;For example, if a Huffman codeword from codebook 7

hcod[7][y]z]

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

O 0 O =

pair_sign_bits

which is a variabl®length field of 0 to 2 bits. It can be parsed directly from the bitstream as

if (y 1$-0)
i f<fone_sign_ bit == 1)
y =-y .
i't™\N(z '=0)
if (one sign bit == 1)
zZ = -2

where one sign bit is the next bit in the bitstream and pair_sign_bits is the concatenation of the
one_sign_bit fields.

The ESC codebook is a special case. It represents values from 0 to 16 inclusive, but values from 0 to
15 encode actual data values, and the valuel6 is an escape flag that signals the presence of
hcod_esc y or hcod_esc_z, either of which will be denoted as an escape sequence. This
escape_sequence permits quantized spectral elements of LAV>15 to be encoded. It consists of an
escape _prefix of N 1’s, followed by an escape separator of one zero, followed by an escape word
of N+4 bits representing an unsigned integer value. The escape sequence has a decoded value of
2N(N+4)+escape_word. The desired quantized spectral coefficient is then the sign indicated by the
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pair_sign_bits applied to the value of the escape sequence. In other words, an escape_sequence of
00000 would decode as 16, an escape sequence of 01111 as 31, an escape sequence of 1000000 as
32,one of 1011111 as 63, and so on. Note that restrictions in subclause 10.3 dictate that the length of

the escape sequence is always less than 22 bits. For escape Huffman codewords the ordering of da
elements is Huffman codeword followed by 0 to 2 sign bits followed by 0 to 2 escape sequences.

ta

When pulse_data_present is 1 (the pulse escape is used), one or several quantized coefficients have
been replaced by coefficients with smaller amplitudes in the encoder. The number of coefficients
replaced is 1nd1cated by number_pulse. In reconstructlng the quantlzed spectral coefﬁc1ents X quant

this rep rent—s—compen d dd ; : he
i hd

sly decoded coefﬁc1ents whose frequency 1nd1ces are 1nd1cated by pulse start sfb 3
pulse pffset. Note that the pulse escape method is illegal for a block whose window_sequence
EIGHT SHORT SEQUENCE. The decoding process is specified in the following pseudo-Cleode:

if (pJyl se_data present) {
g =|0;
wi nf= 0;
k =|swb_of fset[pul se_start_sfb];
for{(j = 0; j < nunber_pul se+l; j++) {
K += pul se_offset[j];

/I* transl ate_pul se_parameters(); */
flor (sfb = pulse_start_sfb; sfb < numswb; sfb++) {
if(k < swb_offset[sfb+1]) {

bin =k - swb_offset[sfb] ;

br eak;

~

* restore coefficients */

f (x_quant[g][wi n][sfb][bin] > 0)
x_quant[g][wi n][sfb][bin] += pul'se_anp[j];

dl se

x_quant[g][w n][sfb][bin}" = pul se_anp[j];

Severaf decoder tools (TNS,filterbank) access the spectral coefficients in a non-interleaved fashi

of arraly spéef][ ]. In the latter array the first index increments over the individual windows in the

windo sequence and the second 1ndex 1ncrernents over the spectral coefﬁc1ents that correspond

quant _to_spec() {
k = 0;
for (g = 0; g < numw ndow _groups; g++) {
j =0
for (sfb = 0; sfb < numsw; sfb ++) {
width = swb_offset[sfb+l] - swb_offset[sfb];
for (wn =0; win < w ndow group_|length[g]; w n++) {
for (bin = 0; bin < wdth; bin++) {
spec[w n+k][bin+j] = x_quant[g][wi n][sfb][bin] ;

is

n

M

, |or

e

to
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}
}
i += width;
}
k += wi ndow_group_I| ength[ g];
}
}
9.4 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 Al
Table 59 — Spectrum Huffman codebooks par ameter s
Codebook Number, i | unsigned_cb[i] | Dimension of Codebook | LAV-Afor‘codebook | Codebook listed
in
0 - - 0 -
1 0 4 1 Table A.2
2 0 4 1 Table A.3
3 1 4 2 Table Al.4
4 1 4 2 Table A.5
5 0 2 4 Table A.6
6 0 2 4 Table A.7
7 1 2 7 Table A.8
8 1 2 7 Table A.9
9 1 2 12 Table AJ10
10 1 2 12 Table AJl1
11 1 2 (16) ESC Table Al12
12 - - (reserved) -
13 - (reserved) -
14 - - intensity out-of-phase -
15 - - intensity in-phase -
10 Quantization
10.1 Tool description
Hor quantization of the spectral coefficients in the encoder a non uniform quantizer [is used.
Therefore, the decoder must perform the inverse non uniform quantization after the Huffman
decodinig of the scalefactors (see clause 9 and 11) and spectral data (see clause 9).
10:2 Definitions
10.2.1 Help elements

x_quant[g] [win] [sfb] [bin]

x_invquant[g] [win] [sfb] [bin]

© ISO/IEC 2003 — All rights reserved

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

spectral coefficient for group g, window win, scalefactor
band sfb, coefficient bin after inverse quantization.
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10.3

Decoding process

The inverse quantization is described by the following formula:

4
X _invquant = Sign(x _quant) - |x _quant|3 Yk

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
W

—h

}
}
}

11

1.1

The ba
scalefd
scalefa
value
mechai
genera

For wi
numbe
is then

In this
spectrg
11.2

11.2.1
scale_{

11.2.2
global

(5T = 07 sfb < max_srb;, Sro++) |
i dth = (swb_offset [sfb+1l] - swb_offset [sfb]);
or (win = 0; win < w ndow group_len[g]; wn++) {;
for (bin = 0; bin < wdth; bin++) {
x_invquant[g][win][sfb][bin] = sign(x_quant[g][win][sfb][bin]) &
abs(x_quant[g][wi n][sfb][bin]) ~(4/3);

Scalefactors

Tool description

sic method to adjust the quantization noise in the frequendcy domain is the noise shaping usi
ctors. For this purpose the spectrum is divided in several groups of spectral coefficients call
ctor bands which share one scalefactor (see subclause 8.3.4). A scalefactor represents a gg

nism is used to change the allocation of th€ “quantization noise in the spectral domgi
ed by the non uniform quantizer.

I of consecutive SHORT WINDOWSs'inay have only one set of scalefactors. Each scalefact
applied to a group of scalefactor bands corresponding in frequency (see subclause 8.3.4).

1 values.

Definitions

Data functions
lactor_data() Part of bitstream which contains the differential coded
scalefactors (see Table 18)
Data elements

| gain An 8-bit unsigned integer value representing the value
the first scalefactor. It is also the start value for the

ng
cd
in

vhich is used to change the amplitude of all spectral coefficients in that scalefactor band. Tlis

111

ndow_sequences which contain SHORT "WINDOWS grouping can be applied, i.e. a specified

or

tool the scalefactors are applied to the inverse quantized coefficients to reconstruct the

of

following differential coded scalefactors (see Table 16

hcod_sf]]

11.2.3

for coding of scalefactors, see Table 18 and
subclause 9.2

Help elements

dpcem_sf[g] [sfb] Differential coded scalefactor of group g, scalefactor

band sfb.

x_rescal[] Rescaled spectral coefficients
sflg][sfb] Array for scalefactors of each group

76

Huffman codeword from the Huffman code Table used
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get scale_factor gain() Function that returns the gain value corresponding to a
scalefactor

1.3 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 thls scalefactor band In case of EIGHT SHORT SEQUENCE a scalefactor band may contain

' ' 34 and

835)

1.3.2 Decoding of scalefactors

or all scalefactors the difference to the preceeding value is coded using the Huffman code book
iven in Table A.1. See clause 9 for a detailed description of the Huffman decoding procgss. The
tart value is given explicitly as a 8 bit PCM in the data element global_gain. A scalefactpr is not
ransmitted for scalefactor bands which are coded with the Huffman codebook ZERO HCB. If the
[uffman codebook for a scalefactor band is coded with INTENSITY _HCB or INTENSITY| HCB2,
ne scalefactor is used for intensity stereo (see clause 9 and subclause 12.2). In that case g normal
calefactor does not exist (but is initialized to zero to have a valid entry in the array).

10N e B 72N o M e B 8

—

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

ast _sf = gl obal gain;
or (g = 0; g < numw ndow groups; g++) {
for (sfb = 0; sfb < max_sfb; sfb++) {

—h

if (sfb_cb[g][sfb] !'= ZERO HCB && sfh<cb[g][sfb] !'= I NTENSI TY_HCB
&% sfb _cb[g][sfb] !'= INTENSI TY HEB2) {
dpcm sf = decode_huffman() - ihdex offset; /* see clause 9*/

sf[g][sfb] = dpcmsf + |ast .§f;
last _sf = sf[g][sfb];

}

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

—

lote that scalefactdrs, sf[g][sfb], must be within the range of zero to 255, both inclusive.

1.3.3 Applying scalefactors

1

The spectrab~coefficients of all scalefactor bands which correspond to a scalefactor haye 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.

The rescaling operation is done according to the following pseudo code:
for (g = 0; g < numw ndow _groups; g++) {
for (sfb = 0; sfb < max_sfb; sfb++) {

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

gain = get_scale_factor_gain(sf[g][sfb]);
for (k = 0; k <wdth; k++) {
x_rescal [g] [wi ndow [sfb][k] =
x_i nvquant [ g] [wi ndow] [ sfb][k] * gain;
}

}
The function get scale factor_gain(sf[g][sfb]) returns the gain factor that corresponds to a

tor Tha raotien volino follave thao aqiia

scalef:

The co
The fo

get _sa
SF_
gai
ret

}

12
121

1211

The M
they h

coeffig
matrix

tor—Fheretora-vatuefolowsthe-equation:
gain = 2025 [&llyb)-SF_OFFSET)

nstant SF_ OFFSET must be set to 100.

lowing pseudo code describes this operation:

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

DFFSET = 100;

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

Joint coding
M/S stereo
Tool description

pd by either the identity matrix

HEFH

or the fnverse M/S matrix

The dg
indicat

I (1 1qgm

1 =1 s
cision~on which matrix to use is done on a scalefactor band by scalefactor band basis
ed-by the ms_used flags. M/S joint channel coding can only be used if common_window is

S joint channel coding operates on channel pairs. Channels are most often paired such that
hve symmetric presentation relative to thelistener, such as left/right or left surround/rig
surroupd. The first channel in the pair is denoted “left” and the second “right.” On a per-spectr
ient basis, the vector formed by the<left and right channel signals is reconstructed or (

ht
h1-
|-

as
1’

(see subclause & 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 follows this
field
10 All ones

78
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11 Reserved
(see subclause 6.3, Table 14)
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
TCSPECHiVE Chanmet pair.

n spec/] Array containing the right channel spectrum-of the
respective channel pair.

iy _intensity(g,sfb) Function returning the intensity status; defined i} 12.2.3

12.1.3 Decoding process

=

Leconstruct the spectral coefficients of the first (“left”) and second (“right””) channel as speq
he mask present and the ms_used[][] flags as follows:

=t

f (mask_present >= 1) {
for (g = 0; g < numw ndow _groups; g++) {
for (b =0; b < wndow group_length[g]; b++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
if ((ns_used[g][sfb] || mask_present €&=v2) && !is_intensity(g,sfb))
for (i =0; i < sw_offset[sfb+l]=swh_offset[sfb]; i++) {
tmp = 1_spec[g][b][sfb][i] -

r_spec[g][b][sfb][i};
1_spec[g][b][stb][i] = 1_spec[g][b][sfb][i] +

r_specfg][b][sfb][i];
r_spec[g][b][sfb][i}= tmp;

e

lease.note that ms_used[][] is also used in the context of intensity stereo coding. If intensif
oding'is on for a particular scalefactor band, no M/S stereo decoding is carried out.

(@)

ified by

—~

y stereo

12.2 Intensity stereo

12.2.1 Tool description

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

nel pair.
inverse

quantization process. This is done selectively on a scalefactor band basis when intensity stereo is

flagged as active.

© ISO/IEC 2003 — All rights reserved
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12.2.2

Definitions

12.2.2.1 Data elements

hcod_sf]]

for coding of scalefactors (see subclause 9.2)

12.2.2.2 Help elements

Huffman codeword from the Huffman code Table used

B

dpcm_is_position[][] Differentially encoded intensity stereo position

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

[ _spec(] Array containing the left channel spectrum of the
respective channel pair

r_spec|] Array containing the right channel spectrum¢f the
respective channel pair

12.2.3| Decoding process

The usp of intensity stereo coding is signaled by the use of the pseudo codebocks INTENSITY H(

and INTENSITY HCB2 (15 and 14) in the right channel (use of these codebooks in a left channel
hel pair element is illegal). INTENSITY HCB and INTENSITY-HCB2 signal in-phase ahd
out-of-phase intensity stereo coding, respectively.

a chan

In add

tables
for the

The di

position"

coding]
transm|

Intensi

two differences:

e therg is no first value that(s;sent as PCM. Instead, the differential decoding is started assumi

the

e Differential decoding s done separately between scalefactors and intensity stereo positions.
r words, the scalefactor decoder ignores interposed intensity stereo position values and vice
verda (see subclause 11.3.2)

othd

The sa

s changed from in-phase to out-of-phase or vice versa if the corresponding ms_used bit is
respective band.

Fectional information for the intensity stereo decoding is represented by an "intensity ster
value indicating the relation between: left and right channel scaling. If intensity ste

jtted instead of the scalefactor of the right channel.

by positions are coded just like sealefactors, i.e. by Huffman coding of differential values w

ast intensity stereo position value to be zero.

me codebook is used for coding intensity stereo positions as for scalefactors.

is active for a particular group andxséalefactor band, an intensity stereo position value|i

of

tion, the phase relationship of the intensity stereo coding can be reversed by means of the
ms_us¢d field: Because M/S stereo coding and intensity stereo coding are mutually exclusive fof
particullar scalefactor band and group, the primary phase relationship indicated by the Huffman co

a
de
bet

Two ps$eude functions are defined for use in intensity stereo decoding:
function is_intensity(group,sfb) {
+1 for w ndow groups / scal efactor bands with right channel codebook
sfb_cb[group][sfb] == I NTENSI TY_HCB
-1 for window groups / scal efactor bands with right channel codebook
sfb_cb[group][sfb] == I NTENSI TY_HCB2
0 ot herw se
}
function invert_intensity(group,sfb) {
1- 2*rs_used[ gr oup] [ sf b] if (ns_nmask_present == 1)
+1 ot herw se
}
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The intensity stereo decoding for one channel pair is defined by the following pseudo code:

p = 0;
for (g = 0; g < numw ndow _groups; g++) {
/* Decode intensity positions for this group */
for (sfb = 0; sfb < nmax_sfb; sfb++)
if (is_intensity(g, sfb))
is position[g][sfb] = p += dpcm.is_position[g][sfb];
x [

I %X Do 1 nt Anct ctornn Aacadl Ao
7 DO 11

2003(E)

tepsity—stereo—decodi-rg—
for (b =0; b < wndow group_length[g]; b++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
if (is_intensity(g,sfb)) {

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

0.5"(0.25*is_position[g][sfb]);

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

for (i =0; i < sw_offset[sfb+l]-swh_offset[sfb]; i++)
r_spec[g][b][sfb][i] = scale * | _spec[g][b][sfb}[i];

2.3 Coupling channel

2.3.1 Tool description

foupling channel elements provide two functionalities: First, coupling channels may be
mplement generalized intensity stereo coding where channel spectra can be shared across
oundaries. Second, coupling channels may be used to dynamically perform a downmix
ound object into the stereo image.

17 B o wlll el W S §

—

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

—

2.3.2 Definitions

12.3.2.1 Data elements

ipd_sw-.cce_flag One bit indicating whether the coupled target sy
element is an independently switched (1) or a

}
}
}
}
12.2.4 Integration with intra channel prediction tool
Hor scalefactor bands coded in intensity stereo the cerresponding 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 theintensity stereo decoded spectral values of the right
dhannel as the "last quantized value" Xy ec(n<#). These values result from the scaling procgss from
left to right channel as described in the pseudo code.

used to
channel
of one

o+

ax

Table 22).

num_coupled_elements Number of coupled target channels is equal to

dependenﬂv switched (0) CCFE (QPP subclause 6 3,

num_coupled elements+1. The minimum value is 0

indicating 1 coupled target channel (see subclaus
Table 22).

e 6.3,

cc_target_is_cpe One bit indicating if the coupled target syntax element is

a CPE (1) or a SCE (0) (see subclause 6.3, Table
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cc_target tag select

cc 1

cCr

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

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

One bit indicating that a list of gain_element values is
applied to the right channel of a channel pair (see

cc_do:Lain

gain_e

gain_e

comm

12.3.2.]
dpcm_|
gain_e

commd

spectry

spectri

spectri

lement_sign

lement_scale

bn_gain_element present|c]

p Help elements
bain_element[][]

Jement[group] [sfD]
n_gain_element/[]

im_m(idx, domain)

im_1(idx, domain)

im A (idx, domain)

cabelancea A ’2 ’T‘nl-.la ’7’7)

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).

One bit indicating if the transmitted gain_element valups
contain information about in-phase / out-of-phase
coupling (1) or not (0) (see subclause 6.3, Table 22).

Determines the amplitude resolutiefrcc _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) or
whether Huffman coded differential gain elements are
sent (0) (see subclause 6.3, Table 22).

Differentially encoded gain element.
Gain_element for each group and scalefactor band.

Gain element that is used for all window groups and
scalefactor bands of one coupling target channel.

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

Pointer to the spectral data associated with the left
channel of the channel pair element() with index idx.
Depending on the value of "domain", the spectral
coefficients before (0) or after (1) TNS decoding are
pointed to.

Pointer to the spectral data associated with the right
channel of the channel pair_element() with index idx.

12.3.3

Decoding process

Depending on the value of "domain ', the spectral
coefficients before (0) or after (1) TNS decoding are
pointed to.

The coupling channel is based on an embedded single channel element() which is combined with
some dedicated fields to accomodate its special purpose.

The coupled target syntax elements (SCEs or CPEs) are addressed using two syntax elements. First,
the cc_target is_cpe field selects whether a SCE or CPE is addressed. Second, a cc_target tag select
field selects the instance tag of the SCE/CPE.

82
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The scaling operation involved in channel coupling is defined by gain element values which
describe the applicable gain factor and sign. In accordance with the coding procedures for
scalefactors and intensity stereo positions, gain _element values are differentially encoded using the

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

Independently switched CCEs vs. dependently switched CCEs

window

There are two kinds of CCEs. They are “independently switched” and “dependently switched” CCEs.

cotehed CCE 1 o CCE 4 Jdag s ndaow ctata (1

nce and

ndenendentlsz 3 which tha be ndao
ps 11 Llluvy\tllu\tllblj AL ll«\tll\t\.& COUlTTO T OO 111 YVITIVIT IV VV 111\.&\1 \AACAZSA 2 \1 \4 VV 111\4\1 VV uvvlu\.

yindow_shape) of the CCE does not have to match that of any of the SCE or CPE channgls
'CE is coupled onto (target channels). This has several important implications:

r'\<

e First, it is required that an independently switched CCE must only usg, the comm]
element, not a list of gain_elements.

e Second, the independently switched CCE must be decoded all the.way to the timg
(i.e. including the synthesis filterbank) before it is scaled and ‘added onto the vari
and CPE channels that it is coupled to in the case that windew’state does not matc

hirget SCE and CPE channels that it is coupled onto as determined by the list of cc |
lements. In this case, the CCE only needs to be decoded @s far as the frequency domain §
caled as directed by the gain list before it is added to the-farget SCE or CPE channels.

©n_@ ot Ny

'he following pseudo code in function decode coupling channel() defines the decoding g
br a dependently switched coupling channel element. First the spectral coefficients of the er
ingle channel element() are decoded into an.ifiternal buffer. Since the gain elements for
oupled target (list index == 0) are not transmitted, all gain_element values associated v
airget are assumed to be 0, i.e. the coupling channel is added to the coupled target chann
atural scaling. Otherwise the spectral coefficients are scaled and added to the coefficient
oupled target channels using the appropriate list of gain _element values.

OSQ—POUJHWLJ

o

\n independently switched CCE"is decoded like a dependently switched CCE havi
ommon_gain_element’s. However, the resulting scaled spectrum is transformed back into
epresentation and then coupled in the time domain.

il @)

e

that the

on_gain

domain
us SCE
h.

\ dependently switched CCE, on the other hand, must have a window state that matches alll of the
gnd cc r

ind then

peration
hbedded
the first
vith this
el in its
s of the

hg only
its time

lease note that the gain’element lists may be shared between the left and the right channel of a

target channel pair element. This is signalled by both cc | and cc_r being zero as indicatgd in the
Table below:
Table 60 — Sharing of gain_element lists
cc_l, cc_r | shared gain list present | left gain list present | right gain list present
0, 0 yes no no
0, 1 no no yes
1; Y IO A TIO
1, 1 no yes yes
decode_coupl i ng_channel ()
{
- decode spectral coefficients of enbedded singl e_channel _el enent
into buffer "cc_spectrunf]™
/* Coupl e spectral coefficients onto target channels */
list_index = 0;
for (c = 0; ¢ < numcoupl ed_el ements+1; c++) {
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if (lcc_target_is_cpe[c]) {
coupl e_channel (cc_spectrum
spectrumn{cc_target _tag_select[c],
cc_domain), |ist_index++);
}
if (cc_target is_cpe[c]) {
if (lcc_l[c] & & lcc_r[c]) {
coupl e_channel (cc_spect rum
spectruml (cc_target _tag_select[c],

ce—daonmi ) Lict o ndas) -
cTT_OoTrTar T ST T1atxy—

coupl e_channel (cc_spect rum
spectrumr(cc_target _tag_select[c],
cc_domain), |ist_index++);

}
if (cc_lfc]) {
coupl e_channel (cc_spect rum
spectruml (cc_target _tag_select[c],
cc_domain ), list_index++));
}
if (cc_rfc]) {
coupl e_channel (cc_spect rum
spectrumr (cc_target _tag_sel ect[cl;
cc_domain ), list_index++));

}
}
}

coupl g_channel (source_spectruni], dest_spectruni], gain_list_index)

{

i dx|= gain_list_index;

a =|0;

cc_scal e = cc_scal e_tabl e[ gai n_element _scal e];
for|(g = 0; g < numw ndow _groups; g++) {

/I* Decode coupling gai nselenments for this group */
f (common_gai n_el ement.)present[idx]) ({

for (sfb = 0; sfb' < max_sfb; sfb++) {
cc_sign[igx\fagl[sfb] = 1;
gain_element[idx][g][sfb] = comon_gain_el enent[idx];

}

(0]

I se {
forv(sfb = 0; sfb < max_sfb; sfb++) {
if (sfb_cb[g][sfb] == ZERO HCB)

0 .
contTTte,

if (gain_element_sign) {
cc_sign[idx][g][sfb] =1 - 2*(dpcmogain_elenment[idx][g][sfb] & O0x1);
gain_element[idx][g][sfb] = a += (dpcmgai n_element[idx][g][sfb] >> 1);

}
el se {

cc_sign[idx][g][sfb] = 1;

gain_element[idx][g][sfb] = a += dpcm gain_el enent[idx][g][sfb];
}

}
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}

/* Do coupling onto target channels */
for (b =0; b < w ndow group_|ength[b]; b++) {
for (sfb = 0; sfb < max_sfb; sfb++) {

if (sfb_cb[g][sfb] !'= ZERO HCB) {
cc_gain[idx][g][sfb] = cc_sign[idx][g][sfb] *
cc_scal ergain_el ement[idx][g][sfb];

for (1 =0 avh of f ot [
T—OT 1 O T SO OT T SCto = |

cfhbhil1l culbh offcatl cfhhl - o L\
Lan v ST OUT T STt S T

dest _spectrunfg][b][sfb][i] += cc_gain[idx]] g]uj[ :s,f b] X
source_spectrunfg][b][sfb][i];

}
}
}
}
}
Note: The array sfb_cb represents the codebook data respect to the CCE’s embedded single channel. element() (not the coupled target chanhel).
12.3.4 Tables
Table 61 — Scaling resolution for channglcoupling (cc_scale table)
Value of "gain_element_scale" | Amplitude Resolution "cc_scale" | Stepsize [dB]
0 27(1/8) 0.75
1 27N(1/4) 1.50
2 2°(1/2) 3.00
3 271 6.00

3 Prediction

3.1 Tool description

1

1

Hrediction is used for an improved redundancy reduction and is especially effective in case |of more
dr less stationary parts of a signal which belong to the most demanding parts in terms of pequired
Hitrate. Prediction can be applied to every channel using an intra channel (or mono) predict¢r which
gxploits the auto-correlation between the spectral components of consecutive frames. Bgcause a
window sequence of\type EIGHT SHORT SEQUENCE indicates signal changes, ile. non-
stationary signal . ‘eharacteristics, prediction is only used if window sequence is pf type
ONLY LONG_SEQUENCE, LONG _START SEQUENCE or LONG _STOP_SEQUENCE. The
Use of the prediction tool is profile dependent. See clause 7 for detailed information.

Hor eachi channel prediction is applied to the spectral components resulting from the |spectral
decompesition of the filterbank. For each spectral component up to limit spec'ilFed by
I}

RED'SFB_MAX, there is one corresponding predictor resulting in a bank of predictors, where each
fredictor exploits the auto-correlation between the spectral component values of consecutive [frames.

The overall 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 predictor
coefficients are calculated from preceding quantized spectral components in the encoder as well as 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 lattice structure predictor is used for each spectral component, so that each predictor is
working on the spectral component values of the two preceding frames. The predictor parameters are
adapted to the current signal statistics on a frame by frame base, using an LMS based adaptation
algorithm. If prediction is activated, the quantizer is fed with a prediction error instead of the original
spectral component, resulting in a coding gain.
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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,
LONG_START _SEQUENCE and
[ONG 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).

predicfor_reset_group number 5 bit number specifying the reset group to be resetiin current
frame if predictor reset is enabled (only presertif
predictor_reset flag is set, see subclause 6/3,-Table 15).

prediction_used 1 bit for each scalefactor band (sfb) whereprediction can be
used indicating whether prediction is switched on (1) / off (0
in that sfb. If max_sfb is less than-PRED SFB MAX then for
i greater than or equal to max_sfb, prediction_used][i] is not
transmitted and therfore is sef to°off (0) (only present if
predictor_data_present flag is set, see subclause 6.3,
Table 15).

The fodllowing Table specifies the upper limit of scalefactor bands up to which prediction can |pe
used:

Table 62 — Upper spectralimit 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 nfeans that at 48 kHz sampling rate prediction can be used in scalefactor bands 0 through 39.
According to Table 46 these 40 scalefactor bands include the MDCT lines O fhrnngh 671, henlce

=]
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 preceding reconstructed values of the
corresponding spectral component. The details of the required predictor processing are described in
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subclause 13.3.2. At the start of the decoding process, all predictors are initialized. The initialization
and a predictor reset mechanism are described in subclause 13.3.2.4.

13.3.1 Predictor side information

The following description is valid for either one single channel element() or one
channel_pair_element() and has to be applied to each such element. For each frame the predictor side
information has to be extracted from the bitstream to control the further predictor processing in the
decoder. In case of a single channel element() the control information is valid for the predictor bank
of the channel assomated with that element. In case of a channel _palr element() there are the

' ' 1e) control

ihformation which is Vahd for the two predictor banks of the two channels associated #}ith that
dlement. If common_window = 0 then there are two sets of control information, one fop €a¢h of the
tfvo predictor banks of the two channels associated with that element.

ipformation present. In this case the prediction_used bit for each scalefactor band stored in the
ecoder has to be set to zero. If the predictor_data_present bit is set'(l) then prediction is jused for
ne current frame and the predictor_reset bit is read which determines whether predictor| reset is
plied in the current frame (1) or not (0). If predictor_reset 1s“set then the next 5 bits pre read
iving a number specifying the group of predictors to be (reset in the current frame, pee also
subclause 13.3.2.4 for the details. If the predictor_reset is ot set then there is no 5 bit number in the
itstream. Next, the prediction_used bits are read from.the bitstream, which control th¢ use of
rediction in each scalefactor band individually, i.e. if\the bit is set for a partlcular scalefactor band,
then prediction is enabled for all spectral components of this scalefactor band and the quantized
rediction error of each spectral component is_transmitted instead of the quantized valug of the
spectral component. Otherwise, prediction is disabled for this scalefactor band and the qpantized
alues of the spectral components are transmifted.

3.3.2 Predictor processing

13.3.2.1 General

he following description is valid’for one single predictor and has to be applied to each predictor. A
second order backward adaptive lattice structure predictor is used. Figure 7 shows the corresponding
redictor flow graph on the,decoder side. In principle, an estimate x.y(n) of the current valye of the
spectral component x(7) 1S calculated from preceding reconstructed values x,..(n-1) and X,..(n-2),
stored in the registen €lements of the predictor structure, using the predictor coefficients A);(n) and
(n). This estimate~1s then added to the quantized prediction error e,(n) reconstructed firom the
transmitted data resulting in the reconstructed value x,..(n) of the current spectral compongnt x(n).
igure 8 shows the block diagram of this reconstruction process for one single predictor.

ue to the)realization in a lattice structure, the predictor consists of two so-called basic ¢lements
hich.are cascaded. In each element, the part x. (1), m=1, 2 of the estimate is calculated a¢cording

Xom (M) =Dk, (1)1, (n=1),
where

ro(n) = ax, (n),
r,.(n) =a(r,(n=1)=b-k,(n)-e,,(n))
and e, ,(n)=e,, ()-x,,(1n).

Hence, the overall estimate results to: X (1) = X, (1) + X, , (1)
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The constants
a and b, 0<a,b<l1

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

Eleq,m—l (l’l) : rq,m—l (}’l - l)J

" (E, |+ Elr, (=D L2 and €0 ()= 1o (1) = %o Y

In ordgr to adapt the coefficients to the current signal properties, the expected values in the abojve
equatign are substituted by time average estimates measured over a limited ‘past signal period.|A
comprpmise has to be chosen between a good convergence against the optitntun predictor setting for
signal periods with quasi stationary characteristic and the ability of fast adaptation in case of sigmnal
transitions. In this context algorithms with iterative improvement of the.€stimates, i.e. from sample|to
sampld, are of special interest. Here, a "least mean square" (LMS) approach is used and the predicfor
coeffidients are calculated as follows

k (n+1)= CORu(m)
VAR, (n)
with
COR, (n)=a-COR, (n—1)+ Vg (n—1)« € 1 (n)
VAR, (n)=a VAR, (n—1)+0.5-(r2 . (tn—1)+ €2, , (n))

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

a =0.90625.

The optimum values of th€)attenuation factors a and b have to be determined as a compromise
betwegdn high prediction.gain and small fade out time. The chosen values are

a=>b=0.953125.
Indepepdent of‘whether prediction is disabled - either at all or only for a particular scalefactor bangl -

or not,|all thé'predictors are run all the time in order to always adapt the coefficients to the currgnt
signal $tatistics.

If window sequence is of type ONLY LONG SEQUENCE, LONG START SEQUENCE and
LONG _STOP_SEQUENCE only the calculation of the reconstructed value of the quantized 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.u(n) calculated by the predictor resulting in the
reconstructed value of the quantized spectral component, i.e.  x,,.(n) = x,,(n)+e,(n)

e If the bit is not set (0), then the quantized value of the spectral component is reconstructed
directly from the transmitted data.
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In case 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
following pseudo code:

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

nnnnnnnn o)
FOcesSSHE

f (O\ILY_LO\IG_SEQJENCE || LONG START_SEQUENCE || LONG STOP_SEQUENCE) {
for (sfb 0; sfb < PRED _SFB_NMAX;, sfb++) {
= swb_offset | ong w ndow fs_index][sfb];
swb_of fset | ong_w ndow fs_i ndex][sfb+1];
for (c =fc; ¢ <lc; c++) {
x_est[c] = predict();
if (predictor_data present && prediction_used[sfb])
x_rec[c] = x_est[c] + y_rec[c];
el se
x_rec[c] =y_rec[c];

}
}

dl se {
reset _all_predictors();

Ih case of channel pair elements with e@mmon_window = 1, the only difference is |that the
domputation of x_est and x_rec in the inner for loop is done for both channels associated ith the
dhannel_pair_element(). In case of chahnel pair_elements with common_window = 0, each|channel
Has prediction applied using that channel’s prediction side information.

3.3.2.2 Quantization in predictor calculations

1

Hor a given predictor six stat¢ variables need to be saved: 1y, r;, COR;, COR,, VAR, and VAR,.
These variables will bersaved as truncated IEEE floating-point numbers (i.e. the 16 msb of a float
storage word).

The predicted value x,, will be rounded to a 16-bit floating point representation (i.e. round tp a 7-bit
rhantissa) prior‘to being used in any calculation. The exact rounding algorithm to be used is ghown in
fgseudo-C function fIt round inf(). Note that for complexity considerations, round to nearest| infinity
15 used instead of round to nearest, even.

'heexpressions (b / VAR;) and (b / VAR;) will be rounded to a 16-bit floating point repredentation
.6-oround to a 7-bit mantissa), which permits the ratio to be computed via a pair of small{look-up
ables. C-code for generating such tables is shown in pseudo-C function make_inv_tablies().

- |

All intermediate results in every floating point computation in the prediction algorithm will be
represented in single precision floating point using rounding described below.

The IEEE Floating Point computational unit used in executing all arithmetic in the prediction tool
will enable the following options:

¢ Round-to-Nearest, Even - Round to nearest represenTable value; round to the value with
the least significant bit equal to zero (even) when the two nearest represenTable values
are equally near.
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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.

13.3.2.3 Fast algorithm for rounding

/* this does not conformto | EEE conventions of round to
* nearest, even, but it is fast

*/
statidq void

flt _rqund_inf(fl oat *pf)

{
it flg;
urfsi gned long tnp, tnmpl, tnp2;
tnp = *(unsigned | ong*) pf;
fllg = tnp & (unsigned | ong) 0x00008000;
tnp &= (unsigned | ong) Oxffff0000;
tnpl = tnp;
/% round 1/2 Isb toward infinity */
ifl (flg) {
tnmp &= (unsigned | ong) Oxf f 800000; /* extract, exponent and sign */
tnp | = (unsi gned | ong) 0x00010000; /* inserty*l Isb */
tnp2 = tnp; /* add<1l Isb and elided one */
tnmp &= (unsigned | ong) Oxf f 800000; /* extract exponent and sign */
*pf = *(float*)& npl+*(fl oat*) & np2- *(flat *) & np;
[* subtract elided one */
} lel se {
*pf = *(float*) & np;
}
}

13.3.2.4  Generating rounded b / Var

statid float mt _tabl e[ 128];
statid float exp_tabl e[ 256]\

/* function flt_round-even() only works for argunents in the range
* 1.0 < *pfi\< 2.0 - 27-24
*/
statid void flt ‘“wound_even(float *pf)
{ .
int |exp, a;
flogt tnp,

f r expttdoubteypt—=8exp):
tnp = *pf * (1<<(8-exp));

a = (int)tnp;

if ((tnp-a) >= 0.5) at+;

if ((tmp-a) == 0.5) a&=-2;
*pf = (float)al (1<<(8-exp));

}

static void rmake_inv_tabl es(voi d)

{

int i;
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unsi gned | ong tnpl, tnp;
float *pf = (float *)& npl,

float ftnp;
*pf = 1.0;
for (i=0; i<128; i++) {
tmp = tnpl + (i<<16); /* float 1.m 7 msb only */

ftnp = b / *(float*)&t np;
flt_round_even(&tmp); /* round to 16 bits */

ottt abl Al 1 — £+ oo
T _t oot

R S TETTH,
}
for (i=0; i<256; i++) {
= (i<<23); /* float 1.0 * 27exp */

if (*(float*)&np > 1.0) {
ftnp = 1.0/ *(float*) & np;
} else {
ftnp =

}
exp_table[i] = ftnp;
}

13.3.3 Predictor reset

nitialization of a predictor means that the predictor’s state variables are set as follows: 1o ¥ r; = 0,
[OR; = COR; = 0, VAR; = VAR, = 1. When the decoding process is started, all predigtors are
hitialized.

=~

A cyclic reset mechanism is applied by the ‘encoder and signaled to the decoder, in which all
redictors are initialized again in a certain_time interval in an interleaved way. On one hiand this
ncreases predictor stability by re-synchronizing the predictors of the encoder and the decoder and on
ne other hand it allows defined entry points in the bitstream.

=t el N

The whole set of predictors is subdivided into 30 so-called reset groups according to the fpllowing
hble:

=t

Table 63 — Predictor reset groups

Reset group number | Predictors of reset group
1 P0, P30, P60, P90,...
2 Pl, P31, P61, P91I,...
3 P2, P32, P62, P92,...
30 P29, P59, P89, P119,...

where'\P; is the predictor which corresponds to the spectral coefficient indexed by i.

Whether-ornotaresethas—tobe a})phcd tr-the—currentframe-ts—determined 1u_y the Pt edict Jr_reset
bit. If this bit is set then the number of the predictor reset group to be reset in the current frame is
specified in predictor_reset group number. All predictors belonging to that reset group are then
initialized as described above. This initialization has to be done after the normal predictor processing
for the current frame has been carried out. Note that predictor_reset group number cannot have
the value 0 or 31.

A typical reset cycle starts with reset group number 1 and the reset group number is then incremented

by 1 until it reaches 30, and then it starts with 1 again. Nevertheless, it may happen, e.g. due to
switching between programs (bitstreams) or cutting and pasting, that there will be a discontinuity in
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the reset group numbering. If this is the case, these are the following 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 predictors in the encoder and
decoder. After one complete reset cycle (reset group n, ntl, 30, 1, 2, ..., n-1) the
predictors are re-synchronized again. Furthermore, a poss1ble distortion is faded out

because of the attenuation factors a and b.

Py hatanf tha diconntin arey ha al e

Every

conver]

‘activef

activity
further]
bookksg

In case

4 arnaa accing It aato tha At 1ot
ect—e—at uvullblllulb], cary—-oR—te—Horar—PproceSsHgoutimnttee—ottput—titir

complete reset cycle is performed and the predictors are re-synchronized again.

e Reset all predictors.

ient, as long as the maximum reset period of 240 ‘active’ frames is not violated. Note that
period of 240 frames may take much longer than 240 frames, since frames with predic
r may be interleaved with an arbitrary number of frames without any predictor activity. N¢

that prediction groups may be active independently of each othef, so that separate ‘activi
eping is required for each predictor reset group.

ne

predictor group has to be reset after a maximum ‘active’ period of 240 frames, Fhie reset of the
30 predlictor reset groups can be done either 1nterm1ttently or in a burst or in whateyef-other pattern

—

is
an
or
te

y

of a single channel element() or a channel pair element() with common_window = 0, the

reset hyis to be applied to the predictor bank(s) of the channel(s)associated with that element. In cdse
of a channel pair element() with common_window = 1,.the¢ reset has to be applied to the tyo
predictor banks of the two channels associated with that elenient,
In the|case of a short block (i.e. window_sequencg of type EIGHT SHORT SEQUENCE) pll
predictors in all scalefactor bands must be reset.
13.4 Diagrams
Xrec(n) eo(n) el(n) Xest(l'l)
Xst1(0)  Mxo(n)
ro(n-1) ri(n-1)
NOTE The ‘dotted lines indicate the signal flow for the adaptation of the predictor coefficients.
Figure+—Howgraph-of-intrachannet-predictorfor-one-spectrat-component-the-decod
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Predictor Side Info RECONSTRUCTION CONTROL

v

IF (PDP && PU)

-1
— Qi > xi,rec (n) = yi,rec (n) + xi,e.\t(n) xi,rec (n)
yi,q (n) yi,rec (n)
ELSE ® >
Xi,rec(n) = yi,rec(n)
xi,e.\t (n) xi,rec (n-]) \ 4
P < z!

NOTE The following abbreviations for the predictor side information: PDP - predictor data_present, PU - prediction_uped.

Figure 8 — Block diagram of decoder prediction unit for one single’spectral component with
predictor P, and inver se quantizer-Q*

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 spectra] data of

gach channel.

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

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).

qoef res[w] Token indicating the resolution of the transmitted filter
coefficients for window w, switching between a
resolution of 3 bits (0) and 4 bits (1) (see subclause 6.3,
Table 19).

length[w][filt] Length of the region to which one filter is appliedl in
window w (in units of scalefactor bands) (see
subclause 6.3, Table 19).

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

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

coef _compress[w][filt] 1 bit indicating whether the most significant bit of the

coefficients of the noise shaping filter filt in window w
are omitted from transmission (1) or not (0) (see
subclause 6.3, Table 19).

coef[w][filt][i] Coefficients of one noise shaping filter applied to
window w (see subclause 6.3, Table 19).
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spec[w][k] Array containing the spectrum for the window w of the

NOTE

according to its window size:

channel being processed.

Depending on the window_sequence the size of the following bitstream fields is switched for each transform window

Name Window with 128 spectral lines Other window size
'n_filt' 1 2
'length’ 4 6
'order’ 3 5

14.3

The dgcoding process for Temporal Noise Shaping is carried out separately on each window of the

current

functign tns_decode frame).

The number of noise shaping filters applied to each window is specified by "n_filt! ~The target ranjge

of speq
the top

First th
quantiz

Then {

coeffidients (see function tns_ar_filter()). The token "direction” is used to determine the direction the

filter is

The cq

Tempdral Noise Shaping is applied. The maximuny possible filter order is defined by the consts
TNS MAX ORDER. Both constants are profile-dependent parameters.

The defoding process for one channel can be«described as follows pseudo code:

Decoding process

frame by applying all-pole filtering to selected regions of the spectral coefficiénts (§

tral coefficients is defined in units of scalefactor bands counting down ‘length" bands frq
band (or the bottom of the previous noise shaping band).

e transmitted filter coefficients have to be decoded, i.e. conversiémto signed numbers, inver
ation, conversion to LPC coefficients as described in function tns' decode coef().

he all-pole filters are applied to the target frequency ytegions of the channel's spect

slid across the coefficients (0 = upward, 1 = downyard).

cC

m

Fal

nstant TNS MAX BANDS defines the maximum number of scalefactor bands to which

nt

/* TN$ decodi ng for one channel and frame */
tns_dgcode_frame()
{
for|(w = 0; w< numw ndows; w++) {
Hott om = num swb;
flor (f = 0; f <n@dlt[w; f++) {
top = bottom
bottom = max(Hfop - length[w[f], 0);
tns_order)="m n(order[wW [f], TNS_MAX ORDER);
if (!'tns”~order) continue;
t ns_decode_coef (tns_order, coef_res[w +3, coef_conpress[w[f],
coef[W[f], Ipc[]);
start = swb_offset[ m n(bottom TNS_MAX BANDS, max_sfhb)];
end = Q\I\h_nf fset [ m n(f op, TI\R_MM(_RAI\II‘R' rmy_Qf h)] ;
if ((size = end - start) <= 0) continue;
if (direction[wj[f]) {
inc = -1, start = end - 1,
} else {
inc = 1
}
tns_ar filter(&pec[w[start], size, inc, Ipc[], tns_order);
}
}
}
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Please note that this pseudo code uses a C-style interpretation of arrays and vectors, i.e. if
coef[w][filt][1] describes the coefficients for all windows and filters, coef[w][filt] is a pointer to the
coefficients of one particular window and filter. Also, the identifier coef is used as a formal
parameter in function tns_decode coef().

/* Decoder transmitted coefficients for one TNS filter */
tns_decode_coef (order, coef _res_bits, coef _conpress, coef[], a[])

{

/* Sone internal tables */

cop—pmmaldl ]l — [ _Ovo Jatvey| falvi h )
SYTT_ TSI T 9= \"ZA % OXT—

neg_nmask[] = { ~0x3, ~0x7, ~Oxf };

[* size used for transm ssion */

coef _res2 = coef _res_bits - coef _conpress;

s_mask = sgn_mask[coef _res2 - 2]; /* mask for sign bit */

n_mask = neg_mask[coef _res2 - 2]; /* nmask for padding neg. values */

/* Conversion to signed integer */
for (i =0; i < order; i++)
tnp[i] = (coef[i] & s_mask) ? (coef[i] | n_mask) : _coef[i];

/* Inverse quantization */
igfac = ((1 << (coef_res_bits-1)) - 0.5) / (#4240);
igfac_m= ((1 << (coef_res_bits-1)) + 0.5) / ()2.0);

for (i =0; i < order; i++) {
tmp2[i] = sin(tmp[i] / ((tnp[i] >= 0) 2.ygfac : iqgfac_m);
}
/* Conversion to LPC coefficients */
a[0] = 1;
for (m=1; m<= order; mt+) {
for (i =1, i <m i++) { /[* loop only while i<m?*/
b[i] = a[i] + tmp2[m1l¥* a[mi];
}
for (i =1; i <m i++) { /* loop only while i<m*/
a[i] = b[i];
}
a[m = tnp2[ ml]+ /* changed */
}
}
tjns_ar_fil ter(spectruni], size, inc, |pc[], order)
{

- Sinpte all-pole filter of order "order" defined by
y(n) = x(n) - Ipc[1l]*y(n-1) - ... - Ipc[order]*y(n-order)

Tk + + H KLl £ + HEl S H HI (- ot -
e ot at© varr aul ©o Ul LTIT LA > arc 1imirarr2cu tu ZCTTru TVCTy 1T11T

- The output data is witten over the input data ("in-place operation")

- An input vector of "size" sanples is processed and the index increnent
to the next data sanple is given by "inc"
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15 Filterbank and block switching

151 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 cosine transform
(IMDCT), and a window and an overlap-add function. In order to adapt the time/frequency
resolution of the filterbank to the characteristics of the input signal, a block switching tool is also
adopted. N represents the window length, where N is a function of the window_sequence, see
subclause 8.3.3. For each channel, the N/2 time-frequency values X, are transformed into the N time
domain values x.. via the IMDCT., After applying the window function, for each channel, the fiyst
half of|the z, sequence is added to the second half of the previous block windowed sequence zg,|to
reconsfruct the output samples for each channel out; .

15.2 Definitions

The gyntax elements for the filterbank are specified in the raw data stream for the
single |channel _element()  (see subclause 6.3,  Table 13), channel pair element() (dee
subclayse 6.3, Table 14), and the coupling channel (see subclause 6.3, Table 22)." They consist [of
the corftrol information window_sequence and window_shape.

15.2.1| Data elements

window_sequence 2 bit indicating which windew sequence (i.e. block siz¢)
is used (see subclause 6.3;Table 15).
windoy_shape 1 bit indicating whichywindow function is selected (see

subclause 6.3, Table 15).
Table 44 shows the four window_sequences (ONLY_LONG_SEQUENC(E,
LONG[ START _SEQUENCE, EIGHT SHORT SEQUENCE, LONG _STOP SEQUENCE).
15.3 Decoding process

15.3.1| IMDCT
The anplytical expression of the IMDCT is:

N
2

23 2z 1
X, =— [k —rn'+ k+—|| for 0Sn<N
n =y Zspec[z][ ]cos( v (n noi 2)) or

k=0
where :

n =sampleindex

i =window index

k =spectralcoefficient index

N = window length based on the window_sequence value

n SN2 +1)2

The symthesis—window tength N—for thenverse tramsformm 15— furnction of the symtax clement
window_sequence and is defined as follows:

2048, if ONLY LONG SEQUENCE (0x0)

2048, if LONG_START SEQUENCE (0x1)

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

2048, if LONG_STOP_SEQUENCE (0x3)
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The meaningful block transitions are as follows:

from ONLY_LONG_SEQUENCE 0 {PONG STARE SEQUENCE

from LONG_START_SEQUENCE 0 {{/0NG STOP SEQUENCE

from LONG_STOP_SEQUENCE 0 {[ONG START SEQUENCE

from EIGHT_SHORT_SEQUENCE o {{\0NG STOP SEQUENCE

=

h addition to the meaningful block transitions the following transitions are possible;

from ONLY_LONG_SEQUENCE 1o {ToNG STop SEQUENCE <

(ONLY_LONG SEQUENCE

from LONG_START_SEQUENCE to LONG START SEGENCE

from LONG_STOP_SEQUENCE 0 {T0NG STOR SFOUENCE

(ONLY LONG SEQUENCE

from EIGHT_SHORT_SEQUENCE to CONGSETART SEQUENCE

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

5.3.2 Windowing and block switching

1

IDepending on the window_sequence and window_shape element different transform windows are
ysed. A combination of the window -halves described as follows offers all [possible
window_sequences.

]

or window_shape == 1, the window coefficients are given by the Kaiser - Bessel derived (KBD)
findow as follows:

<

N
< -
WKBD—LEFT’N(n) for 0<n< 5

_ 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

I, [ﬂa]

for 0 < <N
' _ sns—
W(n,a)— 2
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a =kernel window alpha factor, ¢ = {

4 for N = 2048
6 for N =256

Otherwise, for window_shape == 0, a sine window is employed as follows:
. 1 N
o lLerr.n (n)= sm(;(n +5)) for 0<n< )
P 1 N
WSIN_RIGHT,N(n) sm(N(n+ 2)) for S sn< N
The window length N can be 2048 or 256 for the KBD and the sine window. How to obtain {
possible window sequences is explained in the parts a) - d) of\‘this clause. All fq

windoy

For all
is detel

WLEFT,]

where:

windoy

For thg
windoy

a) ON]

The wi
Table 4

For wi

W(n) =

v_sequences described below have a total length of 2048 samples:

kinds of window_sequences the window_shape of the left half*of the first transform windg
mined by the window shape of the previous block. The following formula expresses this fag

) {WKBD werr.y (1), 1f - window_shape_previous block ==
n) = -

Won 1eery (n),1f window_shape_previous "block ==

shape_previous_block: window_shape-of the previous block (i-1).

v are identical.
LY LONG_SEQUENCE:

indow_sequence =— ONLEY LONG SEQUENCE is equal to one LONG WINDOW (g
14) with a total windew length of 2048.

ndow_shape ==1,the window for ONLY LONG_SEQUENCE is given as follows:

WLEFT,2048 (l’l), for 0<n <1024
W s i 2043 (), for 1024 <n <2043

If win

ow shape == 0 the window for ONLY LONG_ SEQUENCE can be described as follows:

ur

w

first block of the bitstream to be decoded the window_shape of the left and right half of the

W(n) _ { WLEFT,2O48 (n), for 0 <n <1024

Won ricur.a0s (1), for 1024 <n <2048

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

Z;, =w(n)-x,,;

in

98
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b) LONG_START_SEQUENCE:
The LONG_START SEQUENCE is needed to obtain a correct overlap and add for a block
transition 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
o) 1.0, for 1024 <n <1472
ny—
O W s o ass (n+128 = 1472), for 1472 < n <1600
0.0, for 1600 < n < 2048
If window_shape == 0 the window for LONG_START SEQUENCE looks like:
W, gt 204 (1), for 0<n <1024
1.0, for 1024 <n <1472
p(n)=
Way rigurase (n+128 =1472), for 1472 <n <1600
0.0, for 1600 < n < 2048
The windowed time-domain values can be calculated with the formula explained in a).
d) EIGHT_SHORT
'he window_sequence == EIGHT SHORT *“‘comprises eight overlapped and| added

HORT WINDOWSs (see Table 44) with a.Adéngth of 256 each. The total length
yindow_sequence together with leading and following zeros is 2048. Each of the eight sho

~

< o

The window_shape of the previous ble¢k influences the first of the eight short blocks (Wy(n

If window_shape == 1 the window~functions can be given as follows:

W

WLEFT 256 (}’Z), for 0<n <128
(=] Je

WKBD_R,GHT,256 (n);"for 128 <n <256

W

(n) _ { WKBDfLEFT,256 (n), for 0<n<128
1-7

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

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

for 0<n <128

are windowed separately first. The short blogk*number is indexed with the variable j =0,..., 7.

of the
it blocks

) only.

(n) C WLEFT,256 (n),
To W v ase (1), for 128<n <256

w

1

(n) _ W Lerrase (n), for 0<n<128
-7 Wan riGar.2ss (n), for 128<n <256
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The overlap and add between the EIGHT SHORT window_sequence resulting in the windowed
time domain values z; , is described as follows:

0, for 0 <n <448
X;pass W,(n —448), for448 <n <576

X, aas Wo(n—448) + x,, 6 -Wi(n—576), for576 < n < 704

X576 Wi (n=576)+ x;, 04 - W,(n—704), for 704 <n <832
X,y e Wo(n=T704) + x, o, - W.(n—832), for832 <n <960
X g3 Wi(n = 832) + X, , o - W, (n —960), for 960 < n <1088

X, oq0 - Wa (= 960) + x, , 1055 - W5 (n —1088), for 1088 < n <1216
X, 105 - We(n —1088) + x,, 116 - W, (n —1216),for 1216 < n < 1344
X, 1me - We(n=1216) + x,, 10y - W, (n—1344), for 1344 < n < 1472
X,y s - Wy (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, i 256 (0 —448), for 448 <n <576
wn)4 :
" 1.0, for 576 <\n' <1024

WKBD_RIGHT,2O48 (n), for 1024 <n <2048

If window_shape == 0 the window fot LONG START SEQUENCE is determined by:

0.0, for 0<n <448
(n) W, err 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

Besidep the overlap and add w1th1n the EIGHT SHORT wmdow sequence the ﬁrst (left) half of
every C ]

window sequence resultlng in the ﬁnal time domaln Values out;,. The mathematlc expressmn for
this operation can be described as follows. It is valid for all four possible window_sequences.

out,, =z, +z  \; for 0£n<g, N =2048
16 Gain control

16.1 Tool description

The gain control tool is made up of several gain compensators and overlap/add processing stages,
and an IPQF (Inverse Polyphase Quadrature Filter) stage. This tool receives non-overlapped signal
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sequences provided by the IMDCT stages, window_ sequence and gain control data, and then
reproduces the output PCM data. The block diagram for the gain control tool is shown in Figure 9.

Due to the characteristics of the PQF filterbank, the order of the MDCT coefficients in each even
PQF band must be reversed. This is done by reversing the spectral order of the MDCT coefficients,
i.e. exchanging the higher frequency MDCT coefficients with the lower frequency MDCT
coefficients.

If the gain control tool is used, the configuration of the filter bank tool is changed as follows. In the
ase r\-‘: S ETF‘H’T‘ QU(\D’T‘ QE‘[\TTE\TFE wandan _ceauen tha 1 n{-‘ coafficianta for the

ba 1Q
WHHGOW—SeqHeRce;—e—tHnoer COSTHCISHS

IMDCT is 32 1nstead of 128 and elght IMDCTs are carried out. In the case “gf other
window_sequence values, the number of coefficients for the IMDCT is 256 instead of 1024 [and one
IMDCT is performed. In all cases, the filter bank tool outputs a total of 2048 non-ogvetlapped values
fer frame. These values are supphed to the gain control tool as U, , ( ]) defined in 16.3.3.
1
S

'he IPQF combines four uniform frequency bands and produces a decoded’time domaip output
ignal. The aliasing components introduced by the PQF in the encoder are cancelled by the IRQF.

he gain values for each band can be controlled independently exceptfor the lowest frequengy band.
'he 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.

—

6.2 Definitions

6.2.1 Data elements

djust_ num 3-bit field indicating the number of gain changes|for
eachdPQF band. The maximum number of gain ¢hanges
is.seven (see subclause 6.3, Table 27).

hax_band 2-bit field indicating the number of IPQF bands fin
which their signal gain have been controlled.

8O =

The meanings of this value are shown below (seq
subclause 6.3, Table 27).

0: no bands have activated gain control.
1: signal gain on 2nd IPQF band has been controlled.

2: signal gain on 2nd and 3rd IPQF bands have bgen
controlled.

3: signal gain on 2nd, 3rd and 4th IPQF bands hajve been
controlled.

alevcode 4-bit field indicating the gain value for one gain ¢hange
(see subclause 6.3, Table 27).

aloccode 2-, 4-, or 5-bit field indicating the position for ong gain
(‘h?moe The ]Pno‘rh of this data varies dependinglon the

window sequence (see subclause 6.3, Table 27)

16.2.2 Help elements

gain control data side information indicating the gain values and the
positions used for the gain change.
IPQF band each split band of IPQF.
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16.3 Decoding process
The following four 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 Gaimcontrotdata decoding
Gain cpntrol data are reconstructed as follows.
(1)
NAD,, , = adjust num[B]W]
)
ALOC, , (m)= AdjLoc(aloccode[B]W [m —1])1 <m < NAD,, ,
ALEVW 5 (m) — 2AdjLev(alevcode[B][W][m—l])’1 <m< NADW A
3)
ALocC,, ,(0)=0
Lif NAD,, , ==0
ALEV,, ,(0)= S NADy.5 _
’ ALEV,, (l),otherwzse
4)
256, ==0if QNLY_LONG_SEQUENCE
112, =0
if LONG_START SEQUENCE
32 W ==
ALOCy, ,(NAD)y ; +1)= 32,0 <W <7if EIGHT SHORT SEQUENCE
112, =0
if LONG_STOP_SEQUENCE
256, ==1 B B
ALEV,, ,(N&D,, , +1)=1
where
NAD,| ,+ Gain Control Information Number, an integer

ALOC), , (m): Gain Control Location, an integer

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

B: Band ID, an integer from 1 to 3
w: Window ID, an integer from 0 to 7
m: an integer
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aloccode[ B][ W][m] must be set so that {ALOCW, 5 (m)} satisfies the following conditions.
ALOC,, ,(m, )< ALOC,, ,(m, )1 <m, <m, < NAD,, , +1

In cases of LONG_START SEQUENCE and LONG_STOP_SEQUENCE, the values 14 and 15 of
aloccode[B][0][m] are invalid. AdjLoc() is defined in Table 64. AdjLev() is defined in Table 65.

16.3.2 Gain control function setting
The Gain control function is obtained as follows.

()

My, = Max{m tALOC,, 4 (m)< j},
0<j<255W ==0if ONLY_LONG_SEQUENCE

0< <1117 ==0

_ ifLONG START SEQUENCE
0<j<31LW==1
0< j<31,0<W < 7ifEIGHT SHORT SEQUENGE

0< <1117 ==0

ifLONG_STOP_SEQUENCE
0< j <255 ==1

o~
1\
~

ALEV,, , (M W.B,j
Inter| ALEV,, ,(M,, ,;%1), |
FMD,, ,(j)= J—ALOC,, (Mw,B,j)

if ALOC,, (M5 , )< j < ALOC,, ,(M,, , )+7
ALEV,, 4 (MW’BJ +1)otherwise

(})
ifONLY_LONG_SEQUENCE
ALEV, ,(0)x PFMD, ()0 < j <255

GMF, 5 1) {FMD()’B (j-256)256< j <511

PFMD,(j)= FMD, ,(j)0 < j <255
if LONG START SEQUENCE

(ALEV (0 ALEV- (0« PEMD (i)\0< ;<255
A AN G AR W AN A e AV e Bl
GME, (/)= ALEV, ,(0)x FMD, ,(j —256)256 < j <367
oo\ FMD, (- 368)368 < j <399

1400< j <511

PFEMD,(j)= FMD, ,(j)0 < j <31
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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-SEQUENEE

1L0<j<111

ALEV, ,(0)x ALEV, ,(0)x PEMD,(j -112)112 < j <143
ALEV, ,(0)x FMD, ,(j —144)144 < j <255

FMD, ,(j—256)256< j<511

GME),B (]) =

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

4
AD, ()=,
=G, )
0< <5117 ==0if ONLY_LONG_SEQUENCE
0< j<511% == 0ifLONG_START SEQUENCE
0< j<630<W <7ifEIGHT SHORT SEQUENCE
0< <5117 == 0if LONG_STOP_SEQUENCE
where

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

ADy, g\ j ):  Gain Gentrol Function, a real number

ALOGQ, , (m): Gainr Control Location defined in subclause 16.3.1, an integer

ALEV}, (#i+>Gain Control Level defined in subclause 16.3.1, an integer-valued real number

B Band 1D an integer from 1 to 3

w: Window ID, an integer from 0 to 7
My, an integer

m an integer

and

(8-/)log, (a)+jlog, (b)

Inter(a,b,j)=2 8

Note that the initial value of PFMD,(j) must be set 1.0.
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16.3.3 Gain control windowing and overlapping
Band Sample Data are obtained through the processes (1) to (2) shown below.

(1) Gain Control Windowing
ifB=10
TW,B (]) = UW,B (])>
0<j<51LW ==0ifONLY_LONG SEQUENCE

= = s —_

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

dlse
TW,B (]) = ADW,B (])X UW,B (]),
0< <511 =0ifONLY LONG SEQUENCE
0< <511 = 0if LONG_START SEQUENCE
0<<63,0<W <TifEIGHT SHORT SEQUENCE
0< <511 = 0if LONG _STOP_SEQUENCE
(R) Overlapping

ifONLY _LONG_SEQUENCE
Vo(j)= PT,(j)+T,, (/)0 < j <255
PT,(j)=T,,(j +256)0< j <255

if LONG START SEQUENCE
Vy(j)=PT,(j)+T,,(j)Q&y< 255
V,(j+256)=T, ,(j+256)0< j <111
PT,(j)=T,,(j +368)0< j<31

if EIGHT _SHORT _SEQUENCE

V,(j)=PR5,(7)+T, ,(/)W =00< <31

V(324 j)=T,_ ,(j+32)+T, ,(/)) <W <70< j<31
PT(j)=T,,(j+32)W =70< j <31

ifLONG STOP SEQUENCE

V,()=PT (j)+T_(j+112)0< j<3]
V,(j+32)=T,,(j+144)0< j <111
PT,(j)=T,,(j +256)0< j <255

where

Uy s (j): Band Spectrum Data, a real number

Ty (j): Gain Controlled Block Sample Data, a real number

PT,(j): Gain Controlled Block Sample Data of previous frame, a real number
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V,(j): Band Sample Data, a real number

ADy, 4 (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 0 to 7

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)

7,())= {VB Wf =4y _p <

0,else

(2)

0,(j)=0(j)xco ((234—1)1(2] _3)ﬂ}0— j<950<B<3
(3) 3 95

48(n) =222 05 (/)% V(- j)
where

AS (n) Audio Sample Data

1Band Sample Data defined in sube¢lause 16.3.3, a real number
|Interpolated Band Sample<Data, a real number

0, ( j ) Synthesis Filter Coefficients, a real number

0 j): Prototype Coefficients given below, a real number

Band ID, andnteger from O to 3

B
w: WindowD, an integer from 0 to 7

n: an.integer
J: an integer
k: an integer

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

0(j)=0(95- j)48< j <95
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window_
sequence
. gain control tool
gain_ ﬂ
control
data
2560132 | “| Overlapping
IMDCT 4
) output
, Gamn PCM
Spectral | 256 or 32 > Compens at.or data
reverse IMDCT ”| & Overlapping IPQF >
R Gain
256 or 32 » Compensator
IMDCT »| & Overlapping
R Gain
Spectral | 256 or 32 E Compens atog
reverse IMDCT V ”| & Overlapping
non-
overlapped
time signal
Figure 9 — Block diagram of gain control tool
16.5 Tables
TJable 64 — AdjLoc()
AC AdjEoc(AC) AC AdjLoc(AC)
0 0 16 128
1 8 17 136
2 16 18 144
3 24 19 152
4 32 20 160
5 40 21 168
6 48 22 176
7 56 23 184
8 64 24 192
9 72 25 200
10 80 26 208
11 88 27 216
12 96 28 224
13 104 29 232
14 112 30 240
15 120 31 248
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Table 65— AdjLev()

AV AdjLev(AV)

0 -4

1 -3

2 -2

3 -1

4 0

5 1

6 2

7 3

8 4

9 5

10 6

11 7

12 8

13 9

14 10

15 11

Table 66 — Q)

i Q) j
0 9.7655291007575512E-05 24 -22656858741499447E-02
1 1.3809589379038567E-04 25 =6:8031113858963354E-03
2 9.8400749256623534E-05 26 1.5085400948280744E-02
3 -8.6671544782335723E-05 27 3.9750993388272739E-02
4 -4.6217998911921346E-04 28 6.2445363629436743E-02
5 -1.0211814095158174E-03 29 7.7622327748721326E-02
6 -1.6772149340010668E-03 30 7.9968338496132926E-02
7 -2.2533338951411081E403 31 6.5615493068475583E-02
8 -2.4987888343213967E-03 32 3.3313658300882690E-02
9 -2.1390815966761882E-03 33 -1.4691563058190206E-02
10 -9.5595397454597772E-04 34 -7.2307890475334147E-02
11 1.1172111530118943E-03 35 -1.2993222541703875E-01
12 3.9091309127348584E-03 36 -1.7551641029040532E-01
13 6.9635703420118673E-03 37 -1.9626543957670528E-01
14 9(5595442159478339E-03 38 -1.8073330670215029E-01
15 1.0815766540021360E-02 39 -1.2097653136035738E-01
16 9.8770514991715300E-03 40 -1.4377370758549035E-02
17 6.1562567291327357E-03 41 1.3522730742860303E-01
I8 -4.1793946063629710E-04 42 3.1737852699301633E-01
19 -9.2128743097707640E-03 43 5.1590021798482233E-01
20 -1.8830775873369020E-02 44 7.1080020379761377E-01
21 -2.7226498457701823E-02 45 8.8090632488444798E-01
22 -3.2022840857588906E-02 46 1.0068321641150089E+00
23 -3.0996332527754609E-02 47 1.0737914947736096E+00
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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 1b

3 18 3ffeS 64 6 39
4 19 7EEES5 65 6 3b

5 19 7ftf1 66 7 78

6 19 7fted 67 7 7a
7 19 71tf6 68 8 f7

8 19 Tftee 69 8 9

9 19 Tftef 70 9 116
10 19 gaisil) 71 9 119
11 19 7fffc 72 10 34
12 19 7ftfd 3 10 36
13 19 giiii 74 10 318
14 19 7ftfe 75 11 715
15 19 71tt7 76 11 714
16 19 7118 77 11 716
17 19 7ftfb 78 11 717
18 19 719 79 12 ff5
19 18 3ffed 80 12 ff8
20 19 7fffa 81 13 114
21 18 3ffe3 82 13 1f6
22 17 1 ffef 83 13 1118
23 17 1fff0 84 14 3118
24 16 jiii) 85 14 34
25 17 1ffee 86 16 fff0
26 16 fff2 87 15 714
27 16 fff3 88 16 ftfo
28 16 fff4 89 15 71t5
29 16 fff1 90 18 3ffe2
30 15 71t6 91 19 7td9
31 15 71t7 92 19 7ftda
32 14 39 93 19 7ftdb
33 14 3ft5 94 19 7ftdc
34 5] 3ft7 95 19 FHidd
35 14 3ff3 96 19 7ftde
36 14 3ft6 97 19 7ftd8
37 14 3ff2 98 19 7ftd2
38 13 1ft7 99 19 7ftd3
39 13 §is) 100 19 7ftd4
40 12 9 101 19 7ftd5
41 12 ft7 102 19 7ftd6
42 12 ff6 103 19 7112
43 11 719 104 19 7ftdf
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Table A.1 (continued)

index length codeword index length codeword

(hexadecimal) (hexadecimal)
44 12 ff4 105 19 Tfte7
45 11 718 106 19 7fte8
46 10 39 107 19 7fte9
47 10 3f7 108 19 Tffea
48 10 3f5 109 19 7fteb
50 9 117 111 19 7fte0
51 8 fa 112 19 7ftel
52 8 8 113 19 7fte2
53 8 f6 114 19 te3
54 7 79 115 19 THted
55 6 3a 116 19 7ffeS
56 6 38 117 19 7ftd7
57 5 la 118 19 7ftec
58 4 b 119 19 7ftf4
59 3 4 120 19 7113
60 1 0
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Table A.2 — Spectrum Huffman Codebook 1

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

0 11 718 41 5 14
1 9 1f1 42 7 65
2 11 71d 43 5 16
3 10 3f5 44 7 6d
4 7 68 45 9 1e9
6 11 77 47 9 le4d
7 9 lec 48 7 6b
8 11 715 49 5 13
9 10 3fl 50 7 71
10 7 72 51 9 le3
11 10 3f4 52 7 70
12 7 74 53 9 113
13 5 11 54 I 7fe
14 7 76 55 9 le7
15 9 leb 56 11 713
16 7 6¢ 57 9 lef
17 10 3f6 58 7 60
18 11 7fc 59 9 lee
19 9 lel 60 11 710
20 11 711 61 9 le2
21 9 110 62 11 7fa
22 7 61 63 10 313
23 9 116 64 7 6a
24 11 72 65 9 le8
25 9 lea 66 7 75
26 11 71b 67 5 10
27 9 12 68 7 73
28 7 69 69 9 114
29 9 led 70 7 6e
30 7 77 71 10 37
31 5 17 72 11 716
32 7 6f 73 9 1e0
33 9 leb6 74 11 719
34 7 64 75 10 3f2
35 9 leS 76 7 66
36 7 67 77 9 15
37 5 15 78 11 71t
38 7 62 79 9 117
39 5 12 80 11 714
40 1 0
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Table A.3— Spectrum Huffman Codebook 2

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

0 9 113 41 5 7
1 7 6f 42 6 1d
2 9 1fd 43 5 b
3 8 eb 44 6 30
4 6 23 45 8 ef
6 9 117 47 7 64
7 8 e8 48 6 le
8 9 1fa 49 5 C
9 8 2 50 6 29
10 6 2d 51 8 3
11 7 70 52 6 2f
12 6 20 53 8 0
13 5 6 54 9 1fc
14 6 2b 55 7 71
15 7 6e 56 9 112
16 6 28 57 8 4
17 8 e9 58 6 21
18 9 119 59 8 eb
19 7 66 60 8 f7
20 8 8 6l 7 68
21 8 e7 62 9 118
22 6 1b 63 8 ee
23 8 fl 64 6 22
24 9 114 65 7 65
25 7 6b 66 6 31
26 9 L5 67 4 2
27 8 eC 68 6 26
28 6 2a 69 8 ed
29 7 6¢ 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 la 75 7 69
35 8 f5 76 6 2e
36 6 24 77 8 6
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 9 113
2 8 ef 43 9 114
3 4 b 44 11 716
4 5 19 45 9 le§
6 9 leb 47 13 1ffe
7 9 le6 48 8 2
8 10 312 49 9 111
9 4 a 50 12 ffb
10 6 35 51 10 35
11 9 lef 52 11 713
12 6 34 53 12 ffc
13 6 37 54 8 ee
14 9 1e9 55 10 37
15 9 led 56 15 7fte
16 9 le7 57 9 110
17 10 313 58 11 715
18 9 lee 59 15 7ftd
19 10 3ed 60 13 1ffb
20 13 1ffa 61 14 3ffa
21 9 lec 62 16 ftff
22 9 112 63 8 fl
23 11 719 64 10 310
24 11 78 65 14 3ffc
25 10 38 66 9 lea
26 12 ff8 67 10 3ee
27 4 8 68 14 3ftb
28 6 38 69 12 16
29 10 3f6 70 12 ffa
30 6 36 71 15 7ffc
31 7 75 72 11 712
32 10 3f1 73 12 15
33 10 3eb 74 16 ftfe
34 10 3ec 75 10 34
35 12 ff4 76 11 717
36 5 18 77 15 71tb
37 7 76 78 12 ff7
38 11 714 79 12 19
39 6 39 80 15 7ffa
40 U 4
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Table A.5— Spectrum Huffman Codebook 4

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

0 4 7 41 7 6b
1 5 16 42 8 e3
2 8 6 43 7 69
3 5 18 44 9 113
4 4 8 45 8 eb
6 9 lef 47 10 316
7 8 3 48 7 6e
8 11 718 49 7 6a
9 5 19 50 9 bf4
10 5 17 51 10 3ec
11 8 ed 52 9 110
12 5 15 53 10 319
13 4 1 54 8 f5
14 8 e2 55 8 ec
15 8 0 56 H 71b
16 7 70 57 8 ea
17 10 310 58 7 6f
18 9 lee 59 10 37
19 8 fl 60 11 719
20 11 7fa 6l 10 313
21 8 ee 62 12 fff
22 8 e4 63 8 e9
23 10 32 64 7 6d
24 11 716 65 10 318
25 10 3ef, 66 7 6¢
26 11 d 67 7 68
27 4 3 68 9 115
28 5 14 69 10 3ee
29 8 2 70 9 12
30 4 9 71 11 714
31 4 4 72 11 717
32 8 e5 73 10 3f1
33 8 4 74 12 ffe
34 8 e8 75 10 3ed
35 10 34 76 9 1f1
36 4 6 77 11 715
37 4 2 78 11 7fe
38 8 e7 79 10 35
39 4 3 80 11 7fc
40 4
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Table A.6 — Spectrum Huffman Codebook 5

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

0 13 Lfff 41 4 a

1 12 ft7 42 7 71
2 11 714 43 8 3
3 11 7e8 44 11 7¢e9
4 10 3fl 45 11 Tef
6 11 719 47 8 ef
7 12 ff8 48 5 18
8 13 1ffd 49 4 9
9 12 ffd 50 5 1b
10 11 711 51 8 eb
11 10 3e8 52 9 1e9
12 9 le8 53 1 Tec
13 8 0 54 ! 716
14 9 lec 55 10 3eb
15 10 3ee 56 9 113
16 11 712 57 8 ed
17 12 ffa 58 7 72
18 12 ft4 59 8 €9
19 10 3ef 60 9 111
20 9 112 61 10 3ed
21 8 e8 62 11 717
22 7 70 63 12 {16
23 8 ec 64 11 710
24 9 10 65 10 3e9
25 10 3ea 66 9 led
26 11 713 67 8 fl
27 11 7eb 68 9 lea
28 9 leb 69 10 3ec
29 8 ea 70 11 718
30 5 la 71 12 9
31 4 8 72 13 1ffc
32 5 19 73 12 ffc
33 8 ee 74 12 ff5
34 9 lef 75 11 Tea
35 11 Ted 76 10 313
36 10 3f0 77 10 3f2
37 8 2 78 11 715
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 1f1 43 7 73
3 9 leb 44 9 Ifa
4 9 114 45 9 le7
6 9 110 47 6 2b
7 10 3fc 48 4 7
8 11 71d 49 4 1
9 10 3f6 50 4 5
10 9 les 51 6 2c
11 8 ea 52 7 6d
12 7 6¢ 53 9 lec
13 7 71 54 9 119
14 7 68 55 § ee
15 8 0 56 6 30
16 9 le6 57 6 24
17 10 3f7 58 6 2a
18 9 113 59 6 25
19 8 ef 60 6 33
20 6 32 6l 8 ec
21 6 27 62 9 12
22 6 28 63 10 38
23 6 26 64 9 led
24 6 31 65 8 ed
25 8 eb 66 7 6a
26 9 M7 67 7 70
27 9 1e8 68 7 69
28 7 6f 69 7 74
29 6 2e 70 8 fl
30 4 8 71 10 3fa
31 4 4 72 11 71t
32 4 6 73 10 39
33 6 29 74 9 116
34 7 6b 75 9 led
35 9 lee 76 9 118
36 9 lef 77 9 1e9
37 7 72 78 9 15
38 6 2d 79 10 3fb
39 4 2 80 11 7fc
40 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 3

1 3 5 33 8 ed

2 6 37 34 9 le§
3 7 74 35 9 lef
4 8 2 36 10 3ef
6 10 3ed 38 10 30
7 11 77 39 11 71tb
8 3 4 40 9 Ted
9 4 41 8 ef
10 6 35 42 9 lea
11 7 71 43 9 12
12 8 ec 44 10 313
13 8 ee 45 10 318
14 9 lee 46 11 719
15 9 115 47 11 7fc
16 6 36 48 10 3ee
17 6 34 49 9 lec
18 7 72 50 9 114
19 8 ea 91 10 34
20 8 fl 52 10 37
21 9 1e9 53 11 718
22 9 113 54 12 ffd
23 10 3f5 55 12 ffe
24 7 73 56 11 716
25 7 70 57 10 310
26 8 eb 58 10 32
27 8 0 59 10 36
28 9 1f1 60 11 7fa
29 9 110 61 11 71d
30 19 3ec 62 12 ffc
31 10 3fa 63 12 ftf
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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
6 9 1fa 38 8 2
7 10 3fe 39 9 119
8 4 3 40 8 ef
9 3 0 41 7 63
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 § 9
15 8 8 47 154 3fc
16 5 f 48 9 118
17 4 2 49 7 74
18 4 6 50 7 73
19 5 14 51 8 ed
20 6 2e 52 8 0
21 7 69 53 8 16
22 7 72 54 9 116
23 8 f5 55 9 1fd
24 6 2f 56 10 3fd
25 5 11 57 8 3
26 5 13 58 8 4
27 6 2a 59 8 f7
28 6 32 60 9 17
29 7 6¢ 61 9 11b
30 8 ec 62 9 1fc
31 8 fa 63 10 3ff
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Table A.10 — Spectrum Huffman Codebook 9

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 lde 89 13 113
6 10 3d9 91 11 7d3
7 11 7c8 92 10 3d8
8 11 7cd 93 10 3el
9 12 fc8 94 11 7d4
10 12 fdd 95 11 7d9
11 13 1fe4 96 12 fd3
12 13 lfec 97 12 fde
13 3 4 98 13 1fdd
14 4 c 99 13 1£fd9
15 6 35 100 13 1fe2
16 7 72 101 13 1fea
17 8 ea 102 13 1ff1
18 8 ed 103 13 116
19 9 le2 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 fef 109 11 7e2
25 12 fd5 110 12 fce
26 6 36 111 12 fdb
27 6 34 112 13 11d8
28 7 71 113 13 1fee
29 8 e8 114 14 3ff0
30 8 ec 115 13 114
31 9 lel 116 14 3ff2
32 10 3cf 117 11 7el
33 10 3dd 118 10 3df
34 10 3db 119 11 7¢9
35 11 7d0 120 11 7d6
36 12 fc7 121 12 fca
37 12 fd4 122 12 fd0
38 12 fe4 123 12 fes5
39 8 €6 124 12 fe6
40 U 70 125 I3 Iteb
41 8 e9 126 13 1 fef
42 9 1dd 127 14 3ff3
43 9 le3 128 14 34
44 10 3d2 129 14 3ft5
45 10 3dc 130 12 fe0
46 11 Tce 131 11 Tce
47 11 7ca 132 11 7d5
48 11 7de 133 12 fc6
49 12 fd8 134 12 fdl
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Table A.10 (continued)

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

50 12 fea 135 12 fel
51 13 1fdb 136 13 1fe0
52 9 1df 137 13 1fe8
53 8 eb 138 13 110
54 9 Idc 139 14 3ffl
56 10 3d5 141 14 3ft6
57 10 3de 142 15 7ffc
58 11 7cb 143 12 fe8
59 11 7dd 144 11 Jdf
60 11 7dc 145 12 fc9
61 12 fed 146 12 fd7
62 12 fe2 147 12 fdc
63 12 fe7 148 13 1fdc
64 13 1fel 149 13 1fdf
65 10 3d0 150 13 1fed
66 9 1e0 151 13 11f5
67 9 led 152 14 39
68 10 3d6 153 14 3ftb
69 11 7c5 154 15 7ftd
70 11 7d1 155 15 7ffe
71 11 7db 156 13 1fe7
72 12 fd2 157 12 fce
73 11 7e0 158 12 fd6
74 12 fd9 159 12 fdf
75 12 feb 160 13 1fde
76 13 14e3 161 13 1fda
77 13 Me9 162 13 1fe5
78 11 7c4 163 13 12
79 9 le5 164 14 3ffa
80 10 3d7 165 14 3ft7
81 11 7c6 166 14 3ffc
82 11 7cf 167 14 3ftd
83 11 7da 168 15 ghiii
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 lca
2 6 1d 87 9 le0
3 6 26 88 10 3db
4 7 5f 89 10 3e8
6 9 lcf 91 9 1e3
7 10 3d0 92 8 d2

8 10 3d7 93 8 cb

9 10 3ed 94 8 do

10 11 710 95 8 d7

11 11 716 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 Tea
18 7 54 103 11 711
19 7 60 104 9 lel
20 8 ds 105 8 d4

21 8 de 106 8 cf

22 9 1d4 107 8 dé

23 10 3cd 108 8 de

24 10 3de 109 8 el

25 11 7e7 110 9 1d0
26 6 lc 111 9 1d6
27 4 2 112 10 3d1
28 5 6 113 10 3d5
29 5 c 114 10 3f2
30 6 le 115 11 Tee
31 6 28 116 11 71b
32 7 5b 117 10 3e9
33 8 cd 118 9 lcd
34 8 d9 119 9 1c8
35 9 lce 120 9 Icb
36 9 Idc 121 9 1d1
37 10 3d9 122 9 1d7
38 10 3f1 123 9 1df
39 6 25 124 10 3cf
40 B b 125 10 3e0
41 5 a 126 10 3ef
42 5 d 127 11 7e6
43 6 24 128 11 718
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 lcc 133 9 1d9
49 9 lde 134 9 1db
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Table A.11 (continued)

index length codeword index length codeword

(hexadecimal) (hexadecimal)
50 10 3d3 135 10 3d2
51 10 3e7 136 10 3cc
52 7 5d 137 10 3dc
53 6 21 138 10 3ea
54 6 If 139 11 7ed
56 6 27 141 11 719
57 7 59 142 12 19
58 7 64 143 11 712
59 8 dg 144 10 3cé
60 8 df 145 9 le4
61 9 1d2 146 10 3cb
62 9 le2 147 10 3d8
63 10 3dd 148 10 3d6
64 10 3ee 149 10 3e2
65 8 dl 150 10 3e5
66 7 55 151 11 7e8
67 6 29 152 11 714
68 7 56 153 11 715
69 7 58 154 11 717
70 7 62 159 12 ftb
71 8 ce 156 11 7fa
72 8 e0 157 10 3ec
73 8 e2 158 10 3df
74 9 1da 159 10 3el
75 10 3d4 160 10 3e4
76 10 3eB 161 10 3e6
77 11 7€b 162 10 310
78 9 1¢c9 163 11 7¢€9
79 7 Se 164 11 Tef
80 7 Sa 165 12 ff8
81 7 5¢c 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 9¢ 149 10 3d1
6 9 la7 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 11 713 156 9 19¢
12 12 ftb 157 9 lal
13 11 Tec 158 9 laa
14 12 ffa 159 9 lad
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 3el
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 9 191 170 11 7e3
26 9 a5 171 9 1bb
27 9 1b5 172 9 1a8
28 10 3% 173 9 la6
29 10 3c0 174 9 1b0
30 19 3a2 175 9 1b2
31 10 3cd 176 9 1b7
32 11 7d6 177 10 39
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 3 3¢ 185 I'T /ea
41 8 a3 186 8 ba
42 8 b8 187 11 7e8
43 9 199 188 10 3a0
44 9 lac 189 9 1bd
45 9 Icl 190 9 1b4
46 10 3bl 191 10 38a
47 10 396 192 9 1c4
48 10 3be 193 10 392
49 10 3ca 194 10 3aa
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Table A.12 (continued)

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

50 8 9d 195 10 3b0
51 7 3c 196 10 3bc
52 6 15 197 10 3d7
53 6 16 198 11 7d4
54 6 la 199 11 7dc
56 7 44 201 11 7d5
57 8 91 202 11 710
58 8 a5 203 8 cl

59 8 be 204 11 b
60 9 196 205 10 3c8
61 9 lae 206 10 3a3
62 9 1b9 207 10 395
63 10 3al 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 3e6
70 7 38 248 11 Te4
71 7 3a 216 11 7e7
72 7 41 217 11 7e0
73 8 8c 218 11 7e9
74 8 9b 219 11 717
75 8 b0 220 9 190
76 8 €3 221 11 712
77 9 e 222 10 393
78 9 lab 223 9 lbe
79 9 1bc 224 9 1c0
80 10 39f 225 10 394
81 10 38f 226 10 397
82 10 3a9 227 10 3ad
83 10 3cf 228 10 3c3
84 8 93 229 10 3cl
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 3 Ye 235 1T /14
91 8 a7 236 11 7fa
92 8 b9 237 9 195
93 9 194 238 11 718
94 9 la2 239 10 3bd
95 9 1ba 240 10 39¢
96 9 1c3 241 10 3ab
97 10 3ab 242 10 3a8
98 10 3a7 243 10 3b3
99 10 3bb 244 10 3b9

124 © ISO/IEC 2003 — Al rights reserved


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

Table A.12 (continued)
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index length codeword index length codeword
(hexadecimal) (hexadecimal)

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
106 8 98 251 11 711
107 8 a6 252 11 19
108 8 b6 253 11 7fc
109 8 c4 254 9 193
110 9 19f 255 12 ffd
111 9 laf 256 10 3dc
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 11 7d3
119 9 1b6 264 11 Tel
120 8 ab 265 11 Tee
121 8 a4 266 11 Tef
122 8 aa 267 11 715
123 8 b2 268 11 716
124 8 02 269 12 ffc
125 8 ¢S 270 12 fff
126 9 198 271 9 19d
127 9 la4 272 9 1c2
128 9 1b8 273 8 b5
129 10 38c 274 8 al
130 19 3a4 275 8 96
131 10 3c4 276 8 97
132 10 3c6 277 8 95
133 10 3dd 278 8 99
134 10 3e8 279 8 a0
13$ 8 ad 280 8 a2
136 10 3af 281 8 ac
137 9 192 282 8 a9
138 8 bd 283 8 bl
139 8 be 284 8 b3
140 9 I8¢ 285 3 bb
141 9 197 286 8 c0
142 9 19a 287 9 18f
143 9 1a3 288 5 4
144 9 1bl
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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

Table A.14 — Kaiser-Bessel window for SSR profile for 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 0.00386719980692 16 135 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 0.8046173857073919
14 0)0095093917383048 142 0.8110450872887550
15 0.0105590986429280 143 0.8173544143867162
16 0.0116765080854300 144 0.8235441764639875
17 0.0128638627792770 145 0.8296133044858474
18 0.0141233971318631 146 0.8355608512093652
19 0.0154573353235409 147 0.8413859912867303
20 0.0168678890600951 148 0.8470880211822968
21 0.0183572550877256 149 0.8526663589032990
22 0.0199276125319803 150 0.8581205435445334
23 0.0215811201042484 151 0.8634502346476508
24 0.0233199132076965 152 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

126 © ISO/IEC 2003 — Al rights reserved


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

Table A.14 (continued)
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i w(i) i w(i)
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 0.921464283185941 |
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 0.9443838242107 182
44 0.0789577503982528 172 0.9472176277741918
45 0.0829069827918993 173 0.9499464282852282
46 0.0869763963425241 174 0.9525720912004834
47 0.0911667569410503 175 0.9550965394547873
48 0.0954787380973307 176 0/9575217494469370
49 0.0999129187977865 177 0:9598497469802043
50 0.1044697814663005 178 0.9620826031668507
51 0.1091497100326053 179 0.9642224303060783
52 0.1139529881122542 180 0.9662713777449607
53 0.1188797973021148 181 0.9682316277319895
54 0.1239302155951605 182 0.9701053912729269
55 0.1291042159181728 183 0.9718949039986892
56 0.1344016647957880 184 0.9736024220549734
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 0.9916310308941294
73 02426840122941792 201 0.9922909359973702
74 0.2500550240636293 202 0.9929086532976777
75 0.2575259686921987 203 0.9934861430841844
76 0.2650945206801527 204 0.9940253220113651
77 0.2727582531907993 205 0.9945280613237534
78 0.2805146399424422 206 0.9949961852476154
79 0.2883610572460804 207 0.9954314695504363
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Table A.14 (continued)

i w(i) i w(i)
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 0.4148078660689724 222 0.9990688725744943
95 0.4236684856687616 223 0.9991776444921379
96 0.4325622561631607 224 0.9992757396582338
97 0.4414852981630577 225 0.9993639958299003
98 0.4504336971855032 226 0.9994432036616085
99 0.4594035078775303 227 0.9995141079353859
100 0.4683907582974173 228 049995774088586188
101 0.4773914542472655 229 0.9996337634216871
102 0.4864015836506502 230 0.9996837868076957
103 0.4954171209689973 231 0.9997280538466377
104 0.5044340316502417 232 0.9997671005064359
105 0.5134482766032377 233 0.9998014254134544
106 0.5224558166913167 234 0.9998314913952471
107 0.5314526172383208 235 0.9998577270385304
108 0.5404346525403849 236 0.9998805282555989
109 0.5493979103766972 237 0.9999002598526793
110 0.5583383965124314 238 0.9999172570940037
111 0.5672521391870222 239 0.9999318272557038
112 0.5761351935809411 240 0.9999442511639580
113 0.5849836462541291 241 0.9999547847121726
114 0.5937936195492526 242 0.9999636603523446
115 0J6025612759529649 243 0.9999710885561258
116 0.6112828224083939 244 0.9999772592414866
117 0.6199545145721097 245 0.9999823431612708
118 0.6285726610088878 246 0.9999864932503106
19 0.6371336273176413 247 0.9999898459281599
120 0.6456338401819751 248 0.9999925223548691
121 0.6540697913388968 249 0.9999946296375997
122 0.6624380414593221 250 0.9999962619864214
123 0.67073522390341151 251 0.99999750181K80320
124 0.6789580485595255 252 0.9999984208055542
125 0.6871033051160131 253 0.9999990808746198
126 0.6951678668345944 254 0.9999995351446231
127 0.7031486937449871 255 0.9999998288155155
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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

t

y;

nese particular codebooks to indicate coding by extended coding methods.
\s an example, the syntax in subclause 6.3 would change to

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

Syntax No. of bits

Mnemonic

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]]; 1..19
else if (stb_cb[g][stb] == 13)
if (noise_pcm_flag) {
noise_pcm_flag = 0;
dpcm_noise_nrg[g][sfb]; 9
} else
hcod_sf[dpecm) noise_nrg[g][sfb]]; 1..19
else
hcod_sf[dpem_sf[g][sfb]]; 1..19

bslbf

uimsbf

bslbf

bslbf
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Annex C
(informative)

Encoder

CA Psychoacoustic model

C.1.1 _General

This apnex presents the general Psychoacoustic Model for the AAC encoder . The psychoacoustic

model calculates the maximum distortion energy which is masked by the signal energy. This-energy

is callgd threshold. The threshold generation process has three inputs. They are:

1. The shift length for the threshold calculation process is called iblen. This iblen “must remgin
corstant over any particular application of the threshold calculation process. Since it is necessgry
to galculate thresholds for two different shift lengths, two processes, each running with a fixed
shift length, are necessary. For long FFT iblen = 1024, for short FFT iblen < 128.

2. Fot each FFT type the newest iblen samples of the signal, with the samples delayed (either in ttle
filterbank or psychoacoustic calculation) such that the window of th€psychoacoustic calculatipn
is dentered in the time-window of the codec time/frequency transform .

3. The sampling rate. There are sets of tables provided for the)standard sampling rates. Samplihg
rat¢, just as iblen, must necessarily remain constant over{one implementation of the threshqld
calgulation process.

The output from the psychoacoustic model is :

1. as
bel

2. the
3. the
4. an
The dg
attack,

blocks

Befory
and thg

et of Signal-to-Mask Ratios and thresholds;, which are adapted to the encoder as describ
DW,

delayed time domain data (PCM samnples) , which are used by the MDCT,

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

lay of the PCM-samples is necessary , because if the switch decision algorithm detects
so that shortsblocks have to be used for the actual frame, the long block before the sh
has to be ‘patehied’ to a start block type in this case..

b runnidg-the model initially, the array used to hold the preceding FFT source data wind
arrays-used to hold »(w) and f(w) should be zeroed to provide a known starting point.

estimation of how many bits should be used for encoding in addition to the average available
bitg.

an
rt

\%%

C1.2

L_Comments-on-notation
tion

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

130

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 partition domain.
In the case where the calculation includes a convolution or sum in the threshold
calculation partition domain, bb will be used as the summation variable. Partition

numbering starts at 0.
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n- indicates that the calculation is indexed in the coder scalefactor band domain. 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 "spreading function". It is calculated by the
following method:

ifj >= i
tnpx = 3.0 (j-i )

\

S

<

Ll S |

and tmpx is a temporary variable.

el se
tnpx = 1.5(j-i)

Vhere i is the Bark value of the signal being spread, j is the Bark value of the band being spr

tnpz = 8 * mini mum ((tnpx-0.5)2-2(tnpx-0.5), 0)
Vhere tmpz is a temporary variable, and minimum (a , b) is a function returning the more neg
orb.

tnpy = 15.811389 + 7.5(tnpx + 0.474)-17.5(1.0+(tnpx +'0.474)2)0.5
Vhere tmpy is another temporary variable.

if (tmpy <- 100) then {sprdngf (i, j) = 0} else {sprdngf (i, j) = 10™((tmpz + tmpy)/10

}.1.4  Steps in threshold calculation

'he following are the necessary steps for the calculatien of SMR(n) and xmin(n) used in the ¢
bng and short FFT.

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

iblen new samples are made available at every call to the threshold generator. The t
generator must store 2 * iblen <liblen samples, and concatenate those samples to ac
reconstruct 2 * iblen consecutive-samples of the input signal, s(i), where i represents the
<=1i<2 *iblen , of the currentinput stream.

. Calculate the complex spectrum of the input signal.

First, (i) is windowed-by a Hann window, i.e.

swi) = s(i) #10.5-0.5 * cos(( pi *(i+0.5))/ iblen).
Second, a startdard forward FFT of sw(i)calculated.Third, the polar representation of the t
is calculated./r(w) and f(w) represent the magnitude and phase components of the tran
sw(i), respectively.

. Calenlate a predicted r(w)and f(w).

A ‘predicted magnltude r _pred(w) and phase f pred(w) are calculated from the preced

pad into,

pative of

——

oder for

hreshold
curately
index, 0

ansform
sformed

ing two

He

14
thtreSnoTa Lzal\.zul(«lLlUll UIUUI\D T ( VV/GIIUJ( VV/

r_pred(w) =2.0*r (t-1)-r(t-2)
f pred(w) =2.0 * f(t-1)-f (t-2)
where ¢ represents the current block number, -/ indexes the previous block's data, and -2
the data from the threshold calculation block before that.

4. Calculate the unpredictability measure c(w).

r

c(w = (((r(w) * cos(f(w)) - r_pred(w) * cos(f_pred(w))"2 + (r(w) * sin(f
_pred(w
* sin(f_pred(w))*2)70.5 ) / (r(w + abs(r_pred(w))
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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 used. If calculation power should be saved,
the unpredictability of the upper part of the spectrum can be set to 0.4.

5. Calculate the energy and unpredictability in the threshold calculation partitions.

The energy in each partition, e(b), is:

do for each partition b:

(e(b)) is used in the M/S-module (see subclause C.6.1) : e(b) is equal to Xengy with ‘X’ =

R,L

c(b) =0
do fromlower index to upper index w of partition b
c(b) =c(b) +r(w"2* c(w
end do
and do
The| threshold calculation partitions provide a resolutien'of approximately either one FFT line
1/3 kritical band, whichever is wider. At low frequengies, a single line of the FFT will constitut¢

caldulation partition. At high frequencies, many.lines will be combined into one calculati
partition. A set of partition values is provided for\each of the three sampling rates in Table C.1

Tab|

sevgral elements in each Table entry:

A o e

6. Co

—h

gnd do

do for each partition b:

e(b) =0

do fromlower index to upper index w of partition b
e(b) = e(b) + r(wn"2

end do

[M,S]) and the weighted unpredictability, ¢(b), is:

le C.24. These Table elements will be uséd in the threshold calculation process. There §

The index of the calculation partition,.b.

The lowest frequency line in the partition, w_low(b).
The highest frequency line in.the partition, w_high(b)
The median bark value of.the partition, bval(b)

The threshold in quigt'gsthr(b)

A largest value of b;’bmax, equal to the largest index, exists for each sampling rate.
nvolve the partitioned energy and unpredictability with the spreading function.

or each.partition b:

or

uil
to
re

ecbfb) =0
do*for each partition bb
L) L) 5 L)k Al £ [ | AN PN kL | VAW
CLU( V) = CULU( M) TC(VUN) oprultigr{ ovdr { vu ), vvar(uJ))
end do
end do

do 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

end do

Because ct(b) is weighted by the signal energy, it must be renormalized to cb(b)

132
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Just as this, due to the non-normalized nature of the spreading function, ecby, should be renormalized

and the normalized energy enp, calculated.
en(b) = ecb(b) * rnorn(b)

The normalization coefficient, rnorm(b). is:

do for each partition bb
tnp(b) = tmp(b) + sprdngf (bval (bb), bval (b))
end do
rnorn(b) = 1/ tnp(b)
gnd do
7. Convert cb(b) to tb(b) , the tonality index.

tb(b) = -0.299 — 0.43 | oge (ch(b))
Each tb(b) is limited to the range of 0<tb(b) <1.

8. Calculate the required SNR in each partition.

signal to noise ratio, SNR(b) , is:
SNR(b) = tb(b) * TMN(b) + (1-tb(b) ) ¥ NMI(b)

9. Calculate the power ratio.

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

10. Calculation of actual energy threshold, nb(b) .

nb(b) = en(b) * heeb)

11. Pre-echo centrol and threshold in quiet.

quietistalso considered here:

values of gsthr(b) shown in Figure C.1

NMT(b) = 6 dB for all b. NMT(b) is the value for noise masking tone (in dB) for the partition.
TMN(b) = 18 dB for all b. TMN(b) is the value.for tone masking noise ( in dB) .The fequired

nb(b) is also used in'the M/S-module (see clause 12): nb(b) is equal to Xthr with ‘X’=[R,[},M,S]

To avoid(pre-echoes the pre-echo control is calculated for short and long FFT, the threshold in

nb_1(b) is the threshold of partition b for the last block , gsthr(b) is the threshold in quiet | The dB

Table C.1 to Table C.24 are relative to the level that a sine wave of + or - %2 Isb has in the FFT
used for threshold calculation. The dB values must be converted into the energy domain after

considering the FFT normalization actually used.

nb(b) = max (gsthr(b), mn ( nb(b), nb_I(b)*rpelev ) )
rpelev is set to ‘1’ for short blocks and ‘2’ for long blocks

12. The PE is calculated for each block type from the ratio e(b) / nb (b) , where nb(b) is the threshold

and e(b) is the energy for each threshold partition.

PE =0

© ISO/IEC 2003 — All rights reserved
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do for threshold partition b
PE = PE - ( w_high(b)-wlowb)) * ogl0 ( nb(b) / ( e(b) +1) )
end do

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

if PE for long block is greater than sw tch_pe then
codi ng_bl ock_type = short_bl ock_type

el se
dodi ng_bl ock_type = |l ong_bl ock_type

end|if

i f {coding_bl ock type == short_bl ock_type) and
( ast _codi ng_bl ock_type == long_type) then

| ast coding block type = start_type
el se
ast _codi ng_bl ock_type = short_type
The| last four lines are necessary since there is no combined stop/stast'block type in AA[C.
swifch_pe is a implementation dependend constant

14. Calculate the signal-to-mask ratios, SMR(n) and the codec threshold Xmin(n).

Table 45 to Table 57 shows:

1. The index, swb, of the coder partition called scalefactor biand.

2. The offset of mdct line for the scalefactor band swb_offset long/short window.
we {lefine the following variable :

n =|swb

w_ | ow(n) = swb_of fset_| ong/ short _wi ndowgn)
w_high(n) = swb_offset_l ong/short_wi ndow(n+l) — 1
ThelFFT energy in the scalefactor band, epart(n), is:

do for each scal efactor band n

part(n) =0

do for w=lower index walowm n) to n = upper index w_high(n)
epart(n) = epart () + r(wn"2

and do

end| do

the threshold for one line of the spectrum is calculated according to:

[0)]

do for each thr€éshold partition b

tlhr(all line=i'ndices in this partition b )=

thr (wl\ow(b),...,w high(b)) = nb(b) / (w_high(b)+1-w_|ow(b))
end| do

the hoise'level in the scalefactor band on FFT level , npart(n)is calculated as:

do {or) each scal efactor band n
npart(n) = mnimun( thr(w.lown)),..., thr(w_high(n)) )
* (w_hi gh(n)+1-w_ | ow(n))
end do
Where, in this case, minimum (a,...,z) is a function returning the smallest positive 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 scalefactor band is
calculated:
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do for all scalefactor bands n

codec_e(n) =0

do for lower index i to higher index i of this scal efactor band

codec_e(n) = codec_e(n) +( ndct_line(i))"2

end do
end do
Then xmin(n), the maximum allowed error energy on MDCT level, can be calculated according to
this formula :

xmn (n) = npart(n) * codec_e(n) / epart (n)

115. Calculate the bit allocation out of the psychoacoustic entropy (PE).
bit_allocation = pewl* PE + pew2*sqrt(PE);
for long blocks the constants are defined as:

pewl = 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 limited to O<bit_allocation < 3000 and more-bits is calculated :

more_bits = bit_allocation - (mean_bits - side_info-bits)
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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 shortblocks
perceptual entropy
N > switch pe ? Y
calculate threshold (part 2) calculate threshold for short blocks

' 1

delay threshold (ratio), blocktype, perceptual entropy by one block
if (window_sequence(n) == EIGHTD SHORT_SEQUENCE &&
window_sequence(n-1) == QNLY_ LONG_SEQUENCE)
window_sequence(n-1)="LONG_ START SEQUENCE;

Y Y

output bufferl) blocktype, threshold (ratio), perceptual entropy, time signal |

Figure C.1 — Block diagram psychoacoustic model

136 © ISO/IEC 2003 — All rights reserved


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

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
& 54 62 5 220——38-82
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 10 435 | 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 4'32.69
17 160 170 11 6.10°\}"32.69
18 171 181 11 6@ | 32.69
19 182 192 11 6.79 | 32.69
20 193 204 12 7.13 | 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
31 346 363 18 10.91 | 34.83
32 364 381 18 11.25 | 34.83
33 382 400 19 11.58 | 35.06
34 401 420 20 11.91 | 35.29
35 421 441 21 12.24 | 35.50
36 442 464 23 12.58 | 35.89
37 465 488 24 12.92 | 36.08
38 489 514 26 13.26 | 36.43
39 515 541 27 13.59 | 36.59
40 542 570 29 13.93 | 36.90
41 571 601 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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Table C.2 — Psychoacoustic parametersfor 8 kHz short FFT

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
[§ 12 15 2 3.99 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 | 1529
17 34 35 2 9.29 | 1529
18 36 37 2 9.67<} 15.29
19 38 39 2 10:03)| 15.29
20 40 41 2 1037 | 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 1542 | 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 | gsthr
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 7 245 | 3773
7 49 55 7 2.82 | 37.73
8 56 62 7 3.18 [ 32.73
9 63 69 7 3.54 | 32.73
10 70 76 7 3.89 [ 32.73
11 77 83 7 4.24 | 30.73
12 84 90 7 4.59 | 30.73
13 91 97 7 492 | 30.73
14 98 105 8 5.28 [ 31.31
15 106 113 8 5.65 [ 3131
16 114 121 8 6.01 [ 3131
17 122 129 8 6.36 (]-31.31
18 130 137 8 6.70 \[31.31
19 138 146 9 706 | 31.82
20 147 155 9 7.42 | 31.82
21 156 164 9 7.77 | 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 11 9.50 [ 32.69
27 215 225 11 9.85 [ 32.69
28 226 237 12 10.19 | 33.07
29 238 249 12 10.54 | 33.07
30 250 262 13 10.88 | 33.42
31 263 275 13 11.22 | 33.42
32 276 289 14 11.56 | 33.74
33 290 304 15 11.90 | 34.04
34 305 320 16 12.24 | 34.32
35 321 337 17 12.59 | 34.58
36 338 355 18 12.94 | 34.83
37 356 374 19 13.28 | 35.06
38 375 394 20 13.62 | 35.29
39 395 415 21 13.96 | 35.50
40 416 438 23 14.29 | 35.89
41 439 462 24 14.63 | 36.08
42 463 488 26 14.96 | 36.43
43 489 516 28 15.29 | 36.75
44 S+ 546 36 156313765
45 547 579 33 15.96 | 37.46
46 580 614 35 16.30 | 37.72
47 615 652 38 16.63 | 38.07
48 653 693 41 16.97 | 38.40
49 694 737 44 17.30 | 38.71
50 738 785 48 17.64 | 39.09
51 786 836 51 17.97 | 39.35
52 837 891 55 18.30 | 39.68
53 892 950 59 18.64 | 39.98
54 951 1014 64 18.97 | 40.34
55 1015 1023 9 19.16 | 31.82
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Table C.4 — Psychoacoustic parametersfor 11.025 kHz short FFT

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
[§ [ [§ I 2.8 19.28
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 1 422 | 12.28
11 11 11 1 4.61 | 12.28
12 12 12 1 4.99 | 12.28
13 13 13 1 537 | 12.28
14 14 14 1 574 | 12.28
15 15 15 1 6.10 | 12.28
16 16 16 1 6.45 | 1228
17 17 17 1 6.79 | 12:28
18 18 19 2 7.44 <} 15.29
19 20 21 2 805/ 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 | gsthr
0 0 5 6 0.18 | 45.06
1 6 11 6 0.53 | 45.06
2 12 17 6 0.89 | 45.06
3 18 23 6 1.24 | 40.06
4 24 29 6 1.59 | 40.06
5 30 35 6 1.94 | 40.06
6 36 41 6 2.29 | 37.06
7 [iy) 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 7 438 | 30.73
13 80 86 7 475 | 30.73
14 87 93 7 5.11 | 30.73
15 94 100 7 547 | 30.73
16 101 107 7 5.82 | 30.93
17 108 114 7 6.15 {'\30.73
18 115 122 8 6.51\}31.31
19 123 130 8 688 | 31.31
20 131 138 8 7.24 | 31.31
21 139 146 8 7.58 | 31.31
22 147 154 8 7.92 | 31.31
23 155 163 9 827 | 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
%5 %490 518 29 158113690
46 519 549 31 16.15 | 37.19
47 550 583 34 16.48 | 37.59
48 584 619 36 16.82 | 37.84
49 620 658 39 17.15 | 38.19
50 659 700 42 17.48 | 38.51
51 701 745 45 17.81 | 38.81
52 746 794 49 18.14 | 39.18
53 795 847 53 18.48 | 39.52
54 848 904 57 18.81 | 39.83
55 905 965 61 19.15 | 40.13
56 966 1023 58 19.47 | 39.91
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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 1 095 [ 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
[§ [ [§ I 2.81 19.28
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 1 498 | 12.28
12 12 12 1 539 [ 12.28
13 13 13 1 579 | 12.28
14 14 14 1 6.18 | 12.28
15 15 15 1 6.56 | 12.28
16 16 16 1 6.93 | 1228
17 17 17 1 7.28 | 12:28
18 18 18 1 7.63 <} 12.28
19 19 20 2 828 )| 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 1145 | 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

© ISO/IEC 2003 — All rights reserved


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

Table C.7 — Psychoacoustic parametersfor 16 kHz long FFT

index | w_low | w_high [ width | bval | gsthr
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
[§ 30 34 D 2.54 33.50
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 | 2830
15 75 80 6 5.79 [(28:30
16 81 86 6 6.18.-128.30
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 7.63 | 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
29 169 177 9 10.75 | 30.73
30 178 186 9 11.10 | 31.31
31 187 196 10 1145 | 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 1591 | 35.15
45 396 419 24 16.25 | 35.32
46 420 445 26 16.58 | 35.73
47 446 473 28 16.92 | 3591
48 474 503 30 17.25 | 36.42
49 504 536 33 17.59 | 36.75
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Table C.7 (continued)

index | w_low | w_high [ width | bval | gsthr
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
0 /92 343 24 1994 1 41.84
57 846 903 58 20.27 | 42.13
58 904 965 62 20.61 | 44.41
59 966 1023 58 20.92 | 44.87

Table C.8 — Psychoacoustic parametersfor 16 kHz short FRT

index | w_low | w_high [ width | bval | gsthr
0 0 0 1 0.00 [ 27.28
1 1 1 1 0.63 [ 27.28
2 2 2 1 1.26 | 22,28
3 3 3 1 1.88 /| 22.28
4 4 4 1 2.50y] 19.28
5 5 5 1 31 | 14.28
6 6 6 1 3.70 | 14.28
7 7 7 1 428 | 12.28
8 8 8 1 4.85 | 12.28
9 9 9 1 539 [ 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 1 7.85 | 12.28
15 15 15 1 8.29 | 12.28
16 16 16 1 8.70 | 12.28
17 17 17 1 9.10 [ 12.28
18 18 18 1 9.49 | 12.28
19 19 19 1 9.85 | 12.28
20 20 20 1 10.20 | 12.28
21 21 22 2 10.85 | 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 1339 11529
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
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Table C.8 (continued)

ISO/IEC 13818-7:2003(E)

index | w_low | w_high [ width | bval | gsthr
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
a4l 91 97 / 19.55 | 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

Table C.9 — Psychoacoustic parametersfor 22.05 kHz long FFT

index | w_low | w_high [ width | bval | gsthr
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 | 3530
6 24 27 4 2.79 | 3530
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 4 441 | 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 0 989 30.00
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

© ISO/IEC 2003 — All rights reserved

145


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

Table C.9 (continued)

index | w_low | w_high [ width | bval | gsthr
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 2351 203 15 15.40 | 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 | 3749
52 495 527 33 19.17 | 3746
53 528 563 36 19.51<4 37.84
54 564 601 38 19:84)| 38.07
55 602 642 41 20217 | 41.40
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 2248 | 50.13
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Table C.10 — Psychoacoustic parametersfor 22.05 kHz short FFT

index | w_low | w_high [ width | bval | gsthr
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 1 341 | 14.28
5 5 5 1 422 | 12.28
[§ [ [§ I 4.99Y 12.28
7 7 7 1 574 | 12.28
8 8 8 1 6.45 | 12.28
9 9 9 1 7.12 | 12.28
10 10 10 1 7.75 | 12.28
11 11 11 1 8.36 | 12.28
12 12 12 1 8.92 | 12.28
13 13 13 1 9.45 | 12.28
14 14 14 1 9.96 | 12.28
15 15 15 1 10.43 | (1228
16 16 16 1 10.87.-1012.28
17 17 17 1 1129 | 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 60 63 4 19.02 | 18.30
36 64 68 5 19.37 | 19.27
37 69 73 5 19.74 | 19.27
38 74 78 5 20.09 | 22.27
39 79 84 6 20.44 | 23.06
40 85 90 6 20.79 | 23.06
41 91 97 7 21.15 | 25.73
42 98 104 7 21.50 | 25.73
43 105 112 8 21.85 [ 26.31
44 113 120 8 22.20 | 31.31
45 121 127 7 22.49 | 30.73

© ISO/IEC 2003 — All rights reserved

147


https://standardsiso.com/api/?name=d8acae90ebe3de2075307a8d5250cd69

ISO/IEC 13818-7:2003(E)

148

Table C.11 — Psychoacoustic parametersfor 24 kHz long FFT

index | w_low | w_high [ width | bval | gsthr
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
[§ 18 20 3 2.29 34.05
7 21 23 3 2.63 | 34.05
8 24 26 3 298 | 34.05
9 27 29 3 3.31 | 29.05
10 30 32 3 3.65 [ 29.05
11 33 36 4 4.03 | 28.30
12 37 40 4 446 | 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 | 2830
18 61 64 4 6.83 {} 28.30
19 65 68 4 749 [ 28.30
20 69 72 4 7.54 | 28.30
21 73 76 4 7.88 | 28.30
22 77 81 S5 8.25 | 29.27
23 82 86 S 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
29 114 119 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
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Table C.11 (continued)

ISO/IEC 13818-7:2003(E)

index | w_low | w_high [ width | bval | gsthr
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
0 3% >/d 3/ 20.04 [ 40.96
57 576 614 39 20.38 | 41.19
58 615 656 42 20.71 | 41.51
59 657 701 45 21.04 | 43.81
60 702 750 49 21.37 | 44.18
61 751 803 53 21.70 | 44.52
62 804 860 57 22.04 | 49.83
63 861 922 62 22.37 | 50.20
64 923 989 67 22.70 | 50.54
65 990 1023 34 22.95 | (4759
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Table C.12 — Psychoacoustic parametersfor 24 kHz short FFT

index | w_low | w_high [ width | bval | gsthr
0 0 0 1 0.00 [ 27.28
1 1 1 1 095 | 27.28
2 2 2 1 1.88 | 22.28
3 3 3 1 2.81 | 19.28
4 4 4 1 3.70 [ 14.28
5 5 5 1 4.57 | 12.28
[§ [ [§ I J.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 1 891 | 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 1145 | 1228
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 1328 | 15.29
21 22 23 2 13.87 | 15.29
22 24 25 2 14.40 | 15.29
23 26 27 2 14.88 | 15.29
24 28 29 2 15.32 | 15.29
25 30 31 2 15.71 | 15.29
26 32 33 2 16.08 | 15.29
27 34 36 3 16.49 | 17.05
28 37 39 3 16.94 | 17.05
29 40 42 3 17.35 | 17.05
30 43 45 3 17.73 | 17.05
31 46 48 3 18.07 | 17.05
32 49 52 4 18.44 | 18.30
33 53 56 4 18.83 | 18.30
34 57 60 4 19.20 | 18.30
35 61 65 5 19.57 | 19.27
36 66 70 5 19.96 | 19.27
37 71 75 5 20.31 | 22.27
38 76 81 6 20.67 | 23.06
39 82 87 6 21.04 | 25.06
40 88 94 7 2141 | 25.73
41 95 101 7 21.77 | 25.73
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
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