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

The procedures used to develop this document and those intended for its further maintenance are described in

the IS

O/IEC Directives, Part 1. In particular, the different approval criteria needed for the diffi

docun
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ives, Part 2 (see www.iso.org/directives).

ion is drawn to the possibility that some of the elements of this document may be)the sub
ISO and IEC shall not be held responsible for identifying any or all such patentrights. Detailg
identified during the development of the document will be in the Introduction’ and/or on
I declarations received (see www.iso.org/patents) or the IEC list of patent declarations
/patents.iec.ch).
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ade name used in this document is information given for the convenience of users and does

formity assessment, as well as information about ISO's-adherence to the World Trade Organt

ocument was prepared by Joint Technical Committee ISO/IEC JTC 1, Information technology,
Coding of audio, picture, multimedia and hypermedia information.

econd edition cancels and replaces the-first edition (ISO/IEC 23003-3:2012), which has be
d. It also incorporates ISQ/IEC 23003-3:2012/Cor.1:2012, ISO/IEC 23003-3:201
C 23003-3:2012/Cor.3:2015, 1SO/IEC 23003-3:2012/Cor.4:2015, 1SO/IEC 23003-3:2012
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Introduction

As mobile appliances become multi-functional, multiple devices converge into a single device. Typically, a wide
variety of multimedia content is required to be played on or streamed to these mobile devices, including audio

data that cons

ists of a mix of speech and music.

This document specifies unified speech and audio coding (USAC), which allows for coding of speech, audio or any
mixture of speech and audio with a consistent audio quality for all sound material over a wide range of bitrates. It
supports single and multi-channel coding at high bitrates and provides perceptually transparent quality. At the
same time, it enables very efficient coding at very low bitrates while retaining the full audio bandwidth.

Where previdg
encode all con

In order to ac
MDCT-based {
coder elemen
MPEG surrou
and operates

The main focys of this codec are applications in the field of typical broadcast sgenarios, multimedia downl

mobile device]

The Internati
draw attentio

ISO and IEC t4
The holder o
reasonable ar
the statement]

the patent daf]

Attention is d

rights other than those in the patent database. ISO and IEC shall not be held responsible for identifying any

such patent ri

tent equally well, regardless of the content type.

ransform coding techniques known from MPEG-4 audio and combined them with specialized s
s like ACELP. Parametric coding tools such as MPEG-4 spectral band replication<(SBR) and M
nd were enhanced and tightly integrated into the codec. The result delivers-highly efficient d
Hown to the lowest bit rates.

5, user-generated content such as podcasts, digital radio, mobile(TV;audio books, etc.

bnal Organization for Standardization (ISO) and International Electrotechnical Commission
h to the fact that it is claimed that compliance with this de¢éument may involve the use of a pate

ke no position concerning the evidence, validity and\scope of this patent right.

f this patent right has assured ISO and IEC<{that he/she is willing to negotiate licences
d non-discriminatory terms and conditionsvwith applicants throughout the world. In this rd
of the holder of this patent right is registered with ISO and IEC. Information may be obtaineg
abase available at www.iso.org/patents.

rawn to the possibility that some”of the elements of this document may be the subject of j

chts.

us audio codecs had specific strengths in coding either speech or audio content, USAC is able to

nieve equally good quality for coding audio and speech, the developers of USAC employéd the proven

peech
PEG-D
oding

bad to

(IEC)
nt.

under
spect,
from

batent
or all
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Information technology — MPEG audio technologies —

Part 3:

Uni

fied speech and audio coding

1 S

This d
mix o
codin
codec

the same time, it enables very efficient coding at very low bitrates while retaining the full audio band

This document incorporates several perceptually-based compression techniques developed in p

stand

cope

ocument specifies a unified speech and audio codec which is capable of coding signals havin
f speech and audio content. The codec has a performance comparable to, or petter than, th
b technology that might be tailored specifically to coding of either speech_ ér\general audig
supports single and multi-channel coding at high bitrates and provides perceptually transparj

hrds: perceptually shaped quantization noise, parametric coding of the upper spectruy

g an arbitrary
e best known
content. The
ent quality. At
width.

revious MPEG
h region and

paranjetric coding of the stereo sound stage. However, it combines these well-known perceptual techniques with a

sourc

2 N
The fi
requil
latest
ISO/1]
ISO/T}

1S0/11

1S0/11

3 1

e coding technique: a model of sound production, specifically-that of human speech.

[ormative references
llowing documents are referred to in the text’in such a way that some or all of their conte
ements of this document. For dated references, only the edition cited applies. For undated 1
edition of the referenced document (including any amendments) applies.

C 14496-3:2019, Information technology — Coding of audio-visual objects — Part 3: Audio
C 14496-26:2010, Information technology — Coding of audio-visual objects — Part 26: Audio cd

C 23003-1, Information.,technology — MPEG audio technologies — Part 1: MPEG Surround

C 23003-4, Information technology — MPEG audio technologies — Part 4: Dynamic range contr

'erms, definitions, symbols and abbreviated terms

nt constitutes
eferences, the

nformance

3.1

T A-daofiiki
TCTIIIS AT UuTIIIIntIuvlns

For the purposes of this document, the terms and definitions given in ISO/IEC 14496-3, ISO/IEC 23003-1 and the
following apply.

ISO and IEC maintain terminological databases for use in standardization at the following addresses:

— ISO Online browsing platform: available at https: //www.iso.org/obp

— IEC Electropedia: available at http://www.electropedia.org/

3.1.1
algeb

raic codebook

fixed codebook where an algebraic code is used to populate the excitation vectors (innovation vectors)

© ISO/IEC 2020 - All rights reserved
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Note 1 to entry: The excitation contains a small number of nonzero pulses with predefined interlaced sets of potential

positions. The amplitudes and positions of the pulses of the kth excitation codevector can be derived from its index k through a
rule requiring no or minimal physical storage, in contrast with stochastic codebooks whereby the path from the index to the
associated codevector involves look-up tables.

3.1.2

algebraic vector quantizer

AVQ

process associating, to an input block of 8 coefficients, the nearest neighbour from an 8-dimensional lattice and a
set of binary indices to represent the selected lattice point

Note 1 to entry: This definition describes the encoder. At the decoder, AVQ describes the process to obtain, from the received

set of binary in

3.1.3
closed-loop p
result of the

speech and th

Note 1 to entry
closed-loop pit

3.1.4

lices, the 8-dimensional lattice point that was selected at the encoder.

itch

e long-term filter state

h search is performed for every subframe.

fractional pitich

set of pitch lag
Note 1 to entry
3.1.5

zero-input re
ZIR

b values having sub-sample resolution

sponse

In the LPD USAC, a sub-sample resolution of 1/4th or 1/2rld of a'sample is used.

hdaptive codebook search, a process of estimating the pitch (lag) value from the’weighted|input

. In the closed-loop search, the lag is searched using error minimization loop (analysis-by-synthesis). Inf USAC,

output of a filer due to past inputs, i.e., due to the present state of the filter, given that an input of zeros is applied

3.1.6
immediate p
IPF

audio frame that contains an extension payload of type ID_EXT_ELE_AUDIOPREROLL

Note 1 to entry
contain an aded

3.1.7
independent
IF

audio frame in whiehthe bitstream element usaclndependencyFlag has a value of 1

ay-out frame

ly decodable frame

3.1.8

: The extension payloadishdll contain a Config() element as defined in 7.18, i.e.,, configLen > 0. It should also
uate number of audig pre-roll frames, i.e,, numPreRollFrames > 0, for pre-rolling the audio decoder.

bitstream

encoded audio data

3.19

conformance data
conformance test sequences and conformance tools

3.1.10

conformance tool
tool to check certain conformance criteria

© ISO/IEC 2020 - All rights reserved
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3.1.11
conformance test sequence
conformance test bitstreams and corresponding reference waveforms

3.1.12

confo
USAC

rmance test bitstream
bitstream used for testing the conformance of a USAC decoder

3.1.13

confo

rmance test condition

-3:2020(E)

condition which applies to properties of a conformance test bitstream in order to test a certain functionality of the

3.1.1
conf
comb

providled

3.1.1%

main
audio

3.1.1¢
refers
decod

3.1.17

USAC
data e

3.2

For the purposes of this document, the symbols and abbreviated terms given in ISO/IEC 144

follow

ACEL]

PVC

uclbf

NOTE
unary

USAC

mance test case
nation of one or more conformance test conditions for which a set of conformance test sequen

D
audio channel
channel conveyed by means of a UsacSingleChannelElement or UsacGhannelPairElement

D
bnce waveform
ed counterpart of a bitstream

y

bitstream
ncoded according to this document

Symbols and abbreviated terms

ing apply.
p algebraic code-excited linear predictor
predictive vector'coding

unary codeyleft bit first

"left bit'first" refers to the order in which the unary codes are received. The value is encoded using
code, whereany decimal value d is represented by d ‘1’ bits followed by one ‘0’ stop-bit.

unified speech and audio coding

Ces is

96-3 and the

a conventional

UsacCPE UsacChannelPairElement

UsacEXT  UsacExtElement

UsacLFE UsacLfeElement

UsacSCE  UsacSingleChannelElement

v[]=

{a}  This expression indicates that all elements of the array v shall be set to the value a.

© ISO/IEC 2020 - All rights reserved
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4 Technical overview

4.1 Decoder block diagram

The block diagram of the USAC decoder as shown in Figure 1 reflects the general structure of MPEG-D USAC which
can be described as follows (from bottom to top): There is a common pre/postprocessing stage consisting of an
MPEG Surround functional unit to handle stereo processing (MPS212) and an enhanced SBR (eSBR) unit which
handles the parametric representation of the higher audio frequencies in the input signal. Then there are two
branches, one consisting of a modified advanced audio coding (AAC) tool path (frequency domain, "FD") and the
other consisting of a linear prediction coding (LP or LPC domain, "LPD") based path. The latter can use either a
frequency domain representation or a time domain representation of the LPC residual. All transmitted spectra for

both FD and
context adapt

In case of trd
reconstructed
signal spectrd
the time dom|
modify one or

In case of trar
process the r
arrive at the g

For each of th
cases where t
without modi

In places wh
representatio
one domain tq

eSBR and MP§

The USAC sp
quality/comp

NOTE An in

LPD path are represented in MDCT domain. The quantized spectral coefficients are coded-u
ve arithmetic coder. The time domain representation uses an ACELP excitation coding scheme

nsmitted spectral information, the decoder shall reconstruct the quantized spectra; proce
spectra through whatever tools are active in the bitstream payload in order to_arrive at the
as described by the input bitstream payload, and finally convert the frequeney-domain speq
hin. Following the initial reconstruction and scaling of the spectrum, there are optional tool
more of the spectra in order to provide more efficient coding.

smitted time domain signal representation, the decoder shall reconstrtict the quantized time
pconstructed time signal through whatever tools are active in-the’ bitstream payload in or
ctual time domain signal as described by the input bitstream payload.

e optional tools that operate on the signal data, the optieh to "pass through" is retained, and

he processing is omitted, the spectra or time samplesat\its input are passed directly through th

fication.

ere the bitstream changes its signal representation from time domain to frequency d

h or from LP domain to non-LP domain or wiee versa, the decoder shall facilitate the transitior
the other by means of an appropriate transition mechanism.

212 processing is applied in the same manner to both coding paths after transition handling.

ecification offers in some inStances multiple decoding options that serve to provide dif
exity trade-offs.

formative overview of encoder tools is given by Annex B.

sing a

5s the
actual
tra to
s that

ignal,
ler to

in all
e tool

bmain
from

ferent
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Figure 1 — Simplified block diagram of the typical USAC decoder configuration

4.2 Overview of the decoder tools
The input to the bitstream payload demultiplexer tool is the MPEG-D USAC bitstream payload. The demultiplexer

separates the bitstream payload into the parts for each tool, and provides each of the tools with the bitstream
payload information related to that tool.

© ISO/IEC 2020 - All rights reserved 5
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The outputs from the bitstream payload demultiplexer tool are:

or: li

depending on the core coding type in the current frame, either:

the quantized and noiselessly coded spectra represented by:

scalefactor information;
arithmetically coded spectral lines;

near prediction (LP) parameters together with an excitation signal represented by either:

the spect
the M/S ¢

the temp

the time

the MPE(

The scalefact
information, g

The input to t
— thescale

The output of|

the decod

The context a
from the bitst
coded data, ajf

quantized and arithmetically coded spectral lines (transform coded excitation, TCX) or;
ACELP coded time domain excitation;

Fal noise filling information (optional);

lecision information (optional);

bral noise shaping (TNS) information (optional);

the filterlpank control information;

hinwarping (TW) control information (optional);

the enhanced spectral bandwidth replication (eSBR) control.information (optional);

E Surround 2-1-2 (MPS212) control information, (optional).

r noiseless decoding tool takes information from the bitstream payload demultiplexer, parse
nd decodes the Huffman and DPCM coded scalefactors.

he scalefactor noiseless decoding tGol is:
actor information for the nhoiselessly coded spectra.
the scalefactor noiseless decoding tool is:

led integer representation of the scalefactors.

Haptive ‘arithmetic decoding tool performs the spectral noiseless decoding step. It takes inforn
ream payload demultiplexer, parses that information, decodes the context adaptive arithme
d¥€constructs the quantized spectra.

s that

hation
tically

The input to this noiseless decoding tool is:

The output of

the noiselessly coded spectra.

this noiseless decoding tool is:

the quantized values of the spectra.

The inverse quantizer tool takes the quantized values for the spectra, and converts the integer values to the non-
scaled, reconstructed spectra. This quantizer is a companding quantizer, whose companding factor depends on
the chosen core coding mode.
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The input to the inverse quantizer tool is:

— the quantized values for the spectra.

The output of the inverse quantizer tool is:

— the un-scaled, inversely quantized spectra.

The noise filling tool is used to fill spectral gaps in the decoded spectra, which occur when spectral value are
quantized to zero, e.g., due to a strong restriction on bit demand in the encoder.

The irf

The o

— t

puts to the noise filling tool are:

he un-scaled, inversely quantized spectra;

oise filling parameters;

he decoded integer representation of the scalefactors.

itputs to the noise filling tool are:

— nmhodified integer representation of the scalefactors.

The r¢
un-sc

The in

The o

For ajf

For ajf

pscaling tool converts the integer representation of the scalefactors to the actual values, and
led inversely quantized spectra by the relevant scalefactors.

puts to the scalefactors tool are:

e decoded integer representation of the’scalefactors;
he un-scaled, inversely quantized’spectra.

itput from the scalefactorstool is:

he scaled, inversely quantized spectra.

overview ovetthe M/S tool, refer to ISO/IEC 14496-3:2019, 4.1.1.2.

overview-over the temporal noise shaping (TNS) tool, refer to ISO/IEC 14496-3:2019, 4.1.1.2.

The filterbank/block switching tool applies the inverse of the frequency mapping that was carr

e un-scaled, inversely quantized spectral values for spectral linegs-which were previously quanltized to zero;

multiplies the

ed out in the

encoder. An inverse modified discrete cosine transform (IMDCT) is used for the filterbank tool. The IMDCT can be
configured to support 96, 128, 192, 256, 384, 512, 768, or 1024 spectral coefficients.

The inputs to the filterbank tool are:

— the (inversely quantized) spectra;

— the filterbank control information.

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

— the time domain reconstructed audio signal(s).
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The time-warped filterbank/block switching tool replaces the normal filterbank/block switching tool when the
time warping mode is enabled. The filterbank is the same (IMDCT) as for the normal filterbank, but in addition the
windowed time domain samples are mapped from the warped time domain to the linear time domain by time-
varying resampling.

The inputs to the time-warped filterbank tools are:

— the inversely quantized spectra;

— the filterbank control information;

. . 1:c .
— the time-pvat Pmg contrormrormatton:

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

— the linear time domain reconstructed audio signal(s).

The enhanced SBR (eSBR) tool regenerates the highband of the audio signal. It is based)on replication pf the
sequences of harmonics, truncated during encoding. It adjusts the spectral envelope/of the generated high-band
and applies inverse filtering, and adds noise and sinusoidal components in orfder to recreate the spectral
characteristicp of the original signal.

The input to the eSBR tool is:

— the quantized envelope data;

— control dpta;

— atime dogmain signal from the frequency domain core détoder or the ACELP/TCX core decoder.
The output offthe eSBR tool is either:

— atime domain signal or;

— a(QMF-dgmain representation of a signal, e.g., in case MPS212 is used.

The MPEG Surround 2-1-2 (MPS212) tool produces multiple signals from one input signal by applying a
sophisticated [upmix procedure (to) the input signal controlled by appropriate spatial parameters. In the|USAC

context MPSZ12 is used for coding a stereo signal, by transmitting parametric side information alonggide a
transmitted dpwnmixed signal.

The input to the MPS21}2/tool is:

— a downmlixed time domain signal or;

— a QMF-domain representation of a downmixed signal from the eSBR tool.
The output of the MPS212 tool is:

— atwo-channel time domain signal.

The ACELP tool provides a way to efficiently represent a time domain excitation signal by combining a long term
predictor (adaptive codebook codeword) with a pulse-like sequence (innovation codebook codeword). The
reconstructed excitation is sent through an LP synthesis filter to form a time domain signal.

The input to the ACELP tool is:

— adaptive and innovation codebook indices;

8 © ISO/IEC 2020 - All rights reserved
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adaptive and innovation codes gain values;
other control data;

inversely quantized and interpolated LPC filter coefficients.

The output of the ACELP tool is:

the time domain reconstructed audio signal.

The MDCT based TCX decoding tool is used to turn the weighted LP residual representation from an MDCT-

domajn back to the time domain and outputs a time domain signal in which weighted LP synthesi
been applied. The IMDCT can be configured to support 256, 512, or 1024 spectral coefficients.

The injput to the TCX tool is:

The opitput of the TCX tool is:

4.3

The opitput of the USAC decoder can be further processed:by MPEG Surround (MPS) (ISO/IEC 2300
audio|object coding (SAOC) (ISO/IEC 23003-2). If the SBR tool in USAC is active, a USAC decoder c3
ntly combined with a subsequent MPS/SAQ€.decoder by connecting them in the QMF domain in the same
way as it is described for HE-AAC in ISO/IEC 23003-1:2007, 4.4. If a connection in the QMF domain i
they rleed to be connected in the time domain;

efficie

If MP$/SAOC side information is embedded into a USAC bitstream by means of the usacExtEleme
(with|usacExtElementType being IDLEXT_ELE_MPEGS or ID_EXT_ELE_SAOC), the time-alignment]
USAC|data and the MPS/SAOC data-assumes the most efficient connection between the USAC de
MPS/FAOC decoder. If the SBR-tool in USAC is active and if MPS/SAOC employs a 64 band
representation (see ISO/IECi23003-1:2007, 6.6.3), the most efficient connection is in the QMF domajin. Otherwise,
the mpst efficient connegction is in the time domain. This corresponds to the time-alignment for the c

HE-AAC and MPS as defined in ISO/IEC 23003-1:2007, 4.4, 4.5, and 7.2.1.
The aflditional délay introduced by adding MPS decoding after USAC decoding is given by ISO/IEC 2

4.5 and depends) on whether HQ MPS or LP MPS is used, and whether MPS is connected to USA
domain or/inthe time domain.

4.4

the (inversely quantized) MDCT spectra;

inversely quantized and interpolated LPC filter coefficients.

the time domain reconstructed audio signal.

Combination of USAC with MPEG Surround and SAOC

s filtering has

B-1) or spatial
n typically be

5 not possible,
Nt mechanism
between the
roder and the
QMF domain
bmbination of

3003-1:2007,
C in the QMF

Yo i 'y hak LCALC - | £
IIMTT IALTPTTWTETIT UoAT dIIU 5 Yy STTIILS

This subclause clarifies the interface between USAC and MPEG systems. Every access unit delivered to the audio
decoder from the systems interface shall result in a corresponding composition unit delivered from the audio
decoder to the systems interface, i.e., the compositor. This shall include start-up and shut-down conditions, i.e.,
when the access unit is the first or the last in a finite sequence of access units.

For an audio composition unit, the ISO/IEC 14496-1:2010, 7.1.3.5 composition time stamp (CTS) specifies that the
composition time applies to the n-th audio sample within the composition unit. For USAC, the value of n is always
1. Note that this applies to the output of the USAC decoder itself. In the case that a USAC decoder is, for example,
being combined with an MPS decoder as described in 4.3, the additional delay caused by the MPS decoding
process (see 4.3 and ISO/IEC 23003-1:2007, 4.5) needs to be taken into account for the composition units
delivered at the output of the MPS decoder.
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Decoder behaviour

General decoding process

The decoder shall operate in such a way that the decoding of one access unit shall always and immediately
produce one full composition unit of audio signal data (one audio frame with outputFrameLength number of

samples).

The decoder shall not discard any audio samples. In particular the decoder shall make no assumptions about
encoder delay and shall also not attempt to compensate assumed encoder processing delay by removing audio

samples from

the composition unit buffer.

Discarding of
normative US

4.4.1.2 I

Upon (re-)initjialization, all decoder internal signal buffers shall be set to zero.

Due to the in
when decodin

These start-u
zero-valued a

The number d

in the EditLis{box in an ISO base media file format environment. Note that this shall be done by the encoder.

If a given US4
creates additi
systems infras

4.4.1.3 )
The decoding
The presence
encoder to pi
start-up samp|

The decoding]
described in 7

If a given de

audio samples due to the presence of an EditListBox as described in Annex F is not part
AC decoder but shall be applied by the MPEG-4 systems infrastructure.

hitialization and re-initialization of the USAC decoder

tialized state of the decoder internal buffers, the decoder output may contain "start-up san
g the first access units of a given compressed data stream.

hd may be discarded by the systems infrastructure.

f start-up samples to be discarded may for example be)transmitted by means of the media_tim
\C decoder implementation produces more thian the minimum number of start-up samples

onal decoder delay), the number of additional samples shall be reported by the decoder
tructure. Systems infrastructure shall then'correctly apply delay compensation or time-alignm|

ecoding process of access unit with audio pre-roll

process of access units withsembedded audio pre-roll frames is identical to the above descripti
of audio pre-roll in the first access unit prepares the decoder internal signal buffers. This allo
oduce a compressed data stream, that will cause the decoder output buffer to contain less

les.

description2when changing from one configuration to another while employing audio pre-
.18.3.3.

oder-implementation produces additional start-up samples (additional decoder delay), thq

of the

nples”

b samples are samples that do not have a direct relation tohe-audio input data and are typically

e field

i.e., it
to the
ent.

WS an
or no

roll is

n the

flushing of th

b 0ld configuration (FlushDecoder()) shall be increased by the same amount of samples. The

signal

crossfade shall be delayed accordingly. The decoder shall ensure that the number of additional start-up samples

(additional de

coder delay) does not change when switching to another stream in the adaptation set.

4.5 USAC profiles and levels

4.5.1 Gene

ral

This subclause defines profiles and their levels for unified speech and audio coding.

Complexity units are defined to give an approximation of the decoder complexity in terms of processing power
and RAM usage required for the decoding process. The approximated processing power is given in “processor
complexity units” (PCU), specified in MOPS. The approximated RAM usage is given in “RAM complexity units”
(RCU), specified in kWords (1000 words).

10
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4.5.2 MPEG-4 HE AACv2 compatibility

Large parts of the USAC codec are inherited from the codec tools and structure subsumed in the MPEG-4 HE AAC
v2 profile. A few of these tools have been adopted into USAC as is. Many more have been adopted into USAC and
greatly enhanced in terms of performance, capability and flexibility. Others were substituted with tools which
provide a range of advantages over their MPEG-4 counterparts. As a result, USAC retains all functionalities and
performance features that the AAC family of technologies - AAC, HE AAC, HE AAC v2 - can provide. However, it
does not adopt all tools.

If a decoder is intended to provide full AAC family functionality, including the legacy MPEG-4 AAC tools, all coding
tools listed in Table 1 shall be considered.

The fgllowing tools listed in Table 1 are normatively referenced in USAC:
Table 1 — Summary of the location of and normative reference to the definitions'of-all AA(C, HE-AAC
and USAC coding tools as employed in the extended high efficiency AAC profile
defined AAC
Module Tool in subclause |~USAC LC SBR PS
ISO/IEC
block switching block switching 14496-3 4.6.11 X X
window shapes AAC based 14496-3 4611 X X
additional USAC 23003-3 6:2.9.3 X
filter bank AAC based 14496-3 4.6.11 X X
additional USAC 23003-3 7.9 X
TNS TNS 14496-3 4.6.9 X X
intensity/ intensity 14496-3 4.6.8.2 2 X
coupling coupling 14496-3 4.6.8.3 X
perceptual PNS 14496-3 4.6.13 B X
ngise synthesis noise filling 23003-3 7.2 X
basic mid/side coding 14496-3 4.6.8.1 X X
MS MDCT-based camplex 23003-3 7.7.2 X
prediction
| uantization non-uhiform 14496-3 4.6.1 X X
uniform 23003-3 7.1 X
spectral Huffman 14496-3 4.6.3 g X
noiseless context adaptive 23003-3 7.4 X
coding arithmetic coding
SBR base 14496-3 4.6.18 X X X
enhanced 23003-3 7.5 X
parametric parametric stereo 14496-3 8.6.4/8.A d X
stereo MPEG Surround 2-1-2 23003-3 6.2.13
. . . . X
extension (incl. residual coding)
ACEEP ACEEP 23663=3 % X
frequency scale factor based 14496-3 4.6.2 X X
domain noise LPC based (as part of 23003-3 7.15
shaping MDCT based TCX)
a  Functionality of the AAC LC intensity tool is fully provided by the MDCT-based complex prediction tool of USAC.
b Functionality of the PNS tool is largely provided by the noise filling tool of USAC.
¢ Functionality of the AAC LC Huffman coding tool is fully provided by the context adaptive arithmetic coding tool of
USAC.
d  Functionality of the parametric stereo tool is fully provided by the MPEG Surround 2-1-2 tool of USAC.
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4.5.3 Baseline USAC profile

In the baseline USAC profile the following coding tools shall not be employed:

— time warped filterbank;

— DFT based harmonic transposer in enhanced spectral band replication;

— fractional delay decorrelator in MPEG Surround for mono to stereo upmixing (MPS212).

Four different hierarchical levels are defined with increasing number of audio channels and increasing complexity.

The definitio

Furthermore,
part of the Us

can convenier

Furthermore the following requirements apply:

£.4] £ 1 1 £ 1 1 ILIC AL £:1 H H H Tolal Lo}
U'tIT 10Ul ITVTIS UT UIT U4dSTIIIC UoAu Pprullitc 1S SlVUll I 1dUIT 4.

Table 2 — Levels for the baseline USAC profile

Level Max. sam;l)\;lialll); rate Max. Max.
channels PCU RCU
[kHz]
1 1 48 7 6
2 2 48 12 11
3 5.1 48 31 28
4 5.1 96 62 28

Table 3 — Allowed sampling rates for the baseline USAC profile

restrictions on the sampling rate apply for the USAC baseline profile. The sampling rate signa
hcConfig() shall be one out of those listed in Table 3. Fhese sampling rates are chosen such thg
tly be resampled to 44100 Hz and 48000 Hz, respectively.

led as
t they

Sampling'rates [Hz] and
usacSamplingFrequencylndex
88200 0x01 96000 0x00
70560 n/a 76800 n/a
58800 n/a 64000 0x02
44100 0x04 48000 0x03
35280 n/a 38400 0x12
29400 n/a 32000 0x05
22050 0x07 24000 0x06
17640 n/a 19200 0x17
4760 n/a 16660 0x08
11760 n/a 12800 Ox1la
11025 0x0a 12000 0x09
8820 n/a 9600 0x1b
7350 0x0c 8000 0x0b

— The number of pre-roll frames, numPreRollFrames, in an AudioPreRoll() extension payload shall not exceed 3.

— Decoders conforming to the baseline USAC profile shall support the full decoding and correct handling of the
AudioPreRoll() extension.

12
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NOTE The number of pre-roll frames required for seamless operation of the audio codec can be lower than the above
mentioned number. See B.26 for encoder implementation guidelines.

4.5.4 Extended high efficiency AAC profile

The extended HE AAC profile contains the audio object types 42 (USAC), 5 (SBR), 29 (PS) and 2 (AAC LC) as
defined in ISO/IEC 14496-3. In order for a decoder to support the extended HE AAC profile it shall implement all
modules listed in Table 1. For some tools specific restrictions apply as outlined in the following.

The extended HE AAC profile is compatible with the MPEG-4 high efficiency AAC v2 profile as defined in
ISO/IEC 14496-3. It warrants decodability of HE AAC v2 profile compliant bitstreams by extended HE AAC profile

decoj:; S-

A number of hierarchical levels are defined with increasing number of audio channels and inéreasing complexity.
All levels shall support all tools required by the baseline USAC profile. Support for additional tools if optional. The
definition of the levels of the extended HE AAC profile is given in Table 4. All notes in Table 4 and gll restrictions
listed|in the columns 2, 3, 4, and 5 (“Max. channels/object”, “Max. AAC sampling rate, SBR'not present [kHz]”, “Max.
AAC dJampling rate, SBR present [kHz]”, “Max. SBR sampling rate [kHz] (in/out)?).of Table 4 apply only when
decoding HE AAC v2 profile compliant bitstreams.

Table 4 — Levels for the extended HE AACprofile

Max. AAC Max. AAC Max. SBR
Max. sampling sampling sampling Max. PCU || Max. RCU
Level 2 [channels/| rate, SBR rate, SBR Max. PCU | Max. RCU | HQ/LP HQ/LP
. rate [kHz]
object |notpresent| present (in/ouf) SBR ¢ SBR ¢
[kHz] [kHz]
1 NA NA NA NA NA NA NA NA
2 2 48 24 24/48 12 11 12 11
3 2 48 24/48 ¢ 48/48"P 15 11 15 11
4 5 48 24/484 48/48"P 25 28 20 23
5 5 96 48 48/96 49 28 39 23
6 7 48 24/48 4 48/48 34 37 27 30
7 7 96 48 48/96 67 37 53 30
NOTE A Level 6 or 7 decoderis'not required to decode a Level 5 stream.

a  llevel 2, 3, 4, 6 and 7 extended HE AAC profile decoders implement the baseline version of the parametri¢ stereo tool. A
level 5 decoder shallnotbe limited to the baseline version of the parametric stereo tool.

b Hor level 3, 4 and\6 decoders, it is mandatory to operate the SBR tool in downsampled mode if the sampling rate of the|
AAC core is higher than 24kHz. Hence, if the SBR tool operates on a 48kHz signal, the internal sampling fjate of the SBR
tpol will be 96kHz, however, the output signal will be downsampled by the SBR tool to 48kHz.

¢ If parametric stereo data are present the maximum AAC sampling rate is 24kHz, if parametric stereq data are not
presentthe maximum AAC sampling rate is 48kHz.

d  Forome or two Chanmels the TaximunT AAC sampliing Tate, with SBRpresent, 1548kt z Formore tiamtwo channels the]
maximum AAC sampling rate, with SBR present, is 24kHz.

e The PCU/RCU number are given for a decoder operating the LP SBR tool whenever applicable.

For the MPEG-4 audio object type 2 (AAC LC), mono or stereo mixdown elements are not permitted.
For MPEG-4 audio object types 2, 5, and 29 the following restrictions apply:

— An extended HE AAC profile decoder shall operate the HQ SBR tool for bitstreams containing parametric
stereo data.

— For bitstreams not containing parametric stereo data, the extended HE AAC profile decoder may operate the
HQ SBR tool, or the LP SBR tool.
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Only bitstreams consisting of exactly one AAC single channel element may contain parametric stereo data.
Bitstreams containing more than one channel in the AAC part shall not contain parametric stereo data.

4.6 Combination of USAC with MPEG-D DRC

The output of the USAC decoder can be further processed by MPEG-D DRC (ISO/IEC 23003-4). If the SBR tool in
USAC is active, a USAC decoder can typically be efficiently combined with a subsequent MPEG-D DRC decoder by
connecting them in the QMF domain in the same way as it is described in ISO/IEC 23003-4. If a connection in the
QMF domain is not possible they shall be connected in the time domain.

The MPEG-D DRC payload shall be embedded into a USAC bitstream by means of the usacExtElement mechanism,

with usacExt
the usacConf]
alignment bet
USAC decodey
the QMF dom
regular delay

lementType of type ID_EXT_ELE_UNI_DRC. The loudness metadata shall be embedded by me
gExt mechanism with usacConfigExtType of type ID_CONFIG_EXT_LOUDNESS_INFO. The
ween the USAC data and the MPEG-D DRC data assumes the most efficient connection~betwe
and the MPEG-D DRC decoder. If the SBR tool in USAC is active, the most efficienticdnnectio
ain. Otherwise, the most efficient connection is in the time domain. The DRC togl™is oper
mode and the DRC frame size has the same duration as the USAC frame size. The same holds

hns of
time-
bn the
his in

ated in
iLr the

DRC sampling rate, which is synchronized to the USAC sampling rate.

The time reso hlated

as specified in

lution of the DRC tool is specified by deltaTmin in units of the audio sample interval. It is calc
ISO/IEC 23003-4. Specific values are provided as examples based on the following formula:

deltaTnpin = 2V

The applicabl¢ exponent M is found by looking up the audio sample rate range that fulfils:

:fs <fs,max

fs,min

Table 5 — Lookup table for the exponent M

fs,min [Hz] fs;max [Hz] M
8000 16000 3
16000 32000 4
32000 64000 5
64000 128000 6

Given the codgc frame size N, (F=outputFrameLength), the DRC frame size in units of DRC samples at a rate of

deltaTmin is:

N 2—-M
“"Codec ™

DRC

N

For USAC, MPEG-D DRC offers mandatory decoding capability of up to four DRC subbands using the time-domain
DRC filter bank. More DRC subbands can be supported by operating in the QMF-domain. DRC sets that contain
more than four DRC subbands shall contain gain sequences that are all aligned with the QMF-domain used for SBR.
If the SBR tool in USAC is active, MPEG-D DRC shall always operate in the QMF-domain. The gain sequences are all
aligned with the QMF domain in that case.

If no additional filter bank is required for the application of multiband DRC gains, MPEG-D DRC doesn’t introduce
any additional decoding delay.

The drcLocation parameter shall be encoded according to Table 6.
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Table 6 — Encoding of drcLocation parameter

drcLocation n Payload
1 uniDrcConfig() / uniDrcGain()
(see ISO/IEC 23003-4)
2 reserved
3 reserved
4 reserved
5 Syntax
5.1 |General

The b]tstream syntax shall be based on ISO/IEC 14496-3:2019, 4.4.

The USAC bitstream syntax is shown in 5.2.

5.2 [Decoder configuration (UsacConfig)

Table 7 — Syntax of UsacConfig()

Syntax No. of bits Mngmonic
UsacConfig()
usacSamplingFrequencylndex; 5 bslbf
if (usacSamplingFrequencylndex == 0xkf){
usacSamplingFrequency; 24 uimsbf
}
coreSbrFrameLengthIndex; 3 uimsbf
channelConfigurationIlndex; 5 uimsbf
if (channelConfigurationlndex == 0) {
UsacChannelConfig();
}
UsacDecoderConfig();
if (usacConfigExtensionPresent==1) { 1 uimsbf
UsacConfigExtension();
}
)
Table 8 — Syntax of UsacChannelConfig()
Syntax No. of bits Mnemonic
UsacChannelConfig()
{
numOutChannels = escapedValue(5,8,16);
for (i=0; i<numOutChannels; i++) {
bsOutputChannelPos][i]; 5 uimsbf
}
}

© ISO/IEC 2020 - All rights reserved

15


https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23003-3:2020(E)

Table 9 — Syntax of UsacDecoderConfig()

Syntax No. of bits Mnemonic

UsacDecoderConfig()
{

numElements = escapedValue(4,8,16) + 1;

for (elemldx=0; elemldx<numElements; ++elemldx) {
usacElementType[elemldx] 2 uimsbf
switch (usacElementType[elemldx]) {
case: ID_USAC_SCE

UsacSingleChannelElementConfig(sbrRatiolndex);

break;

rase: ID_USAC_CPE

UsacChannelPairElementConfig(sbrRatiolndex);

break;

rase: ID_USAC_LFE

UsacLfeElementConfig();

break;

rase: ID_USAC_EXT

UsacExtElementConfig();

break;

}
}
NOTE UsacSingleChannelElementConfig(), UsacChannelPairElement€onfig(), UsacLfeElementConfig() anfl
UsacExtElementConfig() signalled at position elemldx refer to the corresponding elements in UsacFrame() at th
respective position elemldx.

1%

Table 10 — Syntax of UsacSingleChannelElementConfig()

Syntax No. of bits Mnemonic

UsacSingleChannelElementConfig(sbrRatiolndex)
{

UsadCoreConfig();
if (shrRatiolndex > 0) {
EbrConfig();

}

TFable 11 — Syntax of UsacChannelPairElementConfig()

Syntax No. of bits Mnemonic
UsacChahnelPaixElementConfig(sbrRatiolndex)

{

UsadGereContig;
if (sbrRatioIndex > 0) {

SbrConfig();

stereoConfigindex; 2 uimsbf
}
else {

stereoConfigindex = 0;
}

if (stereoConfigindex > 0) {
Mps212Config(stereoConfigindex);

}
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Table 12 — Syntax of UsacLfeElementConfig()

Syntax No. of bits Mnemonic
UsacLfeElementConfig()
{
tw_mdct = 0;
noiseFilling = 0;
}
Table 13 — Syntax of UsacCoreConfig()
Syntax No. of bits Mnemonic
UsacCoreConfig()
tw_mdct; 1 bslhf
noiseFilling; 1 bsb|f
)
Table 14 — Syntax of SbrConfig()
Yyntax No. of bits Mngmonic
YbrConfig()
harmonicSBR; 1 bsblf
bs_interTes; 1 bsbl]f
bs_pvc; 1 bsbl]f
SbrDfltHeader();
)
Table 15 — Syntax of SbrDfltHeader()
Yyntax No. of bits Mngmonic
SbrDfltHeader()
{
dflt_start_freq; 4 uimisbf
dflt_stop_freq; 4 uimisbf
dflt_header_extral; 1 uimisbf
dflt_header_extra2; 1 uimisbf
if (dflt_header_extral ==1) {
dflt_freqcscale; 2 uimisbf
dflt_alter. scale; 1 uimisbf
dflt_noise_bands; 2 uimisbf
}elsel
dflt_freq_scale =2;
dflt_alter_scale =1;
dﬂf_nnicp_handc =2
}
if (dflt_header_extra2 ==1) {
dflt_limiter_bands; 2 uimsbf
dflt_limiter_gains; 2 uimsbf
dflt_interpol_freq; 1 uimsbf
dflt_smoothing_mode; 1 uimsbf
}else {
dflt_limiter_bands 2;
dflt_limiter_gains =2;
dflt_interpol_freq =1;
dflt_smoothing_mode =1;
}
}
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Table 16 — Syntax of Mps212Config()

Syntax No. of bits Mnemonic
Mps212Config(stereoConfigindex)
{
bsFreqRes; 3 uimsbf
bsFixedGainDMX 3 uimsbf
bsTempShapeConfig; 2 uimsbf
bsDecorrConfig; 2 uimsbf
bsHighRateMode; 1 uimsbf
bsPhaseCoding; 1 uimsbf
bsOtftBandsPhasePresent; 1 uimsbft
if (b4OttBandsPhasePresent) { a
sOttBandsPhase; 5 uimsbf
}
if (b4ResidualCoding) { b
sResidualBands; 5 uimsbf
sOttBandsPhase = max(bsOttBandsPhase,bsResidualBands);
sPseudolr; 1 uimsbf
}
if (b4TempShapeConfig == 2) {
bsEnvQuantMode; 1 uimsbf
}
}
a If bsOttBandsPhasePresent==0 bsOttBandsPhase is initialized acecording to Table 109.
b bsResidphalCoding depends on stereoConfigindex according to"Table 77.

Table 17 — Syntax of UsacExtElementConfig()

Syntax No. of bits Mnemonic
UsacExtElementConfig()

{

usacExtElementType = escapedValue(4,8,16);
usacExtElementConfigLength = escapedValue(4,8,16);

usadExtElementDefaultLengthPresent; 1 uimsbf
if (ugacExtElementDefaultLengthPresent) {
1sacExtElementDefaultLength = escapedValue(8,16,0) + 1;

}else {
IsacExtElementDefaultLength = 0;

}

usacExtElementPayloadFrag; 1 uimsbf

switch (usacExtElementType) {

case ID_EXT_ELE_FILL:
break;

case ID_EXT_ELE_MPEGS:
SpatialSpecificConfig();
break;

case ID_EXT_ELE_SAOC:
SaocSpecificConfig();
break;
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case ID_EXT_ELE_AUDIOPREROLL:
/* No configuration element */
break;
case ID_EXT_ELE_UNI_DRC:
uniDrcConfig();
break;
default: a
while (usacExtElementConfigLength--) {
tmp; 8 uimsbf
}

hreak:

}

o

The default entry for the usacExtElementType is used for unknown extElementTypes so that legacy de¢oders can
cope with future extensions.

Table 18 — Syntax of UsacConfigExtension()

LA

yntax No. of bits Mngmonic
UsacConfigExtension()

numConfigExtensions = escapedValue(2,4,8) + 1;

for (confExtldx=0; confExtldx<numConfigExtensions;confExtldx++) {
usacConfigExtType[confExtldx] = escapedValue(4,8,16);
usacConfigExtLength[confExtldx] = escapedValue(4,8,16);

switch (usacConfigExtType[confExtldx]) §
case ID_CONFIG_EXT_FILL:
while (usacConfigExtLength[confExtldx]--) {
fill_byte[i]; /* should be;"10100101" */ 8 uimsbf
}
break;
case ID_CONFIG_EXT_LOUDNESS_INFO:
loudnessInfoSet()
break;
case ID_CONFIG_EXT_STREAM_ID:
streamdd();
break;
default:
wihile (usacConfigExtLength[confExtldx]--) {
tmp; 8 uimsbf

}
break;
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Table 19 — Syntax of escapedValue()

Syntax No. of bits Mnemonic
escapedValue(nBits1, nBits2, nBits3)
{
value; nBits1 uimsbf
if (value == 2nBits1.1) {
value += valueAdd; nBits2 uimsbf
if (valueAdd == 2nBits2.1) {
value += valueAdd; nBits3 uimsbf
}
}
return value;
}
Table 20 — Syntax of streamld()
Syntax No. of bits Mnemonic
streamlId()
{
streamldentifier 16 uimsbf
}

5.3 USAC bitstream payloads

5.3.1 Paylgads for audio object type USAC

Table 21 — Syntax of'UsacFrame(),
top level payload for audio object type USAC

Syntax No. of bits Mnemonic
UsacFrarpe()
{

usadindependencyFlag; 1 uimsbf

for (¢lemldx=0; elemldx<numElements; ++elemldx) {
switch (usacElementType[elemldx]) {
ase: ID_USAC_SCE
UsacSingleChannelElement(usacindependencyFlag);
break;
ase: ID_USAC_CPE
Usae€hannelPairElement(usaclndependencyFlag);
break;
asevID_USAC_LFE
UsacLfeElement(usacIndependencyFlag);
break;
case: ID_USAC_EXT
UsacExtElement(usacIlndependencyFlag);
break;
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Table 22 — Syntax of UsacSingleChannelElement()

Syntax No. of bits Mnemonic

UsacSingleChannelElement(indepFlag)
{

UsacCoreCoderData(1, indepFlag);

if (sbrRatiolndex > 0) {
UsacSbrData(1, indepFlag);

}
}
Table 23 — Syntax of UsacChannelPairElement()
Syntax No. of bits Mng¢monic
UsacChannelPairElement(indepFlag)
{
if (stereoConfigindex == 1) {
nrCoreCoderChannels = 1;
}else {
nrCoreCoderChannels = 2;
}
UsacCoreCoderData(nrCoreCoderChannels, indepFlag);
if (sbrRatioIndex > 0) {
if (stereoConfigindex == 0 || stereoConfigindex == 3) {
nrSbrChannels = 2;
}else {
nrSbrChannels = 1;
}
UsacSbrData(nrSbrChannels, indepFlag);
}
if (stereoConfigindex > 0) {
Mps212Data(indepFlag);
}
}
Table 24 — Syntax of UsacLfeElement()
Syntax No. of bits Mng¢monic
UsacLféElement(indepFlag)
{
fd channel stream(0,0,0,0, indepFlag);
}
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Table 25 — Syntax of UsacExtElement()

Syntax No. of bits Mnemonic
UsacExtElement(indepFlag)
{
usacExtElementPresent 1 uimsbf
if (usacExtElementPresent==1) {
usacExtElementUseDefaultLength; 1 uimsbf
if (usacExtElementUseDefaultLength) {
usacExtElementPayloadLength = usacExtElementDefaultLength;
}else {
usackxtklementPayloadLength; 38 uimsbi
if (usacExtElementPayloadLength==255) {
valueAdd 16 uimsbf
usacExtElementPayloadLength += valueAdd - 2;
}
f (usacExtElementPayloadLength>0) {
if (usacExtElementPayloadFrag) {
usacExtElementStart; 1 uimsbf
usacExtElementStop; 1 uimsbf
}else {
usacExtElementStart = 1;
usacExtElementStop = 1;
}
for (i=0; i<usacExtElementPayloadLength; i++)
usacExtElementSegmentDatali]; 8 uimsbf
}
}
}
Table 26 — Syntax of ics_info()
Syntax No. of bits Mnemonic
ics_info(]
{
winiow_sequence; 2 uimsbf
window_shape; 1 uimsbf
if (wjndow_sequence == EIGHT_SHORT_SEQUENCE) {
max_sfb; 4 uimsbf
scale.factor_grouping; 7 uimsbf
}
else {
max_sfb; 6 uimsbf
}
}
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5.3.2 Subsidiary payloads

Table 27 — Syntax of UsacCoreCoderData()

Syntax No. of bits  Mnemonic
UsacCoreCoderData(nrChannels, indepFlag)

{

for (ch=0; ch < nrChannels; ch++) {
core_mode[ch]; 1 uimsbf

}

if (nrChannels == 2) {
StereoCoreToollnfo(core_mode, indepFlag, stereoConfigindex);

}

for (ch=0; ch<nrChannels; ch++) {
if (core_mode[ch] == 1) {

Ipd_channel_stream(indepFlag); 3
}
else {
if ( (nrChannels == 1) || (core_mode[0] != core_mode[1]] }.{
tns_data_present|[ch]; 1 uimsbf
}
fd_channel_stream(common_window, common=tw, b
tns_data_present[ch], noiseFilling, indepPlag);
}

}

a Hach channel shall have its own instance of Ipd_chahnel_stream

b Hach channel shall have its own instance of fd-thannel_stream

Table 28 — Syntax of StereoCoreToolInfo()

Syntax No. of bits Mnegmonic
StereoCoreToollnfo(cote_mode, indepFlag, stereoConfigindex)
{
if (core_mode[0] == 0 && core_mode[1] == 0) {
tns_active; 1 uimisbf
common_window; 1 uiEEbf
if(common_window) {
ics_info();
common_max_sfb; 1 uimlsbf
if (rnmmnn_mav_cfh == ﬂ) {
if (window_sequence == EIGHT_SHORT_SEQUENCE) {
max_sfb1; 4 uimsbf
}else {
max_sfb1; 6 uimsbf
}
}else {
max_sfb1l = max_sfb;
}
max_sfb_ste = max(max_sfb, max_sfb1);
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24

ms_mask_present;
if (ms_mask_present==1) {
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb_ste; stb++) {
ms_used|[g][sfb];
}
}
}

if ((ms_mask_present == 3) && (stereoConfigindex == 0)) {

cplx_pred_data(max_sfb_ste, indepFlag);
}else {

2 uimsbf

1 uimsbf

:
)

:
)

alpha_g_re[[[] =10}
alpha_q_im[][] = {0};
}

if (tw_mdct) {

common_tw;
if (common_tw ) {
tw_data();

}

if (tns_active) {

if (common_window) {
common_tns;
}else {
common_tns = 0;
}
tns_on_Ir;
if (common_tns) {
tns_data();
tns_data_present[0] = 0;
tns_data_present[1] = 0;
}else {
tns_present_both;
if (tns_present_both){
tns_data_present[0] = 1;
tns_data_present[1] = 1;
}else {
tns_data_present[1];
tnSudata_present[0] = 1 - tns_data_present[1];

}

1 else{

common_tns = 0;
tns data present[0] = 0;

1 uimsbf

1 uimsbf

1 uimsbf

1 uimsbf

1 uimsbf

}
}else {

tns_data_present[1] = 0;

common_window = 0;
common_tw = 0;
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Table 29 — Syntax of fd_channel_stream()

Syntax No. of bits Mnemonic
fd_channel_stream(common_window, common_tw, tns_data_present, noiseFilling, indepFlag)

{

global_gain; 8 uimsbf
if (noiseFilling) {
noise_level; 3 uimsbf
noise_offset; 5 uimsbf
}
else {
noise_level = 0;

}

if (lcommon_window) {
ics_info();

}

if (tw_mdct) {
if (lcommon_tw) {

tw_data();

}

}

scale_factor_data ();
if (tns_data_present) {
tns_data ();

}
ac_spectral_data( indepFlag);

fac_data_present; 1 uimsbf
if (fac_data_present) {
fac_length = (window_sequence==EIGHT_SHORT_SEQUENCE) ? ccfl/16 : ccfl/8;
fac_data(1, fac_length);

Table 30 — Syntax of cplx_pred_data()

Yyntax No. of bits Mnlemonic
plx_pred_data(max, stb_ste, indepFlag)

o

cplx_pred-all; 1 uimsbf
if (cplx_pred_all == 0) {
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb_ste; sfb += SFB_PER_PRED_BAND) {
cpix_pred_used{gi{shf; T uimsbf
if ((sfb+1) < max_sfb_ste) {
cplx_pred_used[g][sfb+1] = cplx_pred_used[g][sfb];

}

}
}

else {
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb_ste; sfb++) {
cplx_pred_used|[g][sfb] = 1;
}
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}
pred_dir; 1 uimsbf
complex_coef; 1 uimsbf
if (complex_coef) {
if (indepFlag) {
use_prev_frame = 0;
}else {
use_prev_frame; 1 uimsbf
}
}
if (ihdppplqg) {
elta_code_time = 0;
}else {
elta_code_time; 1 uimsbf
}
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb_ste; sfb += SFB_PER_PRED_BAND) {
if (cplx_pred_used[g][sfb]) {
hcod_sf[dpcm_alpha_q_re[g][sfb]]; 1.19 viclbf
if (complex_coef) {
hcod_sf[dpcm_alpha_q_im[g][sfb]]; 1..19 viclbf
}
else {
alpha_qg_im|[g][sfb] = 0;
dpcm_alpha_g_im[g][sfb] = 60;
}
}
else {
alpha_qg_re[g][sfb] = 0;
alpha_qg_im|[g][sfb] = 0;
}
]
}
}
Table 31 — Syntax of tw_data()
Syntax No. of bits Mnemonic
tw_data(|)
{
tw_data_present; 1 uimsbf
if (ty_data_present==1) {
or(i=0;i< NUM TW NODES; j++ ) {
tw_ratio[ i |; 3 uimsbf
}
}
}

26
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Table 32 — Syntax of scale_factor_data()

Syntax No. of bits Mnemonic
scale_factor_data()
dpcm_sf[0][0] = 60;
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb; sfb++) {
if(g>0]|sfb>0){
hcod_sf[dpcm_sf[g][sfb]]; 1..19 viclbf
}
}
}
}
Table 33 — Syntax of tns_data()
Syntax Na. efbits Mngmonic
ths_data()
{
for (w = 0; w < num_windows; w++) {
n_filt[w]; 1.2 uimsbf
if (n_filt[w]) {
coef_res[w]; 1 uimsbf
}
for (filt = 0; filt < n_filt[w]; filt++) {
length[w][filt]; {4;6} uimsbf
order[w][filt]; {3;4} uimsbf
if (order[w][filt]) {
direction[w][filt]; 1 uimsbf
coef_compress[w][filt]; 1 uimsbf
for (i = 0; i < order[w][filt];'i++) {
coef[w][filt][i]; 2.4 uimsbf
}
}
}
}
}
Table 34 — Syntax of ac_spectral_data()
Syntax No. of bits  Mhemonic
dc_spectral_data(indepFlag)
{
if [indepFlag) {
arith-resetflag="=4
}else {
arith_reset_flag; 1 uimsbf
}
for (win = 0; win < num_windows; win++) { a
arith_data(lg, arith_reset_flag && (win==0));
}
}
a2 num_windows indicates the number of windows in the current window_sequence. In case window_sequence is
EIGHT_SHORT_SEQUENCE num_windows equals 8. In all other cases num_windows equals 1.
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Table 35 — Syntax of Ipd_channel_stream()

Syntax No. of bits

Mnemonic

Ipd_channel_stream(indepFlag)
{
acelp_core_mode; 3
Ipd_mode; 5

bpf_control_info 1
core_mode_last; 1
fac_data_present; 1

uimsbf
uimsbf,
uimsbf
uimsbf
uimsbf

first|lpd_flag = Icore_mode_last;

first|tcx_flag=TRUE;

k=0

if (first_lpd_flag) { last_lpd_mode =-1; }

while (k< 4) {

if (k==0) {

if ( (core_mode_last==1) && (fac_data_present==1) ) {
fac_data(0, ccfl/8);

}

telse {

if ( (last_lpd_mode==0 && mod[k]>0) ||
(last_Ipd_mode>0 && mod[k]==0) ) {
fac_data(0, ccfl/8);

}

:
)

if (mod[k] == 0) {
acelp_coding(acelp_core_mode);
last_lpd_mode=0;

k+=1;

S

¢lse {

tcx_coding( 1g(mod[k]); first_tcx_flag, indepFlag);
last_lpd_mode=mod[k];

k+= (1 << (modfk]*1));

first_tcx_flag=FALSE;

S

}

Ipc_data(first:lpd_flag);

if ( (¢ore’mode _last==0) && (fac data present==1) ) {

short_fac_flag; 1
fac_length = short_fac_flag ? ccfl/16 : ccfl/8;
fac_data(1, fac_length);
}
}

uimsbf

2 lpd_mode defines the contents of the array mod[] as described in 6.2.10.2, Table 94.
b first lpd_flag is defined in 6.2.10.2.

¢ The number of spectral coefficients, g, depends on mod[k] according to Table 155.
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Syntax No. of bits  Mnemonic
Ipc_data(first_lpd_flag, mod[])
{
Ipc_set =4;
mode_lpc = get_mode_lpc(lpc_set);
Ipc_first_approximation_index[lpc_set] 8 uimsbf
code_book_indices(lpc_set, nk_mode, 2); a
if (first_lpd_flag) {
Ipc_set=0;
mode_lpc = get_mode_lpc(lpc_set);
if (mode_lpc == 0) { Ipc_first_approximation_index[lpc_set] } 8 uimsbf
code_book_indices(0, nk_mode, 2); a
}
if (mod[0] !=3) {
Ipc_set =2;
mode_lpc = get_mode_lpc(lpc_set);
if (mode_lpc == 0) { lpc_first_approximation_index[lpc_set}} 8 uimsbf
code_book_indices(lpc_set, nk_mode, 2); a
}
if (mod[0] < 2) {
Ipc_set=1;
mode_lpc = get_mode_lpc(lpc_set);
if (mode_lpc == 0) { Ipc_first_approximation_index[lpc_set] } 8 uimsbf
if (mode_lpc!=1) {
code_book_indices(lpc_set, nk_mode; 2); a
}
}
if (mod[2] < 2) {
Ipc_set=3;
mode_lpc = get_mode_lpeflpc_set);
if (mode_lpc == 0) {Ipc_first_approximation_index[lpc_set] } 8 uimsbf
code_book_indices(lpc_set, nk_mode, 2); a
}
}
3l nk_mode is determined by the number of the currently decoded LPC Filter set, Ipc_set, and the LPC quantization
mode, mode.lpg; according to Table 148.
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Table 37 — Syntax of qn_data()

Syntax

No. of bits  Mnemonic

gn_data(nk_mode, no_qgn)

{

switch (nk_mode) {
case 1:

for (k=0; k<no_qgn; k++) {
qn(K]
if (qn[k] > 0) {qn[k] += 1}
}

uclbf

S

break;
ase 0:
ase 2:
ase 3:
for (k=0; k<no_qgn; k++) {
qn_base
gn[k] = qn_base + 2;
}
if (nk_mode == 2) {
for (k=0; k<no_qn; k++) {
if (qn[k] > 4) {
qn(K]
if (qn[k] > 0) { qn[k] += 4}

}
}else {

for (k=0; k<no_qn; k++) {
if (qn[k] > 4) {

qn_ext

switch (qn_ext) {
case 0: qn[k]=5;
case 1: ghl[k] = 6;
case 2+ \gn[k] = 0;
default? qn[k] = qn_ext + 4;

2 uimsbf

uclbf

uclbf

break;
break;
break;
break;
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Table 38 — Syntax of get_mode_lpc()

Syntax No. of bits Mnemonic
get_mode_lpc(Ipc_set)
{
switch (Ipc_set) {
case 4: mode_lpc=0; break;
case 0:
case 2:
mode_lpc = binary_code 1
break;
case 1:
switch (binary_code) { 1.2 viclbf
case ‘0, mode_lpc = 2; break;
case ‘10, mode_lpc = 0; break;
case ‘11" mode_lpc=1; break;
}
break;
case 3:
switch (binary_code) { 1.3 viclbf
case ‘0, mode_lpc=1; break;
case ‘10, mode_lpc = 0; break;
case ‘110, mode_lpc = 2; breaks
case ‘111,": mode_lpc = 3; break;
}
break;
}
return mode_lpc;
}
NOTE The mapping of binary code to mode_lpc can also be deduced from Table 148.

Table 39 — Syntax code_book_indices ()

Yyntax No. of bits Mnemonic
gdode_book_indices(idx;nk_mode, no_qn) a
{

gn_data(nk\mode, no_qgn);
for (k=0;/k<no_gn; k++)
{
if (qn[k] > 4) {
nk = (qn[k]-3)/2;
=K =NK*2]

}else {

nk =0;

n = qn[k];
}
code_book_index[idx][K] 4*n uimsbf
kv[idx][k][0] nk uimsbf
kv[idx][k][1] nk uimsbf
kv[idx][k][2] nk uimsbf
kv[idx][Kk][3] nk uimsbf
kv[idx][k][4] nk uimsbf
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kv[idx][K][5] nk uimsbf
kv[idx][Kk][6] nk uimsbf
kv[idx][k][7] nk uimsbf

}
}

a idx can take values from 0 to 4 in case the syntax element is used in context of Ipc_data(). In case of the use in the
context of fac_data() idx can take values from 0 to 7 or from 0 to 15 depending on fac_length.

Table 40 — Syntax of acelp_coding()

Syntax No. of bits Mnemonic
acelp_cofling(acelp_core_mode)
{
mean_energy; 2 uimsbf
nb_subfr = coreCoderFrameLength /256 a
for (pfr=0; sfr<nb_subfr ; sfr++) {
f ((sfr==0) || ((nb_subfr==4) && (sfr==2))) {
acb_index[sfr]; 9 uimsbf
else {
acb_index[sfr]; 6 uimsbf
tp_filtering_flag[sfr]; 1 bmsbf
switch (acelp_core_mode) {
case 0
icb_index[sfr]; 20 uimsbf
break;
case 1
icb_index[sfr]; 28 uimsbf
break;
case 2
icb_index[sfr]; 36 uimsbf
break;
case 3
icb_index[sfr]; 44 uimsbf
break;
case 4
icblindex[sfr]; 52 uimsbf
break;
case 5
icb_index[sfr]; 64 uimsbf
br r;a}\,
case 6
icb_index[sfr]; 12 uimsbf
break;
case 7
icb_index[sfr]; 16 uimsbf
break;
}
gains[sfr]; 7 uimsbf
}
a coreCoderFrameLength designates the core frame length in samples and is equal to either 1024 or 768. See also
6.1.1.2.
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Table 41 — Syntax of tcx_coding()

Syntax No.of bits =~ Mnemonic
tex_coding(lg, first_tcx_flag, indepFlag)
{

w

noise_factor; uimsbf
global_gain; 7 uimsbf

if (first_tcx_flag) {
if (indepFlag) {
arith_reset_flag=1;
telse
arith_reset_flag; 1 uimsbf

}
}

else {
arith_reset_flag=0;

}
arith_data(lg, arith_reset_flag);

Table 42 — Syntax of arith, data()

Yyntax No. of bits Mnemonic
rith_data(lg, arith_reset_flag)

Q

¢ = arith_map_context(N, arith_reset_flag);

for (i=0; i<lg/2; i++) {
/* MSB decoding */
¢ = arith_get_context (c,i,N);
for (lev=esc_nb=0;;) {
pki = arith_get_pk(c-(esc_nb<<17));
acod_m[pki][m]; 1..20 viclbf
if (m != ARITH-ESCAPE)
break;
lev +=1;
if (((ese_nb=lev)>7)
esc_nb=7;
}
b="m>>2;
a=m - (b<<2);

/* ARITH_STOP symbol detection */
if (m==0 && lev>0)
break;

/* LSB decoding */
for (I=lev; 1>0; I--) {
Isbidx = (a==0)?1:((b==0)70:2);
acod_r[Isbidx][r]; 1..20 viclbf
a=(a<<1)|(r&1);
b=(b<<1)|((r>>1)&1);
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x_ac_dec[2*i] = a;
x_ac_dec[2*i+1] = b;
arith_update_context(i,a,b);

}
arith_finish(x_ac_dec, i,N,Ig);
/* Signs decoding */

for (i=0; i<lg; i++) {
if (x_ac_dec[i] !=0) {

s; 1 uimsbf
if (s==0) { x_ac_dec[i] *=-1; }
]
}
}
Table 43 — Syntax of fac_data()
Syntax No. of bits Mnemonic
fac_data(juseGain, fac_length)
{
if (ugeGain) {
fac_gain; 7 uimsbf
}
for (1=0; i<fac_length/8; i++) {
ode_book_indices (i, 1, 1);
}
}
NOTE 1 This value is encoded using a modified unary cede, where qn=0 is represented by one "0" bit, and any value
qnf greater or equal to 2 is represented by qn-1/j1" bits followed by one "0" stop bit.
NOTE 2 ¢n=1 cannot be signalled, because the codebook Q; is not defined.

5.3.3 Paylgads for enhanced SBR

Table 44 — Syntax of UsacSbrData()

Syntax No. of bits

Mnemonic

UsacSbrData(numbefSbrChannels, indepFlag)
{

sbrinfoPresent = 1;

dbrHonderPracant = 1
S'B e T E5CT

if (inTEepFlag) {

+

}else {
sbrinfoPresent; 1
if (sbrinfoPresent) {
sbrHeaderPresent; 1
}else {
sbrHeaderPresent = 0;
}

}
if (sbrinfoPresent) {

Sbrinfo();

}
if (sbrHeaderPresent) {
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sbrUseDfltHeader; 1 uimsbf
if (sbrUseDfltHeader) {
/* copy all SbrDfltHeader() elements
dift_xxx_yyy to bs_xxx_yyy */

}else {
SbrHeader();
}
}
sbr_data(bs_amp_res, numberSbrChannels, indepFlag);
}
Table 45 — Syntax of Sbrinfo
Jyntax No. of bits Mné¢monic
Ybrinfo()
{
bs_amp_res; 1 uimsbf
bs_xover_band; 4 uimsbf
bs_sbr_preprocessing; 1 uimsbf
if (bs_pvc) {
bs_pvc_mode; 2 uimsbf
}
}
Table 46 — Syntax{of SbrHeader()
Yyntax No. of bits Mnemonic
JbrHeader()
{
bs_start_freq; 4 uimgsbf, 2
bs_stop_freq; 4 uimgsbf, 2
bs_header_extra_1; 1 uimsbf
bs_header_extra_2; 1 uimsbf
if (bs_header_extra_1) { b
bs_freq_scale; 2 uimgsbf
bs_alter_scale: 1 uimsbf
bs_noise\bands; 2 uimsbf
}
if (bsxheader_extra_2) { b
bs_limiter_bands; 2 uimsbf
bs_limiter_gains; 2 uimsbf
bs_interpol_freq; 1 uimsbf
bs_smoothing_mode; 1 uimsbf
}
}

a bs_start_freq and bs_stop_freq shall define a frequency band that does not exceed the limits defined in 7.5.5 and
ISO/IEC 14496-3:2019, 4.6.18.3.6.

a If this bit is not set the default values for the underlying data elements shall be used disregarded any previous
value.
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Table 47 — Syntax of sbr_data()

Syntax No. of bits Mnemonic
sbr_data(bs_amp_res, numberSbrChannels, indepFlag)
{
switch (numberSbrChannels) {
case 1:
sbr_single_channel_element(bs_amp_res, bs_pvc_mode, indepFlag);
break;
case 2:
sbr_channel_pair_element(bs_amp_res, indepFlag);
break;
}
}
Table 48 — Syntax of sbr_single_channel_element()
Syntax No. of bits Mnemonic
sbr_single_channel_element(bs_amp_res, bs_pvc_mode, indepFlag)
{
if (harmonicSBR) {
if (sbrPatchingMode[0] == 0) { 1 uimsbf
sbrOversamplingFlag[0]; 1 uimsbf
if (sbrPitchInBinsFlag[0]) 1 uimsbf
sbrPitchInBins[0]; 7 uimsbf
else
sbrPitchInBins[0] = 0;
Yelse {
sbrOversamplingFlag[0] = 0;
sbrPitchInBins[0] = 0;
]
}
sbr_grid(0, bs_pvc_mode);
sbr_:ﬁ:df(o, bs_pvc_mode, indepFlag);
sbr_invf(0);
if (bg_pvc_mode==0) {
$br_envelope(0Q, 0y-bs_amp_res);
Yels¢ {
pvc_envelope(indepFlag);
}
sbr_Toise(O, 0);
if (bs_add_harmonic_flag[0]) { 1 uimsbf
sbr_sinusoidal_coding(0, bs_pvc_mode);
}
}
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Table 49 — Syntax of sbr_channel_pair_element()

Syntax

No. of bits

Mnemonic

sbr_channel_pair_element(bs_amp_res, indepFlag)
{
if (bs_coupling==1) {
if (harmonicSBR) {
if (sbrPatchingMode[0,1] == 0) {
sbrOversamplingFlag[0,1];
if (sbrPitchInBinsFlag[0,1])
sbrPitchInBins[0,1];

[N QSN

uimsbf

uimsbf
uimsbf
uimsbf
uimsbf

else
sbrPitchInBins[0,1] = 0;
}else {
sbrOversamplingFlag[0,1] = 0;
sbrPitchInBins[0,1] = 0;
}
}
sbr_grid(0, 0);
if (!bs_coupling) sbr_grid(1, 0);
sbr_dtdf(0, 0, indepFlag);
sbr_dtdf(1, 0, indepFlag);
sbr_invf(0);
if (bs_coupling) sbr_invf(1);

sbr_envelope(0,1, bs_amp_res);
sbr_noise(0,1);
sbr_envelope(1,1, bs_amp_res);
sbr_noise(1,1);
}else {
if (harmonicSBR) {
if (sbrPatchingMode[0] == 0) {
sbrOversamplingFlag|0];
if (sbrPitchinBinsFlag[0])
sbrRitchInBins[0];
else
sbrPitchInBins[0] = 0;
} elsef
sbrOversamplingFlag[0] = 0;
sbrPitchInBins[0] = 0;
}
if (sbrPatchingMode[1] == 0) {
sbrOversamplingFlag[1];

R R

uimsbf
uimsbf
uimsbf
uimsbf

uimsbf
uiI:sbf

if (sbrPitchInBinsFlag[1])
sbrPitchInBins[1];
else
sbrPitchInBins[1] = 0;
}else {
sbrOversamplingFlag[1] = 0;
sbrPitchInBins[1] = 0;
}
}
sbr_grid(0, 0);
sbr_grid(1, 0);
sbr_dtdf(0,0, indepFlag);
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sbr_dtdf(1,0, indepFlag);
sbr_invf(0);
sbr_invf(1);

sbr_envelope(0,0, bs_amp_res);
sbr_envelope(1,0, bs_amp_res);
sbr_noise(0,0);
sbr_noise(1,0);

}
if (b(_ndd_harmnnif‘_ﬂng[n]) { 1 uimsbf
$br_sinusoidal_coding(0, 0);
}
if (bs_add_harmonic_flag[1]) { 1 uimsbf
$br_sinusoidal_coding(1, 0);
}
}
a In couplling mode only the data for channel 0 is read. This data shall be copied to the.samé syntax element fqr
channel1.
Table 50 — Syntax of sbr_grid()
Syntax No. of bits ~ Mnemonic
sbr_grid(cH, bs_pvc_mode)
{
if (bs_pgvc_mode == 0) {
switch (bs_frame_class[ch]) { 2 uimsbf
case FIXFIX
bs_num_env[ch] = 2* tmp; 2 uimsbf, p
bs_freq_res[ch][0]; 1 uimsbf
for (env = 1; env < bs_num_eny[ch]; env++)
bs_freq_res[ch][env] = bs_freq_res[ch][0];
break;
case FIXVAR
bs_var_bord_1[¢h]; 2 uimsbf
bs_num_env[eh}= bs_num_rel_1[ch] + 1; 2 uimsbf
for (rel = 0f rel’< bs_num_env|[ch]-1; rel++)
bs.rel.bord_1[ch][rel] = 2* tmp + 2; 2 uimsbf
ptr_bits= ceil (log (bs_num_env([ch] + 1) / log (2)); b
bs_ pointer|ch]; ptr_bits uimsbf
for (env = 0; env < bs_num_env|[ch]; env++)
bs_freq_res[ch][bs_num_env[ch] - 1 - env]; 1 uimsbf
break;
case VARFIX
bs_var_bord_0[ch]; 2 uimsbf
bs_num_env[ch] = bs_num_rel_0[ch] + 1; 2 uimsbf
for (rel = 0; rel < bs_num_env[ch]-1; rel++)
bs_rel_bord_0[ch][rel] = 2* tmp + 2; 2 uimsbf
ptr_bits = ceil (log (bs_num_env[ch] + 1) / log (2)); b
bs_pointer|ch]; ptr_bits uimsbf
for (env = 0; env < bs_num_env|[ch]; env++)
bs_freq_res[ch] [env]; 1 uimsbf
break;
case VARVAR
bs_var_bord_0[ch]; 2 uimsbf
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bs_var_bord_1[ch]; 2 uimsbf
bs_num_rel_0[ch]; 2 uimsbf
bs_num_rel_1[ch]; 2 uimsbf
bs_num_env[ch] = bs_num_rel_0[ch] + bs_num_rel_1[ch] + 1; a
for (rel = 0; rel < bs_num_rel_0[ch]; rel++)
bs_rel_bord_0[ch][rel] = 2* tmp + 2; 2 uimsbf
for (rel = 0; rel < bs_num_rel_1[ch]; rel++)
bs_rel_bord_1[ch][rel] = 2* tmp + 2; 2 uimsbf
ptr_bits = ceil (log(bs_num_env[ch] + 1) / log (2)); b
bs_pointer|ch]; ptr_bits uimsbf
for (env = 0; env < bs num_env[ch]; env++)
bs_freq_res[ch][env]; 1 nimsbf
break;
}
if (bs_num_env|[ch] > 1) {bs_num_noise[ch] = 2; }
else {bs_num_noise[ch] = 1; }
}else {
bs_noise_position[ch]; 4 imsbf
bs_var_len_hf[ch]; 1,3 imsbf

if (bs_noise_position[ch] == 0) {
bs_num_env[ch] = 1;
bs_num_noise[ch] = 1;
bs_freq_res[ch][0] = 0;
}else {
bs_num_env[ch] = 2;
bs_num_noise[ch] = 2;
for (env = 0; env < bs_num_env[ch]; env++) {
bs_freq_res[ch][env] = 0;
}

}

a bs_num_env is restricted according to 7.5.1.3.

b The division (/) is a float division without rounding or truncation.

Table 51 — Syntax of sbr_envelope()

Syntafx No. of bits | Mnemonic

sbr_envelopé(ch, bs_coupling, bs_amp_res)

{

amp_res = bs_amp_res;
if (bs_frame_class[ ch | == FIXFIX && bs_num_env[ ch ] ==1) {

amp_res = 0;
}
if (bs_coupling) {
if (ch) {

t_huff = t_huffman_env_bal_3_0dB;

f huff = f huffman_env_bal_3_0dB;
}else {

t_huff = t_huffman_env_bal_1_5dB;

f huff = f huffman_env_bal_1_5dB;
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} else

{

if (amp_res) {

}

}
}else {

t_huff = t_ huffman_env_3_0dB;

f huff = f huffman_env_3_0dB;
else {

t_huff = t_ huffman_env_1_5dB;

f huff = f huffman_env_1_5dB;

if (ampres) {

} else

tl huff = t_huffman_env_3_0dB;
flhuff = f huffman_env_3_0dB;

{

tl huff = t_huffman_env_1_5dB;
flhuff = f huffman_env_1_5dB;

0; env < bs_num_env|[ch]; env++) {
| df_env[ch][env] == 0) {
 (bs_coupling && ch) {
if (amp_res)
bs_data_env[ch][env][0] = bs_env_start_value_balance;
else
bs_data_env|[ch][env][0] = bs_env_start_value_balance;
else {
if (amp_res)
bs_data_env|[ch][env][0] = bs_env.start_value_level;
else
bs_data_env[ch][env][0] = bs_env_start_value_level;

br (band = 1; band < num_env_bands[bs_freq_res[ch][enV]]; band++)
bs_data_env[ch][env][band] = sbr_huff_dec(f_huff, bs_codeword);
{
br (band = 0; band <num_env_bands[bs_freq_res[ch][env]]; band++)
bs_data_env[¢h][env][band] = sbr_huff_dec(t_huff, bs_codeword);

| interTes) §

s_temp.shape[ch][env];

f (bs(temp_shape[ch][env]) {
bs_inter_temp_shape_mode[ch][env];

}
}
for (env 4
if (bs
i
)
)
f]
} else
f]
}
if (bs
h
I
}
}
}

}

1..18

1..18

uims

uims

uims

uims

uims

uims

bf

bf

bf

bf

bf

bf

a num_env_bands[bs_freq_res[ch][env]] is derived from the header according to ISO/IEC 14496-3:2019, 4.6.18.3 and is

named n.

b sbr_huff_dec() is defined in ISO/IEC 14496-3:2019, 4.A.6.1.

40

© ISO/IEC 2020 - All rights reserved



https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23003-3:2020(E)

Table 52 — Syntax of sbr_dtdf()

Syntax No. of bits Mnemonic
sbr_dtdf ( ch, bs_pvc_mode, indepFlag)
{
if (bs_pvc_mode == 0) {
if (indepFlag) {
bs_df env[ch][0] =0
}else {
bs_df _env[ch][0]; 1
}
for (env = I; env < bS_NUM_envjicnj; env++J3{
bs_df _env[ch][env]; 1
}
}
if (indepFlag) {
bs_df _noise[ch][0] =0
}else {
bs_df noise[ch][0]; 1
}
for (noise = 1; noise < bs_num_noise[ch]; noise++) {
bs_df noise[ch][noise]; 1
}
)
Table 53 — Syntax of sbr_sinusoidal_coding()
Syntax No. of bits Mnemonic
gbr_sinusoidal_coding(ch, bs_pvc_mode)
{
for (n = 0; n < num_high_res[ch]; n¥+¥)
bs_add_harmonic [ch][n]; 1
if (bs_pvc_mode !=0) {
bs_sinusoidal_position=31;
bs_sinusoidal_position_flag; 1
if (bs_sinusoidal. position_flag == 1)
bs_sinusoidal_position; 5 uimsbf
}
}
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Table 54 — Syntax of pvc_envelope

Syntax No. of bits Mnemonic
pvc_envelope(indepFlag)
{
divMode; 3 uimsbf
nsMode; 1 uimsbf

if (divMode<=3) {
num_length = divMode;
if (indepFlag) {
reuse_pvclD = 0;
else {
reuse_pvclD; 1 uimsbf

\

if (reuse_pvcID) {

pvcID[0]=pvcID[-1];

telse {

pvcID[0]; 7 uimsbf

1

k=1;

if (num_length) {

sum_length=0;

for (i=0; i<num_length; i++) {
if (sum_length >=13) {

length; 1 uimsbf
} else if (sum_length >=11) {

length; 2 uimsbf
} else if (sum_length >=7) {

length; 3 uimsbf
}else{

length; 4 uimsbf
}
length +=1;

sum_length +=length;
for (j=1; j<length; j+%, k++) {
pvclD[k]e=\pvcID[k-1];
}
pvcID[k++]; 7 uimsbf

}

for (; k<d6; k++) {

pvelD[k]=pvcID[k-1];

1

}else {
switch (divMode) {

case 4:
num_grid_info=2;
fixed_length=8;
break;

case 5:
num_grid_info=4;
fixed_length=4;
break;
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case 6:
num_grid_info=8;
fixed_length=2;
break;

case 7:
num_grid_info=16;
fixed_length=1;
break;

}
for (i=0, k=0; i<num_grid_info; i++) {
if(indppF]qg && i==n) {

grid_info = 1;
}else {

grid_info; 1 uimsbf
}
if (grid_info) {

pvcID[Kk++]; 7 uimsbf
}else {

pvcID[k++] = pvcID[k-1];
}

for (j=1; j<fixed_length; j++, k++) {
pvcID[K] = pvcID[k-1];

}
}
}
J
Table 55 — References to SBR syntactic elements

$yntax of Réfer to:

gbr_invf() ISO/IEC 14496-3:2019, 4.4.2.8, Table 4.76
gbr_noise() ISO/IEC 14496-3:2019, 4.4.2.8, Table 4.78

5.3.4| Payloads for MPEG Surround

Table 56 — Syntax of Mps212Data()

Syntax No. of bits Mnemonic
(ps212DatafindepFlag)

=

FramingInfo();

if(indepFlag) {
bsimdependencyflag=T;

}else {
bsIndependencyFlag; 1 uimsbf

}
OttData();

SmgData();

TempShapeData();

if (bsTsdEnable == 1) {
TsdData();

}
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Table 57 — Syntax of FramingInfo()

Syntax No. of bits Mnemonic
FramingInfo()
{
if (bsHighRateMode) {
bsFramingType; 1 uimsbf
bsNumParamSets; 3 uimsbf
}else {

bsFramingType = 0;
bsNumParamSets = 1;

}

numpParamsSets = bsNumParamSets + 1;
nBit§ParamSlot = ceil(log2(numSlots));

if (bgFramingType) {
for (ps=0; ps<numParamSets; ps++) {

bsParamSlot[ps]; nBitsParamSlot uimsbf
]
}
}
Table 58 — Syntax of OttData()
Syntax No. of bits Mnemonic
OttData(
{
EcDgta(CLD, 0, 0, numBands); a
EcD4gta(ICC, 0, 0, numBands); a
if (bgPhaseCoding) {
sPhaseMode; 1 uimsbf
f (bsPhaseMode) {
bsOPDSmoothingMode; 1 uimsbf
EcData(IPD, 0, 0, bsOttBandsPhase);
]
}
}
a numBarlds is defined in ISOAEC 23003-1:2007, 5.2, Table 39 and depends on bsFreqRes.
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Table 59 — Syntax of SmgData()

Syntax No. of bits Mnemonic
SmgData()
{
if (bsHighRateMode) {
for (ps=0; ps<numParamSets; ps++) { a
bsSmoothMode[ps]; 2 uimsbf
if (bsSmoothMode[ps] >=2) {
bsSmoothTime[ps]; 2 uimsbf
}
1t (bsSmoothMode|[ps| == 3) { Jn
bsFreqResStrideSmg|[ps]; 2 uimsbf
dataBands = (numBands-1)/pbStride+1; b
for (pg=0; pg<dataBands; pg++) {
bsSmgData|[ps][pg]; 1 uimsbf
}
}
}
}else{

for (ps=0; ps<numParamSets; ps++) {
bsSmoothMode[ps] = 0;
}
}

o

numParamSets is defined by numParamSets = bsNumParamSets + 1.
pbStride is defined in ISO/IEC 23003-1:2007, 5.2, Table 70 and depends on bsFreqResStrideSmg. The division
shall be interpreted as ANSI C integer division. numBands is defined in ISO/IEC 23003-1:2007, 5.2, Table 39 and
depends on bsFreqRes.

o

Table 60.— Syntax of TempShapeData()

Yyntax No. of bits =~ Mhemonic
empShapeData()

—_

bsTsdEnable = 0;
if (bsTempShapeConfig == 3) {

bsTsdEnable; 1 uimsbf
} else if ( (bsTempShapeConfig == 1) || (bsTempShapeConfig == 2) ) {
bsTempShapeEnable; 1 uimsbf

if(bsTempShapeEnable) {
for (ch=0; ch< numTempShapeChan; ch++) { a
bsTempShapeEnableChannel[ch]; 1 uirnsbf

h|
J

if (bsTempShapeConfig == 2) {
EnvelopeReshapeHuff(bsTempShapeEnableChannel);

}

}

}
a numTempShapeChan is 2 as defined 6.2.13.2.
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Table 61 — Syntax of TsdData()

Syntax No. of bits Mnemonic
TsdData()
{
bsTsdNumTrSlots; nBitsTrSlots uimsbf
TsdSepData = TsdTrPos_dec(bsTsdCodedPos); nBitsTsdCW viclbf
b, c

for (ts=0; ts< numSlots; ts++) {
if (TsdSepData[ts] == 1) {
bsTsdTrPhaseData|ts| 3 uimsbft
telse {
bsTsdTrPhaseData[ts] = 0:

\
)

}

a nBitsTr$lots depends on the frame length as defined in Table 110.
b nBitTsd[CW is calculated according to the rule described in 7.11.2.4.
¢ TsdTrPds_dec() is defined in 7.11.2.4.

Table 62 — Syntax of EcData()

Syntax No. of bits Mnemonic
EcData(dataType, paramldx, startBand, stopBand) a
{
dataPets = 0;
for (ps=0; ps<numParamSets; ps++) { b
sXXXdataMode[paramldx][ps]; 2 uimsbf
f (bsXXXdataMode[paramldx][ps]==3) {
dataSets++;
]
}
setldx = 0;
whilg (setldx < dataSets) {
sDataPairXXX[paramldx][setldx]; 1 uimsbf
sQuantCoarseXXX[paramldx][setldx]; 1 uimsbf
sFreqResStrideXXX[paramldx][setldx]; 2 uimsbf

ataBands =(stopBand-startBand-1)/pbStride+1; c
cDataPadir(dataType, paramldx, setldx, dataBands,
bsDataPairXXX[paramldx][setldx],
bsQuantCoarseXXX[paramldx][setldx]);
(bsDataPairXXX[paramldx}{setldx]} {
bsQuantCoarseXXX[paramldx][setldx+1] = bsQuantCoarseXXX[paramlIdx][setldx];
bsFreqResStrideXXX[paramldx][setldx+1] = bsFreqResStrideXXX[paramldx][setldx];

}
setldx += bsDataPairXXX[paramldx][setldx]+1;

}

startBandXXX[paramldx] = startBand;
stopBandXXX[paramldx] = stopBand;

}

a XXX is to be replaced by the value of dataType (CLD, ICC, IPD).
b numParamSets is defined by numParamSets = bsNumParamSets + 1.

¢ pbStride is defined in ISO/IEC 23003-1:2007, Table 70 and depends on bsFreqResStride[][]. Furthermore the
division shall be interpreted as ANSI C integer division.
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Table 63 — Syntax of EcDataPair()

if (bsPcmCoding[paramldx][setldx]) {
if (coarseFlag) {

Syntax No. of bits Mnemonic
EcDataPair(dataType, paramldx, setldx, dataBands, pairFlag, coarseFlag) a
{

mixedTimePair_flag = 0;

bsPcmCodingXXX[paramldx][setldx]; 1 uimsbf

numQuantSteps = numQuantStepsXXXCoarse;
Else {
numQuantSteps = numQuantStepsXXXFine;
}
aaDataPair = GroupedPcmData(dataType, pairFlag,
numQuantSteps, dataBands );

}
else {
allowDiffTimeBack = (!bsIndependencyFlag) || (setldx>0);
(aaDataPairMsbDiff, aPgOffset, mixedTimePair_flag) =
DiffHuffData( dataType, pairFlag,
allowDiffTimeBack, dataBands );
aaDataPairLsb[0] = LsbData( dataType, coarseFlag,dataBands );
if (pairFlag) {
aaDataPairLsb[1] = LsbData( dataType,.coarseFlag, dataBands );
}
}

/* copy information read by EcDataPair() and its subfunctions
into non-ambiguous variables for latet delta decoding etc. */

bsDiffTypeXXX[paramldx][setldx] = bsDiffType[0];
bsDiffTimeDirectionXXX{paramldx][setldx] = bsDiffTimeDirection[0];

mixedTimePairXXX{paramldx][setldx] = mixedTimePair_flag;

if (pairFlag) {
bsDiffTypeXXX[paramldx][setldx+1] = bsDiffType[1];
bsDiffTimeDirectionXXX[paramldx][setldx+1] = bsDiffTimeDirection[1];
bsPcmCodingXXX[paramldx][setldx+1] = bsPcmCodingXXX[paramldx][setldx];
mixedTimePairXXX[paramldx][setldx+1] = mixedTimePair_flag;

J

for (pg=0; pg<dataBands; pg++) {

if (bsPcmCodingXXX[paramldx][setldx]) {
bsXXXpcm[paramldx][setldx][pg] = aaDataPair[0][pg];

else {
bsXXXmsbDiff[paramldx][setldx][pg] = aaDataPairMsbDiff[0][pg];
bsXXXlIsb[paramldx][setldx][pg] = aaDataPairLsb[0][pg];

}

if (pairFlag) {
if (bsPcmCodingXXX[paramldx][setldx+1]) {

bsXXXpcm[paramldx][setldx+1][pg] = aaDataPair[1][pg];

}
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else {
bsXXXmsbDiff[paramldx][setldx+1][pg] =aaDataPairMsbDiff[1][pg];
bsXXXlsb[paramldx][setldx+1][pg] = aaDataPairLsb[1][pg];

}

}
a XXX is to be replaced by the value of dataType. (CLD, ICC, IPD).

b numQuantStepsXXXCoarse and numQuantStepsXXXFine are defined in Table 112 and depend on dataType.

Table 64 — Syntax of DiffHuffData()

Syntax No. of bits =~ Mpemonig
DiffHuff[)ata(dataType, pairFlag, allowDiffTimeBackFlag, dataBands)
{

mixedTimePair_flag = 0;

bsDiffType[0] = DIFF_FREQ;
bsDiffType[1] = DIFF_FREQ;

if ( ppirFlag || allowDiffTimeBackFlag) {

bsDiffType[0]; 1 uimsbf
}
if ( ppirFlag && ( ( bsDiffType[0] == DIFF_FREQ) ||

allowDiffTimeBackFlag ) ) {

bsDiffType[1]; 1 uimsbf

}

bsCqdingScheme; 1 uimsbf
if ( bpCodingScheme == HUFF_1D ) {

aaHuffData[0]) = HuffData1D( dataType, aDiffType[0], dataBands );

if ( pairFlag) {

(aaHuffData[1]) = HuffData1D( dataType, aDiffType[1], dataBands );

]
}
else{ /*HUFF_2D */

if (pairFlag) {

bsPairing; 1 uimsbf
]
¢lse {

bsPairing = FREQ_PAIR;

:
)

if ( bsPairing == FREQ_PAIR ) {
(aaHuffData[0]) = HuffData2DFreqPair( dataType, aDiffType[0],
dataBands );

if ( pairFlag) {
(aaHuffData[1]) = HuffData2DFreqPair( dataType, aDiffType[1],
dataBands );

}

}
else { /* TIME_PAIR */

(aaHuffData) = HuffData2DtimePair( dataType, aDiffType,
dataBands );
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if ( bsDiffType[0] != bsDiffType[1] ) {
mixedTimePair_flag = 1;

}
}

/* Inverse differential coding */
if ( (bsDiffType[0] == DIFF_TIME) || (bsDiffType[1] == DIFF_TIME) ) {
if (lallowDiffTimeBackFlag && (bsDiffType[0] == DIFF_TIME) ) {
bsDiffTimeDirection[0] = FORWARDS;
2
else if ( !pairFlag || (pairFlag && (bsDiffType[1] == DIFF_TIME)) ) {
bsDiffTimeDirection[0] = BACKWARDS;

}

else {
bsDiffTimeDirection[0]; 1 uimsbf
}
if ( pairFlag) {
bsDiffTimeDirection[1] = BACKWARDS;
}
}

return (aaHuffData, aPgOffset, mixedTimePair_flag);

Table 65 — Syntax of HuffDatalD()

Syntax No. of bits Mpemonic
[uffDatalD(dataType, diffType, dataBands)

bt

pgOffset = 0;

if ( diffType == DIFF_FREQ] {
aHuffDatalD[0] = 1 Dhuff_dec(hcodFirstBand_XXX, bsCodeW); 1.x viclbf
pgOffset = 1;

}

for (i=pg0Offset; i<dataBands; i++ ) {
aHuffDatalD[i] = 1Dhuff_dec(hcod1D_XXX_YY, bsCodeW); 1.x viclbf

if (aHuffDatalD[i] != 0 && dataType !=IPD) {
bsSigm; 1 uimsbf
if ( bsSign ) {
aHuffDatal1D[i] = -aHuffData1D[i];

}
}

return (aHuffData1D);

}
a XXX is to be replaced by the value of dataType (CLD, ICC, IPD).

b YY is to be replaced by “DF”, or “DT”, depending on the value of diffType.

¢ 1Dhuff_dec() is defined in ISO/IEC 23003-1:2007, A.1. IPD tables required for decoding shall be defined as shown
in Annex A.3.
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Table 66 — Syntax of HuffData2DFreqPair()

Syntax No. of bits Mnemonic
HuffData2DFreqPair(dataType, diffType, dataBands)
{
Lavldx = 1Dhuff_dec(hcodLavIdx, bsCodeW); 1.3 viclbf
lav = lavTabXXX[Lavldx]; a
pgOffset = 0;
if ( diffType == DIFF_FREQ) {
aHuffDataZD[0] = TDhuff_dec(hcodFirstBand_XXX, bsCodeWJ; 1.x viclbg, !
pgOfiset = 1;
}
escapeCofde = hcod2D_XXX_YY_FP_LL_escape; bcde
/* specifit escape code belonging to this Huffman table */
escCntr =|0;
for (i=pgPffset; i<dataBands; i+=2) {
(aTmp[0], aTmp[1]) = 2Dhuff dec(hcod2D_XXX YY_FP_LL, bsCodeW); 1.x viclbf, ¢d e f
if (bsCodeWord != escapeCode ) {
aTmpSym = SymmetryData( aTmp, dataType );
:IHuffDataZD[i] =aTmpSym[0];
HuffData2D[i+1] = aTmpSym|[1];
}
else
aEscList[escCntr++] = 1i;
}
}
if (escCnfr>0){
aaEs¢Data = GroupedPcmData(dataType, 1, 2*lav+1, escCntr);
for (1=0; i<escCntr; i++) {
:IHuffDataZD[aEscList[i]] = aaEscData[0][i] - lav;
HuffData2D[aEscList[i]+1] = aaEscData[1][i] - lav;
}
}
if ( (dataBands-pgOffset) % 2 ) { g
aHuffData2D[dataBands-1] = 1Dhuff dec(hcod1D_XXX_YY, bsCodeW); 1.x viclbf, ¢ ¢ f
if (aHuffData2D[dataBands-1] != 0 && dataType !=IPD) {
bsSign; 1 uimsbf
if ( bsSign ) {
aHuffData2D[dataBands-1] = -aHuffData2D[dataBands-1];
}
}
}
return (aHuffData2D);
}
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a lavTabXXX is defined in Table 113.

b The escape code tables are defined in Table A.4 for IPD and in ISO/IEC 23003-1:2007, Table A.8 and Table A.9 for CLD, ICC.
For some Huffman tables no escape code is needed since all possible values are covered by the Huffman table.

¢ XXXi
d YYis
e LLis

s to be replaced by the value of dataType (CLD, ICC, IPD).
to be replaced by “DF”, or “DT”, depending on the value of diffType.

to be replaced by the value of lav.

f 1Dhuff dec() and 2Dhuff dec() are defined in ISO/IEC 23003-1:2007, A.1. IPD tables required for decoding shall be defined
as shown in Annex A.3.

8 % denotes the modulo operator (ANSI C integer math) and returns the remainder of the division.

Table 67 — Syntax of HuffData2DTimePair()
Syntaj No6rof bits | Mnemonic
HuffData2DTimePair(dataType, aDiffType, dataBands)
{
Lgvldx = 1Dhuff dec(hcodLavidx, bsCodeW); 1..3 viclbf
lay = lavTabXXX[Lavldx]; a
pgOffset = 0;
if [ (aDiffType[0] == DIFF_FREQ) || (aDiffType[1] == DIFF_FREQ)") {
aaHuffData2D[0][0] = 1Dhuff_dec(hcodFirstBand_XXX,‘bsCodeW); 1.x vlclbf, < f
aaHuffData2D[1][0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW); 1.x vlclbf, o f
pgOffset = 1;
}
egcapeCode = hcod2D_XXX_YY_TP_LL_escape; b,cde
/¥ specific escape code belonging to this Hiiffman table */
edcCntr = 0;
if [ (aDiffType[0] == DIFF_TIMEY | (aDiffType[1] == DIFF_TIME) ) {
diffType = DIFF_TIME;
}
else {
diffType = DIFF-FREQ;
}
for (i=pgOffset; i<dataBands; i++ ) {
(aTmp{0], aTmp[1]) = 2Dhuff_dec(hcod2D_XXX_YY_TP_LL, bsCodeW); 1.x viclbf, ¢ d ef
if (bsCodeW != escapeCode ) {
aTmpSym = SymmetryData( aTmp, dataType ):

aaHuffData2D[0][i] = aTmpSym][0];
aaHuffData2D[1][i] = aTmpSym[1];

}
else {

aEscList[escCntr++] = i;
}
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}

if (escCntr>0){

aaEsc

Data = GroupedPcmData(dataType, 1, 2*lav+1, escCntr);

for (i=0; i<escCntr; i++) {
aaHuffData2D[0][aEscList[i]] = aaEscData[0]][i] - lav;
aaHuffData2D[1][aEscList[i]] = aaEscData[1]][i] - lav;

}

return (aaHuffData2D);

a lavTabXXX is

b The escape ¢
For some Hulf]

¢ XXX is to be rdg
d YY is to be ref
e LL is to be rep|

f 1Dhuff dec() 4
shown in Ann

efined in Tahle 113

placed by the value of dataType (CLD, ICC, IPD).
laced by “DF”, or “DT”, depending on the value of diffType.

laced by the value of lav.

ex A.3.

de tables are defined in Table A.4 for IPD and in ISO/IEC 23003-1:2007, Table A.8 and Table A.9 for~CILD, ICC.
fman tables no escape code is needed since all possible values are covered by the Huffman table.

nd 2Dhuff dec() are defined in ISO/IEC 23003-1:2007, A.1. IPD tables requiredfor decoding shall be defined as
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Table 68 — Syntax of SymmetryData()

Syntax

No. of bits Mnemonic

Symmetr

{

sum)
diffVj
if (s

else

if(a

yData(aDataPair, dataType)

Val = aDataPair[0] + aDataPair[1];
al = aDataPair[0] - aDataPair[1];
himVal > lav ) {

DataPair[0] = (2*lav+1) - sumVal;
DataPair[1] = - diffVal;

.
L

DataPair[0] = sumVal;
DataPair[1] = diffVal;

DataPair[0] + aDataPair[1] != 0 && dataType !=IPD) {

:
)

sSymBit[0];

f ( bsSymBit[0]\) {
aDataPair[0] = - aDataPair[0];
aDataPair[1] = - aDataPair[1];

}

1 uimsbf

i

if (aDataPair[0] - aDataPair[1] !=0) {
bsSymBit[1];

f ( bsSymBit[1] ) {
tmpVal = aDataPair[0];
aDataPair[0] = aDataPair[1];
aDataPair[1] = tmpVal;

1 uimsbf
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Table 69 — Syntax of LsbData()

Syntax No. of bits Mnemonic
LsbData(dataType, coarseFlag, dataBands)
{
for (i=0; i<dataBands; i++ ) {
bsLsb = 0;
if ((dataType == IPD) && !coarseFlag) {
bsLsb; 1 uimsbf
}
aDataOut[i] =bsLsb;
h
return (aDataOut);
)
Table 70 — References to MPS syntactic elements
$yntax of Please see
EnvelopeReshapeHuff() ISO/IEC 23003-1:2007, 5.1, Table 21
iroupedPcmData() ISO/IEC 23003-1:2007, 5.1, Table/25

5.3.5| Payload of extension elements

Table 71 — Syntax of AudioPreRoll()

Yyntax No. of bits Mngmonic
AudioPreRoll()
configLen = escapedValue(4,4,8); 4..16
Config() 8*configLen
applyCrossfade; 1
reserved; 1
numPreRollFrames.="escapedValue(2,4,0); 2..6
for (frameldx=0; frameldx < numPreRollFrames; ++frameldx) {
auLen = escapedValued(16,16,0) 16..32 uimsbf
AccessUnit() 8*aulLen
}
)

6 Data structure
6.1 USAC configuration
6.1.1 Definition of elements

6.1.1.1 Data elements

UsacConfig() This element contains information about the contained audio content as well as
everything needed for the complete decoder set-up.

UsacChannelConfig() This element give information about the contained bitstream elements and their
mapping to loudspeakers.
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UsacDecoderConfig()

UsacConfigExtension()

This element contains all further information required by the decoder to

interpret the bitstream. In particular the SBR resampling ratio is signalled here

and the structure of the bitstream is defined here by explicitly stating the
number of elements and their order in the bitstream.

Configuration extension mechanism to extend the configuration for future
configuration extensions for USAC.

UsacSingleChannelElementConfig()

Contains all information needed for configuring the decoder to decode one

single channel. This is essentially the core coder related information and if
isused the SBR related information

SBR

UsacChannelH

UsacLfeElemd

UsacExtElemsd

airElementConfig()

ntConfig()

ntConfig()

UsacCoreConflig()

SbrConfig()

SbrDfltHeadey

Mps212Config

escapedValue

()

In analogy to the above, this element configuration contains all infgrimatior
needed for configuring the decoder to decode one channel pair. In"addition
the above mentioned core config and sbr configuration this includes stereo
specific configurations like the exact kind of stereo coding @pplied (with or
without MPS212, residual etc.). This element covers allkinds of stereo cod
options currently available in USAC.

The LFE element configuration does not contajnconfiguration data as an L
element has a static configuration.

This element configuration can be used for configuring any kind of existing
future extensions to the codec. Each-extension element type has its own
dedicated type value. A length field is/included in order to be able to skip o
configuration extensions unknewn to the decoder.

Contains configuration datawhich have impact on the core coder set-up.

Contains default values for the configuration elements of eSBR that are typ
kept constant. Futith€rmore, static SBR configuration elements are also car
in SbrConfig(). These static bits include flags for en- or disabling particular
features of the-enhanced SBR, like harmonic transposition or inter TES.

FE

or

yer

cally
ried

This element carries a default version of the elements of the SbrHeader() that

can be referred to if no differing values for these elements are desired.

All set-up parameters for the MPEG Surround 2-1-2 tools are assembled in
configuration.

This element implements a general method to transmit an integer value us
varying number of bits. It features a two level escape mechanism which all
to extend the representable range of values by successive transmission of

additional bits.

this

nga
DWS

usacSamplingFrequencylndex

54

This index determines the sampling frequency of the audio signal after decoding.

The value of usacSamplingFrequencylndex and their associated sampling
frequencies are described in Table 72.
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usacSamplingFrequencylndex sampling frequency

0x00 96000

0x01 88200

0x02 64000

0x03 48000

0x04 44100

0x05 32000

0x06 24000

Ox07 220560

0x08 16000

0x09 12000

0x0a 11025

0x0b 8000

0x0c 7350

0x0d reserved

0x0e reserved

0x0f 57600

0x10 51200

0x11 40000

0x12 38400

0x13 34150

0x14 28800

0x15 25600

0x16 20000

0x17 19200

0x18 17075

0x19 14400

Oxla 12800

0x1b 9600

0x1c reserved

0x1d reserved

Oxle reserved

0x1f escape value

NOTE<YThe values of UsacSamplingFrequencylndex 0x00 up to Ox0Oe are
identical to those of the samplingFrequencylndex 0x0 up to Oxe
contained in the AudioSpecificConfig() specified in ISO/IEC 14496-3.
usacSamplingFrequency Output sampling frequency of the decoder coded as unsigned integgr value in
case usacSamplingFrequencylndex is equal to the escape value.

his-iid 3 erftgtration: A enrfigtrationIndex >
0 the index unambiguously defines the number of channels, channe

| elements

and associated loudspeaker mapping according to Table 73. The names of the
loudspeaker positions, the used abbreviations and the general position of the

available loudspeakers can be deduced from Table 74 and Figure 2.

© ISO/IEC 2020 - All rights reserved

55


https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23003-3:2020(E)

Table 73 — Channel configurations, meaning of channelConfigurationlndex,

mapping of channel elements to loudspeaker positions

value audio syntactic elements, channel to speaker mapping Speaker | "Front/
listed in order received Surr.
abbrev. LFE"
notation
0 - defined in UsacChannelConfig() - -
1 UsacSingleChannelElement() center front speaker C 1/0.0
2 UsacChannelPairElement() left, right front speakers L,R 2/0.0
3 ( c;\rQingln(‘h;mnp]F'Inmnnfo center front cppnkpr C ?I/ﬂ
UsacChannelPairElement() left, right front speakers LR
4 UsacSingleChannelElement(), | center front speaker, C 3/1.0
UsacChannelPairElement(), left, right center front speakers, L,R
UsacSingleChannelElement() center rear speakers Cs
5 UsacSingleChannelElement(), | center front speaker, G 3/2.0
UsacChannelPairElement(), left, right front speakers, L, R
UsacChannelPairElement() left surround, right surround speakers Ls, Rs
6 UsacSingleChannelElement(), | center front speaker, C 3/2.1
UsacChannelPairElement(), left, right front speakers, L,R
UsacChannelPairElement(), left surround, right surround Ls, Rs
UsacLfeElement() speakers, LFE
center front LFE speaker
7 UsacSingleChannelElement(), | center front speaker C 5/2.1
UsacChannelPairElement(), left, right center front speakers, Lc, Rc
UsacChannelPairElement(), left, right outside front speakers, L,R
UsacChannelPairElement(), left surround, right'surround Ls, Rs
UsacLfeElement() speakers, LFE
center front LFE speaker
8 UsacSingleChannelElement(), | channell N.A. 1+1
UsacSingleChannelElement() channel2 N.A.
9 UsacChannelPairElement(), left, right front speakers, L,R 2/1.0
UsacSingleChannelElement() center rear speaker Cs
10 UsacChannelPairElement(), left, right front speaker, L,R 2/2.0
UsacChannelPairElement() left, right rear speakers Ls, Rs
11 UsacSingleChannelElement(); | center front speaker, C 3/3.1
UsacChannelPairElement(), left, right front speakers, L,R
UsacChannelPairElément(), left surround, right surround Ls, Rs
UsacSingleChannelElement(), | speakers, Cs
UsacLfeElement() center rear speaker, LFE
center front LFE speaker
12 UsacSingle€hannelElement(), | center front speaker C 3/4.1
UsacChannelPairElement(), left, right front speakers, L,R
UsaeChannelPairElement(), left surround, right surround Ls, Rs
L aauchauuclpail E}Clllcllt(), apca}\cn ) LDI ) Rbl
UsacLfeElement() left, right rear speakers, LFE

center front LFE speaker

56
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value audio syntactic elements, channel to speaker mapping Speaker | "Front/
listed in order received Surr.
abbrev. LFE"
notation

13 UsacSingleChannelElement(), | center front speaker, C 11/11.
UsacChannelPairElement(), left, right front speakers, Lc, Rc 2
UsacChannelPairElement(), left, right outside front speakers, L,R
UsacChannelPairElement(), left, right side speakers, Lss, Rss
UsacChannelPairElement(), left, right back speakers, Lsr, Rsr
UsacSingleChannelElement(), | back center speaker, Cs
YsactfeElement(3; teftfromttow freq-effectsspeaker; tFE
UsacLfeElement(), right front low freq. effects speaker, LFE2
UsacSingleChannelElement(), | top center front speaker, Cv.
UsacChannelPairElement(), top left, right front speakers, Lv, Rv
UsacChannelPairElement(), top left, right side speakers, Lvss, Rvss
UsacSingleChannelElement(), | center of the room ceiling speaker, Ts
UsacChannelPairElement(), top left, right back speakers, Lvr, Rvr
UsacSingleChannelElement(), | top center back speaker, Cvr
UsacSingleChannelElement(), | bottom center front speaker, Cb
UsacChannelPairElement() bottom left, right front speakers Lb, Rb

14- reserved reserved reserved

31

NOTE The values of channelConfigurationIndex 1 up to 7 are identical to those of the channelConfiguration 1 up
to 7 contained in the MPEG-4 AudioSpecificConfig().

bsOutputChannelPos

This index describes loudspeaker positions which are associated to[a given

channel according to Table 74. Figure 2 indicates the loudspeaker
3D environmentefthe listener. In order to ease the understanding pf
loudspeaker pasitions Table 74 also contains loudspeaker positions
IEC 100/1706/CDV which are listed here for information.

Table 74 — bsOutputChannelPos

BhsOutput- Loudspeaker position accarding to
Channel- Loudspeaker position IEC100/1706/CDV
Pos IEC 62574 (TC100)
Abbr. Name Abbr. Name
( L left front FL front left
1 R right front FR front right
2 C center front FC front centre
3 LFE low frequency enhancement LFE1 low frequency effe¢ts-1
Ls left surround LS left surround
5 Rs right surround RS right surround
6 Lc left front center FLc front left centre
7 Rc right front center FRc front right centre
8 Lsr rear surround left BL back left
9 Rsr rear surround right BR back right
10 Cs rear center BC back centre
11 Lsd left surround direct LSd left surround direct
12 Rsd right surround direct RSd right surround direct
13 Lss left side surround SL side left
14 Rss right side surround SR side right
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bsOutput- Loudspeaker position according to
Channel- Loudspeaker position IEC 100/1706/CDV
Pos IEC 62574 (TC100)
Abbr. Name Abbr. Name
15 Lw left wide front FLw front left wide
16 Rw right wide front FRw front right wide
17 Lv left front vertical height TpFL top front left
18 Rv right front vertical height TpFR top front right
19 Cv center front vertical height TpFC top front centre
20 Lvr left surround vertical height rear TpBL top back left
21 Rvr right surround vertical height rear TpBR top back right
22 Cvr center vertical height rear TpBC top back centre
23 Lvss left vertical height side surround TpSiL top side left
24 Rvss right vertical height side surround TpSiR [ top side right
25 Ts top center surround TpC top centre
26 LFE2 low frequency enhancement 2 LFE2 low frequiency effects-2
27 Lb left front vertical bottom BtFL bottom front left
28 Rb right front vertical bottom BtFR boettem front right
29 Cb center front vertical bottom BtFC bottom front centre
30 Lvs left vertical height surround TpLS top left surround
31 Rvs right vertical height surround TpRS top right surround

S
oIS

Lb LFERCbRLFEz Rb

L@O ((0 Lo @ Res 0)) O}D Russ
EE)
QS es52 b,

Rsd

Lvr Cvr Rvr

Figure 2 — Loudspeaker positions
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Table 75 — Values of coreCoderFrameLength, sbrRatio,

ISO/IEC 23003-3:2020(E)

This index determines the output frame length of the decoder, the sbrRatio and
the sbrRatiolndex respectively, as well as the coreCoderFrameLength (ccfl) and
the value of numSlots which is used in Mps212. The exact mapping can be found

in Table 75:

outputFrameLength and numSlots depending on coreSbrFrameLengthIndex

usac(

Index coreCoder- sbrRatio output- Mps212
FrameLength | (sbrRatiolndex) | FrameLength numSlots

0 768 no SBR (0) 768 N.A:

1 1024 no SBR (0) 1024 N.A.

2 768 8:3(2) 2048 32

3 1024 2:1(3) 2048 32

4 1024 4:1(1) 4096 64

5.7 reserved

onfigExtensionPresent

numQutChannels

Indicates the presence of extensions to/the configuration.

If the value of channelConfiguratianIndex indicates that none of the

pre-defined

channel configurations is used,then this element determines the number of audio

channels for which a specifiecloudspeaker position shall be associated.
numBlements This field contains the number of elements that will follow in the lopp over
element types in the UsacDecoderConfig().
usacHlementType[elemldx] Defines the USA€ channel element type of the element at position elemldx in the
bitstream. Four'element types exist, one for each of the four basic bjtstream
elements: UsdcSingleChannelElement(), UsacChannelPairElement(],
UsacLfeElement(),UsacExtElement(). These elements provide the necessary top
level structure while maintaining all needed flexibility. The meaning of
usacElementType is defined in Table 76.
Table 76 — Value of usacElementType
usacElementType Value
ID_USAC_SCE 0
ID_USAC_CPE 1
ID_USAC_LFE 2
ID_USAC_EXT 3
stereoConfigindex This element determines the inner structure of a UsacChannelPairElement(). It

indicates the use of a mono or stereo core, use of MPS212, whether

stereo SBRis

applied, and whether residual coding is applied in MPS212 according to
Table 77. This element also defines the values of the helper elements

bsStereoSbr and bsResidualCoding.
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Table 77 — Values of stereoConfigindex and its meaning and
implicit assignment of bsStereoSbr and bsResidualCoding

stereoConfigindex meaning bsStereoSbr bsResidualCoding
0 regular CPE (no MPS212) N/A 0
1 single channel + MPS212 N/A 0
2 two channels + MPS212 0 1
3 two channels + MPS212 1 1
tw_mdct This flag signals the usage of the time-warped MDCT in this stream.
noiseFilling This flag signals the usage of the noise filling of spectral holes in the FD'¢or¢
coder.
harmonicSBR This flag signals the usage of the harmonic patching for the SBR.
bs_interTes This flag signals the usage of the inter-TES tool in SBR.
bs_pvc This flag signals the usage of the PVC tool in SBR.
dflt_start_freg This is the default value for the bitstream element bs_start_freq, which is agplied

in case the flag sbrUseDfltHeader indicates that default values for the
SbrHeader() elements shall be assumed.

dflt_stop_freq This is the default value for the bitstream element bs_stop_freq, which is applied
in case the flag sbrUseDfltHeader indicates that default values for the
SbrHeader() elements shall be assumed.

dflt_header_gxtral This is the default value forthe bitstream element bs_header_extral, whichl|is
applied in case the flagisbrUseDfltHeader indicates that default values for the
SbrHeader() elements shall be assumed.

dflt_header_gxtra2 This is the default value for the bitstream element bs_header_extra2, whichl|is
applied in case the flag sbrUseDfltHeader indicates that default values for tle

SbrHeader() elements shall be assumed.

dflt_freq_scal

[+

This is'the default value for the bitstream element bs_freq_scale, which is applied
in'case the flag sbrUseDfltHeader indicates that default values for the
SbrHeader() elements shall be assumed.

dflt_alter_scale This is the default value for the bitstream element bs_alter_scale, which is
applied in case the flag sbrUseDfltHeader indicates that default values for the
SbrHeader() elements shall be assumed.

dflt_noise_bands This is the default value for the bitstream element bs_noise_bands, which is
applied in case the flag sbrUseDfltHeader indicates that default values for the
SbrHeader() elements shall be assumed.

dflt_limiter_bands This is the default value for the bitstream element bs_limiter_bands, which is
applied in case the flag sbrUseDfltHeader indicates that default values for the
SbrHeader() elements shall be assumed.

dflt_limiter_gains This is the default value for the bitstream element bs_limiter_gains, which is
applied in case the flag sbrUseDfltHeader indicates that default values for the
SbrHeader() elements shall be assumed.

dflt_interpol_freq This is the default value for the bitstream element bs_interpol_freq, which is

applied in case the flag sbrUseDfltHeader indicates that default values for the
SbrHeader() elements shall be assumed.
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This is the default value for the bitstream element bs_smoothing_mode, which is

applied in case the flag sbrUseDfltHeader indicates that default values for the

SbrHeader() elements shall be assumed.

xtElementType this element allows to signal bitstream extensions types. The meaning of
usacExtElementType is defined in Table 78.

Table 78 — Value of usacExtElementType

usacExtElementType

Value

usacH

usacH

usacH

usacH

numC

confE

usac(

ID_EAT_ELE_IILL

ID_EXT_ELE_MPEGS

ID_EXT_ELE_SAOC

ID_EXT_ELE_AUDIOPREROLL

winN =g

ID_EXT_ELE_UNI_DRC

4

/* reserved for ISO use */

5-127

/* reserved for use outside of ISO scope */

128 and higher

required by the decoder to skip these extensions.

NOTE Application-specific usacExtElementType values are mandated te-be in the space reservefl
for use outside of ISO scope. These are skipped by a decoder ag’a ‘minimum of structure is

in the UsacExtElementConfig().

xtElementConfigLength Signals the length of the extension\configuration in bytes (octets).

T — Vatueof ConfiFxtE

usacConfigExtType Value
ID_CONFIG_EXT_FILL 0
/* reserved for ISO use */ 1
ID_CONFIG_EXT_LOUDNESS_INFO 2
/* reserved for ISO use */ 3...6
ID_CONFIG_EXT_STREAM_ID 7
/* reserved for ISO use */ 8-127
/* reserved for use outside of ISO scope */ 128 and higher

© ISO/IEC 2020 - All rights reserved

xtElementDefaultLengthPresent This flag signals whether a usacExtElementDefaultLength fis conveyed

xtElementDefaultLength Signals the default length of the extension element in bytes. Only if the extension
element in a givemraccess unit deviates from this value, an additional length
needs to be transtitted in the bitstream. If this element is not explikitly
transmitted(fusacExtElementDefaultLengthPresent==0) then the vilue of
usacExtElementDefaultLength shall be set to zero.

xtElementPayloadFrag This!flag indicates whether the payload of this extension element nay be
fragmented and send as several segments in consecutive USAC fra:]es

pnfigExtensions If extensions to the configuration are present in the UsacConfig() thiis value
indicates the number of signalled configuration extensions.

xtldx Index to the configuration extensions.

onfigExtType This element allows to signal configuration extension types. The m¢aning of
usacConfigExtType is defined in Table 79.
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usacConfigExtLength

bsPseudoLr

Signals the length of the configuration extension in bytes (octets).

This flag signals that an inverse mid/side rotation should be applied to the core
signal prior to Mps212 processing. Table 80 gives the allowed values and the
corresponding meaning of bsPseudoLr.

Table 80 — bsPseudoLr

core-

round

fer

and

bsPseudoLr Meaning
0 Core decoder output is DMX/RES
T Core decoder output is Pseudo L/R
6.1.1.2 Helper Elements
coreCoderFrameLength Frame length of core-coder, i.e., number of valid samples outputby FD/LPD
decoder. coreCoderFrameLength is determined as outputErameLength/
sbrRatio.
bsStereoSbr This flag signals the usage of the stereo SBR in conibination with MPEG Sur
decoding. The value of bsStereoSbr is defined hystéreoConfigindex (see
Table 77). Table 81 gives the allowed values@nd'the corresponding meanin
bsStereoSbr.
Table 81 — bsStereoSbr.
bsStereoSbr Meaning
0 Mono SBR
1 Stereo SBR
bsResidualCoding Indicates whether residual coding is applied according to Table 82. The valfie of
bsResidualCoding is defined by stereoConfigindex (see Table 77).
Table 82 — bsResidualCoding
bsResidualCoding Meaning
0 no residual coding, core coder is mono
1 residual coding, core coder is stereo
sbrRatiolndex Indicates the ratio between the core sampling rate and the sampling rate aff
eSBR processing. At the same time it indicates the number of QMF analysis
synthesis bands used in SBR according to the Table 83.
Table 83 — Definition of sbrRatiolndex
sbrRatiolndex sbrRatio QMF pand ratlo.
(analysis:synthesis)
0 no SBR -
1 4:1 16:64
2 8:3 24:64
3 2:1 32:64
elemldx Index to the elements present in the UsacDecoderConfig() and the UsacFrame().
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6.1.2 UsacConfig()

The UsacConfig() contains information about output sampling frequency and channel configuration. This
information shall be identical to the information signalled outside of this element, e.g, in an MPEG-4
AudioSpecificConfig().

6.1.3 Usac Output Sampling Frequency

If the sampling rate is not one of the rates listed in the right column in Table 84, the sampling frequency
dependent tables (code tables, scale factor band tables etc.) shall be deduced in order for the bitstream payload to
be parsed. Since a given sampling frequency is associated with only one sampling frequency table, and since
maxinum f1exibility 15 desired 1n the range ol possible sampling [requencies, Table 84 shall be use associate an
expliditly signalled sampling frequency (i.e., via usacSamplingFrequencylndex) with the (desired sampling
freque¢ncy dependent tables.

Table 84 — Sampling frequency mapping

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

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

6.1.4| UsacChannelConfig()

The channel configuration tablé.covers most common loudspeaker positions. For further flexibility} channels can
be mapped to an overall selection of 32 loudspeaker positions found in modern loudspeaker setips in various
applidations (see Table 749:

For epch channel centained in the bitstream the UsacChannelConfig() specifies the associated loudspeaker
positipn to whichy.this particular channel shall be mapped. The loudspeaker positions which are indexed by
bsOutputChanfelPos are listed in Table 74. In case of multiple channel elements the| index i of
bsOutputChannelPos[i] indicates the position in which the channel appears in the bitstream. Figiire 2 gives an
overview over the loudspeaker positions in relation to the listener.

More precisely the channels are numbered in the sequence in which they appear in the bitstream starting with 0
(zero). In the trivial case of a UsacSingleChannelElement() or UsacLfeElement() the channel number is assigned to
that channel and the channel count is increased by one. In case of a UsacChannelPairElement() the first channel in
that element (with index ch==0) is numbered first, whereas the second channel in that same element (with index
ch==1) receives the next higher number and the channel count is increased by two.

It follows that numOutChannels shall be equal to or smaller than the accumulated sum of all channels contained in
the bitstream. The accumulated sum of all channels is equivalent to the number of all
UsacSingleChannelElement()s plus the number of all UsacLfeElement()s plus two times the number of all
UsacChannelPairElement()s.

All entries in the array bsOutputChannelPos shall be mutually distinct in order to avoid double assignment of
loudspeaker positions in the bitstream.
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In the special case that channelConfigurationlndex is 0 and numOutChannels is smaller than the accumulated sum
of all channels contained in the bitstream, then the handling of the non-assigned channels is outside of the scope
of this specification. Information about this can, e.g.,, be conveyed by appropriate means in higher application
layers or by specifically designed (private) extension payloads.

6.1.5 UsacDecoderConfig()

The UsacDecoderConfig() contains all further information required by the decoder to interpret the bitstream.
Firstly the value of sbrRatiolndex determines the ratio between core coder frame length (ccfl) and the output
frame length. Following the sbrRatiolndex is a loop over all channel elements in the present bitstream. For each
iteration the type of element is signalled in usacElementType[], immediately followed by its corresponding
configuration [Structure. The order in which the various elements are present in the UsacDecodercontig()siall be
identical to the order of the corresponding payload in the UsacFrame().

Each instancg of an element can be configured independently. When reading each channelelemgnt in
UsacFrame(),|for each element the corresponding configuration of that instance, ie. with the same’elemldx, shall
be used.

6.1.6 Usac$ingleChannelElementConfig()

The UsacSingleChannelElementConfig() contains all information needed for configuring the decoder to decode
one single chgnnel. SBR configuration data is only transmitted if SBR is actually-employed.

6.1.7 UsacChannelPairElementConfig()

The UsacChannelPairElementConfig() contains core coder related €onfiguration data as well as SBR configufation
data depending on the use of SBR. The exact type of stereo codingalgorithm is indicated by the stereoConfigIndex.
In USAC a chapnel pair can be encoded in various ways. These ‘are:

a) Stereo core coder pair using traditional joint stereo,coding techniques, extended by the possibility of complex
predictiopn in the MDCT domain.

b) Mono cofe coder channel in combination, with MPEG Surround based MPS212 for fully parametric $tereo
coding. Mono SBR processing is applied-on the core signal.

c) Stereo core coder pair in combination with MPEG Surround based MPS212, where the first core |coder
channel ¢arries a downmix signal and the second channel carries a residual signal. The residual may bg band
limited t¢ realize partial residual coding. Mono SBR processing is applied only on the downmix signal pefore
MPS212 processing.

d) Stereo cgre coder pair in combination with MPEG Surround based MPS212, where the first core |coder
channel darries a downmix signal and the second channel carries a residual signal. The residual may bg¢ band
limited tp realize*partial residual coding. Stereo SBR is applied on the reconstructed stereo signal after
MPS212 processing.

Option c) and d) can be further combined with a pseudo LR channel rotation after the core decoder.

6.1.8 UsacLfeElementConfig()
Since the use of the time warped MDCT and noise filling is not allowed for LFE channels, there is no need to

transmit the usual core coder flag for these tools. They shall be set to zero instead. Similarly the use of SBR is not
allowed nor meaningful in an LFE context. Thus, SBR configuration data is not transmitted.

6.1.9 UsacCoreConfig()
The UsacCoreConfig() only contains flags to en- or disable the use of the time warped MDCT and spectral noise

filling on a global bitstream level. If tw_mdct is set to zero, time warping shall not be applied. If noiseFilling is set
to zero the spectral noise filling shall not be applied.
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6.1.10 SbrConfig()

The SbrConfig() bitstream element serves the purpose of signalling the exact eSBR setup parameters. On one hand
the SbrConfig() signals the general employment of eSBR tools. On the other hand it contains a default version of
the SbrHeader(), the SbrDfltHeader(). The values of this default header shall be assumed if no differing
SbrHeader() is transmitted in the bitstream. The background of this mechanism is, that typically only one set of
SbrHeader() values are applied in one bitstream. The transmission of the SbrDfltHeader() then allows to refer to
this default set of values very efficiently by using only one bit in the bitstream. The possibility to vary the values of
the SbrHeader on the fly is still retained by allowing the in-band transmission of a new SbrHeader in the bitstream
itself.

6.1.11SbrDfltHeader()

The SprDfltHeader() is what may be called the basic SbrHeader() template and should containjthe [values for the
predominantly used eSBR configuration. In the bitstream this configuration can be referred to by setting the
sbrUsgDfltHeader flag to 1. The structure of the SbrDfltHeader() is identical to that of ShrHeader(). [n order to be
able fo distinguish between the values of the SbrDfltHeader() and SbrHeader(), the bit [fields in the
SbrDf|tHeader() are prefixed with "dflt_" instead of "bs_". If the use of the SbrDfltHeader() is indicpted, then the
SbrHdader() bit fields shall assume the values of the corresponding SbrDfltHeader(), i.e.:

bs sfart freq = dflt start freq;
bs sfop freq = dflt stop freq;
etc.
(confjinue for all elements in SbrHeader (), like:
bs xjx yyy = dflt xxx yyy;

6.1.12 Mps212Config()

The Mips212Config() resembles the SpatialSpecificConfig() of MPEG Surround and was in large parts deduced
from that. It is however reduced in extent to contain©nly information relevant for mono to stereo upmixing in the
USAC|context. Consequently MPS212 configures,only one OTT box.

6.1.13 UsacExtElementConfig()

The UsacExtElementConfig() is a general container for configuration data of extension elements for USAC. Each
USAC| extension has a unique type identifier, usacExtElementType, which is defined in Table|78. For each
UsacHxtElementConfig() the length of the contained extension configuration is transmitted in| the variable
usacExtElementConfigLength., ‘and allows decoders to safely skip over extension elements whose
usacExtElementType is unknown.

For USAC extensiensswhich typically have a constant payload length, the UsacExtElementConfig() allows the
transmission of a-usacExtElementDefaultLength. Defining a default payload length in the configuration allows a
highly efficient 'signalling of the usacExtElementPayloadLength inside the UsacExtElement()), where bit
consumption needs to be kept low.

In caskof USAC extensionswhere a l:n-gnr amount of data is accumulated and transmitted not on a per frame basis

but only every second frame or even more rarely, this data may be transmitted in fragments or segments spread
over several USAC frames. This can be helpful in order to keep the bit reservoir more equalized. The use of this
mechanism is signalled by the flag usacExtElementPayloadFrag flag. The fragmentation mechanism is further
explained in the description of the usacExtElement in 6.2.4.

6.1.14 UsacConfigExtension()

The UsacConfigExtension() is a general container for extensions of the UsacConfig(). It provides a convenient way
to amend or extend the information exchanged at the time of the decoder initialization or set-up. The presence of
config extensions is indicated by usacConfigExtensionPresent. If config extensions are present
(usacConfigExtensionPresent==1), the exact number of these extensions follows in the bit field
numConfigExtensions. Each configuration extension has a unique type identifier, usacConfigExtType, which is
defined in Table 79. For each UsacConfigExtension the length of the contained configuration extension is
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transmitted in the variable usacConfigExtLength and allows the configuration bitstream parser to safely skip over

configuration

extensions whose usacConfigExtType is unknown.

6.1.15 Unique stream identifier (Stream ID)

6.1.15.1 Semantics

streamldenti

fier

A two byte unsigned integer stream identifier (stream ID) that shall uniquely

identify a configuration of a stream within a set of associated streams that are

intended for seamless switching between them. streamldentifier can take
values from 0 to 65535.

6.1.15.2 Stieam identifier description

Configuration|
identifier (sh
configuration
rest of the con

The usacConfij

Any given
ID_CONFIG_E}

If a running
ID_EXT_ELE_4
currently acti
comparison o

If the configy
including (wif
ID_CONFIG_E}
configuration
comparison.

NOTE Th
decoder reconf]

6.2 USAC payload

6.2.1 Defin

extensions of type ID_CONFIG_EXT_STREAM_ID provide a container fof ‘signalling a s
rt: "stream ID"). The stream ID config extension allows attaching a unique’integer numbe
structure such that audio bitstream configurations of two streams canbe distinguished even
figuration structure is (bit-) identical.

gExtLength of a config extension of type ID_CONFIG_EXT_STREAMLID shall have the value 2 (tv

audio bitstream shall not have than extension of

KT_STREAM_ID.

more one.) configuration

decoder receives a new configuration structure) for example by means of a Config()
LUDIOPREROLL extension payload, it shall compare this new configuration structure wif
ve configuration as defined in 7.18.3.3. Such.comparison may be conducted by means of a bi
Fthe corresponding configuration structures:

ration structures contain configuration extensions then all configuration extensions up f
h respect to the order in which they appear in the bitstream) the configuration extension o
(T_STREAM_ID shall be included in the comparison. Configuration extensions followin
extension of type ID_CONFIG_EXT_STREAM_ID are not required to be considered durir

e above rule allows an.encoder to control whether changes in particular configuration extensions will ¢
guration or not.

ition of elements

When being part of an MPEG-DASH adaptation set as defined in ISO/IEC 23D09,
all stream IDs of streams in that DASH adaptation set shall be pairwise(distinct.

tream
r to a
if the

Vo).

type

in an
h the
[-wise

b and

f type
g the
g the

ause a

6.2.1.1

UsacFrame()

UsacSingleChannelElement()

66

Top level and subsidiary data elements

This block of data contains audio data for a time period of one USAC frame,
related information and other data. As signalled in UsacDecoderConfig(), th
UsacFrame() contains numElements elements. These elements can contain

e
audio

data, for one or two channels, audio data for low frequency enhancement or

extension payload.

Abbreviation SCE. Syntactic element of the bitstream containing coded data
single audio channel. A single_channel_element() basically consists of the

fora

UsacCoreCoderData(), containing data for either FD or LPD core coder. In case

SBR s active, the UsacSingleChannelElement also contains SBR data.
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Abbreviation CPE. Syntactic element of the bitstream payload containing data for
a pair of channels. The channel pair can be achieved either by transmitting two
discrete channels or by one discrete channel and related Mps212 payload. This is
signalled by means of the stereoConfigindex. The UsacChannelPairElement

further contains SBR data in case SBR is active.

Abbreviation LFE. Syntactic element that contains a low sampling frequency

enhancement channel. LFEs are always encoded using the fd_chann
element.

Syntactic element that contains extension payload. The length of an

el_stream()

extension

usacl

usacH

usacE

usacH

usacH

hdependencyFlag

elementis either cignq]lpd asadefault Ipngfh inthe r‘nnﬁgnrq’rinn
(USACExtElementConfig()) or signalled in the UsacExtElement()Gts
the extension payload is of type usacExtElementType, as signalled i
configuration.

indicates if the current UsacFrame() can be decoded entirely witho
knowledge of information from previous frames according to the T

Table 85 — Meaning of usacIndependencyFlag

value of
usacIindependencyFlag

Meéaning

Decoding of data‘eonveyed in UsacFrame()
0 might require access to the previous
UsacFrame().

Decodihg of data conveyed in UsacFrame() is
1 possible without access to the previous
UsacFrame().

xtElementUseDefaultLength

xtElementPayloadLength

xtElementStart

xtElementStop

NOTE Refer to B.3 for recommendations on the use of the usaclndep

Indicates whether the length of the extension element corresponds
nsacExtElementDefaultLength, which was defined in the sacExtEler

Shall contain the length of the extension element in bytes. This valul
be explicitly transmitted in the bitstream if the length of the extens
the present access unit deviates from the default value,
sacExtElementDefaultLength.

Indicates if the present usacExtElementSegmentData begins a data

Indicates if the present usacExtElementSegmentData ends a data bl

elf. If present,
n the

1t the
hble 85.

endencyFlag.
to

nentConfig().

e should only
on element in

block.

bck.

usacExtElementSegmentData

The concatenation of all usacExtElementSegmentData from UsacExtElement() of

consecutive USAC frames, starting from the UsacExtElement() with
usacExtElementStart==1 up to and including the UsacExtElement()
usacExtElementStop==1 forms one data block. In case a complete d
contained in one UsacExtElement(), usacExtElementStart and

with
ata block is

usacExtElementStop shall both be set to 1. The data blocks are interpreted as a

byte aligned extension payload depending on usacExtElementType
Table 86.
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Table 86 — Interpretation of data blocks for USAC extension payload decoding

usacExtElementType

Concatenated usacExtElementSegmentData
represents:

ID_EXT_ELE_FIL

Series of fill_byte

ID_EXT_ELE_MPEGS SpatialFrame()
ID_EXT_ELE_SAOC SaocFrame()
ID_EXT_ELE_AUDIOPREROLL AudioPreRoll()

ID_EXT_ELE_UNI_DRC

uniDrcGain() as defined in ISO/IEC 23003-4

unknown unknown data. The data block shall be discarded.

fill_byte Octet of bits which may be used to pad the bitstream with bits that carry no
information. The exact bit pattern used for fill_byte should be '10100101".

UsacCoreCodérData() This block of data contains the core-coder audio data. The payload element
contains data for one or two core-coder channels, for eitherEP or LPD mod
The specific mode is signalled per channel at the beginningof the element.

StereoCoreToplInfo() All stereo related information is captured in this eléntent. It deals with the
numerous dependencies of bits fields in the stereo'c¢oding modes.

Mps212Data( This block of data contains payload for the Mps212 stereo module. The pre
of this data is dependent on the stereoConfigindex.

6.2.1.2 Helper elements

nrCoreCoder(hannels In the context of a channel pair-€lement this variable indicates the number
core coder channels which form the basis for stereo coding. Depending on 4
value of stereoConfigindex this value shall be 1 or 2.

nrSbrChannels In the context of a ¢chiannel pair element this variable indicates the number
channels on which SBR processing is applied. Depending on the value of
stereoConfigindex this value shall be 1 or 2.

6.2.2 UsacFrame()

One UsacFrame() forms one access\nit of the USAC bitstream. Each UsacFrame decodes into 768, 1024, 2

4096 output samples according tothe outputFrameLength determined from Table 75.

The first bit ip the UsacEtame() is the usacIndependencyFlag, which determines if a given frame can be de

without any Knowledge of the previous frame. If the usacIndependencyFlag is set to 0, then dependencies

previous frame may be'present in the payload of the current frame.

The UsacFrame(¥'is further made up of one or more syntactic elements which shall appear in the bitstream

ence

bf
he

bf

48 or

coded
to the

in the

same order as their corresponding configuration elements in the UsacDecoderConfig(). The position of each
element in the series of all elements is indexed by elemldx. For each element the corresponding configuration, as
transmitted in the UsacDecoderConfig(), of that instance, ie. with the same elemldx, shall be used.

These syntactic elements are of one of four types, which are listed in Table 76. The type of each of these elements
is determined by usacElementType. There may be multiple elements of the same type. Table 87 gives examples of
straightforward combinations of different types of syntactic elements for typical loudspeaker layouts. Elements
occurring at the same position elemldx in different frames shall belong to the same stream.
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Table 87 — Examples of simple possible bitstream payloads

numElements elemldx | usacElementType[elemIdx]
mono output signal 1 0 ID_USAC_SCE
stereo output signal 1 0 ID_USAC_CPE
0 ID_USAC_SCE
: 1 ID_USAC_CPE
5.1 channel output signal 4 > ID_USAC_CPE
3 ID_USAC_LFE

If thege bitstream payloads are to be transmitted over a constant rate channel then they may includ¢ an extension
paylofad element with an usacExtElementType of ID_EXT_ELE_FILL to adjust the instantanieous bit rate. An
example of such a coded stereo signal is shown in Table 88.

Table 88 — Example of simple stereo bitstream
with extension payload for writing fill bits

numElements elemldx ) nsacElementType[elgmldx]
0 ID_USAC_CPE
ID_USAC_EXT
stereo output signal 2 1 with
usacExtElementType==
ID_EXT_ELE_FILIL

6.2.3| UsacSingleChannelElement()

The sjmple structure of the UsacSingleChannelElement() is made up of one instance of a UsacCoreCoderData()
elemgnt with nrCoreCoderChannels set to 1.-Depending on the sbrRatiolndex of this element a UsacSbrData()
elemgnt follows with nrSbrChannels set to_1'd@s well.

6.2.4| UsacExtElement()

UsacHxtElement() structures in\a’bitstream can be decoded or skipped by a USAC decoder. Every extension is
identified by a usacExtElementType, conveyed in the UsacExtElement()'s associated UsacExtElementConfig(). For
each UsacExtElementType-aSpecific decoder can be present.

If a d¢coder for the extension is available to the USAC decoder then the payload of the extension is|forwarded to
the extension decoder immediately after the UsacExtElement() has been parsed by the USAC decodef.

If no flecoder for the extension is available to the USAC decoder, a minimum of structure is provided within the
bitstream, so that the extension can be ignored by the USAC decoder.

The length of an extension element is either specified by a default length in octets, which can be signalled within
the corresponding UsacExtElementConfig() and which can be overruled in the UsacExtElement(), or by an
explicitly provided length information in the UsacExtElement(), which is either one or three octets long, using the
syntactic element escapedValue().

Extension payloads that span one or more UsacFrame()s can be fragmented and their payload be distributed
among several UsacFrame()s. In this case the usacExtElementPayloadFlag flag is set to 1 and a decoder shall
collect all fragments from the UsacFrame() with usacExtElementStart set to 1 up to and including the UsacFrame()
with usacExtElementStop set to 1. When usacExtElementStop is set to 1 then the extension is considered to be
complete and is passed to the extension decoder.

Integrity protection for a fragmented extension payload is not provided by this specification and other means
should be used to ensure completeness of extension payloads.
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All extension payload data is assumed to be byte-aligned.

Each UsacExtElement() shall obey the requirements resulting from the use of the usacIndependencyFlag. Put
more explicitly, if the usacIndependencyFlag is set (==1) the UsacExtElement() shall be decodable without
knowledge of the previous frame (and the extension payload that may be contained in it).

6.2.5

6.2.5.1

6.2.5.1.1 D

ata elements

UsacChannelPairElement()

Definition of elements

common_maj

common_wirl

common_tw

max_sfb1
6.2.5.1.2 H
max_sfb_ste
6.2.5.2 )

The stereoConfigindex, whigh'is transmitted in the UsacChannelPairElementConfig(), determines the exact t
which is.applied in the given CPE. Depending on this type of stereo coding either one or tw
s are actually transmitted in the bitstream and the variable nrCoreCoderChannels needs to

he syntax element UsacCoreCoderData() then provides the data for one or two core coder char

stereo coding
coder channe
accordingly. T]

k_sfb

Signals the use of a common maximum scalefactor band for channels-0 and

Table 89 — common_max_sfb

common_max_sfb

Meaning

max_sfb1 determines the maximum

0 scalefactor band for channel 4
set max_sfb1 for channel 1 to the)same
1 maximum scalefactor band as for

channel 0

dow

elp elements

ecoding process

Indicates if channel 0 and channel 1 'of a CPE use identical window paramet

Indicates if channel 0 and channel 1 of a CPE use identical parameters f
time warped MDCT.

Defines the number-of scalefactor bands transmitted per group for channe

Maximumescalefactor bands transmitted for channels 0 and 1: max(ms
max_sfb1).

ers.

br the

x_sfb,

ype of
h core
be set
nels.

Similarly the

1 1 J 4 1ollo £ 4 1 h D | 1. ) " £ed 1.
LUTTTTIIIdy DT Udld dvdildUTTTUT UIIT UT WU LIIAHIITTS UTPTTIUTITE " UITUTC 1y pTUT S ICTTU TUUIITE d

1d the

use of eSBR (ie. if sbrRatioIndex>0). The value of nrSbrChannels needs to be set accordingly and the syntax
element UsacSbrData() provides the eSBR data for one or two channels.

Finally Mps212Data() is transmitted depending on the value of stereoConfigIndex.

6.2.6

Low frequency enhancement (LFE) channel element, UsacLfeElement()

In order to maintain a regular structure in the decoder, the UsacLfeElement() is defined as a standard
fd_channel_stream(0,0,0,0,x) element, i.e., it is equal to a UsacCoreCoderData() using the frequency domain coder.
Thus, decoding can be done using the standard procedure for decoding a UsacCoreCoderData()-element.
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In order to accommodate a more bit rate and hardware efficient implementation of the LFE decoder, however,
several restrictions apply to the options used for the encoding of this element:

— The window_sequence field is always set to 0 (ONLY_LONG_SEQUENCE).

—  Only the lowest 24 spectral coefficients of any LFE may be non-zero.

— No temporal noise shaping is used, i.e., tns_data_present is set to 0.

— Time warping is not active.

-

6.2.7

6.2.7.

core_

6.2.7.

The U|

The o

- g

— in case of two core coded channels (nrChannels==2), parse the StereoCoreToolIlnfo() and deterr

r

|
o

C

As can be seen.from the above list, the decoding of one core coder channel (nrChannels==1) result

the co

: £11. . h I |
U TIUIL T TITIITE IS dpP PITcU.

UsacCoreCoderData()
1 Definition of elements
mode[ch] Indicates the core coding mode of the current frame for each char
to Table 90.
Table 90 — Definition of core_mode
value of core_mode Meaning

0 ED-core coder mode

1 EPD"core coder mode
D Decoding process
sacCoreCoderData() contains all informationfor decoding one or two core coder channels.

der of decoding is:

et the core_mode[] for each channel;

blated parameters;

epending on the(signalled core_modes transmit an lpd_channel_stream() or an fd_channel_stre

hannel.

re_mode bit followed by one lpd_channel_stream or fd_channel_stream, depending on the core|

In the

nel according

hine all stereo

am() for each

s in obtaining
mode.

twro core coder channel case,some sionallinag redundancies hetuween channels can he ﬂvp]r\ifﬂ
t=] t=]

if the core_mode of both channels is 0. See 6.2.8 for details.

6.2.8

StereoCoreToollnfo()

] in particular

The StereoCoreToollnfo() allows to efficiently code parameters, whose values may be shared across core coder
channels of a CPE in case both channels are coded in FD mode (core_mode[0,1]==0). Table 91 gives the specific
shared data elements when the appropriate flag in the bitstream is set to 1.
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Table 91 — Bitstream elements shared across channels of a core coder channel pair

common_xxx flag is set to 1 channels 0 and 1 share the following elements:
common_window ics_info()
common_window && common_max_sfb max_sfb
common_tw tw_data()
common_tns tns_data()

If the appropriate flag is not set then the data elements are transmitted individually for each core coder channel
either in StereoCoreToollnfo() (max_sfb, max sfbl) or in the fd_channel_stream() which follows the

StereoCoreToplInfo() in the the UsacCoreCoderData() element.

In case of coxImon_windowzzl the StereoCoreToollnfo() also contains the information about M/S Stereo doding

and complex
6.2.9 fd_channel_stream() and ics_info()
6.2.9.1 Definition of elements

6.2.9.1.1 Data elements
fd_channel_stream()

fac_data_present

rediction data in the MDCT domain (see 7.7).

Contains data necessary to decode one frequency domain channel.

Flag which indicates the presence of.the fac_data() syntax element in the
bitstream, as used for transitions between two different core coding modes
(LPD core coding mode, FD corecoding mode). Table 92 gives the usage of
fac_data() for each case of fac_data_present.

Table 92 — Definition of fac_data_present

value of
fac_data_present

Meaning

ics_info()

fac_data() data element as used for transitions
between two different core coding modes not
present in current frame

fac_data() data element as used for transitions
between two different core coding modes present

in current frame

window_sequence

72

ics_info().

maximum scalefactor band per group for channel 1 instead of max_sfb in

Contains side information necessary to decode an fd_channel_stream() for §CE

UsacChannelPairElement() jmay
; i mines the

Indicates the sequence of windows as defined in Table 93.
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Table 93 — Window sequences and transform windows
dependent of coreCoderFrameLength (ccfl)

Value Window #coeffs Window shape (schematic)
0 ONLY_LONG_SEQUENCE el
= LONG_WINDOW '
1 LONG_START SEQUENCE wn |
= LONG_STARKT_WINDOW ‘
EIGHT SHORT SEQUENCE i |
2 = 8 * SHORT_WINDOW 8*(ccfl/8) ||
X LONG_STOP_SEQUENCE wq LAV T
= LONG_STOP_WINDOW ‘ S L
. STOP_START SEQUENCE wq LT ‘ e \ e
= STOP_START_WINDOW ‘ P oo
NOTE Dashed lines indicate window shape when the adjacent window sequence is LPD_SEQUENCE.
windpw_shape A 1 bit field that determines what window is used for the right-hang part of this
analysis window:
max_sfb Number of sealefactor bands per group. If common_window == 1, max_sfb
refers to channel 0 and max_sfb1 is the maximum scalefactor band|for
channel1.
scale/factor_grouping Abit field that contains information about grouping of short spectrl data.
fac_ddta() Syntax element which contains all data for the forward aliasing canfellation
(FAC) tool, which is operated at transitions between ACELP and trapsform coder.
6.2.9.1.2 Help elements
For the purpose-of this clause, the definition of help elements given in ISO/IEC 14496-3:2019, 4.5.2/3.1.2, and the
followling apply:
lg Numbet Uf\.iuautiz.cd DPCLtl al-coeffietents Uutput ‘O_y the-arithmetiedecoder.
last_lpd_mode See definition of last_lpd_mode in 6.2.10.2.

6.2.9.2 Decoding process

6.2.9.2.1 Decoding an fd_channel_stream (FCS)
In the fd_channel_stream, the order of decoding is:
— Getglobal_gain.

— Getnoise filling, if present.
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Getics_info (parse bitstream payload if common information is not present).

tool is active.

Get tns_d

The process

ics_info, scale]

6.2.9.2.2

For UsacSing]|

fd_channel_st

In case of U{

ics_info() (i.e.
etc.). An exce
scalefactor ba

global_gain an

The ics_info()
to switch sep
transmitted. I
set of short w

is always a ne

associated gr

short window

6.29.23 s

Since there ij

scalefactor de

section dat]
for (g
k=0;
for
S|

}
}

Get scale_

R

factor_data, if present.

ata, if present.

Get ac_spectral_data, if present.

Get tw_data (parse bitstream payload if common information is not present), if the time-warped filterbank

ream. For a channel pair element there are two possible locations for the ics_info.

acChannelPairElement() if the common_window flag is set to 1 beth-channels share the
both have same window_sequence, same window_shape, same scalé_ factor_grouping, same m|
btion to this occurs when common_max_sfb == 0. In this case max/sfb1 determines the ma

Ind per group for channel 1. Otherwise (i.e., common_window,i$\set to 0) there is an ics_info af
d optional noisefilling data for each of the two fd_channel_stream()s.

carries the window information associated with an EES.and thus permits channels in a channg
hrately if desired. The variable max_sfb_ste determines the number of ms_used[] bits that sh
f the window_sequence is EIGHT_SHORT_SEQUENEE then scale_factor_grouping is transmitte
ndows form a group then they share scalefactors as well as M/S information. The first short w
w group so no grouping bit is transmittedsxSubsequent short windows are in the same group
uping bit is 1. A new group is started if the associated grouping bit is 0. It is assumed that gr
s have similar signal statistics.

cale_factor_data() parsing and decoding

no section_data() in thé bitstream, a standard sectioning has to be defined to ensure c
coding as describes in ISO/IEC 14496-3:2019, 4.4.2.7, Table 4.55:

a () |

= 0 ; g < numiwindow groups; g++ ) {
((k = 0 Ah< max sfb ; k++ ) {
fb cblg] k] = 11;

£ H 4 e a 1 +1 o ICO IO 14 4404 2. 9010 4 £ O A 2 £-1 4=

I lCLUVClllls LIIS_Udid 15 UTSLIIUCU 11T IJU/ ILG 177 J7070.4U 17, 7.0.7. All UVCTIVICVW Ul 1TTUW tU ECOde
factor_data, and ac_spectral_data is given in 6.2.9.2.2 through 6.2.9.2.4.

ecovering ics_info()

eChannelElement()’s ics_info is located after the global _gain and optional neiseFilling data fn the

same
hx_sfb
imum
er the

1_pair
all be
d. If a
ndow
if the
buped

prrect

For channel 1, max_sfb is set equal to max_sfb1 if common_window == 1. For each scalefactor band a scalefactor
is transmitted. global_gain, the first data element in an fd_channel_stream(), equals the value of the first
scalefactor in that fd_channel_stream(). All scalefactors following the first scalefactor are transmitted using
Huffman coded DPCM relative to the previous scalefactor. The DPCM value of the first scalefactor (relative to the
global_gain) always represents zero and is thus not transmitted. The actual decoding of the scale factors remains
identical to the description in ISO/IEC 14496-3. Once the scalefactors are decoded, the actual values are found via

a power funct

74

ion.
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The value lg of quantized spectral coefficients is needed for parsing the spectral data syntax element. In
fd_channel_stream() lg is determined by max_sfb according to the following formula:

|

For fu

6.2.9.

swb_offset_short_window[max_sfb],

swb_offset_long_window[max_sfb],

in case of EIGHT_SHORT_SEQUENCE

otherwise

rther details on parsing and decoding of ac_spectral_data(), refer to 7.4.

3 Wind Lwind .

Quantization and coding is done in the frequency domain. For this purpose, the time signal(is imapped into the

frequg
the si
2*cor
LONG

bncy domain in the encoder. The decoder performs the inverse mapping as described in 7.9.
onal, the coder may change the time/frequency resolution by using two different-window
CoderFrameLength and 2*coreCoderFrameLength/8. To switch between windows, the trans
| START_WINDOW, LONG_STOP_WINDOW, and STOP_START_WINDOW are used) Table 93 lists

speciffies the corresponding transform length and shows the shape of the windows-schematically. T

length
to as s

Wind
coreC
that ig
for m

6.2.9.
See IS

As ex
criticg
their

Table
128 a

For a
corres
coreC
the tn
follow

for
if

9

s are used: coreCoderFrameLength (referred to as long transform) and(coreCoderFrameLeng
hort transform).

w sequences are composed of windows in a way that a raw_data_block always contains datz

actually used. Table 93 lists how the window sequences-are’‘composed of individual windowj
re detailed information about the transform and the windews.

4 Scalefactor bands and grouping

0/1EC 14496-3:2019, 4.5.2.3.4.

blained in ISO/IEC 14496-3:2019, 4.5.2:3.4, the width of the scalefactor bands is built in in
1 bands of the human auditory system. For that reason the number of scalefactor bands in a
width depend on the transform’ length and the sampling frequency. ISO/IEC 14496-
5 4.147 to 4.165 list the offset ta-the beginning of each scalefactor band on the transform leng
nd on the sampling frequencies (window length of 2048 and 256).

transform length of \768 samples, the same 1024-based scalefactor band tables are us
ponding to 4/3 -sSampling frequency. In case a shorter transform length (d{
bderFrameLength))is used, swb_offset_long window and swb_offset_short_window are limited
ansform length)»and num_swb_long window and num_swb_short_window is determined acq
ing pseudo.code:

swbF07, swb<num_swb_long window+1l; swb++) {
(swb-offset long window[swb] > coreCoderFrameLength)

{

Depending on

sizes of size
tion windows
the windows,
wo transform
h/8 (referred

representing

bderFrameLength output samples. The data element windoéw_sequence indicates the window sequence

s. Refer to 7.9

itation of the
spectrum and
8:2009, 4.5.4,
rths 1024 and

bd, but those
tpendent on
to the size of
ording to the

whVoffset long window[swb] coreCoderFramelLength;

break;

}
}

num swb long window

for
if

swb offset short window[swb]

(swb=0; swb<num swb short window+1l; swb++)

swb;

{
> coreCoderFrameLength/8)
coreCoderFramelLength/8;

(swb_offset short window[swb]

{

break;

}
}

num swb short window

swb;

The tables originally designed for LONG_WINDOW, LONG_START_WINDOW and LONG_STOP_WINDOW are used
also for STOP_START_WINDOW.
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6.2.10 lpd_channel_stream()

6.2.10.1

General

The Ipd_channel_stream() bitstream element contains all necessary information to decode one frame of “linear
prediction domain” coded signal. It contains the payload for one frame of encoded signal which was coded in the
LPC-domain, i.e., including an LPC filtering step. The residual of this filter (so-called “excitation”) is then
represented either with the help of an ACELP module or in the MDCT transform domain (“transform coded
excitation”, TCX). To allow close adaptation to the signal characteristics, one frame is broken down in to four
smaller units of equal size, each of which is coded either with ACELP or TCX coding scheme.

This process
background T
signifies a sig
coreCoderFra
of equal lengt
For every oth|
adopts this te

6.2.10.2

acelp_core_m

Ipd_mode

76

IS similar to the coding scheme described in 3GPP TS 26.2900, which 15 recommended for
pading. Inherited from this document is a slightly different terminology, where one “superframe”
nal segment of coreCoderFrameLength samples, whereas a “frame” is exactly one fourth of that, i.e.,
IneLength/4 samples. Each one of these frames is further subdivided into three or feur,“subframes”
h. In case of a coreCoderFrameLength of 768 samples, each frame is subdivided into three subffames.
er coreCoderFrameLength, each frame is subdivided into four subframes. Note that this subflause
'minology.
Definition of elements
ode This bitfield indicates the exact bit allocation.scheme in case ACELP is used|as a
lpd coding mode.
The bit-field Ipd_mode defines the coding modes for each of the four frameg
within one superframe of the Ipd_ehannel_stream() (corresponds to one USAC
frame). The coding modes are stored in the array mod[] and can take value§ from
0 to 3. The mapping from lpd.mode to mod[] can be determined from Tablq 94.
Table 94 — Mapping of coding medes for Ipd_channel_stream()
. S L remaining
meaning of bits'in bit-field Ipd_mode mod][] entries
Ipd_mode bit 4 bit.3 bit 2 bit 1 bit 0
0..15 0 mod|[3] mod|[2] mod[1] mod][0]
16..19 1 0 0 mod|[3] mod|[2] mod[1]=2
mod[0]=2
20..23 1 0 1 mod[1] mod][0] mod[3]=2
mod[2]=2
24 1 1 0 0 0 mod[3]=2
mod[2]=2
mod[1]=2
mod[0]=2
25 1 1 0 0 1 mod[3]=3
mod[2]=3
mod[1]=3
mod[0]=3
26.31 reserved
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Bass-post filter control information which defines if bass-post filtering (low
frequency enhancement) is enabled or disabled (see 7.17 and Table 95).

Table 95 — Bass-post filter modes

value of

bpf_control_info Bass-post filter operation

0 Bass-post filter disabled
1 Bass-post filter enabled

core_

mod|

acelp

tex_cd

mode_last

3]

coding()

ding()

Indicates the core coding mode of the previous frame as defined in

Table 96. This

value can also be determined from the history of the bitstream-element

core_mode.

Table 96 — Definition of core_mode_last

value of

core_mode_last Meaning

FD core codérmode
used in previeUs frame
LPD core‘coder mode
used in previous frame

The values in the array:mod[] indicate the respective coding modes
frame as defined in Table 97.

Table 97 —Coding modes indicated by mod[]

value of . . bitstream
mod|x] coding mode in frame element
0 ACELP acelp_coding()
1 short TCX (ccfl/4) tcx_coding()
2 medium TCX (ccfl/2) tcx_coding()
3 longTCX (ccfl) tcx_coding()

Syntax element which contains all data to decode one frame of ACE

Syntax element which contains all data to decode one frame of MD(
transform coded excitation (TCX).

in each

L.LP excitation.

T based

first_tcx_flag

arith_reset_flag

Ipc_data()

first_lpd_flag

Flag which indicates 1f the current processed TCX tframe 1s the first
superframe.

see 6.2.11.2.

n the

Syntax element which contains all data to decode all LPC filter parameter sets

required to decode the current superframe.

Flag which indicates whether the current superframe is the first of a sequence of
superframes which are coded in LPC domain. This flag can also be determined
from the history of the bitstream element core_mode (core_mode0 and
core_model in case of a UsacChannelPairElement) according to Table 98.
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Table 98 — Definition of first_lpd_flag

core_mode core_mode
of previous frame of current frame first_lpd_flag
(superframe) (superframe)
0 1 1
1 1 0
last_lpd_mode Indicates the value of mod[x] of the previously decoded ACELP frame or TCX

frame respectively (see Table 35) for the currently considered channel. At the
beginning of the decoding process the value of this variable is assumed to.be
initialized to last_lpd_mode=-1. The variable is assumed to have a "stati¢"
characteristic, meaning that it carries over its value to the next frame after
decoding of the current frame is finished.

S

Flag which indicates the length of the FAC transform fac_length for transitigns
between two different core coding modes. Table 99 definés;the corresponding
fac_length for each value of short_fac_flag.

short_fac_flag

Table 99 — Definition of short_fac_flag

value of fac_length
short_fac_flag

0 coreCoderFrameLength/8
1 coreCoderFrameLength/16

6.2.10.3 Decoding process

6.2.10.3.1 Decoding an Ipd_channel_stream

In the Ipd_channel_stream the order of decoding.is:

— Getacelp| core_mode.

— Getlpd_mode and determine from it the content of the helper variable mod([].

— Getacelp| coding or tcx_coding data, depending on the content of the helper variable mod[].

— Getlpc_dpta.

Decoding of agelp_cading is described in 7.14.

Decoding of tdx.coding is described in 7.15.

Decoding of Ipc_data is described in 7.13.

6.2.10.3.2 ACELP/TCX coding mode combinations
There are 26 allowed combinations of ACELP or TCX within one superframe of an Ipd_channel_stream payload.

One of these 26 mode combinations is signalled in the bitstream element lpd_mode. The mapping of Ipd_mode to
actual coding modes of each frame in a subframe is shown in Table 94 and Table 97.
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6.2.11 Spectral noiseless coder

6.2.11.1 General

-3:2020(E)

Spectral coefficients from both the “linear prediction-domain” coded signal and the “frequency-domain” coded
signal are scalar quantized and then noiselessly coded by a context adaptive arithmetic coder.

The quantized coefficients are gathered together in 2-tuples before being transmitted from the lowest-frequency
to the highest-frequency. Each 2-tuple is split into the sign s, the concatenated 2 most significant bit planes m, and
the remaining least significant bit-planes r. The value m is coded according to a context, which is defined by the
neighbouring spectral coefficients. The remaining least significant bit-planes r are entropy coded one by one with

the cd
wheth
coeffi
conte

Detail

6.2.1]

6.2.11

arith_|
arith|

acod

acod_|

6.2.11

a,b

1.2.1 Data elements

data()
reset_flag

im[pki][m]

r[Isbidx][r]

1.2.2 Helper elements

Mtext that 1s determined by the significance of the Upper bit planes. significance nere means t
er the upper bit planes decoded so far are zero or not. By means of m and r the amplitude
Fients can be reconstructed on the decoder-side. For all non-null symbols the signs s are code
kt adaptive arithmetic coder using 1 bit per sign.

ed arithmetic decoding procedure is described in 7.4.3.

.2 Definition of elements

Data element to decode the spectral noiseless coder data.

Flag which indicates if the spéetral noiseless context shall be reset.

e information
f the spectral
bd outside the

Arithmetic codeword necessary for decoding of the 2 most significant bit planes

m of the quantized spectral coefficients of a 2-tuple.

Arithmetic codeword necessary for decoding of the remaining least]
bit-planes r of the’quantized spectral coefficient of a 2-tuple.

The coded\sign of the non-null spectral quantized coefficient.

2-tuple corresponding to quantized spectral coefficients.

The concatenated 2 most significant bit planes of the 2-tuple to dec
One of the least significant bit planes of the 2-tuple to decode.
Number of quantized coefficients to decode.

Window length. For FD mode it is deduced from the window_seque

significant

bde.

nce (see

7.9.3.1) and for TCX N=2*Ig.

pki

arith_get_pk ()

C

Isbidx

Index of 2-tuples to decode within the frame.

Index of the cumulative frequencies table used by the arithmetic de
decoding m, where 0<=pki<=63.

Function that returns the index pki of cumulative frequencies table
decode the codeword acod _m|[pki][m].

State of context.

Index to the cumulative frequencies tables used by the arithmetic d
decoding r, where 0<=Isbidx<=2.
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lev

ARITH_ESCAPE

Number of least significant bit-planes to decode.

Escape symbol that indicates additional bit-planes to decode beyond the two
most significant bit planes. ARITH_ESCAPE has the value 16.

esc_nb Number of ARITH_ESCAPE symbol already decoded for the present 2-tuple. The
value is bounded to 7.
NOTE esc_nb is equal to lev, but limited to a maximum value of 7, ie,
esc_nb = min(lev,7).

x_ac_dec(] Element holding the decoded spectral coefficients.

arith_map_corlltext()
arith_get_context()
arith_update_tontext()

arith_finish ()
6.2.12 Enhanced SBR

6.2.12.1 General

The descriptign of the bitstream elements for the SBR payload can befound in ISO/IEC 14496-3:2019, 4.5.2.8.

Deviations frdm these bitstream elements are listed below.

6.2.12.2 Definition of elements

bs_xover_band

UsacSbrData(

Sbrinfo()

SbrHeader ()

sbr_single_chdnnel_élement()

sbr_channel_pair €lement()

Initializes the contexts needed for decoding the present frame.
Computes the context state for decoding the present 2-tuple m symbols.
Updates the context for the next 2-tuple.

Finish the noiseless decoding.

Index to master frequency table. The index is coded with 4 bits allowing the
xover band to be variable over a range of 0-15 bands.

This block of-data contains payload for the SBR bandwidth extension for ong or
two channels. The presence of this data is dependent on the sbrRatiolndex.

This element contains SBR control parameters which do not require a decofler
reset when changed.

This element contains SBR header data with SBR configuration parameters) that
typically do not change over the duration of a bitstream.

Syntactic element that contains data for an SBR single channel element.

Syntactic element that contains data for an SBR channel pair element.

sbr_grid()

bs_num_env

bs_sbr_preprocessing

80

Syntactic element that contains the time frequency grid.

Indicates the number of SBR envelopes in the current SBR frame. For USAC a
maximum of 8 envelopes are allowed in a class FIXFIX frame.

Signals the use of the additional preprocessing during HF generation according
to Table 100.
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Table 100 — bs_sbr_preprocessing

bs_sbr_preprocessing Meaning
0 No pre-processing
1 Application of HF pre-processing as part

of the MPEG-4 SBR HF generation as
outlined in 7.5.2.2

Indicates if optional header part3 is present.

bs_pvic_mode

bs_var_len

bs_ndise_position

bs_si

divMade

Indicates PVC mode according to Table 101.

Table 101 — bs_pvc_mode

bs_pvc_mode Meaning
0 no PVC data present
1 PVC mode 1
2 PVC mode 2
3 reserved,

Indicates the position of the trailing variable border according to T

Table 102 — bs_var_len

Length (ll)lse_::(;‘;lc?rlﬁ:lf) bs_var_len
1 0x0 0
3 0x4 1
3 0x5 2
3 0x6 3
3 0x7 reserved

usoidal \position

ble 102.

Indicates the time slot border for noise floors. A value of zero meang that there is

one noise floor in the current SBR frame.

bs_si:[usoidal_position_ﬂag Indicates if bs_sinusoidal_position is present.

means that there is no sinusoid starting in the current SBR frame.

Indicates the position of the starting time slot for sinusoidals. A valyie of 31

nsMode

Indicates the r‘nding mode of the pw:-r‘lir‘ﬁnn coefficient matrix indicks, pvclD.

Indicates the time-smoothing mode. The number of time slots for time-
smoothing of Esg(ksg,?), ns is derived from bs_pvc_mode and nsMode

according to Table 103.

Table 103 — nsMode

bs_pvc_mode nsMode ns
0 16

1 1 4

0 12

2 1 3
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reuse_pvclD

pvclD

length

grid_info

6.2.12.3

Indicates if pvcID of the last time slot in the previous SBR frame is reused
according to Table 104.

Table 104 — reuse_pvcID

reuse_pvclD Meaning
0 pvclID[0] is unpacked from bitstream
1 pvcID[0] is copied from pvcID[-1]

w

In USAC the S
or channel pa
for LFE chann

6.2.13 Defin

6.2.13.1

¢

The basic bitd
the existing bitstream syntax are’listed below.

pvelD of the last time slot in the previous SBR frame.

Indicates the number of time slots in which the same prediction coefficient
matrix index, pvcID is used.

Indicates if pvcID of previous time slot is reused according to Table 105.

Table 105 — grid_info

Indicates the prediction coefficient matrix index, pvcID. The pvcID[-1] dehotes

els.

eneral

grid_info Meaning
0 pvclD[K] is copied from(pvclD[k-1]
1 pvclD[K] is unpacked\from bitstream
BR payload for USAC

ition of MPEG Surround 2-1-2'payloads

BR payload is transmitted in UsacSbrData(), which is an integral part of each single channel element
r element. UsacSbrData() follows immediately after UsacCoreCoderData(). There is no SBR pgyload

tream syntax shallbe based on ISO/IEC 23003-1:2007, 5.2. Any modifications and amendments to

6.2.13.2 Definition of elements
bsTempShapeConfig Indicates operation mode of temporal shaping (STP or GES) or activation of TSD
Ple in the decoder according to Table 106.
Table 106 — bsTempShapeConfig
bsTempShapeConfig Meaning
0 do not apply temporal shaping
1 apply STP
2 apply GES
3 apply TSD
bsHighRateMode Indicates operation mode of Mps212Data() according to Table 107.
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ng is used. If
be initialized

is used.

Mps212Data

bsHighRateMode bit rate mode
0 LOW
1 HIGH
bsPhaseCoding Indicates whether IPD coding is applied in Mps212Config() according to
Table 108.
Table 108 — hcphncp(‘nding
bsPhaseCoding Meaning
0 no IPD data present
1 IPD data present
bsOttBandsPhasePresent Indicates whether the number of IPD parameter bands is initialized to default
values using Table 109 or transmitted explicitly by bsOttBandsPhase.
bsOttBandsPhase Defines the number of MPS parameter) bands where phase cod
bsOttBandsPhasePresent==0, the value of bsOttBandsPhase is to
according to Table 109.
Table 109 — Default valueof bsOttBandsPhase
numBands bsOttBandsPhase
4 2
5 2
7 3
10 5
14 7
20 10
28 10
bsRegidualBands Defines the number of MPS parameter bands where residual coding
numS|ots The number of time slots in an Mps212Data frame.
bsPhjaseMode Indicates whether IPD parameters are available for the current
frame.
bsOPDbSmovothingMode trdicates whether smoothing tsapptiedto 6 PDparameters:
bsTsdEnable Indicates that TSD is enabled in a frame.
numTempShapeChan Indicates the number of channels on which a temporal shaping tool is applied.
This value is 2 in the USAC context.
bsTsdNumTrSlots Defines the number of TSD transients slots in a frame according to:
number_of TSD_transient_slots = bsTsdNumTrSlots + 1.
nBitsTrSlots Defined according to Table 110.
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Table 110 — nBitsTrSlots depending on MPS frame length

numSlots nBitsTrSlots
32 4
64 5
bsTsdCodedPos Variable length code word containing position data for TSD transient slots.
bsTsdTrPhaseData Phase data for the transient steering of TSD according to Table 111.

Table 111 — Phase data for TSD

Index 0 1 2 3 4 5 6 7

TSD m n  3xn St 3n U=
phase 0 — — — e _— —  —
value 4 2 4 4 2 4
numQuantStepsXXX Defined according to Table 112.

Table 112 — numQuantStepsXXX depending on'dataType

XXX numQuantStepsXXX numQuantStepsXXX
(dataType) Coarse Fine
CLD 15 31
ICC 4 8
IPD 8 16
hcodLavldx One-dimensional*Huffman code (ISO/IEC 23003-1:2007, Table A.24) used fpr

coding of the kavldx data. This determines the largest absolute value in oneor
two data sets-coded with two-dimensional Huffman codes according to
Table 143;

Table 113 — lavTabXXX

Lavidx”| lavTabCLD | lavTabICC | lavTabCPC | lavTabIPD
[Lavidx] [Lavidx] [Lavidx] [Lavidx]

0 3 1 3 7
1 5 3 6 1
2 7 5 9 3
3 g 7 12 5

6.2.14 Buffer requirements
If USAC is employed by means of MPEG-4 audio object type 42, the buffer requirements for the USAC codec are the
same as stated in ISO/IEC 14496-3:2019, 4.5.3. In the USAC context the number of considered channels (NCC) is

equal to once the number of SCEs plus two times the number of CPEs.

Furthermore, unless explicitly specified differently, the buffer requirements for the USAC codec are the same as
stated in ISO/IEC 14496-3:2019, 4.5.3.
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7 Tool descriptions
7.1 Quantization

7.1.1 Tool description

For quantization of the FD core spectral coefficients in the encoder a non uniform quantizer is used. Therefore the
decoder shall perform the inverse non uniform quantization after the Huffman decoding of the scalefactors (see
7.3) and the noiseless decoding of the spectral data (see 7.1).

For the_quantization of the TCX spectral coefficients, a uniform quantizer is used. No inverse guantization is
needdd at the decoder after the noiseless decoding of the spectral data.

7.1.2| Definition of elements
Help elements:

x_ac_dquant[g][win][sfb][bin] Quantized FD spectral coefficient for group g, window win, scalefacfor band sfb,
coefficient bin.

x_ac_ipvquant[g][win][sfb][bin] FD spectral coefficient for group g, window win, scalefactor band sfp, coefficient
bin after inverse quantization.

x_tcx_invquant[win][bin] TCX spectral coefficient for window win, and coefficient bin after n¢iseless
decoding of the spectral data:

7.1.3| Decoding process

The injverse quantization of the FD spectral coefficiénts is described by the following formula:

4
X_ac_invquant = Sign(x_ac_quant)- |x_ac_quant 3

The injverse quantization is applied asfollows:

for (g = 0; g < num window groups; g++) {
for (sfb = 0; sfb\max sfb; sfb++) {
width = (swb (0ffset [sfb+l] - swb offset [sfb]);
for (win = 0;ywin < window _group len[g]; win++) {
for (btn.= 0; bin < width; bin++) {
X) ac_invquant[g] [win] [sfb] [bin] =
sign{x_ac quant[g] [win] [sfb] [bin]) *abs (x_ac_quant[g] [win] [sfb] [bin]) " (4/3);
}
}

}

For channel 1, max_sfb is set equal to max_sfb1 if common_window == 1.
7.2 Noise filling

7.2.1 Tool description
In low bit rate coding noise filling can be used for two purposes:
— Coarse quantization of spectral values in low bit rate audio coding might lead to very sparse spectra after

inverse quantization, as many spectral lines might have been quantized to zero. The sparse populated spectra
will result in the decoded signal sounding sharp or instable (birdies).
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By replacing the zeroed lines with “small” values in the decoder it is possible to mask or reduce theses very
obvious artefacts without adding obvious new noise artefacts.

If there are noiselike signal parts in the original spectrum, a perceptually equivalent representation of these

noisy signal parts can be reproduced in the decoder based on only few parametric information like the energy
of the noisy signal part. The parametric information can be transmitted with fewer bits compared to the
number of bits needed to transmit the coded waveform.

7.2.2

7.2.2.1

Definition of elements

Data elements

noise_offset

noise_level

7.2.2.2 H

x_ac_invquantl[g][win][sfb][bin]

noiseFillingSt

T4

hrtOffset[win]

Additional offset to modify the scale factor of bands quantized to zero.

Integer representing the quantization noise to be added for everyspéctral |

quantized to zero.

elp elements

bin after inverse quantization.

A general offset or noise filling start frequency depending on
coreCoderFrameLength (ccfl) and windoWw) Sequence according to Table 114.

coreCoderFrameLength

ible 114 — Value of noiseFillingStartOffset[] as a function of window_sequence and

ne

FD spectral coefficient for group g, window win, scalefactor band sfb, coeffi¢ient

coreCoderFrameLength

window_sequence ==
EIGHT_SHORT_SEQUENCE

other
window_sequence

7

68 15

120

other

20

160

noiseVal
randomSign()

band_quantiz

bd_to_zero

The absolute noise Value that replaces every bin quantized to zero.
Function which returns a (pseudo) random sign. The function is defined in

Flag to signal whether a sfb is completely quantized to zero.

V.2.4.

7.2.3 Decofing process
Noise filling pfocess;
if (noise level T= U) {
noiseval = pow(2, (noise level-14)/3) ;
noise offset = noise offset - 16;
}
else {
noiseval = 0;
noise offset = 0;

}

for (g = 0; g < num window_groups; g++) {
for (sfb = 0; sfb < max sfb; sfb++) {
band quantized to zero = 1;
width = (swb_offset [sfb+l] - swb offset [sfb]);
if (swb_offset [sfb] >= noiseFillingStartOffset) {
for (win = 0; win < window group len[g]; win++)
for (bin = 0; bin < width; bin++) {
if (x_ac invquant([g] [win] [sfb] [bin] == 0)
86

{
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x_ac_invquant([g] [win] [sfb] [bin] = randomSign () *noiseVal;
}
else {

band quantized to zero = 0;

}

}
}
else {
band quantized to zero = 0;
}
if (band quantized to_zero ) {
scflg] [sfb] = scflg][sfb] + noise offset;

}

For cHannel 1, max_sfb is set equal to max_sfb1 if common_window == 1.

7.2.4| Generation of random signs for spectral noise filling

The rgndom signs for the purpose of noise filling shall be produced according to the following pseud¢ code:

floatl randomSign (unsigned int *seed)

{
flgat sign = 0.£f;

*sged = ((*seed) * 69069) + 5;
if|( ((*seed) & 0x10000) > 0) {
d4ign = -1.f;
} glse {
d4ign = +1.f;

}

refjurn sign;

}
The variable seed represents the "internal state" of the random sign generator. The seed shall be a 32 bit value. It
is updated on every call to the functionyFor channel pair elements two seeds shall be employed] one for each
channel. The seed for each channel is updated individually. Once at the beginning of the decoding prpcess the seed

shall e initialized to 0x3039 for theleft channel of a channel pair and for a single channel element. The seed of the
right ¢hannel of a channel pair shall be initialized to 0x10932.

7.3 |Scale factors
For d¢tails on decoding of scale factor data, refer to ISO/IEC 14496-3:2019, 4.6.2 and 4.6.3.

For sdale facter.band tables, refer to ISO/IEC 14496-3:2019, 4.5.4, Table 4.147 to Table 4.165.

7.4 |Spéctral noiseless coding

7.4.1 Tool description
Spectral noiseless coding is used to further reduce the redundancy of the quantized spectrum.

The spectral noiseless coding scheme is based on an context adaptive arithmetic coder in conjunction with a
dynamically adapted context. The spectral noiseless coding scheme is based on 2-tuples, that is two neighbouring
spectral coefficients are combined. Each 2-tuple {a,b} is split into the sign, the 2 most significant bit planes, and the
remaining least significant bit planes. The noiseless coding for the concatenated 2 most significant bit planes m
uses context dependent cumulative frequencies tables derived from four previously decoded 2-tuples.
Neighbourhood in both, time and frequency is taken into account, as illustrated in Figure 3. The cumulative
frequencies tables are then used by the arithmetic decoder to generate decoded values from the variable length
binary code. The noiseless decoding for the remaining least significant bit planes r, uses context dependent
cumulative frequencies tables derived from the significance of the upper bit planes in the 2-tuple.
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A
77777777 ! 2-tuples decoded not
i considered for the context
2-tuples not yet decoded

- .
2
g m 2-tuples already decoded
g considered for the context
I

Q 2-tuples to decode

Time

Figure 3 — Context for the state calculation

The arithmetic encoder produces a binary code for a given set of symbols and their respective probabilities. The
binary code is generated by mapping a probability interval, where the.set of symbols lies, to a codeword.

The relation hetween 2-tuple, the individual spectral values acand b of a 2-tuple, the most significant bit planes m
and the remaining least significant bit planes r are illustrated:in the example in Figure 4.

‘é 2-tuple b a
g ? ® [ ] A 0 0
2 ? 0]0
) 8 [110] =
é Ol o1 (M= 1000,
S| [1]0] r=10., Isbidx=1
T Freq. <l [1]1] r=113, Isbidx=1
a b = 0[1] r=01,,Isbidx=2

Figure 4 — Example of a coded pair (2-tuple) of spectral values a and b
and theinjrepresentation as m and r. In this example three ARITH ESCAPE symbols are sent prior fo
the actual value m, indicating three transmitted least significant bit planes

7.4.2 Definition of elements
a,b 2-tuple to decode.

m The concatenated 2 most significant bit planes of the quantized spectral
coefficient 2-tuple to decode.

r A least significant bit plane of the quantized spectral coefficient 2-tuple to
decode.
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lev Level of the remaining bit-planes. It corresponds to the number of least
significant bit planes.

arith_hash_m[] Hash table mapping context states to a cumulative frequencies table index pki
(shall be defined as given in Annex C.2).

arith_lookup_m[] Look-up table mapping group of context states to a cumulative frequencies table
index pki (shall defined as given in Annex C.1).

arith_cf m[pki][17] Models of the cumulative frequencies for the concatenated 2 most significant bit
planes m and the ARITH_ESCAPE symbol (shall be defined as given in Annex C.3).

arith_ff r [Isbidx][4] Models of the cumulative frequencies for the least significant bitplgnes symbol r
(shall be defined as given in Annex C.4).

ql[2][] 2-tuple context elements of the previous and current frame.

x_ac_dec[] Array which holds the decoded quantized spectral cogfficients.

arith_feset_flag Flag which indicates if the spectral noiseless contéxt shall be reset.

ARITH_STOP Stop symbol consisting of the succession of ARITH_ESCAPE symboljand m=0.
When it occurs, the rest of the frame is‘decoded with zero values.

N Window length. For FD mode it is"deduced from the window_sequehce (see
7.9.3.1) and for TCX N=2*Ig.

previgus_N Length of the previous window.

7.4.3| Decoding process

The quantized spectral coefficients x_ac_decf} are noiselessly decoded starting from the lowest-frequency

coeffigient and progressing to the highest-frequency coefficient. They are decoded by groups of two successive

coeffi¢ients a and b gathering in a so-called 2-tuple {a,b}.

The decoded coefficients x_ac_dec{](for FD are then stored in the array x_ac_quant[g][win][sfb][bin]. The order of

transinission of the noiseless coding codewords 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 incrementing index. Within

a cod¢word the order of décoding is a, and then b.

The dpcoded coefficients x_ac_dec[] for the TCX are stored directly in the array x_tcx_invquant[win][bin], and the

order|of the transmission of the noiseless coding codewords is such that when they are decoded in the order

receiyed and stered in the array, bin is the most rapidly incrementing index and win is thg most slowly

incremnenting-index. Within a codeword the order of decoding is a, and then b.

First, the‘flag arith_reset_flag determines if the context shall be reset.

The decoding process starts with an initialization phase where the context element vector q is updated by copying
and mapping the context elements of the previous frame stored in g[1][] into q[0][]. The context elements within g
are stored on 4 bits per 2-tuple.

If the context cannot be reliably determined, e.g., if the data of the previous frame is not available, and if the
arith_reset_flag is not set, then the decoding of spectral data cannot be continued and the reading of the current
arith_data() element should be skipped.

/*Input variables*/
N /* Length of the current window */
arith reset flag /* Context adaptive arithmetic coder reset flag */

/*Global variables*/
previous N /* Length of the previous window */
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}

} else {

ratio

for
k

q

(arith reset flag)
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ap_context (N,arith reset flag)

{

(3=0; J<N/4; J++) {

[0][31=0;

((float)previous N) / ((float) N);
(3J=0; J<N/4; J++) {
(int) (float) 3

(011031 (11 [k]7

* ratio);

(
g

}

previoug

return (d

The noiseless
context is cal
Therefore, thd

N;
[0][0]<<12);
decoder outputs 2-tuples of unsigned quantized spectral coefficients. At'first, the state c

rulated based on the previously decoded spectral coefficients surrounding’the 2-tuple to d
state is incrementally updated using the context state of the last decoded 2-tuple considerin

two new 2-tuples. The state is coded on 17 bits and is returned by the function arith get context().

/*Input var
c /* o
i /* I
N /* W
/*Output val
c /*up
c arith g
c =
if

(

c
if

(

if

retu

The context s
plane m. The
function arith

/*Input var

(1

iables*/

| d state context */

hdex of the 2-tuple to decode in the vector */
i ndow Length */

lue*/

Hated state context*/

et context(c,i,N) {

c & OxFFFF)>>4;

| <N/4-1)
c =c + (q[0][i+1]<<12);
c&OxXFFFO) ;
| >0)
c=c+ (q[l][i-1]);
> 3) |
if ((g[l1[1i-3]1 + qll](y~2] + g[l][i-1]1) < 5)
return (c+0x10000) ;
k- (c);

ate ¢ determines the cumulative frequency table used for decoding the most significant 2-bit

| get_pk():

iable*/

c /*State

ofvthe context*/

pf the
bcode.
o only

5 wise

mapping ffem c to the corresponding cumulative frequency table index pki is performed by the

/*Output va
pki /*Index

lue*/
of the probability model */

pki = arith get pk(c) {
i min = -1;
i = i_min;
i max = (sizeof (arith lookup m)/sizeof (arith lookup m[0]))-1;
while ((i max-i min)>1) {
i =41 min+((i_max-i min)/2);
j = arith hash m[i];
if (c<(3j>>8))
i_max = 1i;
else if (c>(3>>8))
i_min = i;
else
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The value m is decoded using the function arith decode() called with the cumulative frequencies table,
arith_cf m[pki][], where pki corresponds to the index returned by arith_get_pk(). The context adaptive arithmetic
coder is an integer implementation using the method of tag generation with scaling [1]. The following pseudo C-
code describes the used algorithm.

/*helper functions*/

bool

-
oI,

aLJ‘_ l_lliL iJ_ l,i lllbk}l \
/T Return TRUE if it is the first symbol of the sequence,
FALSE otherwise */
Ushoft arith get next bit(void);
/F Get the next bit of the bitstream */
/* global variables */
low
high
valusg
/* irfjput variables */
cum_freq(]; /* cumulative frequencies table */
cfl; /* length of cum freq[] */
symbgl = arith decode (cum freq, cfl) ({
if (arith first symbol()) {
value = 0;
for (i=1; i<=16; 1i++) {
value = (value<<l) | arith get ndxtrbit();
}
low = 0;
high = 65535;
}
range = high-low+1l;
chm =((((int) (value-low+1l))<<14)-((int) 1)) /range;
p|= cum freg-1;
dap {
g =p + (cfl>>1):
if ( *g > cumr\N{ p=qg; cfl++; }
cfl>>=1;
}
while ( cfla>1v);
symbol _=’p~cum freqg+l;
if (symbkol)
high = low +((range*cum freq[symbol-1])>>14) - 1;
low += (range * cum freq[symbol])>>14;
for (;;) {

if (high<32768) { }

else 1f (low>=32768) {
value -= 32768;
low -= 32768;
high -= 32768;
}
else if (low>=16384 && high<49152) {
value -= 16384;
low -= 16384;
high -= 16384;

}

else break;
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low += low;
high += high+1;
value = (value<<l) | arith get next bit();

}

return symbol;

}

When the decoded value m is the escape symbol ARITH_ESCAPE, the variable lev and esc_nb are incremented by
one and another value m is decoded. In this case, the function arith_get pk() is called once again with the value c +
(esc_nb<<17) as input argument, where esc_nb is the number of escape symbols previously decoded for the same
2-tuple and bounded to 7.

Once the valye 7m IS Not the €scape symbo - ,The decoder checks if the SUcCessive m forjs an
ARITH_STOP [symbol. If the condition (m==0 && lev>0) is true, the ARITH_STOP symbol is detected“and the
decoding progess is ended. The condition indicates that the rest of the spectral data is composed of zero values.
The decoder proceeds directly to the sign decoding described below.

If the ARITH_FTOP symbol is not met, the remaining bit planes are then decoded if any exists)for the present 2-
tuple. The remaining bit planes are decoded from the most significant to the lowest significant level by ¢alling
arith_decode() lev number of times with the cumulative frequencies table arith_cf r[Isbidx][]. Isbidx is derived from
the informatign indicating whether a,b to be currently decoded are zero or not. The decdded bit planes r perjmit to
refine the preyiously decoded values a,b by the following way:

b = m>>2;
a = m- (b<<2);
for (3=0;j<lev;Jj++) {

lsbidx 5 (a==0) 2 1 : ((b==0)20:2);

r = arifth decode (arith cf r[lsbidx],4);
a = (a<q41l) | (r&l);

b = (b<d41l) | ((r>>1)&l);

}

At this point, |the unsigned value of the 2-tuple {a,b} is\completely decoded. It is saved to the array holdipg the
spectral coefficients:

x_ac_deg[2*1]
x ac_deq[2*i+1]

a
b

The context q|is also updated for the next'2-tuple. Note that this context update has also to be performed fpr the
last 2-tuple. This context update is performed by the function arith_update_context():

/*input varfiables*/
a,b/* Decoded unsignedeguantized spectralcoefficients of the 2-tuple */
i /* Indey of the guantized spectral coefficient to decode */

arith updatle context (i, a, b) {
qgll][i] |= afbhl;
if (qll])[L)>0%F)
all]l[i}7= OxF;

}

The next 2-tuple of the frame is then decoded by incrementing i by one and by redoing the same process as
described above starting from the function arith_get_context(). When Ilg/2 2-tuples are decoded within the frame
or when the stop symbol ARITH_STOP occurs, the decoding process of the spectral amplitude terminates and the
decoding of the signs begins.

Once all unsigned quantized spectral coefficients are decoded, their signs are decoded. For each non-null
quantized value of x_ac_dec a bit is read. If the read bit value is equal to one, the quantized value is positive,
nothing is done and the signed value is equal to the previously decoded unsigned value. Otherwise, the decoded
coefficient is negative and the two’s complement is taken from the unsigned value. The sign bits are read from low
to high frequencies.
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The decoding is finished by calling the function arith_finish(). The remaining spectral coefficients are set to zero.
The respective context states are updated correspondingly.

/*helper function*/
void arith rewind bitstream(offset);
/* move the bitstream position indicator backward by ‘offset’ bits*/

/*input variables*/
offset /* number of decoded 2-tuples */
N /* Window length */
x _ac_dec /* vector of decoded spectal coefficients */
arith finish(x ac dec,offset,N,1qg)
{
if{1lg>0) arith rewind bitstream(14);
fon (i=offset ;i<N/4;i++) {
¥ ac dec[2*i] = 0;
3 ac dec[2*i+1] = 0;
qri1ri] = 1;

7.5 |enhanced SBR tool (eSBR)

7.5.1| Modifications to SBR tool
The general description of the SBR tool can be found in ISO/IEC 14496-3:2019, 4.6.18.

The cpmplex-exponential phase-shifting is outlined in ISO/IEC/14496-3:2019, 4.6.18.4.4. In USAC it shall be fixed
to the|default standard operation as defined in ISO/IEC 14496-3:2019, 4.6.18.4.1.

The SBR tool shall be modified as described below.

An oplional tool for adaptive time/frequency pest-processing is described in Annex E.

7.5.1.11 Definition of elements

For the purposes of this clause, .theterms and definitions in ISO/IEC 14496-3:2019, 4.6.18, and |the following
apply

sbrP3tchingMode[ch] Indicates the transposer type used in eSBR:
1 indicates patching as described in ISO/IEC 14496-3:2019, 4.6.18
0 indicates harmonic sbr patching as described 7.5.3 or 7.5.4.

sbrOversamplingFlag[ch] Indicates the use of signal adaptive frequency domain oversampling used in
eSBR in combination with the DFT-based harmonic SBR patching as described in
7.5.3. This flag controls the size of the DFTs that are utilized in the fransposer.

1 indicates signal adaptive frequency domain oversampling enabled as
described 1n 7.5.3.1.

0 indicates signal adaptive frequency domain oversampling disabled as
described in 7.5.3.1.

sbrPitchInBinsFlag[ch] Controls the interpretation of the sbrPitchInBins[ch] parameter:
1 indicates that the value in sbrPitchInBins[ch] is valid and greater than zero.
0 indicates that the value of sbrPitchInBins[ch] is set to zero.
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sbrPitchInBins[ch] Controls the addition of cross product terms in the SBR harmonic transposer.
sbrPitchinBins[ch] is an integer value in the range [0,127] and represents the
distance measured in frequency bins for a 1536-line DFT acting on the sampling
frequency of the core coder.

numTimeSlots number of SBR envelope time slots; is always 16.

7.5.1.2 Frequency band tables, offset

The lower frequency boundary of the master frequency table, &, is defined in ISO/IEC 14496-3:2019, 4.6.18.3.2.1
as

k, = stargMin + offset (bs_start _freq)

where offset |s a sampling frequency dependent table of QMF subband indices. This table hasibeén amgnded
to include a rpw for an SBR sampling frequency of 40kHz by adding the following line to the(definition of|array
offset:

offset +1[-1,0,1,2,3,4,5,6,7,8,9,11,13,15,17,19], Fsgzr = 40000

For all other fampling rates Fisgg,, the mapping as defined in Table 115 should be applied to build the master

frequency tabje.

Table 115 — SBR sampling frequefncy mapping

Frequency range (in Hz) Use tables forsampling frequency (in Hz)

f>=92017 96000
92017 > f>=75132 88200
75132 > f>= 55426 64000
55426 > f>= 46009 48000
46009 > f>=42000 44100
42000 > f>= 35777 40000
35777 >f>=27713 32000
27713 > f>= 23004 24000
23004 > f>= 18783 22050

18783 % f 16000

7.5.1.3 Envelopes, Ly

In eSBR the rpquirenients for the maximum allowed number of envelopes for bs frame class = FIXFIX has been
relaxed:

L, <8,bs _ frame _class = FIXFIX
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7.5.1.4 HF adjustment of SBR envelope scalefactors

If bs_pvc_mode is zero the SBR envelope time border vector of the current SBR frame, tz(/), is calculated according
to:

absBordLead ,if =0
absBordTrail Jif [=L,

i—1
tp = (1){ absBordLead + ) relBordLead(i)  ,if I<I<nu,; .,
i=0
Lp—I-1
absBordTrail — )  relBordTrail(i) ,if np, .., </<Lg

i=0

wher¢ 0</<L, and relBordLead(Z) and relBordTrail(Z) are vectors containing”the relgtive borders

assocjated with the leading and trailing borders respectively. Both vectors are (if applicable) defined below.

NINT (Mj ,bs_frame_class = FIXFIX
E
relBordLead (/)= N4 ,bs_frame_class =FIXVAR
bs_rel_bord_0(/) ,bs_frame) class =VARVAR or VARFIX
wher¢ 0</ < N poilead
NA ,bs_frame_class = FIXFIX or VARFIX

IBordTrail(/)=
relBordTrail (/) {bs_rel_bord_l(l) ,bs_frame_class =VARVAR or FIXVAR

wherg 0 </ < R o Trail

If bs_pvc_mode is not zere, the SBR envelope time border vector of the current SBR frame, t; is calculated
accorgling to:

I 1 ,if bs_noise_position =0
L. =
£ 2 ,otherwise
([var len' numTimeSlots + bs var len] .L. =1

£ [var_len' ,bs_noise_position ,numTimeSlots+bs_var_len] ,L,=2

where

var_len'=t",[ L', ]- numTimeSlots and t'; is the time border vector t of the previous SBR frame and L'y

is the number of envelopes of the previous frame respectively. Note that if bs_pvc_mode'==1 (PVC active in
previous frame), it follows that var_len' is bs_var_len of the previous SBR frame.

The bs_var_len and bs_noise_position are obtained from PVC bitstream. The bs_var_len indicates the position of
the trailing variable border, and the bs_noise_position indicates the timeslot border for noise floors.
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If bs_pvc_mode is not zero, the PVC SBR envelope time border vector of the current SBR frame, tzp;, is calculated

according to:

EPVC

where

[ s ,mumTimeSlots] Ly =1

(¢4 »bs_noise_position ,numTimeSlots] Lgp=2

fo {Var_len' ,bs_pvc_mode' =0 and bs_pvc_mode # 0
first

0 ,otherwise

and var_len|

L', is the nuy

Where bs_vd

previous fram
bs_pvc_mode
to:

where middld
Table 4.193.

If bs_pvc_modle is not zero, the noise floor time~borders vectors of the current SBR frame, tQ is calc

according to:

7.5.1.5 H

| num_noise

hber of envelopes of the previous frame respectively.

r_bord_I' is the trailing border of the previous frame and bs_pvc _mode' is'the PVC mode

e. Independent of bs_pvc_mode within one SBR frame there can be either 6ne’or two noise flg
s zero, the noise floor time borders are derived from the SBR envelope time border vector acc

E(O)’tE (1)] Lp =1
(O),tE (middleBorder),tE (LE )] L >1

&5

Border = func(bs_frame_class, bs_pointer, Lg)is calculated according to ISO/IEC 14496-3

(0),t,(1)] Lo=1
(0).t;(1).t(2)] Lo=2

F adjustment

'=t',[L', |- numTimeSlots and t'; is the time border vector t of the previous SBR\franje and

of the

ors. If
rding

2019,

hlated

7.5.1.5.1

Same as ISO/I

enerat

EC 14496-3:2019, 4.6.18.7.5.

7.5.1.5.2 Mapping

Some of the data extracted from the bitstream payload are vectors (or matrices) containing data elements
representing a frequency range of several QMF subbands. In order to simplify the explanation below, and
sometimes out of necessity, this grouped data is mapped to the highest available frequency resolution for the
envelope adjustment, i.e., to the individual QMF subbands within the SBR range. This means that several adjacent
subbands in the mapped vectors (or matrices) will have the same value.
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The mapping of the envelope scalefactors and the noise floor scalefactors is outlined below. The SBR envelope is
mapped to the resolution of the QMF bank, albeit with preserved time resolution. The noise floor scalefactors are
also mapped to the frequency resolution of the filterbank, but with the time resolution of the envelope scalefactors.

If bs_pvc_mode is zero,

EOrigMapped (m - kx’l) = EOrig (l’l) >
F(i,r(l))Sm<F(i+1,r(l)),
O$i<n(r(1)),
0<I<Lg

—

Q Mapped (m - kxal) =Qoyig (i,k(l)),
fTableNoise (l) sm< fTableNoise (i + 1)9
0<i<Ny,
0<I<Lg

else, Hs_pvc_mode is not zero,

E (m—k,,0)=E(m,1),

~ OrigMapped

F(@i,r()))<m<F(@i+1r(])),
0<i<n(r()),

teppe (D) <t <tpppc(l+1),
0<I<L;

(lPreMapped (m _kx’t) = Q0rig (l’k(l))'

fTableNoise (l) sm< fTableNoise (Z + 1):
OSi<A@,

t()<rt,(+1),

0xr<Lg

Q' prertappea (M =k, .t + numTimeSlots) 0<t<t,(0
‘QMaDped(m_k)mt):JnP Mapped £(0)

L AN R LN n LI 2\
[ PreMapped \""t — x5 1) SO =7T<t ()

fTableNoise (O) =m< fTableNoise (NQ )’
0<t<tz(Lgp),

! !
where Q’p,orrapped i the Qpppppeq Matrix of the previous SBR frame and t; is the time border vector, LE is the

number of envelopes of the previous frame respectively and where k(l) is defined by
RATE -t (1) 2 RATE -t (k(1)),RATE -t (1+1) < RATE -ty (k(I)+1), and F(i,r(l)) is indexed as row,
column, i.e., F(i,l‘(l)) gives £7,70.1 0w (l) for I‘(l) =L0O and {7, pg (l) for l'(l) =HI .
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NOTE Remember that t(0) =t'y (L';) — numTimeSlots .

The mapping of the additional sinusoids is done as indicated below. In order to simplify the mapping, two
matrices are introduced, SIndexMapped and SMapped- The former is a binary matrix indicating in which QMF
subbands sinusoids should be added, the latter is a matrix used to compensate the energy-values for the frequency
bands where a sinusoid is added. If the bitstream payload indicates a sinusoid in a QMF subband where there was
none present in the previous SBR frame, the generated sine should start at the position indicated by /, (see
Table 116) in the present SBR frame if PVC is not used (bs_pvc_mode=0) or at the position indicated by
bs_sinusoidal_position in the present SBR frame if PVC is used (bs_pvc_mode = 0). The generated sinusoid is placed
in the middle of the high frequency resolution band, according to the following.

Let,

S]ndex (i ’0 <i< NHigh

_ |bs_add_harmonic(i) ,bs_add_harmonic_flag =1
0 ,bs_add _harmonic_flag =0

If bs_pvc_mode is zero,

f o (]
0 if m# INT( TableHigh (

+ fTableHigh (Z)J

SIndexMapved (m - kx’l) =

S Index (l) ’ 5Step (m - kx,l) Af m = INT

)

2

(fTableHigh (i + 1) + Frapterign (i )j
2

with fTableHig1 (Z) sm< fTableHigh (i + 1) ’ 0<i< NHigh ,0<1< LE

where

)

1 if >/ R ’ It—1)=1
5Step (m,l Z{ o1 (1> A)O (SlndexMappgd (m, E ) )

0 ,otherwise

else, if bs_pvc]mode is not zero,

f (i +1)+1 (s
0 ,lf m INT( Tablengh( ; TableHzgh( )]
S ndexpreptapped (M=% 1) = f (i+1)+f M)
S tndex (1) Sy (M —k ) ,if m= INT( [ubletligh . Tablettigh J

frabierign (1) < M <frgpiepgign (i +1),
0<i<Nyighs

tp(0)<t<tp(Lg)
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S lndexpremappea (M — k.t + numTimeSlots) | 0<t < t;(0)

S IndexMapped (M =k, 1) =
naexiiappe * SlndexPreMapped (m - kx ’ t) ’ tE (O) st< tE (LE)

frapieriign (0) < m <frapieriion (N tigh )
0<t<ty(Lgp)

NOTE Remember that t (0) = t'. (L', ) — numTimeSlots .

4!
wher¢™S IndexPreMapped 1S the blndexPreMapped matrix or the previous SBK Irame and lE Is the taime border vector,

!
¢ is[the number of envelopes of the previous frame respectively and where

1 ,if (t 2 bs_sinusoidal_position) OR (S, jertappea (M 5L ) —1)=1)

=y

0 ,otherwise

Step (mat) = {

and where IA is defined according to Table 116,

Table 116 — Table for calculation of /,

. bs_frame_class
bs_pointer
FIXFIX FIXVAR,VARVAR VARFIX]
=0 -1 -1 -1
=1 -1 Lp+1-bs_pointer -1
>1 -1 Lp+1-bs_pointer bs_pointert1

and S’lndexMapped is S judexmapped Of the previous SBR frame for the same frequency range. If the fr¢quency range

is larger for the current frame, the entries for the QMF subbands not covered by the previous S}, ;o s4ppeq are

assunjed to be zero. t ' and L', are t, and L, of the previous SBR frame, respectively.
If bs_pvc_mode-isqot zero, /; is defined as follows:

1, =41

The frequency resolution of the transmitted information on additional sinusoids is constant, therefore the varying
frequency resolution of the envelope scalefactors needs to be considered. Since the frequency resolution of the
envelope scalefactors is always coarser or as fine as that of the additional sinusoid data, the varying frequency
resolution is handled as below.

If bs_pvc_mode is zero,

u; :F(i—l—l,r(l))

I =F(i,r(l))

SMapped (m_kx,l)=5s (i,l),li <m<uy;,
for 0<i<n(r(l)),0</<L,
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where

U1 e{S honttappea (7=l F(ix (1)) < j<F(i+1r(1))]

oql(i,l)=
S( ) 0 ,otherwise

else, bs_pvc_mode is not zero,

u, =F(@i+1r())

S —k N =0, ',f, IZS < i
Mapped(m x ) s(l ) m<u {IIZF(Z,I'(I))

For 0< i <n{1(1)), tgpye (1) <1< tgpye(I+1),0<1 < Ly
where

A 1 {8 tertapped U = ko) - FGr(D) € j < B+ Lr(D), tgpye (D <t cgppe ((+1),0<1<|L |

1
0, (i,0) =
0 , otherwise

The oy (i,l) function returns 1 if any entry in the S[ndexMapped matrix is one within the given boundaries, i.¢}, if an

additional sirIJsoid is present within the present frequency band. The SMapped matrix is hence one for all QMF
subbands in the scalefactor bands where an additional sinusoid shall bé.added.

7.5.1.5.3 Hstimation of current envelope

In order to agljust the envelope of the present SBR framefthe envelope of the current SBR signal needs|to be
estimated. Thfs is done as shown below, and depends omn\the value of the data element bs_interpol_freq. The SBR
envelope is estimated by averaging the squared complex subband samples over different time and frequency
regions, given| by the time/frequency grid representedby tz and r or tzp~in case of bs_pvc_mode # 0 respectively.

If interpolatiopn (bs_interpol _freq = 1) is used;

RATE, (I+1)-1+t,,,,

A2

Z‘E ) ‘XHigh (m + ki)
. N i=RATEt,(I)+1,,.(; , 0< M,0<]< L,
curr (M) (RATE-tE(l‘Fl)—RATE'tE(l)) " o

if bs_pvc [mode =0
RATE -\t ,
S X, (m+k  RATE -t +1)|

ECW’_(m,t)Z =t g RATE 50Sm<MatEPVC(l)St<tEPVC(l+1)’OSl<L ’

if bs_pvc_mode # 0
else, no interpolation (bs_interpol_freq = 0):

RATEt,(I41)-1+1,,,, &,

> X ()

I=RATE ()41, J=K,
(RATE -t (1+1)— RATE -t (1)) (k —k; +1)

ECurr (k _kx’l) =
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ki =F(p.r(l))
by <k <k, kh:F(erLr(l))_l,O£p<n(r(l)),0£Z<LE,

if bs_pvc_mode =0

RATE-1+tppaq K, )
> Z\Xmgh (j,RATE-Hi)\

E k—k )= i=typag  J=k
Curr( x ) RATE(kh—kl-l‘l)

-3:2020(E)

ky = F(p,r(D)

,L0< p<(m(r(),t D<t<t [+1),0< LKL,
h=F(p+1,r(l))—1 p<m(r()),tgppc () gpre( )

l',sksk,{

if bs pvc mode # 0.

If int¢rpolation is used, the energies are averaged over every QMF filterbank lsubband, else thg
averaged over every frequency band. In either case, the energies are stored with the frequency res
QMF filterbank. Hence the E . matrix has Lz columns (one for every SBR enivelope) and M rows (

QMF qubbands covered by the SBR range).

7.5.1.5.4 Calculation of levels of additional HF signal components

The nlpise floor scalefactor is the ratio between the energy.of‘'the noise to be added to the envelop
generpted signal X, and the energy of the same. Hente, in order to add the correct amount of n

floor gcalefactor needs to be converted to a proper amplitude value, according to the following.

If bs_pve _mode is zero,

QMapped (m’ Z)
1+ QMapped (m’l)

(2M (m’l):\/EOrigMapped (m,l) N OSm<M,O£l<LE

else, §s_pvc_mode is not zerq,

energies are
olution of the
he number of

e adjusted HF
pise, the noise

QM d(mat)
(JM (m’t) = EOrigMapped (m’t) ) P ,
1+QMapped (m,t)
0<m< M,
tpppe (D) <1 < tpppe(l+1)
0<I<Lg

The level of the sinusoids are derived from the SBR envelope scalefactors according to the following.

If bs_pvc_mode is zero,

SlndexMapped (m’l)
l + QMapped (m,l

SM(m,l)=\/EorigMapped(m,l)’ N 0Sm<M,OSl<LE
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else, bs pvc_mode is not zero,

SIndexMapped (m’t )
1+ QMapped (m,t)

SM (m’t) = EOrigMapped (m’l) ,
0<m<M,

topye (D) <t <tgpyc(l+1),
0<I/<Lg

7.5.1.5.5 (alculation of gain

The gain to be applied for the subband samples in order to retain the correct envelope is calculatéd as shown
below. The leyel of additional sinusoids, as well as the level of the additional added noise, are taken into accojunt.

If bs_pve_modk is zero,

\/ EOrigMapped (m’l)

£+ By, (m.l))-(1+80) - Quuppea (M)

\/EOrigMapped (m’l) QMapped (m’l)

) if SMapped (m’l) =0
G(m,l)

,0<m<M,0<I< |

' if - § m,l) =0
(o Ecur (m0) {1+ Quigpes () S

A l=1,O0RI=1,p,,,
1 ,otherwise

and where

O ,lfl'A:L'E

/ =
AP .
v 1-1 otherwise

is introduced,|derived from #,;and L'y, which are the [, and L values of the previous SBR frame.

else, bs_pvc_mode is not zero,

[ / EOrigMapped (m.t) ’if SMapped (m7 t) =0
VG Eyr (MO Quigppeq (M.0))

G(m,t)=

EOrigMapped (m,t) QMapped (m,t) ,if SMapped (m, t) #0
(g+ECurr (m,t)) (1+QMapped (m,t))

with O0<m<M, tppye (D)<t <tpp,(I+1),0<I<L,

In order to avoid unwanted noise substitution, the gain values are limited according to the following. Furthermore,
the total level of a particular limiter band is adjusted in order to compensate for the energy-loss imposed by the
limiter.
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If bs_pvc_mode is zero,

fTubl@Lin1(k+1)_l_kx

&+ Z:( ) EOrigMapped (i ’l)
i=f, ableLim k _kx
Gas,,,, (k1) = fTT:;,jL,.m(kH)—l—kx
&+ z ECurr (i’l)
iszableLim (k )_kx

limGain (bs_limiter_gains), 0<k<N;,0<I<Lg

va AN

G (m,l):min(GMapr (k(m).1), 103)’ 0<m<M,0<I<Lg

else, §s_pvc_mode is not zero,

frabterim (K+1)—1-k,

&0 + EOrigMapped (Z’ ZL)
N — i=fTab/eLim (k)_kx
(JMaxTemp (k,1) = frapterim (K+1)—1-k,

g+ > E.,,, (i,t)

i:fTableLim (k )_kx

-limGain(bs dimiter gains)

with | 0<k <N, tepye(D) <t <tppe(+1),0<I<L,

G oo (m.1) = min(G . (k(m),0,10%) L0 <mSM tppyc (D) St <tppye (I +1,0<1<

Maxg,,

wherg k(m) is defined by f7,/.1im (k(m)) <m KL preLim (k(m) + 1) ,

and where limGain = [0.70795, 1.0, 1.41254, 1010} ,and where 5, — 107'2.

The additional noise added to the'HF generated signal is limited in proportion to the energy lgst due to the
limitafion of the gain values, according to the following.

If bs_pve_mode is zero,

GMax(m’l)
G(m,l)

£~

)ML‘_m (m,l)zmin(QM(m,l),QM(m,l)- ] ,0<m<M,0<I< Ly

else, #s_pve—mode is not zero,

. G pax (M)
QMLim (m,t)=mln(QM (m,t),QM(m,tJ-%J, 0<m<M,tpp,c(DSt<tp,-(+1),0</<L,

The gain values are limited according to the following.

If bs_pvc_mode is zero,

G iy (m1)=min(G (m,1), Gy (m,0)), 0<m<M ,0<I<Ly
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else, bs_pvc_mode is not zero,
G, (m,1)=min(G(m,1),G,,. (m,1)), 0<m<M,tppye()<t<tppye(+1),0<I<L,

As mentioned above, the limiter is compensated for by adjusting the total gain for a limiter band, in proportion to
the lost energy due to limitation. This is calculated according to the following.

If bs_pvc _mode is zero,

) fTableLim (k+1)_]_kx

oL AN E A
=0 ld UrigMapped \*>")
— i:fTableLim (k)_kx
GBOOStTem (k’ Z) - fTabIeLim (k+l)_1_kv

a2 (Beur (60): Gli (i) + 83 (i0) + 8(Syy (i).0)- Qi i)
i:fTableLim(k)_kx

O ,SM(Z,Z)¢OORZZZAORIZIAPreV

for 0<k < N|,0</<L; where, 5(SM(i,1),Z)={1 vt
, otherwise

else, bs_pvc_mode is not zero,

frapterim (K+D)—1-k,
80 + EOrigMapped (l b t)

(k t) = =L rapterim (K) K
’ frupterim (K+D) =1k,

g+ O (B, G0 -GN +S,(0,0)+6(S,,(i,0),0)-Q;, (1)

= rupterim (K)—k,

Boosty,,

for 0Sk <N, tpppe (D)<t <tp,(+1),0<]/<d,

0.,S,,(i,t)=0

where §(SM (i,t),t)=
1 ,otherwise

The compensation, or boost factor,is'limited in order not to get too high energy values, according to:

If bs pve _modg is zero,

G pous: (121) = min(GBmw (k(m),1),1.584893 192) , 0<m<M,0<I<Ly

else, bs _pvc moudeAs not zero,

G5 (M, 1) =min(G (k(m),t),1.584893192) , 0<m < M, tpppe (D) <t <tppe((+1),0< 1< L,

Boostr,y,

where k(m) is defined by f7,p/01im (k(m)) <m+k, <fr,perim (k(m) + 1) ,and where g, = 107'2.

This compensation is applied to the gain, the noise floor scalefactors and the sinusoid levels, according to the
following.
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If bs_pvc_mode is zero,

G Limsoos: (M:1) =G 1, (m,1)- G goog (m,1), 0<m<M ,0<I<Lg
QML,-mBOOSt (m,l):QMLim (m,l)'GBoost (m,l), 0<m<M ,OSZ<LE

SMBOOS! (m,Z)ZSM (m,l)'GBOOSt (m,l), OSm<M ,OSZ<LE

else, bs_pvc_mode is not zero,

‘;LimBoost (m7t) = GLim (mﬂt) ' GBoost (mﬂt)9 O Sm< MﬂtEPVC(I) <t< tEPVC (Z + 1)5 O < Z <L

7

Qo o (M =Q, ()G g (1), 0Sm <M tppye (1) 1<ty (10 1< L

S}

B 1i5oos: (M) =S, (m, 1) -G, (m,1), 0<m<M,tgpyc()<t<tppp(b+]),0<I<L

7

7.5.1.5.6  Assembling HF signals

Analopous to the mapping of SBR envelope data and noise floor data te-ahigher time and frequency fesolution, the
gain yalues, representing a time-span of several QMF subsamples, dre mapped to the highest time-resolution
availaple for the envelope adjustment, i.e., to the individual QMF subsamples within the current SBR frame.

The ghin values to be applied to the subband samples are’smoothed using the filter hg,, - The yariable g, is
used fo control whether smoothing is applied or not, according to:

=

{4 ,bs_smoothing mode =0
SL =

0 ,bs_smoothing mode =1

and the filter used is defined as following;:

[0.33333333333333' |
0.30150283239582
B oo =| 0.21816949906249
0.11516383427084
| (203183050093751

The smoothed gain values Gy, are calculated with the help of the temporary matrix Gy, acdording to the
following.€quation.

If bs_pvc_mode is zero,

GTemp (mai + hSL) = GLimBoost (m’l)

0<m<M,
RATE-tE(I)£i<RATE-tE(Z+1),
0<I<Lg
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else, bs pvc_mode is not zero,

GTEmp (m9l + hSL) = GLimBoost (m9 (INT)(Z/RATE))’
0<m<M,
RATE -t gy (1) S t < RATE -t opye (1 +1),
0<I<Lg

The calculation of Gy, itself and all further processing for assembling the HF signal shall be done in accordance

with ISO/IEC

7.5.1.6

In case of c
4.6.18.4.1 is 1
domain signa
subband sam
The flowchart

consisting of
samples.

Shift the

stored in

Multiply

linear int

¢;(n)=

where 4

window

Calculate 24 n

M(k,n)

In the equatio

2

Sum the s

14496-3:2019, 4.6.18.7.6.

4 band analysis QMF filterbank
breCoderFrameLength=768, the 32 band analysis QMF as specified in ISO/IEC14496-3
eplaced by a 24 band analysis filterbank in the SBR tool. This QMF bank is used’to split th

output from the core decoder into 24 subband signals. The output from-the filterbank, i.

of this operation is given in Figure 5. The filtering involves the following steps, where an a
240 time domain input samples is assumed. A higher index into th€ array corresponds to

positions 0 to 23.

erpolation of the coefficients ¢, i.e., through the equation:

po(n)c(u(n)+1)+ (- p(n))c(u(n)), 0=5n<240

oefficients of ¢ can be found in ISOAAEC 14496-3:2019, Table 4.A.89.
amples according to the fgrmula in the flowchart to create the 24-element array u.

ew subband samplesiby'the matrix operation Mu, where:

J

n, exp() denotes the complex exponential function and i is the imaginary unit.

)-(2-n-0.375)
48

0<k<24

=8/3-exp
0<n<64

(i-fr-(k+0.5

bles, are complex-valued and thus oversampled by a factor two compared)te’ a regular QMF

the samples of array X by the coefficients of window'C;. The window coefficients c; are obtair

(n) and p(n) are defined as the-integer and fractional parts of 64-1n/24, respectively

2009,
e time
b, the
bank.
ray X
older

samples in the array X by 24 positions. The oldest 24 samplesiare discarded and 24 new samples are

ed by

r. The

Every loop in the flowchart produces 24 complex-valued subband samples, each representing the output from one
filterbank subband. For every SBR frame the filterbank will produce numTimeSlots - RATE subband samples for
every subband, corresponding to a time domain signal of length numTimeSlots- RATE - 24 samples. In the
flowchart W[K][1] corresponds to subband sample | in QMF subband k.
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Start

< ( for QMF subsample |')

)

for(n =239; n>=24; n--){
X[n] = x[n-24]

}

for(n=23;n>= 0; n--){
X[n] = nextinputAudioSample
}

for(n =0; n <= 239; n++){
z[n] = x[n] * ci[n]

}

for (n=0; n <=47; n++) {
u[n] = z[n];
for(j=1;j<=4;j++){
uln] = u[n] + z[n +j * 48];

}

}

y

for (k= 0; k <= 23{k++) {
for(n = 15 n<=47; n++) {

}
}

WIK][I] = u[0]8/3 * exp(i* n /48 * (k + 0.5 ) * ( - 0.375) )

WIKIT= WIKI[] + un] * 8/3 * exp(i* © /48 * (k+ 0.5)* (2 * n - 0.375) )

-

Dane

~

Figure 5 — Flowchart of the 24 band system decoder analysis QMF bank
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7.5.2 Additional pre-processing in the MPEG-4 SBR within USAC

7.5.2.1 General

When the SBR QMF-patching algorithm as described in ISO/IEC 14496-3:2019, 4.6.18.6.3 is used, an additional
step is introduced aimed at avoiding discontinuities in the shape of the spectral envelope of the high frequency
signal being input to the subsequent envelope adjuster. This improves the operation of the subsequent envelope
adjustment stage, resulting in a highband signal that is perceived to be more stable.

The additional pre-processing shall be done when the bitstream element bs_sbr_preprocessing is set to one. The
additional pre-processing is described in 7.5.2.2.

7.5.2.2 I\Lodifications and additions to the MPEG-4 SBR tool

The SBR tool
HF generated

XHigh (k

[

The above shd
XHigh (k

|

where the pr|

preGain

where lowEH

polyfit(

lowEnv

and where

sed in USAC, is defined in MPEG-4 SBR but modified according to the following. In MREG-4 SB
signal is derived by the following formula (ISO/IEC 14496-3:2019, 4.6.18.6.3):

l+tHFAdj) =XLOW(p,l+tHFAdj)+bwArray(g(k))-a0(p)-XLUW(p,l—1+tHFAdj)+

2
bWArray(g(k))] “a (p) “Xiow (p,l —2+1tyrag) ),
1l be replaced by the following, for the instances where bs_sbr_preprocessing = 1:

[+ tHFAdj) = preGain(p)- (XLOW (PJ + U HFAd) ) + bwArray(g(k)) <ty (p) Xpon (P»l —l+1y

:bwArray(g(k))T a1 (p) Xpow (P»l =2+t )j,

eGain( ) curve is calculated accordingto the following.

(k) _ 10(meanNrg—lowEnvSlope(k))/20’0 <k< k()

vSlope is calculated by the pseudo code in Table 117, according to:
B, ko, x_lowband ,JowEnv, polyCoeffs);

3 .
blope(k)= Z polyCoeffs(3—1i)-x_lowband (k)'
i=0

R, the

)+

lowEnv(

k)=10log,, %:(0.0) ,0<k <k
numTimeSlots +3)- RATE

and where x_lowband(k) = [0 .. ky—1],and

ko1
Z lowEnv(k)
meanNrg = k=0
kO
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Table 117 — Pseudo code for curve calculation, “polyfit()”

#define MAXDEG 3
void polyfit (int deg, int n, float x[], float yI[], float pl[]) {
int 1, J, k;
float A[MAXDEG+1] [MAXDEG+1];
float b[MAXDEG+1];
float v[2*MAXDEG+1];

for (i =0
b[i] = 0.
for (j =
i][

for (k =0

[0] = 1.
ffor (i =
v[i] =

=

i <= 2*deg; 1i++) {
kl*v[i-1];

— Ne ~e

for (1 = 0; 1 <= deg; i++) {

b[i] += v[deg-il*yl[k];

for (3 = 0; j <= deg; j++) {
A[i][3j] += vI[2*deg -i - J];

}

gayssSolve(deg + 1, A, b, p);

static void gaussSolve(int n, float A[] [MAXDEG+1l], float b[], float yI[]) {
iny i, 3j, k, imax;
flgat v;

fo (i = 0; i < n; i++) {

max = 1i;
for (k = i + 1; k < n; ktt) M // find pivot
if (fabs(A[k][i]) > fabsW A[imax][i])) |
imax = k;
}
1f (imax != i)~{~'// swap rows
v = b[imaxd.;
b[imax] =<pb[i];
bli] 5~VG

for (&= 1i; J < n; J++) {
vo= Alimax][]];
A¥imax] [J] = A[i]1([31;
Ali]l[3] = v;

}

}

v = A[i1][i]; // normailize row

b[i] /= v;

for (jJ = 1i; J < n; j++) {
A[i1[3]1 /= v;

}

for (k =1 + 1; k < n; k++) { // subtract row i for row > 1
v = A[k][1i];
blk] -= v*b[i];
for (3 =1 + 1; 3 < n; j++) {
Alk][3] -= v*A[i][]];
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}
}

for (1 =n - 1; i >= 0; i--) { // back substitution
y[i] = bl[i];
for (J =1 + 1; 3 < n; j++) {
y[i] -= A[i][31*y([31;
}
}
}

7.5.3 DFT based harmonic transposer

7.5.3.1 Tlool description

In case bitstfeam parameters sbrPatchingMode[ch] equals 1 or harmonicSBR equals 0, SBR' patching as
described in|ISO/IEC 14496-3:2019, 4.6.18.6.3 is performed. When the harmonicSBR flag equals 1 and
sbrPatchingMode[ch] equals 0, the above mentioned SBR standard QMF-patching algorithm is replaced by a
phase-vocodelr frequency spreading as shown in Figure 6.

Phase Vocoder Decimation Bandpass filter

Y Y

=
e
]
g Fitered
= Dec
LF Time stretched i a)
Bandpass filter Phase Vocoder Decimation
//’_‘\‘ //'_\\‘ ‘,/"—‘\‘ Generated
HF-Part
oy
| =
@
g Dec
Lo LF F|Itereg Time stretched b}

e
Time Time Time Time

Figuve 6 — Steps of harmonic bandwidth extension

The core coder time-domain-signal is bandwidth extended using a modified phase vocoder structurg. The
bandwidth extension“is-performed by time stretching followed by decimation, i.e., transposition, using sgveral
transposition |factors (7= 2, 3, 4) in a common analysis/synthesis transform stage. For example, in the dase of
sbrRatio="2:1"-the-output signal of the transposer will have a sampling rate twice that of the input signal, which
means that foratramspositiomrfactorof - T=2the—~sigmat-witt-be—timre—stretched—but ot decimmated,—=fficiently
producing a signal of equal time duration as the input signal but having twice the sampling frequency (for
sbrRatio="8:3": 8/3 the sampling frequency). The combined system may be interpreted as three parallel
transposers using transposition factors of 2, 3 and 4 respectively. To reduce complexity, the factor 3 and 4
transposers (3" and 4th order transposers) are integrated into the factor 2 transposer (2" order transposer) by
means of interpolation. Hence, the only analysis and synthesis transform stages are the stages required for a 2nd
order transposer. Furthermore, to improve the transient response, a signal adaptive frequency domain
oversampling is applied controlled by a flag in the bitstream.

The frequency domain oversampling factor £ which is necessary and sufficient for adequate transient response
is determined by F' =(Q+1)/2 where Q is the quotient (synthesis/analysis) of the physical frequency bin

spacing of the DFT filter banks. Due to the sampling rate changes described above it holds here that 0 =2 so
F=1.5.
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For each frame (corresponding to coreCoderFrameLength core coder samples), the nominal “full size” transform
size of the transposer is first determined by:

fftSize = {

coreCoderFrameLength,for sbrOversamplingFlag[ch] =0
1.5-coreCoderFrameLength,for sbrOversamplingFlag|[ch] =1

1024, for sbrOversamplingFlag[ch] = 0

fftSizeSyn =

1536, for sbrOversamplingFlag[ch] =1

where sbrOversamplingFlag[ch] is signalled in the bitstream. This would be the transform size actually used in

the tr
768: A

As cri
core (
core

48-M{
the cg

hnsposer if critical sampling is deactivated, i.e.,, when M¢ = 32 and M, = 64 (for a coreCoderkr
{(=24). The variables My and M are defined in 7.5.3.3.2 and 7.5.3.3.3 respectively.

Lical sampling is active, blocks of 32-Mg windowed input samples (corresponding to,coreCode
oder samples), using a hop size (or stride) of 4-M¢ samples (corresponding-to)coreCoderF1
coder samples) are transformed to the frequency domain by means' ‘of a DFT of s
=1.5-32-Mg depending on the signal adaptive frequency domain oversampling control signal.

mplex-valued DFT coefficients are modified according to the three transposition factors used.

ameLength of

‘FrameLength
ameLength/8
ze 32-Mg or
The phases of
For 2Md order

transposition the phases are doubled. For 3' and 4th order transposition the phases are either tripled or

quad

comb

outpult samples).

Let s(]
doma

each
used

The v.

The v
code

each t

tranjs

L

pled or interpolated from two consecutive DFT coefficients. ‘The modified coefficients are
rmed back to the time domain by means of a DFT of sizeXl6-M, or 24-M, = 1.5-16-M , W

ned by means of overlap-add using an output time stride of 4-M, samples (corresponding t

1) be the input time domain data provided by the'sub-sampled synthesis QMF bank and o(n) th
n signal subsequently provided to the sub-sampled analysis QMF bank at sample positions

ame (32-Mg time domain input samples), the analysis transform size S, and the synthesis tra
the transposer is determined by:

b, = fftSize- M -32/ coreCoderfyameLength
b, = ffiSizeSyn-M , / 64
hiriable fransSamp specifying the number of frequency domain transition samples is obtained fr

ransSamp = 3 - fftSizeSyn / 256

hriable numPatches and the array xOverBin of maximum 4 elements are calculated according
pf Figure 7, where 7,11 trion frapierow Nrigh and Ny, are defined in ISO/IEC 14496-3:2019,

subsequently
Findowed and

256 decoder

e output time
i (neNg). For

nsform size S

to the pseudo
1.6.18.3.2. For

0" (k) =

© ISO/IEC 2020 - All rights reserved

2) + transSamp / 2

1) — transSamp / 2

ranspaesition factor (7 = 2, 3, 4), a frequency domain window of ff#Size elements is created as:
0 0 < k < xOverBin(T — 2) — transSamp / 2
T
0.5+ 0.5-sin - (k — xOverBin(T - 2)) xOverBin(7T — 2) — transSamp / 2 < k < xOverBin(7T —
transSamp
1 xOverBin(T — 2) + transSamp / 2 < k < xOverBin(T —
0.5-05- sin( - (k — xOverBin(7 — 1))) xOverBin(7T — 1) — transSamp / 2 < k < xOverBin(T — 1) + transSamp / 2
transSamp
0 xOverBin(T — 1) + transSamp / 2 < k < (ftSize
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The time domain transform windows are given by:

T

w,(n)= sm(32 v

-(n+0.5)J,0£n<32-MS
N

for the analysis transform and:

: T
w,(n) —sm[ M

-(n+0.5)J,OSn<16-MA

for the synthesgis transform. The following variables are set:

Do =(S,{—32-Mg)/2

Dy =(S;[-16-M )/ 2

0,=4-Mg

o, =4-M,

A, =k | fftSize-32 / coreCoderFrameLength
Ay =k | fftSizeSyn / 64

where p, and p, are the analysis and synthesis zero pad sizes, 5(1 and 5S dre the input and output hop leng
samples, and A . and A ¢ are analysis and synthesis transform offset'variables respectively. The variables
k, are definegd in 7.5.3.3.2 and 7.5.3.3.3 respectively. An input.frame consists of 8 granules (32'MS)/5

index u depicts the current granule (u € No ) One granulé ¥, is calculated from the input signal as:

0 ,0<n<p,

71,4(”): S(n+5a 'u)'a)a(n_pa) > Pg Sn<pa +32'MS
0 ;P +32-Mg<n<S§,

The granule iy time-domain shifted S;,/2 samples as:

7,(n+8,/2) N0<n<S§,/2

= oS 43S, 12<n<S,

The shifted grpnuléis:then transformed to the frequency domain by an S, -size DFT:

ths in
(; and

. The

Ty =F uj

and the DFT coefficients are converted to polar coordinates as:

(k) =1,(k)=0 L0<k<A,

{qﬁu(k):z{ru(k—Aa)} NPT

ru(k) :|ru(k_Aa)|

¢, (k)=r,(k)=0 JA,+ S, <k < fftSize

112
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For each transposition factor 7' = 2, 3, 4 for which T < numPatches +1, a new granule of spectral coefficients

fLT) is computed according to:

D00 = Qw1 (1P ()0 e, (1D 41?70

exp| -7 +((1=p D 0)- 4, (" (k) + o7 ), (1" ) +1))|
+ Q0 6)-1, (D ey ™ O, (D ey

expl (7 =m0 4, (47 ) + D), (1" ()]

for0 <k < ffiSizeSyn /2

and

<k < fftSizeSyn

|

") (k) = conj{fff ) (ffiSizeSyn — k)} , ffiSizeSyn/2

wherd ,Ll(T)(k) and p(T)(k) are defined as the integer and fractionalparts of 2k / T , respectivelly, and conj{x}

. . . T . .
denotes complex conjugation of the argument x. The cross product gain Q(C )(k) is set to zero if the|cross product

pitch parameter p <1. p is determined from the bitstream parameter sbrPitchInBins[ch] as:
p = sbrPitchInBins|ch] - f/iSizeSyn / 1536

If p1,then Q(CT)(k) and the integer parametes ,u](T) (k), ugr) (k),and m(T)(k) are defined as|follows.
Let M be the maximum of the at most 7' =\I*values min {VM (m),r, (”2)} , for which

2k=mp 1

—+  n, is the integer part of + 5 and 1, 20;

- 7, is the integér partof 7, + P, and OSnz SSA/Z;

+— m=1.5T-1
Then
b5 (000, if M > 47D k]
[0, otherwise. J

In the first case, m(T)(k) is defined to be the smallestm = 1, ...,T — 1 for which min{ru (I’ll),ru (nz)} =M and

the integer pair (,ul(T) (k), 1" (k)) is defined as the corresponding maximizing pair (1,1, ) .

The granules are mapped and added to form the combined spectral granule:
numPatches+1

T,k= Y TOk+4y), 0<k<s,.
T=2
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The combined spectral granule is transformed by an S -size inverse DFT to:

= d(=
7u=F {Fu}
and the time domain shift is reversed to form an output time granule as:

_ 7.(n+S./2) ,0<n<S, /2
Vu(n) =9
Fu(n—=S./2) ,S./2<n<S§,

The output grpmutesare fimatty windowed and superimposed using overtap-add:

71,
0(0g -uH m)=Z]7u_v+,7 Oy v+m+py)- o (0, -v+m),0<m<J,Vu,ueN,
v=0

where 17, =16-M 4 / 6, —1=3. The output time domain signal o(n) is subsequentlyfed to the sub-sampled
analysis QMF pank.

sfbL=0, sfbH=0

br patch =1 to 4

while (sfbL <= Ny 4))) && (frgplerow(sfbL) <= patch * f74470161,(0))
sfbL = sfbL+1

end

if (sfbL <= Ny ou)
if ((patch * frgpreLow(0) - fTableLow(stbL-1)] <= 3)

xOverBin(patch-1) = NINT(fftSizeSyn* f1,pje1ow(sfbL-1)/128)

=

else
while (sfbH <= NHigh) && (fTabIeHigh (sfbH) <= patch * fTableHigh(O))
sfbH = sfbH + 1
end
x0verBin(patch-1)=NINT(fftSizeSyn* fTab[eHigh(sfbH-l)/IZS)
end
else

xOverBin(patch-1) = NINT(fftSizeSyn* f1,p1eLow(NLow) /128)
numPatches.=/patch-1
break

end

end

Figure 7 — Calculation of xOverBin and numPatches

7.5.3.2 Limiter frequency band table

The limiter frequency band table in the SBR tool (ISO/IEC 14496-3:2019, 4.6.18.3.2.3) contains indices of the
synthesis filterbank subbands which describe the borders of the limiter bands. The number of elements equals the
number of limiter bands plus one. The table is constructed to have either one limiter band over the entire SBR
range or approximately 1.2, 2 or 3 bands per octave, as signalled by bs_limiter_bands. In the latter case additional
band borders are installed which correspond to the HF generator patch borders. If sbrPatchingMode==1 these HF
generator patch borders are calculated according to the flowchart of ISO/IEC 14496-3:2019, 4.6.18.6.3, Figure
4.48.

When harmonic SBR is active, i.e., when sbrPatchingMode==0, the above-mentioned additional band borders are
instead determined by the bands created from the different transposition factors T of the harmonic SBR tool as
specified in Figure 7.
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The exact process of constructing the limiter frequency band table is described below.

The first element is always k.. f,,,.;:, 1S @ subset of the union of f;,,,.; ... and the patch borders derived by the
variables numPatches and patchNumSubbands given below.

If bs_limiter_bands is zero only one limiter band is used and fTableLim is created as:

fTableLim = [fTableLow (0) > fTableLow (NLOW ):'

If bs_fimmiter—barmds 6—the—timiter frequency Tesotution tabte—s—created—according to—theq flowchart of
ISO/IEC 14496-3:2019, Figure 4.41, for which the variables numPatches and patchNumSubbandsare calculated
as follows:

numPatches calculated from pseudo code of Figure 7, for sbrPatchingMode=0

numBatches = numPatches calculated from ISO/IEC 14496-3:2019, for sbrPatohineMode=1

4.6.18.6.3, Figure 4.48 ’ grode=

128 .
T E—— xOverBin , for sbrPatchingMode=0

patchNumSubbands - fftSizeSyn

patchNumSubbands calculated from Figure 4.48 in ISO/IEC 14496-3:2009, 4.6.18.6  , for sbrPatchingMode=1
wher¢ the array xOverBin is calculated from the pseudo,cede of Figure 7 and ffiSizeSyn is determined from
sbrOversamplingFlag as outlined in 7.5.3.1.
7.5.3.8 Sub-sampled filter banks for HQ critical'sampling processing
7.5.3.3.1 General
The fptrategy behind critical sampling “processing is to use the subband signals from |the 32-band

(core

[oderFrameLength of 768: 24-band) analysis QMF bank already present in the SBR tool. A

subb

trans
frequd
After
analy:

QMF Bbuffer.

This 4
proce

n
samp1ed real-valued QMF banksThe time domain output from this filter bank is then fed to the tr

ds, which cover the source range for the transposer, is synthesized in the time domain by

oser time domain input«is now a bandwidth limited segment of the original core decoded low
bncy modulated to the\baseband. Consequently, the transform sizes of the transposer need t
transposition, the likewise modulated time domain output is processed by a sub-sampled ca
is QMF bank, and.the resulting QMF subbands are mapped back to the appropriate subbands i

ipproachenables a substantial saving in computational complexity as only the relevant sd
ksed(by the transposer. The small QMF banks are obtained by sub-sampling of the original

subset of the
¥ a small sub-
hnsposer. The
band, which is
b be adjusted.
mplex-valued

In the 64-band

urce range is
64-band QMF

bank,

whére the prototype filter coefficients are obtained by linear interpolation of the original protd

type filter.

7.5.3.

3.2  Real-valued sub-sampled Mg-channel synthesis filter bank

The processing of the sub-sampled real-valued synthesis QMF bank is described in Figure 8 and the processing
steps below. First, the following variables are determined:

M = 4-floor{(frupier (0) +4)/8 +1}
k; =startSubband2KL (7,1, (0))

where Mg is the size of the sub-sampled synthesis filter bank and k; represents the subband index of the first
channel from the 32-band (coreCoderFrameLength of 768: 24-band) QMF bank to enter the sub-sampled
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synthesis filter bank. The array startSubband2KL is listed in Table 118. The function floor{x} rounds the
argument x to the largest integer not greater than x, i.e., rounding towards —oo.

When coreCoderFrameLength = 768 samples and k, + M ¢ > 24k, is calculatedas k, =24—-M ;.

Table 118 — y = startSubband2KL(x)

x|0(1(2{3(4|5(6|7|8|9(10/11/112|13{14(15|16(17(18|19|20(21|22|23|24(25|26|27(28(29|30|31(32

y|0[0]0]0]0]0]|0]|2|2][2|4]|4]/4]|4]|4|6|6|/6][8][8/8|8|8(10(10/10({12|12{12|12{12|12]|12

— Aset of Mreal-valued subband samples are calculated from the My new complex-valued subband-saniples
according to the first step of Figure 8 as:

Vk=kp)= Re{XLow(k) : exp(i%(l@ —wn}ah Sk <kp+Mg

In the eqpation, exp() denotes the complex exponential function, i is the imaginafy unit and %, is defined as
above.

— Shift the jamples in the array v by 2M positions. The oldest 2M¢ samples are discarded.

— The Mg r¢al-valued subband samples are multiplied by the matrix N, i.e., the matrix-vector product N-V is
computed, where:

11 7 (k+0.5)-(2-n-Myg)) [0k M
N(k,n) cos( M, 0Sn <2,

N
The outppt from this operation is stored in the positions 0 to 2Mg-1 of array v.

— Extract simples from v according to.the-flowchart in Figure 8 to create the 10M-element array g.

— Multiply the samples of array.g by window c; to produce array w. The window coefficients c; are obtained by
linear interpolation of the coefficients c, i.e., through:

¢;(m)= p(n) c(pliy+1)+(1- p(n)) c(u(n)), 0<n<10Mg

where u(n) afid>p(n) are defined as the integer and fractional parts of 64-n/Mg, respectively. The
window doefficients of ¢ can be found in ISO/IEC 14496-3:2019, 4.A.62, Table 4.A.89.

— Calculate Mg new output samples by summation of samples from array w according to the last step in the
flowchart of in Figure 8.

7.5.3.3.3 Complex-valued Sub-sampled M,-channel analysis filter bank

The processing of the sub-sampled complex-valued analysis QMF bank is described in Figure 9 and the processing
steps below. First, the following variables are determined:

M, =4 ﬂoor{(min{64, Erapteron (N Low) + 1} = 2+ 11001 { (Fryprer0(0) —1)/2} ~ 1) /4 +1}

kg =2-1100r {(Frapreron (0) =1)/2} —max {0, 2 - floor {(Frapezon (0) =1)/2} + M 4 — 64}
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where M, is the size of the sub-sampled analysis filter bank and &, represents the index of the first band of the 64-

band QMF buffer that the subbands from the sub-sampled analysis filter bank are fed to. The function min{x,y}
returns the argument x or y closest to minus infinity, and the function max{x,y} returns the argument x or y closest
to infinity.

— Shift the samples in the array x by M, positions according to the first step of Figure 9. The oldest M, samples
are discarded and M, new samples are stored in positions 0 to M ,-1.

— Multiply the samples of array x by the coefficients of window ¢;. The window coefficients ¢; are obtained by
linear interpolation of the coefficients c, i.e., through:

¢;(n) = p(mec(u(n) + 1) + (1= p(n))c(u(n)), 0<n<10M,

where u(n) and p(n) are defined as the integer and fractional parts of 64-n /M, respectively. The
window coefficients of ¢ can be found in ISO/IEC 14496-3:2019, 4.A.62, Table 4.A89.

— Sum the samples according to the formula in the flowchart in Figure 9 to createthe 2M j-elemenit array u.

— (alculate M, new complex-valued subband samples by the matrix-vectormultiplication M-u, where:

i-ﬂ-(k+0.5)-(2-n—MA/64)_i-ﬂ-kA] {0£k<MA

M(k,n) =exp
2M 32 0<n<2M,

—

1 the equation, exp() denotes the complex exponential function, 7 is the imaginary unit and M, and &, is
defined as above.
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118

Start

C ( for QMF subsample 1)

for( k = k.; k < kp+Ms; k++) {
VIk-k ] = Real{ X owl[K][l] *exp(i*n/2* (k.- (k+0.5)*191/64 )}

}

l

for( n = 20*Ms-1; n >= 2*Ms; n--) {

2*nAg ]
= 1v1s]

bl — L
it 2L

}

for(n = 0; n < 2*Ms; n++) {
v[n] = V[0]/ Ms* cos(n/ (4*Ms)* (2*n-Ms))

for(k =1; k < Ms; k++) {

v[n] = v[n] + VIK] / Ms * cos( 1t/ (2*Ms) * (k+ 0.5)*(2*n-Ms))

for(n=0; n<=4; n++) {
for( k = 0; k < Ms; k++) {

gl2* Ms™* n +K] v[4 * Ms* n + K]

gl2 * Ms™* n + Ms + K] v[4 * Ms * n + 3¢ Mg+ K]

}

}

for(n =0; n < 10*Ms; n++) {
win] = g[n] * ciln]

for(k = 0; k < Mg; k++) {
temp = wlk]
for(n ¥ hyn <=9; n++) {
teémp’= temp + w[Ms*n + k]
}
nextOutputAudioSample = temp

¥

( Done

N

Figure 8 — Flowchart of real-valued sub-sampled Mg-ch synthesis QMF bank

© ISO/IEC 2020 - All rights reserved


https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23003-3:2020(E)

Start
(for QMF subsample |)

for( n = 10*Mgs-1; n >=Mjy; n--) {
X[n] = x[n - My]
}

for(n = Mg1; n>=0; n--) {
x[n] = nextlnputAudioSample
}

\
for(n=0; n < 10*My; n++) {
z[n] = x[n] * ci[n]
) /
for(n=0; n < 2*Mj; n++) {
uln] = z[n]
for(j = 1;j <= 4; j++){
uln] = u[n] + z[n +j* 2*Mg;
}
}
) /

for( k = 0; k < Mak++) {
BIK][I] =uf0}* exp( - i*7128*(k+0.5) - i*7 k4/32)
for(n .15 n <2*My, n++) {
BIKI(I] = BLK][] +
uln] * exp( i*7(2* Mz)*(k+0.5)*(2*n-M4/64) - i**k4/32 )

C pone )

Figure 9 — Flowchart of complex-valued sub-sampled M,-ch analysis QMF bank
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7.5.4 QMF based harmonic transposer

7.5.4.1 Tool description

The harmonic transposition scheme which is described in 7.5.3 may be replaced by a QMF based harmonic
transposer. The bandwidth extension of the core coder time-domain-signal is carried out entirely in the QMF
domain, using a modified phase vocoder structure, performing decimation followed by time stretching for every
QMF subband. Transposition using several transpositions factors (T = 2, 3, 4) is carried out in a common QMF
analysis/synthesis transform stage. For example, in the case of sbrRatio="2:1" the output signal of the transposer
will have a sampling rate twice that of the input signal (for sbrRatio="8:3": 8/3 the sampling frequency), which
means that, for a transposition factor of T=2, the complex QMF subband signals resulting from the complex
nk of
ay be
educe
ctor 2
nd order transposer) by means of interpolation. Hence, the only QMF analysi$ and synithesis
ges are the stages required for a 2" order transposer. Since the QMF based-harmonic trangposer

twice the physical subband spacing as in the transposer QMF analysis bank. The combined system“nj
interpreted as three parallel transposers using transposition factors of 2, 3 and 4 respectively’ To 1
complexity, the factor 3 and 4 transposers (3" and 4th order transposers) are integrated into.the fa

transposer (4
transform sta|

does not feature signal adaptive frequency domain oversampling, the corresponding-flag in the bitstrgam is
ignored.

In case of sbrPatchingMode[ch] == 1 or harmonicSBR == 0 SBR patching as described in ISO/IEC 14496-312019,
4.6.18.6.3 is pprformed.

umPatches and the array xOverQmf of maximum 4 elementsare calculated according to the pseudo

7, where fTableHigh’ frubleLow NHigh and N; ,, are defined in ISO/IEC 14496-3 and according to:

The variable 7
code of Figurg

128

=————-x0OverBin.
fitSizeSyn

xOver()mf

A complex oufput gain value is defined for all synthesis'subbands by :

exp[— Jm 38 (ke + %)] XOverQmf (0) < k < xOverQmf (1)
Q(k)=40.7071- exp[—jﬂ%(k + %)il, xOverQmf (1) < k < xOverQmf (2)
2- exp[— jﬂ%(k + %)] xOverQmf (2) < k < xOverQmf (3)

The core coddr time-input-signalis transformed to the QMF domain, using blocks of coreCoderFrameLength{input

samples. To
processing (d
band) analysi

save computational complexity, the transform is implemented by applying a critical san
escribed inv7:5.4.2) on the subband signals from the 32-band (coreCoderFrameLength of 76
5 QMF bank that is already present in the SBR tool.

hpling
B: 24-

Let the 32-ba
N EENGARN
the matrix X {7,K) with tume subband samples m = 0,I,---,3T and subbands k = 0,1,---,31

hd\(coreCoderFrameLength of 768: 24-band) QMF domain signal for the current frame be giyen by

(coreCoderFrameLength of 768: k =0,1,:--,23). The critical sampling processing transforms the matrix

XLow (m,k) into new QMF submatrices I'(x,7) with doubled frequency resolution with the subband samples

u=0,1,--,15and subbandsn = 2 * k;,---,2 * k; + 2 * M; — 1 (see 7.5.4.2).

The given QMF submatrices ['(4,7) are operated by the subband block processing with time extent of twelve

subband samples at a subband sample stride equal to one. It performs linear extractions and nonlinear operations
on those submatrices and overlap-adds the modified submatrices at a subband sample stride equal to two. The
result is that the QMF output undergoes a subband domain stretch of a factor two and subband domain
transpositions of factors 7/2 = 1, 3/2, 2. Upon synthesis with a QMF bank of twice the physical subband spacing as
the transposer analysis bank, the required transposition with factors T = 2, 3, 4 will result.
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In the following, the nonlinear processing of a single submatrix of samples will be described. The variable u =
0,1,2, ... denotes the position of the submatrix. For notational purposes, this index will be omitted from the
variables as it is fixed and it is practical to use the following indexing of the submatrix.

Bmn)=I'(m+6+un), m=-6,..5 n=0,..2M; — 1.

The output of the nonlinear modification is denoted by Y(m,k) where m = —6, ...,5 and xOverQmf(0) <k <

xOverQmf(numPatches). Each synthesis subband with index & is the result of one transposition order and as the
processing is slightly different depending on this order, the three cases will be considered separately below. A
common feature is that analysis subbands with indices approximating 2k / T are chosen.

For xpverQmf(0) < £ <xOverQmf(1), where 7=2

A blogk with time extent of ten subband samples is extracted from the analysis band n=2k / T.=k,

Nt

((m, k) = B(m, k), m=-5,..,4
The QMF samples are converted to polar coordinates as:

p(m, k) = £{X(m, k)}
r(m, k) = |X(m, k)|

The opitput is then defined for m = -5, ...,4 by:

¥ (2) (m,k):_Q(k)-r(O,k)H/T -r(m,k)l/T -exp[j-(T>1)-9(0,k)+p(m,k)],

and Y(z)(m,k) is extended by zeros for m € {—6,5} ZThis latter operation is equivalent to a synthegis windowing

with 4 rectangular window of length ten.
For xPpverQmf(1) < k£ <xOverQmf(2), whére 7 =3

Defin¢ the analysis subband index filas the integer part of 2k /T =2k /3 and define another analysis subband
indexfn = i + k where:

1 ke3Z +1
= where Z denotes the positive integer set.

0 else

A blodk with timé extent of eight subband samples is extracted for v = n, 7,

<t

(m,v)=B@Bm/2,v), m=-4,..3.

Here the non-integer subband cnmp]n entries are gbtained hy atwotap inh:\rpn]nfinn of the form:

B(u+0.5,v)=hy(v)B(u,v)+MV)B(u+Lv)
with the filter coefficients defined forv = n,fiand € =0,1 by:

h,(v)=0.56342741195967 - exp[j(—l)g Z(v+ %)] :
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The QMF samples are converted to polar coordinates for v = n, 1 as:

$(m,v)

r(m,v)

|

The output is then defined for m = —4, ...

Y®(m, k) = Q(k) - {

= L{X(m,v)}
=|X(m,v)

,3 by:

2=x) -0, YT - r(m,)YT - explj- (T —1) - $(0,7) + p(m,n))| +
ic-r(0,) T (m, )T - explj - (T = 1) - ¢(0,n) + ¢p(m, 7))]

}

and Y(3)(m,k

windowing w
For xOverQm

Define the an
index n accoj

|

A block with t

n

X(m,v) = B(2

The QMF sam

|

The output is

d(m,v

r(m,v)

Y® (m, k

and Y(4)(m,k

windowing w

) is extended by zeros for m € {—6, —5,4,5}. This latter operation is equivalent to a syn|thesis

th a rectangular window of length eight.
f(2) < k <xOverQmf(3), where 7 =4

alysis subband index 7i as the integer part of 2k /T =k /2 and define another analysis su
ding to:

-1,
+1,

k even;
k odd.

me extent of six subband samples is extracted for v = n, i,

ples are converted to polar coordinates as:

=Z{X(m,v)}
= |X(m,v)

then defined form = -3, ...,2 hy:

) =0(k) - (0, YT - r@myn)VT - expj - (T — 1) - (0,7) + p(m,n))],

bband

) is extended by zeras for m € {—6, —5,—4,3,4,5} . This latter operation is equivalent to a synthesis

th a rectangular window of length six.

Next, the add
unique trans

product gain

ion of cress.products is considered. For each k with xOverQmf(0)< k < xOverQmf(numPatc

i
;[osition factor T = 2, 3, 4, is defined by the rule xOverQmf(7-2) < k < xOverQmf(7-1). A

Q. (m,k) is set to zero if the cross product pitch parameter satisfies p < 1. p is determined

the bitstream

hes), a
Cross

from

parameter shrPitchInBins[ch] as:

p =sbrPitchInBins[ch] /12

If p=1, then Q¢ (m,k) and the intermediate integer parameters g (k), i, (k), and t(k) are defined by the

following procedure. Let M be the maximum of the at most 7' —1 values min {|B(O, ny)

— Ijis

— i

122

B(0, n2)|} , Where:

B

2k+1-tp

the integer part of and 1, 20;

s the integer partof 1, + p andn, <2M;
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If M < |B(0, ,u(k))|, where £(k) is defined as the integer part of 2k /T, then the cross product addition is
canceled and QC (m,k)zo. Otherwise, l‘(k) is defined to be the smallestt=1,..,T —1 for which

b

min{|B(0, n)

B(O,n2)|}=M and the integer pair (,u,(k),,uz(k)) is defined as the corresponding

maximizing pair (”p”z)- Two downsampling factors D1 (k) and D2 (k) are determined from the values of T
and #(k) as the particular solutions to the equation (7' —#(k))D, +t(k)D, =T /2 thatare given in Table 119.

Table 119 — Downsampling factors

| uk) | Di(k) | Dy(k)
2 | 1 0 1

3] 1 0 15

3] 2 | 15 0

4| 1 0 2

4| 2 0 1

4| 3 2 0

In the|cases where p>1 and M > |B(0,,u(k))| the cross product gain is then defined by:

I~

M;t(l"’))wz(k)_q(k))m , m=-10.

2c (m,k) =(7-T7)- Q(k)exp{—iﬁp
Two Hlocks with time extent of two subband samples are extracted according to:

X, (m)=B(D,(kym, 14 (k)) } Wi=—10

X (m)=B(Dy(kym, 1, (k))

wherg¢ the use of a downsampling factor equal to zero corresponds to repetition of a single subband sample value
and the use of a non-integer’ downsampling factor will require the computation of non-integer supband sample
entries. These are obtained as previously by a two tap interpolation of the form

B(u+0.5,vy="hy(v)B(u,v)+h(v)B(u+1,v)

with the filter coefficients defined for v = 14 (k), 11, (k) and € =0,1 by

hg (v)=0.56342741195967 - exp[j(—l)‘g %(V + %)} )
The extracted QMF samples are converted to polar coordinates:

{(éi(m) = Z{X;(m)}

, =12, m=-1,0
r(m) =| X, (m)| }

The cross product term is then computed as:

YéT) (mok) = Qg (m.k)-r (m)l—t(k)/T " (m)z(k)/T ~exp[j~((T —1(k)) ¢y (m)+1(k) ¢, (m))}, m=-1,0,
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and YC(T) (m,k) is extended by zeros for m € {—6,—5,—4,—3,—2,1,2,3,4,5} )

The transposition outputs are added to form the combined QMF output

Y, (m.k)

Y(T)(m,k)+YC(T)(m,k)) form = —6,—5,-+,5

’

numPatches+1 (

T=2

and for xOverQmf(0)< k < xOverQmf(numPatches), and Vu,ue No-

The combined
02 -u

and for x

7.5.4.2

75421 (
The strategy
(coreCoderFr
subbands cov|
real-valued Q
bank of twice
the relevant 4
small QMF bg
coefficients aif

The processin
outlined in 7.1

The processin
the following

kL

startSubband2KkL (f7,,.7,,,(0))

QMF outputs are finally superimposed using overlap-add:

s

-m+6,k)=%27u_v+m (m+2-v,k),for —6<m<-5,
v=0

DverQmf(0)< k < xOverQmf(numPatches), and 77, =12/2-1=5.

ub-sampled filter banks for QMF critical sampling processing

eneral

behind critical sampling processing is to use ,thé subband signals from the 32
imeLength of 768: 24-band) analysis QMF bank alyeady present in the SBR tool. A subset
ering the source range for the transposer is synthesized to the time domain by a small sub-sa
MF bank. The time domain output from this filtek'’bank is then fed to a complex-valued analysi
the filter bank size. This approach enables a stbstantial saving in computational complexity a
ource range is transformed to the QMF subband domain having doubled frequency resolutio
nks are obtained by sub-sampling of the‘original 64-band QMF bank, where the prototypéd
e obtained by linear interpolation of the-original prototype filter.

g of the real-valued synthesis QMF bank is identical to the processing in the FFT based trans
.3.3, but is repeated here for dompleteness.

g of the sub-sampled filter banks are described in the flowcharts of Figure 10 and Figure 11
variables are determined

floor { (F7,p1e1 0 (0) + 4)/8 +1}

where Mg i

S
channel frorrfl

he/size of the sub-sampled synthesis filter bank and k; represents the subband index of th

-band
of the
mpled
5 QMF
s only
. The
filter

poser

First,

e first

the 32-band (coreCoderFramelength of 768: 24-band) QMF bank to enter the sub-sa

mpled

synthesis filter bank. The array startSubband2KL is listed in Table 120. The function floor{x} rounds the

argument x

to the largest integer not greater than x, ie, rounding towards —oo.

coreCoderFrameLength = 768 samples and k, + M ¢ > 24, k; is calculated as k, =24 - M.

Table 120 — y = startSubband2KL(x)

When

10|11/12|13|14(15|16/17(18|1920(21|22 26(27(28(29(30(31

32

414/14]14|14|/6|6|6|8|8|8|8|8/|10/{10({10(12|12|12|12|12]|12

12

124
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7.5.4.2.2 Real-valued sub-sampled MS-channel synthesis filter bank

— Asetof Mgreal-valued subband samples are calculated from the Mg new complex-valued subband samples
according to the first step of Figure 10 as:

V(k—ky) = RC{XLOW(/C)'CXP(I%(]CL —W]}h <k <k, +Mg

In the equation, exp() denotes the complex exponential function, i is the imaginary unit and k; is defined in
7.5.4.2.1.

— Shift the samples in the array v by 2M¢ positions. The oldest 2M¢ samples are discarded.

|
—

he Mg real-valued subband samples are multiplied by the matrix N, i.e., the matrix-vecfor prodyict N-V is
pmputed, where:

(@]

1 (ﬁ-(k+0.5)-(2-n—MS)j {OSk<MS

WN(k,n)= -COoS
MS 2MS 0S”<2MS

—

he output from this operation is stored in the positions 0 to 2MDof array v.
— Hxtract samples from v according to the flowchart in Figure/10 to create the 10M¢-element array g.

— Multiply the samples of array g by window c; to produce array w. The window coefficients ¢; afe obtained by
linear interpolation of the coefficients ¢, i.e., through:

c;(n)= p(n) c(,u(n)—l—l)+(1—p(n)) c(,u(n)), 0<n<I10Mg

where u(n) and p(n) are defined~as the integer and fractional parts of 64-n/Mg, respectively. The
window coefficients of ¢ can be found in ISO/IEC 14496-3:2009, 4.A.62, Table 4.A.89.

— (alculate Mg new output samples by summation of samples from array w according to the lgst step in the

_

owchart in Figure 10.

7.5.4.2.3 Complex-valued sub-sampled 2M-channel analysis filter bank

— Shift the samples in the array x by 2M positions according to the first step of Figure 11. The oldest 2M

%)

hmples:are discarded and 2M g new samples are stored in positions 0 to 2M¢-1.

— Multiply the samples of array x by the coefficients of window ¢,;. The window coefficients ¢,; are obtained by

linear interpolation of the coefficients ¢, i.e., through:
¢y;(n) = p(n) c(u(n) +1)+(1= p(n)) c(p(n)), 0<n<20Mg

where (n) and p(n) are defined as the integer and fractional parts of 32-n/Mg, respectively. The
window coefficients of ¢ can be found in ISO/IEC 14496-3:2009, 4.A.62, Table 4.A.89.

— Sum the samples according to the formula in the flowchart in Figure 11 to create the 4M¢-element array u.

— Calculate 2M¢ new complex-valued subband samples by the matrix-vector multiplication M-u, where:
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M(k,n) = exp[

im-(k+0.5)-(2-n—4-Mg)

HOSk<2MS

4M g 0<n<4Mg

In the equation, exp() denotes the complex exponential function, and i is the imaginary unit

Start >

126

C ( for QMF subsample 1)

for( k = k.; k < kp+Ms; k++) {
VIk-k ] = Real{ X owl[K][l] *exp(i*n/2* (k.- (k+0.5)*191/64 )}

}

l

for( n = 20*Ms-1; n >= 2*Ms; n--) {
v[n] = v[n — 2*Mg]

}

for(n = 0; n < 2*Ms; n++) {
v[n] = V[0]/ Ms* cos(n/ (4*Ms)* (2*n-Ms))

for(k =1; k < Ms; k++) {
v[n] = v[n] + VIK] / Ms * cos(r/ (2*Ms) * (k ¥0.5)*(2*n-Ms))

for(n=0; n<=4; n++) {
for( k = 0; k < Ms; k++) {
gl2* Ms ™ n +Kk]
gl2* Ms* n + Ms +K]

V[4 * Ms*n +K]
V[4*Ms*n+3*Ms+Kk]

}

}

for(n =0;Mn $110*Ms; n++) {
wn]= gIn] * ciln]

for( k = 0; k < Ms; k++) {

temp = wlk]
fnr(n—‘I;n —Q;n-l--l-){

temp = temp + w[Ms*n + k]

}
nextOutputAudioSample = temp

}

( Done

)

Figure 10 — Flowchart of real-valued sub-sampled Mg-ch synthesis QMF bank
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C

Start
( for QMF subsample I')

)

for( n = 20*Ms-1; n >= 2*Ms; n--) {
x[n] = x[n - 2* M)
}

for(n=2*Ms1; n>=0; n--) {
x[n] = nextlnputAudioSample
}

for(n=0; n <20*Ms; n++) {
z[n] = x[n] * can]

for(n=0; n <4*Ms, n++) {
u[n] = z[n]
for(j=1;j<=4;j++){
uln] = u[n] + z[n +j* 4*Mg;

for( k = 0; k < 2"Ws;, k++) {
B[K][I] =u[0}™* exp( - i * #(k+0.5))
for( n =.3; n < 4*Ms, n++) {
BIK][ = BIK][] +

uln] * exp( i * 7(4*Mg)*(k+0.5)*(2*n-4*Ms) )

C

Done

)

Figure 11 — Flowchart of complex-valued sub-sampled 2Mg-ch analysis QMF bank
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7.5.5 4:1 Structure for SBR in USAC

7.5.5.1 General

When the core-decoder operates at low sampling rates, the SBR module as described in ISO/IEC 14496-3:2019,
4.6.18, which is designed as 2:1 system, i.e., SBR runs at twice the core-coder sampling rate, can be operated as 4:1
system, i.e., SBR runs at fourfold the core-coder sampling rate. This overcomes the inherent limitation of the 2:1
system concerning the flexibility of the output sampling rates so that a high output audio bandwidth can be
achieved even at low sampling rates.

7.5.5.2 Modifications and additions to the MPEG-4 SBR tool

When the SBR tool operates in 4:1 mode, the definition of the constant rate found in ISO/IEC 14496-3{2019,
4.6.18.2.5 is modified to the following:

RATE =4 A constant indicating the number of QMF subband samples pefitimeslot.

The definitior| of the variable F’s g5, found in ISO/IEC 14496-3:2019, 4.6.18.2.6 is modified to the following:

Fsepp Internal sampling frequency of the SBR tool. If the SBR tool is operated in 4]1
mode, Fsgpp is four times the sampling frequency)of the core coder (after
sampling frequency mapping, Table 84). The Sampling frequency of the SBR

processed output signal is equal to the internal sampling frequency of the SBR
tool.

The master frequency band table for the 4:1 SBR system is calculated according to the instructions given in 7.5.1.2
and ISO/IEC 14496-3:2019, 4.6.18.3.2. However, the boundaries of the table are derived using half thg SBR
sampling frequency and half the number of QMF subbands: Therefore, the subband representing the lower
frequency boyndary of the master frequency band table kjds-determined by:

ky = startMin+offset(bs _ start_ freq)

with
Fsgpr
[-8 —-7,-6,-5,—4,-3,<2-1,0,1,2,3,4,5,6,7], —= 16000
FSSBR
[-5 —4,-3,-2,<1)0,1,2,3,4,5,6,7,9,11,13] . =22050
FSSBR
[-5-3,=2~1,0,1,2,3,4,5,6,7,9,11,13,16] ,T=24000
FSCRP
offset =4 [-6,=%,=2,=1,0,1,2,3,%,5,6, 7, 9, 11, 13,161 — =32000
FSgpr
[-1,0,1,2,3,4,5,6,7,8,9,11,13,15,17,19] ,—SBR — 40000
2
Fs
[—4,-2,-1,0,1,2,3,4,5,6,7,9,11,13,16,20] ,44100£%£64000
FSSBR
[-2,-1,0,1,2,3,4,5,6,7,9,11,13,16, 20, 24] ,T>64000
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Fs
NINT| 3000 %% ;BR <32000

FSspr
2

Fsopp
startMin=< NINT | 4000-— ,32000£T<64000

Fs
NINT| 5000 ———— ,64000£%

The ypper frequency boundary of the master frequency band table ks determined according to ISO/IEC
14496-3:2019, 4.6.18.3.2 as:

bs__ stop_ freq—1

min {64, stopMin+ z stopDkSort(i)] 0<bs_ stop_ freq<14
i=0

k, = min(64,2-k0) ,bs_ stop_ freq=14
min(64,3-k0) ,bs_ stop_ freq=15

but with the following modification to stopMin:

NINT | 6000.52% ,FSSBR <32000
Fspr. 2
2
. 64 Fsopr
stopMin<NINT | 8000-———— | ,32000<—38R < 64000
(FSSBR\ 2
L2 )

Fs
NINT| 10000 8% ,640003%
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stopDkSort = sort(stopDk)
pH P

13 13
stopDK(p) = NINT| stopMin-| —22— | |= NinT| stopmtin-| —22— 1" o< p<12
stopMin stopMin

FSgpp

For all other sampling rates , the mapping as defined in 7.5.1.2 shall be applied to build the master

frequency table.

In case bs _ freq scale >0 the master frequency band table, f,, ., is calculated according to the floychart

aster’

C Start )

Input variables
temp1={12, 10,8}
bands = temp1[bs_freq_scale-1]
temp2={1.0,1.3}
warp = temp2[bs_alter_scale]

-

bands = floor(k0/2)* 2
\—b.A—[

( True (k2 / k0 > 2.2449) False w

twoRegions = 1 twoRegions = 0
k1=2*k0 k1 =k2

%?%

further processing according to instructions
from Figure 4.40 of ISO/IEC 14496-3:2009

v

( Dore )

Figure 12 — Flowchart calculation of f,,, . for 4:1 system when bs_freq_scale > 0

in Figure 12.

The following requirements found in ISO/IEC 14496-3:2019, 4.6.18.3.6 are adapted to the 4:1 system as shown
here:

— The number of QMF subbands covered by SBR, i.e., k2 - ko shall satisfy:
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When| the SBR module is operated in 4:1 mode, the 32 band QMF analysis filterbank from 1SO/IECH]
4.6.18.4.1 is replaced by a 16 band QMF analysis filterbank. This QMF bank is used to split the time
outpuft from the core decoder into 16 subband signals. The resulting subband samples are icompl
thus dversampled by a factor of two compared to a regular QMF bank. The flowchart of this operat
Figurg
samples is assumed. A higher index into the array corresponds to older samples.

Every
reprefenting the output from! one filterbank subband. For every SBR frame, the filterbank

w_wn

= =

Sum the samples according to the formula in the flowcharxt'to create the 32-element array u.

(alculate 16 new subband samples by the matrix @pération Mu, where:

—

ISO/IEC 23003-3:2020(E)

k,—k, <56 ,Fsg,, < 64kHz.

SsBr

F.
The start frequency border of the SBR range shall be within P ie., kx <16.

The largest interval from the fy, . i-€., ffaier ( Nuaster ) - fMaster ( NMaster - 1) shall satisfy

fMaster( NMaster) - fMaster ( NMaster - 1) < kO -2.

14. The filtering involves the following steps, where an array x consisting~ef)160 time

fored in positions 0 to 15.

[ultiply the samples of array X by every fourth coefficient of\window €. The window coeff
und in ISO/IEC 14496-3:2009, 4.A.62, Table 4.A.89.

—

M(k,n) :4-exp[i'”'(k+0-5)-(2-n—0.25)}{0sk<16

32 0<n<32

1 the equation, exp() denotes the camplex exponential function and i is the imaginary unit.

execution in the flowchartfrom “Start” to “Done” produces 16 complex-valued subband

4496-3:2019,

domain signal
bx-valued and

on is given in

domain input

hift the samples in the array X by 16 positions. The oldest 16 samples are discarded and 16 nev samples are

cients can be

samples, each

will produce

numTlimeSlots - RATE subband samples for every subband, corresponding to a time domain signal of length

numlfimeSlots - RATE - 26samples. In the flowchart W[k][l] corresponds to subband sample 1 in QM

Figurg

tHFGei
resulting subband samples are shown in Figure 13 (b) as the upper dashed block. The HF gener3

13 (a) showsythe timing of the analysis windowing. The output from the analysis QMF b3

F subband k.

nk is delayed

subband samples, before being fed to the synthesis QMF bank. To achieve synchronization ¢, = 14. The

tor calculates

Xpign|givep-the matrix X, according to the scheme outlined in ISO/IEC 14496-3:2019, 4.6.18.6. The process is
guidefl by the SBR data contained in the current SBR frame. The result is illustrated by the dashed block in

Figur

13 (K
T B+

Due to the modified buffer management in the SBR 4:1 system, the calculation of the covariance matrix, ¢k(z’,j),
from ISO/IEC 14496-3:2019, 4.6.18.6.2 shall be modified such that in the equation the index » of the sum runs to
an upper limit of numTimeSlots- RATE+12-1 (as opposed to numTimeSlots- RATE+6-1).
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160 samples
numTimeSlots - RATE - 1

N J

. ]I\ I core coder samples | \! core coder signal >
0 144 512 1024 1168 (frame size 1024)
(a) 4:1 system core coder signal QMF analysis windowing
tiFGen QMF analysis subband samples buffer, X ow
(> numTimeSlots - RATE — 1 + 14
0 14 *
| | QMF filtered samples |
02
| | HF generated samples (FIX-FIX frame) | |
—»| |- \
tirag numTimeSlots - RATE — 1 +2

HF generator subband samples buffer, XHigh

(b) 4:1 system subband samples buffers, X mand Xyign

Figure 13 — Synchronization and timing in the 4:1 system
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C

( for QMF subsample | )

)

for(n=159; n >= 16; n--) {
x[n] = x[n-16]
}

for(n=15;n>= 0; n--) {
X[n] = nextinputAudioSample
}

for(n =0; n <= 159; n++) {
z[n] = x[n] * c[4*n]

}

for(n=0;n<=31; n++){
u[n] = z[n];
for(j=1;j<=4;j++){
u[n] = u[n] + z[n +j * 32];
}
}

for (k =0; k <= 15 k++) {

WIK][ = u[0]*4 * exp(i*n/32* (k+0.5)* (- 0.25))

for(n = 15.n<=31; nt+) {

WK = WIK][I] + u[n] * 4 *exp(i* 7 /32 * (k+0.5)*(2*n-0.25))

}
}

-

Figure 14 — Flowchart of 4:1 system decoder analysis QMF bank

© ISO/IEC 2020 - All rights reserved

133


https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23

7.5.5.3

003-3:2020(E)

Modifications and additions to DFT based harmonic SBR

When the SBR 4:1 system is combined with harmonic transposition, the synthesis DFT size of the modified phase
vocoder structure as described in 7.5.3.1 is increased by a factor of 2 without altering the frequency bin spacing of
the DFT synthesis filterbank. This way the output signal of the transposer has a sampling rate which is four times

that of the inp

ut signal, enabling harmonic transposition beyond the Nyquist frequency of the 2:1 system.

Therefore, for each frame (corresponding to coreCoderFrameLength core coder samples), the synthesis transform
size of the transposer is first determined by:

o J2048, for sbrOversamplingFlag[ch] =0

fftSize

where sbroOv
transform siz

M, = 64. The

As critical sa
samples), usif

to the frequency domain by means of a DFT of size 64-Mg or 96-M¢ dependingon the signal adaptive freq

domain overs
in 7.5.3.1. Thq
size 32-M, or
8-M, samples

For each frani
size S used b}

S, = I
and

Sg = [t
where fftSize

The variable 1
maximum nu
4.6.18.3.2. Fo
according to t

N — ) P
== €

Jjbul

£1+S4
13072, for sbrOverSamplingFlag[ch] =1

ersamplingFlag[ch] is signalled in the bitstream and fftSize is defined in 7.5.3.1. This would
e actually used in the transposer synthesis if critical sampling is deactivated, i.e., when M, =1

ariables Mgand M, are defined in 7.5.3.3.2 and 7.5.3.3.3 respectively.

mpling is active, blocks of 64-M¢ windowed input samples (corresppnding to 1024 core
g a hop size (or stride) of 8-M¢ samples (corresponding to 128 core céder samples) are transf

hmpling control signal. The phases of the complex-valued DFT eoefficients are modified as des
modified coefficients are subsequently transformed back to-the time domain by means of a I
48:M, = 1,5:32-M, windowed and combined by means of overlap-add using an output timest

(corresponding to 512 decoder output samples).

e (64-Mg time domain input samples), the analysis transform size S, and the synthesis tran
 the transposer is determined by:

Size- M, /16

SizeSyn-M , /64

s defined in 7.5.3.1¢

mber of patches, where fTableHigh’ frubieLows NHigh and N, are defined in ISO/IEC 14496-3

" each transposition factor (T = 2, 3, 4), a frequency domain window of fftSize elements is cJ
he instructions given in 7.5.3.1.

be the
6 and

coder
rmed
uency
cribed
FT of
ide of

sform

umPatches and'the array xOverBin are calculated according to the pseudo code of Figure 15, for the

2019,
eated

134
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sfbL=0, sfboH=0, numPatches=3
for patch=1to 6
while (Sbe <= NLow) && (fTabIeLow(Sbe) <= patch*frab,eLOW(O))
sfbL = sfbL+1
end
if (sfoL <= Nyow)
if (patCh*fTabIeLow(o)"l:Tab/eLow(Sbe—'1 )) <=3
xOverBin(patch-1) = NINT( fftSize Syn*frapieLow (SfbL-1)/128 )
else
while (SfbH <= NHigh) && (fTab/eH,'gh(SfbH) <= patch*frab,eH,-gh(O))

sfor=TsfbH+1
end
xOverBin(patch-1) = NINT( fftSize Syn*frapierign (stbH-1)/128 )
end
else
xOverBin(patch-1) = NINT( ftSize Syn*frapieLow (NLow)/ 128 )
numPatches = min(patch—1,3)
break
end
end

Figure 15 — Calculation of xOverBin and numPatches for 4:1 system

The tilme domain transform windows are given by:

@, (n) = sin[ (n+ 0.5)}0 <n<64-M,

_T
64- M,

for the analysis transform and

o

. Vs
D =sin| —— - (n+0.5) |,0<n<32-M

4

for the synthesis transform.

The fqllowing yariables from 7.5.3.1 are set:

b (S, —64-M)/2

(S 320 /D
5,=8-M,
S,=8-M,

A, =k, - ffiSize/16
Ag =k, - ffiSize/32
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where p, and p, are the analysis and synthesis zero pad sizes, 5a and 5S are the input and output hop lengths in
samples, and Aa and AS are analysis and synthesis transform offset variables respectively. An input frame

consists of 8 granules (64-MS)/5a. The index u depicts the current granule (ueNg). One granule }, is

calculated from the input signal as:

0 0<n<p,
yu(n): S(n_’_é‘a.u)'a)a(n_pa) Jpagn<pa+64.MS
0 ,p,+64-M,<n<S§,

The granule iy processed according to 7.5.3.1, i.e., time-domain shifted S,/2 samples, transformed to the frequency

domain and cpnversion of the DFT coefficients to polar coordinates.

for each transposition factor 7' = 2,3,4 for which T' < numPatches + 1, a new granule of spectral

~(T)
u

Subsequently,

coefficients I, ’ is calculated according to the formula in 7.53.1 for 0<%k < fftSizeSyn/3 and

=)

'y (k)=conj I:E,T) (fftSizeSyn — k)}, fitSizeSyn /2 < k < fftSizeSyn .

The remaining processing steps are carried out according to the instructions given in 7.5.3.1.

If the SBR st@p frequency exceeds the maximum output bandwidth~of the harmonic transposer the rempining

bandwidth up
harmonic pat
frequency ran

7.5.5.4
The critical s4
the subband 5
QMF bank.

The variablegd

to the SBR stop frequency is filled with copies of conSecutive QMF subbands from the highest
ch starting with the highest QMF band. If necessary ‘this operation is repeated to fill the d

mpling processing as outlined in 7.5.8:3 in the SBR 4:1 system is adapted to synthesize a suli
ignals from the 16-band analysis,QMF bank to the time domain by a small sub-sampled real-y

Mg and k; for the real-valied sub-sampled M,-channel synthesis filter bank are determin

order
psired

ge. These patches also need to be considered in the)calculation of the limiter frequency band taple.

Modifications and additions to sub-sampled filter banks for HQ critical sampling processing

set of
ralued

ed as

described in 7 bband

index of the fi

.5.3.3.2, where Mg is the size of the sub-sampled synthesis filter bank and k; represents the su
st channel from thie 16-band QMF bank to enter the sub-sampled synthesis filter bank.

If k, + M { X416, when Mgand k; are calculated to these formulas, k; is calculated as k, =16 — M.

Apart from thpt, theprocessing of the real-valued sub-sampled synthesis filter bank is carried out as descriped in

7.5.3.3.2.

The processing of the complex-valued sub-sampled M,-channel analysis filter bank is performed according to the
instructions given in 7.5.3.3.3.

7.5.5.5 Modifications and additions to QMF based harmonic transposer

When the SBR 4:1 system is combined with the QMF based harmonic transposer as described in 7.5.4, harmonic
bandwidth extension of the core-coder time-domain-signal is carried out entirely in the QMF domain, using a
modified phase vocoder structure.

The variable numPatches and the array xOverQmf are calculated according to the pseudo code of Figure 16 for the
maximum number of patches, where fTableHigh’ fr bieLows NHigh and N, are defined in ISO/IEC 14496-3.
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sfbL=0, sfbH=0, numPatches=3
for patch=1to 6
while (sfbL <= Nyow) && (FravieLow(StbL) <= patch*frape on(0))
sfbL = sfbL+1
end
if (sfbL <= Niow)
|f (patCh*fTableLow(O) = 'I:TableLow(Sbe—"I )) <= 3
xOverQmf(patch-1) = fraperow (STOL-1)
else
while (sfbH <= Nyign) && (Frapierign(sfbH) <= patch*frapierign(0))
sfbH = sfbH+1
end
xOVeerf(patch—1 ) = fTabIeHigh (SfbH-1 )
end
else
xOverQmf(patch-1) = fraperow (Niow)
numPatches = min(patch—1,3)
break
end
end

Figure 16 — Calculation of xOverQmf and numPatches for 4:1 system

A conjplex output gain value is defined for all synthesis subbands according to 7.5.4.1.

The cpre coder time-input-signal is transformed totlre QMF domain, using blocks of coreCoderFramgLength input
samples. To reduce computational complexity) the transform is implemented by applying a crifical sampling
procepsing (described in 7.5.4.2) on the subband signals from the 16-band analysis QMF bank that is already
present when the SBR tool is operated as 41 system.

Let the 16-band QMF domain signalfer the current frame be given by the matrix X, (m,k) with [time subband
samplesm = 0,1,---,63 and subbands k = 0,1,---,15. The critical sampling processing transforn|s the matrix
XLow
u=0]|1,---,31 and subbandsn = 2 * k;,---,2 * k; + 2 * M; — 1 (see 7.5.4.2).

m,k) into new QMF Submatrices I'(4,7) with doubled frequency resolution, where the subband samples

The gjven QMF submatrices ['(4,7) are operated by the subband block processing according to the instructions

given|in 7.5.4(1,YWhereupon the cross product pitch parameter is determined from the bitstrepam parameter
sbrPitchInBins|ch] as:

p=sbrPitchInBins[ch]/24

If the SBR stop frequency exceeds the maximum output bandwidth of the harmonic transposer the remaining
bandwidth up to the SBR stop frequency is filled with copies of consecutive QMF subbands from the highest order
harmonic patch starting with the highest QMF band. If necessary this operation is repeated to fill the desired
frequency range. These patches also need to be considered in the calculation of the limiter frequency band table.

7.5.5.6 Modifications and additions to sub-sampled filter banks for QMF critical sampling processing
The critical sampling processing as outlined in 7.5.4.2 in the SBR 4:1 system is adapted to synthesize a subset of

the subband signals from the 16-band analysis QMF bank to the time domain by a small sub-sampled real-valued
QMF bank.
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The variables Mg and k; are determined as described in 7.5.4.2.1, where Mg is the size of the sub-sampled
synthesis filter bank and k; represents the subband index of the first channel from the 16-band QMF bank to enter
the sub-sampled synthesis filter bank.

Furthermore, if k&, + M > 16, then k; is calculated according to k, =16 — M.

The processing of the real-valued sub-sampled Mg-channel synthesis filter bank and the processing of the
complex-valued sub-sampled 2M -channel analysis filter bank are performed according to the instructions given
in 7.5.4.2.2 and 7.5.4.2.3 respectively.

7.5.6 Predjctive vector coding (PVC) decoding process

7.5.6.1 Qverview

In order to improve the subjective quality of the eSBR tool, in particular for speech content at low bifrates,
predictive vegtor coding (PVC) is added to the eSBR tool. Generally, for speech signals, there is a relatively high
correlation bgtween the spectral envelopes of low frequency bands and high frequency bands. In the PVC scheme,
this is exploited by the prediction of the spectral envelope in high frequency bands from the spectral envelppe in
low frequency bands, where the coefficient matrices for the prediction are coded by means of vector quantization.

The block didgram of the eSBR decoder including the PVC decoder is shown in Figure 17. The analys]s and
synthesis QMF banks and HF generator remain unchanged, but the HF envelope adjuster is modified to process

the envelopes|generated by the PVC decoder. The indices of the coefficient'matrices for the prediction, pvch(t) )
t=0,1,2,...,15 are transmitted in the bitstream.

The required tables for decoding PVC shall be defined as given in\Annex D.

Coded Audio Stream
Bitstream
§ Payload ——
Deformatter .
AAC Core Bgstream
Decoder Unpacked arser

Data for PVC Predicted

A 4 Envelope

Scalefactors

»| PVC Decoder

QMF subband

A
samples below

SBR range Huffman
Decoding &
Dequantization
y v v
Analysis R Envelope
QMF Bank HF Generator Adiuster |

Synthesis
QMF Bank

'

Qutput
PCM Samples

Figure 17 — Block diagram of the decoder including PVC decoder
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7.5.6.2 Symbols and abbreviations

z index of time slot

k index of QMF subband

RATE number of QMF subband samples per time slot

k. index of the first QMF subband in the SBR range

tHFAdj offset for the envelope adjuster module

L hrce offset for the HF-generation module

Xlaw complex input QMF bank subband matrix to the HF generator

ksg index of grouped QMF subband

pvelD(t) prediction coefficient matrix index corresponding to z

H(kgg,kb, pvcID(t)) prediction coefficient matrix corresponding to pvelD(¢)

E(k,f) energy of QMF subband samples below the SBR range

Esg(fesg,t) subband-grouped energy below the SBR range

Isb(Ksg) index of the start QMF subband inthe/grouped QMF subband below the SBR range
leb(Ksg) index of the stop QMF subbandin the grouped QMF subband below the SBR range
hsb(ksg) index of the start QMF subband in the grouped QMF subband in the SBR range
heb(ksg) index of the stop QME subband in the grouped QMF subband in the SBR range
lbw number of QME subbands for a grouped QMF subband below the SBR range
hbw numberof QMF subbands for a grouped QMF subband in the SBR range

SC coefficients for time-smoothing of Esg(ksg,t)

ns number of time slots for time-smoothing of Esg(ksg,?)

SEsg(ksg,t) time-smoothed subband-grouped energy below the SBR range

Esg( ksg,1) predicted subband-grouped energy in the SBR range

E(k, ) predicted SBR envelope scalefactors in the SBR range

nbLow number of grouped QMF subbands below the SBR range

nbHigh number of grouped QMF subbands in the SBR range
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7.5.6.3 Subband grouping in QMF subbands below SBR range

The energy of QMF subband samples below the SBR range, E(ib,t) is subband-grouped along the frequency axis

as follows:
leb(ksg)
> E(ib,t)
Esg(ksg,t) = \ib=hblkse) if Ish(ksg) > 0
Ibw
0.1 ,otherwise
for

0 <ksg <nbLow-1

where:

RATEAHHFMJ_

S Xy (ib, RATE -t +1)- X"y, (ib, RATE -1 +1)

i=t

E(ib, f) = —"

RATE
Isb(ksg)=k, —Ibw-nbLow+Ibw-ksg,
leb(ksg)=Isb(ksg)+Ibw-1,
Ibw=8/RATE , and

nbLow=3

Then, the subband-grouped energy below the*SBR range, Esg(ksg,t) is limited to a value not less than 0.1 as
follows:

0.1 sif Esg(ksg,t) < 0.1
Esg(ksg,n:{ H Esglsg. )

Esg(ksg,f) ,otherwise

for

0 < ksig < nbLeow—1.

7.5.6.4 Time domain smoothing of subband-grouped energy

The subband-grouped energy below the SBR range, Esg(ksg,t) is converted to log domain and then smoothed
along the time axis as follows:

ns—1
SEsg(ksg,t) = Z(IO -log,,(Esg(ksg,t,))- SC(ti)), for 0 < ksg < nbLow—1
ti=0
with

. tppyc(0) ,if ¢ —ti <tppy-(0) and ((bs_pve_mode' =0 and bs_pvce_mode # 0) or (k. # k,))
o |t-ti ,otherwise
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where fgpy(0) is the first PVC time slot of the current PVC SBR frame, bs_pvc_mode' is the PVC mode of the

previous frame and k)'c is the index of the first subband in the SBR range of the previous frame respectively and

where SC is the smoothing window as defined in D.1.

7.5.6.5 SBR envelope scalefactor prediction

The prediction coefficient matrix, H (ksg,kb, pvcID(t)) that corresponds to the prediction coefficient matrix
index, pvelD(t) is applied to the time-smoothed subband-grouped energy below the SBR range, SEsg(ksg,t)

to get the predicted subband-grouped energy in the SBR range, Esg(ksg,t) as follows:

nbLow—1
Esg(ksg,t) = ( ZH (ksg,kb, pvclD(t))- SEsg(kb,t)J + H (ksg,nbLow, pvcID(t))
k=0
for
0 < ksg <nbHigh—1
wherg
H (ksg, kb, pvclD(t)) is the prediction coefficient matrix.as.shown in D.2.

Then,|the predicted subband-grouped energy in the SBR range.is converted to the linear domain as fpllows:

Esg(lcvg,t)
E(k,t)=10 10

for

hsb(ksg) <k < heb(ksg), 0 <hsg < nbHigh —1

wherg

hsb(ksg) =k, +ksg-hbw,

)

heb(ksg) 63 ,if ksg > nbHigh —1
eb(ksg) =
& hsb(ksg)+hbw—1 otherwise

and

0 {S/RATE ,bs pvc_mode =1
W= ,
12/RATE ___.bs_pvc_mode =2

. 8 ,bs pvc_mode =1
nbHigh =
6 ,bs pvc_mode =2

7.6 Inter-subband-sample temporal envelope shaping (inter-TES)

7.6.1 Tool Description
The inter-subband-sample temporal envelope shaping (inter-TES) tool processes the QMF subband samples

subsequent to the envelope adjuster. This module shapes the temporal envelope of the higher frequency band
with a finer temporal granularity than that of the envelope adjuster. By applying a gain factor to each QMF
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subband sample in an SBR envelope, inter-TES shapes the temporal envelope among the QMF subband samples.
Figure 18 shows the inter-TES block diagram contained in eSBR.

Coded Audio Stream

Bitstream
Payload
‘ Deformatter
AAC core Bitstream
Decoder Parser
Huffman
Decoding &
Dequantization
v v
Anglysis . . Envelope
QMF Bank » HF Generator Adjuster {
patched . ) :
components sinusoids ~ 7]
+
noise

inter-TES FRY

LF inter-TE N intgr—TE N inter-TE
Calculator Adjuster Shaper

o St
Ou?put
PCM samples
Figure 18 — inter-TES block diagram
7.6.2 Definition of elements
bs_temp_shape[ch][env] This flag signals the usage of inter-TES.
bs_inter_temp_shape_mode[ch][env] Indicates the values of the parameter y in inter-TES accord

Table 121.

7.6.3 Inter-TES

Table 121 — bs_inter_temp_shape_mode

bs_inter_temp_shape_mode 14
0
1 1.0
2 2.0
3 4.0

ng to

Inter-TES consists of three modules: lower frequency inter-subband-sample temporal envelope calculator (LF
inter-TE calculator), inter-subband-sample temporal envelope adjuster (inter-TE Adjuster), and inter-subband-
sample temporal envelope shaper (inter-TE Shaper).

142
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The LF inter-TE calculator computes the inter-subband-sample temporal envelope of the lower frequency band

Crow (i ) :

k1 . R
o 2o bittmal pine iy <i<razE. g, 0<i<1,
o E o (l)+ vy
where

RATEt (L) lay 1

— - Iy -
5 iRATEt,zZ(:l)H,,FAd/ kzz(;| LOW( ll , 0<I<Lg.
Lo ( ) =

 (RATE -t,(I+1)— RATE -t (1))

XLOW is the complex QMF bank subband matrix that is input to the HF generator;, k)is the first QMIF subband in

the SER range, 754 4; is the offset for the envelope adjuster module, &y, is the.relaxation parameter] (¢;yy = 1E-6),
t;(/) i the start time border for /-th SBR envelope, and L, is the number of SBRenvelopes.

From|the temporal envelope of the lower frequency band e, (l) and the factor y), which is ¢btained from
Table| 121, the inter-TE Adjuster calculates the gains g;, (i) toyshape the temporal envelope pf the higher
frequéncy band:

ginter(i) =1+ Y(Z) (eLOW(i) - l)a
with RATE - ti(l) < i < RATE - tu(I+1);
0<I<Lp

and syibject to the further constraint that@,.,(i) > 0.2 .

In order to maintain the total energy within each SBR envelope, the gains g, (i) are scaled as followjing:

RATE -t (I+1)—-1 M -1

2
, 2 [Wa(m, &)
. . E=RATE-t;(I) m=0
ginter (l) = ginter (l) ' RATE t (I+1)-1 M -1 - - ’

PIRD N I (5 B AN

E=RATEt; (1) m=0

RATE -t,(I)<i< RATE -t,(I+1),0<I< L,.

The inter-TE Shaper applies the scaled gains g;, . (7) to the QMF subband samples of the intermediate output from
the HF adjuster W, which contains patched components and the additional noise:

!

W, o (m,i) =g, (i)-W,(m,i), 0<m <M, RATE -t ,(0)<i < RATE -t ,(L,),

2,inter

where M is the number of QMF subbands in the SBR range.
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The higher frequency band of the input to the synthesis QMF bank Y(m+kx,i+tHFAdj) is obtained by adding the
sinusoid ¥(m,1i) to the output from inter-TES W, ;,...(m,0):

RATE -t (I)<i< RATE -t (I +1)

Y(m + kx’i+ tHFAdj): WZ,inter (m’l)+ \l’(m’l’ l)’ 0 S Z < LE
0<m<M

7.7 Joint stereo coding

7.7.1 M/S stereo
The M/S sterqo tool is defined in ISO/IEC 14496-3:2019, 4.6.8.1, but with the following modifications:

The interprefation of the ms_mask_present syntax element (originally defined in ISO/IEC14496-312019,
4.6.8.1.2) is modified as follows:

ms_mask_present Indicates stereo mode according to Table 122.

Table 122 — ms_mask_present

ms_mask_present Meaning

0 all zeros

1 a mask of max_sfb_ste bands of
ms_used\fellows this field

2 all ones

3

M/S codingis disabled, complex stereo
prediction is enabled

7.7.2 Complex stereo prediction

7.7.2.1 Tool description

Complex sterpo prediction is a teelfor efficient coding of channel pairs with level and/or phase differences
between the ¢hannels. Using a-complex-valued parameter ¢, the left and right channels are reconstructed via the

following matyix. dmx, denotes the MDST corresponding to the MDCT of the downmix channel dmx,, .
dmxg,

[ I- OReys — Oy 1
= dmx,
r I+, o, -1

L rco J

This equation can be implemented via a sum/difference transform as shown in Figure 19 where first the side
signal s is being reconstructed from the complex-valued coefficient ¢ and the downmix signals dmx,, and

dmx, .

s =res — (ozReafmee + almdmxlm)
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dmxy, /
0" T * MDCT '}—
S R21
— = TA
S dmx,
res A K r
[N @), @), —>| MDCT '—>

Figure 19 — Block diagram of the decoder with complex stereo prediction
7.7.2.2 Definition of elements

7.7.2.2.1 Data elements

cplx_pred_all

Indicates if all bands use complex stereo/prediction according to Tgble 123.

Table 123 — cplx_pred_all

cplx_pred_all Meaning

0 some-bands use left/right coding, as
signalled by cplx_pred_used[][]
all'bands use complex stereo prediction

1

cplx_pred_used|[g][sfb] One-bit.flag per window group g and scalefactor band sfb (after

prediction bands). Table 124 gives the corresponding meaning
value of cplx_pred_used.

mapping from
for each flag

Table 124 — cplx_pred_used

cplx_pred_used Meaning

0

left/right coding is being used
1

complex stereo prediction is being used

pred_dir Indicates the direction of prediction according to Table 125.

Table 125 — pred_dir

pred_dir Meaning
0 prediction from mid to side channel
1 prediction from side to mid channel

complex_coef

Indicates whether real or complex coefficients are transmitted according to
Table 126.
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Table 126 — complex_coef

complex_coef

Meaning

0

o, = 0 for all prediction bands

1

«,, is transmitted for all prediction
bands

use_prev_frame

Indicates the mode for MDST estimation according to Table 127.

Table 127 — use_prev_frame

use_prev_frame

Meaning

0

use only the current frame for MDST
estimation

use the current and previous frame for
MDST estimation

delta_code_time
Table 128.

Indicates the

coding scheme used for the prediction coefficients accord

Table 128 — delta_code_time

delta_code_time

Meaning

frequeney differential coding of

Ing to

0 - -
prediction coefficients
1 timedifferential coding of prediction
coefficients

hcod_alpha_q_re Huffman dode of Oy,
hcod_alpha_g_im Huffman code of ¢,
7.7.2.2.2 Help elements
_spec|] Array containing the left channel spectrum of the respective channel pair.
r_spec|] Array containing the right channel spectrum of the respective channel pair]
dmx_re[] Array-containingthecurrent MPDCT spectrum-of the-downmixe hannel

dmx_re_prev[]

dmx_im[] Array containing the MDST spectrum estimate of the downmix channel.

SFB_PER_PRED_BAND

dpcm_alpha_qg_re[g][sfb]
band sfb.

dpcm_alpha_q_im[g][sfb]

Array containing the previous MDCT spectrum of the downmix channel.

Number of scalefactor bands per complex prediction band, equal to 2.

scalefactor band sfb.

146

Differentially coded real part of prediction coefficient of group g, scalefactor

Differentially coded imaginary part of prediction coefficient of group g,
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alpha_q[g][sfb] Real or imaginary parts of prediction coefficients.

alpha

_q_prev_frame[g][sfb] Real or imaginary prediction coefficients of previous frame.

7.7.2.3 Decoding process

7.7.2.3.1 Generate MDST spectrum of downmix

Complex stereo prediction requires the downmix MDCT spectrum of the current channel pair and, in case of
complex_coef == 1, an estimate of the downmix MDST spectrum of the current channel pair, i.e., the imaginary
counterpart of the MDCT spectrum. The downmix MDST estimate is computed from the current frame’s MDCT

down
down

left arjd right spectra and the current frame’s pred_dir indicator as follows:

for

fon (b
for (sfb = 0; sfb < max sfb ste; sfb++) {

}
}

The ¢
inverg

TiiX and, 1N case Ol Use_prev_irame == I, the previous frames MDCT downmixX. The previous
Mmix dmx_re_prev[g][b] of window group g and group window b is obtained from that frame’s

g = 0; g < num window groups; g++) {

0; b < window group length[g]; b++) {

if (pred dir == 0) {
for (i = 0; 1 < swb offset[sfb+l]-swb offset[sfb]; i++) {
dmx re prev([g] [b][sfb] [i] =
0.5*(1_speclg] [b][sfb] [i]+r_speclg][b] [sfb] [1])\
}
}
else {
for (i = 0; 1 < swb offset[sfb+l]-swb offsetfsfb]; i++) {
dmx re prev([g] [b][sfb] [i] =
0.5*(1_speclg] [b][sfb] [i]-r_spec[glkbib¥Isfb] [i]);

irrent frame’s MDCT downmix dmx.ke[g][b] is derived from the left/downmix and right spe
e L/R TNS filtering if tns_on_lr ==. 1), the pred_dir indicator, and the cplx_pred_used[][] mask:

rame’s MDCT
reconstructed

ctra (prior to

for {g = 0; g < num window.grdups; g++) {
fog (b = 0; b < window Qrpup length[g]; b++) {
for (sfb = 0; sfb < max sfb ste; sfb++) {
if (cplx pred used[qg] [sfb] == 1) {
for (i = 0;(i)< swb offset[sfb+l]-swb offset[sfb]; i++) {
dmx_re[g] b] [sfb] [1] = 1_speclg] [b] [sfb][1i];
/* l\spec contains downmix */
}
}
else-f
if)*(pred dir == 0) {
for (i = 0; 1 < swb offset[sfb+l]-swb offset[sfb]; i++) |
dase—rototthifefbttit—=
0.5*(1_speclgl [b][sfb] [i]+r_speclg][b] [sfb][i]);
}
}
else {
for (1 = 0; 1 < swb offset[sfb+l]-swb offset[sfb]; i++) {
dmx re[g] [b] [sfb] [i] =
0.5* (1_speclgl [b]l [sfb] [i]-r_speclg] [b] [sfb]l[i]);
}
}
}
}
}
}
© ISO/IEC 2020 - All rights reserved
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The

computation of the downmix MDST spectrum dmx_im[g][b] from the MDCT data depends on:

use_prev_frame: If both the current and previous frame are to be used for the MDST estimation
(use_prev_frame == 1), the downmix spectra of the current and preceding frame are required. Otherwise
(use_prev_frame == 0), only the current frame’s downmix spectrum is needed, i.e., every MDCT coefficient of
the previous frame’s downmix spectrum is assumed to equal zero.

window_sequence: Downmix MDST estimates are computed for each group window pair. In case of
window_sequence == EIGHT_SHORT_SEQUENCE, use_prev_frame is evaluated only for the first of the eight
short-window pairs. For each of the remaining seven window pairs, the preceding window pair is always

used in the MDST estimate, which implies use_prev_frame
window_g
EIGHT_S

Window [shapes: The MDST estimation parameters for the current window, which are filter. coefficie
described below, depend on the shapes of the left and right window halves. For single‘long w

1. In case of transform length switching (

i.e
1=

nts as
ndow

sequences and the first window of an EIGHT_SHORT_SEQUENCE, this means that the filter-parameterq are a

function pf the current and previous frames’ window_shape flags. The remaining seyen)windows in a| short

sequencd are only affected by the current window_shape.
A dmx_im[g][[b] estimate is obtained by initializing every coefficient of dmx_imto zero and adding td each
coefficient a filtered version of the corresponding MDCT coefficient(s) depending on use_prev_frame:
filterAndAdd (dmx re[g] [b], dmx length, filter coefs, dmx imkgl‘[b], 1, 1);
if (use prev frame == 1) {

filterAndAdd (dmx re prev([g] [b], dmx length, filter coefis prev,
dmx_im[g] [b], -1, 1);

}
dmx_length i§ the even-valued MDCT transform length, which depends on window_sequence. filter_coefs and
filter_coefs_prjev are arrays containing the filter kernels and are derived according to Table 129 and Tablg 130.

Helper functign filteraAndadd () performs the actualfiltering and addition and is defined as follows:

filterAndAdd{in, length, filter, out, factofEven, factorOdd)
{
= 0;
= filter[6]*in[2] + filter[5]*imTIN*+ filter[4]*in[0] + filter[3]1*in[0] +
filter[2]*in[1l] + filter[l]*in¥2] + filter[0]*in[3];
out[i] += p*factorEven;
i=1;
s = filter[6]*in[l] + filgerf5]*in[0] + filter([4]*in[0] + filter([3]*in[l] +
filter[2]*in[2] + fdlter[1l]*in[3] + filter[0]*in[4];
out[i] += p*factor0odd;
i=2;
s = filter[6]*in[QY # filter[5]*in[0] + filter([4]*in[l] + filter[3]*in[2] +
filter[2]*inf3T + filter[1l]*in[4] + filter[0]*in[5];
out[i] += p*factorEven;
for (i = 3} \SK length-4; i += 2) {
s = filter1o] N[1-3] T IllCter[olrinli-2Z] T filterld]rinli-1] T filter(3]rinli] +
filter[2]*in[i+1] + filter[1l]1*in[i+2] + filter[0]*in[i+3];
out[i] += s*factor0Odd;
s = filter[6]*in[i-2] + filter([5]*in[i-1] + filter[4]*in[i] + filter[3]*in[i+1] +
filter[2]*in[i+2] + filter[1l]*in[i+3] + filter[O0]*in[i+4];
out[i+l] += s*factorEven;
= length-3;
= filter[6]*in[i-3] + filter[5]1*in[i-2] + filter[4]*in[i-1] + filter[3]*in[i] +
filter[2]1*in[i+1] + filter[1l]*in[i+2] + filter([0]*in[i+2];
out[i] += s*factor0Odd;
i = length-2;
s = filter[6]*in[i-3] + filter([5]*in[i-2] + filter[4]*in[i-1] + filter[3]*in[i] +

filter[2]*in[i+1] +
out[i] += s*factorEven;

filter[1l]*in[i+1] filter([0]*in[i];
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= length-1;

= filter[6]*
filter[2]*in[i]

out[i] += s*factor0dd;

w
|

in[i-3] + filter([5]1*in[i-2] + filter[4]*in[i-1]
+ filter[1l]*in[i-1] + filter[0]*in[i-2];
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+ filter[3]*in[i] +

Table 129 — MDST filter parameters for current window (filter_coefs)

Current window sequence

Left half: sine shape
right half: sine shape

Left half: KBD shape
right half: KBD shape

ONLY LONG SEQUENCE,

[ 0.000000, 0.000000, 0.500000,

[0.091497, 0.000000, 0.581427,

vl

IGHT_SHORT_SEQUENCE

07000000,
-0.500000, 0.000000, 0.000000 ]

0:000000;
-0.581427, 0.000000;+0.091497 ]

LJONG_START_SEQUENCE

[0.102658, 0.103791, 0.567149,
0.000000,
-0.567149,-0.103791, -0.102658 ]

[0.150512, 0.047969, 0.408574,
0.000000,
-0.608574, 10.047969, -0.150512 ]

[JONG_STOP_SEQUENCE

[0.102658,-0.103791, 0.567149,
0.000000,
-0.567149, 0.103791,-0.102658 ]

[ 0.1505%2,-0.047969, 0.§08574,
0.000000,
-0.608574, 0.047969, -0.150512 ]

STOP_START_SEQUENCE

[0.205316, 0.000000, 0.634298,
0.000000,
-0.634298, 0.000000,-0.205316 ]

[-0:209526, 0.000000, 0.435722,
0.000000,
-0.635722, 0.000000, -0.209526 ]

Current window sequence

Left half: Sine shape
right half: KBD shape

Left half: KBD shape
right half: sine shape

(NLY_LONG_SEQUENCE,
IGHT_SHORT_SEQUENCE

vl

[ 0.045748, 0.057238,/0.540714,
0.000000,
-0.540714, -0.057238, -0.045748 ]

[ 0.045748,-0.057238, 0.340714,
0.000000,
-0.540714, 0.057238,-0.045748 ]

LHONG_START_SEQUENCE

[0.104763,0.305207, 0.567861,
0.000000,
-0.567861,-0.105207,-0.104763 ]

[ 0.148406, 0.046553, 0.407863,
0.000000,
-0.607863, -0.046553, -0.148406 ]

LHJONG_STOP_SEQUENCE

[ 0.148406, -0.046553, 0.607863,
0.000000,
-0.607863, 0.046553,-0.148406 ]

[0.104763,-0.105207, 0.367861,
0.000000,
-0.567861, 0.105207,-0.104763 ]

STOP_START_SEQUENCE

[0.207421, 0.001416, 0.635010,
0.000000,
-0.635010, -0.001416, -0.207421 ]

[0.207421,-0.001416, 0.435010,
0.000000,
-0.635010, 0.001416,-0.207421 ]

Table 130 — MDST filter parameters for previous window (filter_coefs_prev)

Currentwindow sequence

Left half of current window: sine

shape

Left half of current wihdow:
KBD shape

QNLY/LONG_SEQUENCE,

[ 0.000000, 0.106103, 0.250000,

[ 0.059509, 0.123714, 0.186579,

LONG_START_SEQUENCE,
EIGHT_SHORT_SEQUENCE

0.318310,
0.250000, 0.106103, 0.000000 ]

0.213077,
0.186579, 0.123714, 0.059509 ]

LONG_STOP_SEQUENCE,
STOP_START_SEQUENCE

[ 0.038498, 0.039212, 0.039645,
0.039790,
0.039645, 0.039212, 0.038498 ]

[0.026142, 0.026413, 0.026577,
0.026631,
0.026577, 0.026413, 0.026142 ]

7.7.2.3.2 Decoding of prediction coefficients

For all prediction coefficients the difference to a preceding (in time or frequency) value is coded using the
Huffman code book specified in ISO/IEC 14496-3:2019, Table 4.A.1. See ISO/IEC 14496-3:2019, 4.6.3, for a
detailed description of the Huffman decoding process. Prediction coefficients are not transmitted for prediction
bands for which cplx_pred_used[g][sfb] = 0. The following pseudo code describes how to decode the prediction
coefficient alpha_q[g][sfb], alpha_q being either alpha_qg_re or alpha_qg_im.
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for (g = 0; g < num window groups; g++) {
for (sfb = 0; sfb < max sfb ste; sfb += SFB PER PRED BAND) {
if (delta code time == 1) {
if (g > 0) {
last alpha g = alpha gl[g-1][sfb];
}
else {
last alpha g = alpha g prev frame[sfb];
}
}
else {
if (sfb > 0) {
last alpha g = alpha gqlg][sfb-1];
}
else |{
lasft _alpha g = 0;
}
}
if (cplik pred used[qg][sfb] == 1) {
dpcm [alpha = -decode huffman() + 60; /* function returns dpcm alpharg[g] [sfb] *
alphal g[g] [sfb] = dpcm alpha + last alpha g;
}
else {
alphal glg] [sfb] = 0;
}
/* Assijgn a prediction coefficient to each scalefactor band */
/* If max sfb is odd, last prediction band covers only ene scalefactor
band| */
if ((sffp+l) < max sfb ste) {
alpha_q[g][sfb+l] = alpha glg][sfb];

}

alpha_qg_prev|
frame. If no p

frame, alpha_g_prev_frame|[sfb] is set to zero.

Both the real
complex_coef

77233 1
The inverse q

alpha_re = alp

alpha_im = alj

frame[sfb] contains the decoded prediction coefficients of the last window group of the prg
rediction was used for the previous: frame or for the respective scalefactor band in the prg

and imaginary coefficient histories are reset to zero upon a transform length change, and in @
== 0, all imaginary coefficients up to num_swb are set to zero.

hverse quantization'of prediction coefficients
hantized prediction coefficients alpha_re and alpha_im are given by:
ha_q_re ¥ 0y1

ha’q-im * 0.1

bvious
bvious

ase of

7.7.2.3.4

Upmix process

Reconstruct the spectral coefficients of the first (“left”) and second (“right”) channel as specified by the
ms_mask_present, pred_dir, and cplx_pred_used[][] flags as follows:

if ((ms_mas
for (g =
for (b
for

if

i

(

150

k present == 3) && (stereoConfigIndex )) {

0; g < num window groups; g++) {

= 0; b < window_group length[g]; b++)

sfb = 0; sfb < max sfb; sfb++) {

(cplx pred used[g] [sfb]) {

f (pred dir == 0) {

for (i = 0; i < swb_offset[sfb+l]-swb offset[sfb];
side r spec(g] [b] [sfb] [i]

— alpha relg] [b] [sfb]
- alpha im[g] [b] [sfb]

{

i++)

{

* 1 speclg][b][sfb][i]
* dmx im[g] [b] [sfb] [i];

© ISO/IEC 2020 - All rights re

served


https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23003-3:2020(E)

r spec[qg] [b] [sfb][i] = 1 spec[g] [b][sfb][i] - side;
1 spec[g] [b] [sfb] [i] = 1 spec[g] [b][sfb][i] + side;
}
}
else {
for (i = 0; i < swb_offset[sfb+l]-swb offset[sfb]; i++) {
mid = r speclqg] [b] [sfb] [i]
- alpha re[g][b][sfb] * 1 spec(g][b][sfb][i]
- alpha im[g][b] [sfb] * dmx im[g] [b] [sfb][i];
r_spec(g] [b] [sfb] [i] = mid - 1 _spec(g] [b][sfb][1i];
1 spec[qg] [b][sfb][i] = mid + 1 spec(g] [b][sfb][i];
}
}

7.8 |TNS

7.8.1| General

The TNS tool is defined in ISO/IEC 14496-3:2019, 4.6.9, but with the following modifications.

7.8.2| Definition of elements

In addition to ISO/IEC 14496-3:2019, 4.6.9.2, the followingdefinitions apply:

tns_active TNS is active on at least/one channel.
common_tns Use the same TNSfilter for both channels.
tns_onp_Ir Indicates the-inode of operation for TNS filtering according to Tablg 131.

Table 131 — tns_on_Ir

tns-on_Ir Meaning
0 TNS is applied after inverse quantization
of MDCT spectrum, prior to upmix
TNS is applied on left/right MDCT
1 spectrum after upmix, prior to inverse
MDCT
tns_datalpresent[0] Indicates the presence of TNS data for channel 0 according to Table 132.
Table 132 — tns_data_present[0]
tns_data_present[0] Meaning
0 no TNS data transmitted for channel 0
1 separate TNS data transmitted for
channel 0
tns_data_present[1] Indicates the presence of TNS data for channel 1 according to Table 133.
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tns_present_b

Table 133 — tns_data_present[1]

tns_data_present[1]

Meaning

0

no TNS data transmitted for channel 1

1

separate TNS data transmitted for
channel 1

oth
Table 134.

Indicates if both channels have separate TNS data transmitted according to

Table 134 — tns_present_both

tns_present_both

Meaning

0

at least one channel has no individual

TNS data

separate TNS data transmitted for both

channel 0 and channel 1

7.8.3 Decofding process

The decoding|process in ISO/IEC 14496-3:2019, 4.6.9.3 is extended as follows.

The spectral ¢

Depending on the FD window sequence the size of¥the following data elements and the definiti
TNS_MAX_ORPER is adapted for each transform windowiaccording to its window size according to Table 13%.

omain on which TNS is applied depends on the value.of tns_on_Ir. If tns_on_Ir == 0, TNS is a
after inverse fjuantization and prior to any mid/side or complex prediction processing. If tns_on_Ir==1,
applied to the|spectral coefficients of left and right channel after'mid/side or complex prediction processing.

Table 135 — Definition of TNS_MAX_ORDER and size of data elements

Long window Short window
sequences sequence
TNS_MAX.ORDER 15 7
size(of,n_filt’ 2 1
size of ‘order’ 3
size of ‘length’ 4

7.8.4 Maximum TNS bandwidth

bplied
NS is

on of

Based on the sampling rate in use the value for the constant TNS_MAX_BANDS is set according to Table 136. For
sampling frequencies not explicitly listed in the table, use the entry following the sampling frequency mapping
according to Table 84.
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Table 136 — Definition of TNS_MAX_BANDS
depending on windowing and sampling rate

-3:2020(E)

Sampling Long window Short window
rate [Hz] sequences sequence

96000 31 9

88200 31 9

64000 34 10

48000 40 14

44160 42 14

32000 51 14

24000 47 15

22050 47 15

16000 43 15

12000 43 15

11025 43 15

8000 40 15
7.9 |Filterbank and block switching
7.9.1| Tool description
The time/frequency representation of the signal is mappeéd onto the time domain by feeding it into
module. This module consists of an inverse modified“discrete cosine transform (IMDCT), and a w|
overlgp-add function. In order to adapt the time/frequency resolution of the filterbank to the charac
input(signal, a block switching tool is also adopted. N represents the window length, where N is a f

windpw_sequence (see 6.2.9.3). For each channel, the N/2 time-frequency values X;  are transforn

time (

Zi,n

Sq

omain values x; , via the IMDCT. After"applying the window function, for each channel, the f
quence is added to the second ‘half of the previous block windowed sequence Ziqnto T

output samples for each channel out; ;:

7.9.2

windpw_sequence

windpw_shape

Table
LONG

Definition of elements

2 bit indicating which window sequence (i.e., block size) is used.

1 bit indicating which window function is selected.

| START:SEQUENCE, EIGHT_SHORT_SEQUENCE, LONG_STOP_SEQUENCE, STOP_START_SEQUE

the filterbank
ndow and an
eristics of the
unction of the
ned into the N
rst half of the

bconstruct the

93 shows”the window_sequences based on the seven transform windows. (ONLY_LON[G_SEQUENCE,

NCE).

B CE-A MO

the so called

linear prediction domain codec (see 6.2.10). In decoding a frequency domain coded frame it is only important to
know if a following frame is encoded with the LP domain coding modes, which is represented by an
LPD_SEQUENCE. This is true regardless of the exact structure within the LPD_SEQUENCE.

7.9.3

7.9.3.

Decoding process

1 IMDCT

The analytical expression of the IMDCT is:

2 o 1
_ Z spec[i][k]cos (W(n + no)(k +5D,f0r 0<n<N
k=0

xi,n
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where:

n
i
k

N

= sample index;
= window index;

= spectral coefficient index;

= window length based on the window_sequence value:

n0=(N2+1)/2.

The synthesis

and the algorithmic context. It is defined in Table 137.

Table 137 — Value of synthesis window length N
depending on window_sequence and coreCoderFrameLength

window length N for the inverse transform is a function of the syntax element window:seéquience

window_sequence coreCoderFrameLength | coreCGoderFrameLength
== 768 ==1024
ONLY_LONG_SEQUENCE
LONG_START_SEQUENCE 1536 2048
LONG_STOP_SEQUENCE
STOP_START_SEQUENCE
EIGHT_SHORT_SEQUENCE 192 256

The meaning]
indicates that]

ul block transitions are listed in the fellowing Table 138. A tick mark (M) in a given table cell
a window sequence listed in that particular row may be followed by a window sequence ligted in

that particulaf column.
Table 138'— Allowed window sequences
= = = = = =
o Q Q =] =] =]
4 4 4 Z Z Z
= = = = = =
- = 5/ 5|3 3| %
Window sequence =4 =4 S 2 2 2
c’)I c’)I m| ml ml ml
e = v - = a
Z < =4 o -4 9
=} < = = <t =
- = = v:l [
From ! To - S ] iz o “\,
< S = Z ="
Z Z = ) o
(@) o L] - ;
= =
ONLY_LONG_SEQUENCE | ™
LONG_START_SEQUENCE v v M
EIGHT_SHORT_SEQUENCE v v M
LONG_STOP_SEQUENCE | ™
STOP_START_SEQUENCE v v v M
LPD_SEQUENCE | 4} 4} M
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7.9.3.2 Windowing and block switching

Depending on the window_sequence and window_shape element different transform windows are used. A
combination of the window halves described as follows offers all possible window_sequences. Window lengths
specified below are dependent on the core-coder frame length. Numbers are listed for coreCoderFrameLength of
1024 (768).

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

&

Cprf 2]
L7 \P4)]

p=0

KBD, pr N (n) = N,

3
Vs
2. [W(pa)]

p=0

[for 0£n<ﬁ
2

N-n-1
Y. .

=0
Wisp,  n(m)= |4 for —<n<N
RIGHT 1% )

2 Wp.a)]

p=0

where:

W' Kaiser-Bessel kernel window function is defined as follows:

2
N
n_

Na

Iy[7a]

W'n,a)=

2

|-

o[x1=Y | 224
k=0

K

J4 Jfor N =2048 (1536)

o = kernel window alpha factor, o =
L. AL D) hWaVYal
lU (O IV =200 (172)

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

. T 1 N
WsiN, ey N (1) = sm(ﬁ(n + 5)) for 0<n< =

V4 1 N
W n)=sin(—(n+-)) ,for —<n<N
SIN gyagey, v (1) = sI0( N( 2)) 5

The window length N can be 2048 (1536) or 256 (192) for the KBD and the sine window.

How to obtain the possible window sequences is explained in the parts a)-e) of this subclause.
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For all kinds of window_sequences the window_shape of the left half of the first transform window is determined
by the window shape of the previous block. The following formula expresses this fact:

Wxsp,,.,.n(1) if window_shape_previous_block ==1

/4 n)=
Lerr. N (1) {WSIN v (n) if window_shape previous_block ==

LEFT »
where:

window_shape_previous_block is equal to the window_shape of the previous block (i —1).

For the first faw_data_block() to be decoded the window_shape of the left and right half of the window are
identical.

In the case th3t the previous block was coded using LPD mode, window_shape previous block is set to 0.
a) ONLY_LONG_SEQUENCE:

The window Jsequence == ONLY_LONG_SEQUENCE is equal to one LONG_WINDOW(wjth a total window length
N, of 2048 ([1536).

For window_shape == 1 the window for ONLY_LONG_SEQUENCE is given as fellows:

N,
Wigrry,(n)  for  0<n< 71
W (n)=

N
Wisp e, (1) oI 71 <n<N,
If window_shiape == 0 the window for ONLY_LONG_SEQUENCE can be described as follows:

N
Wyoerr y (n)  for  0<p<=L
51V 2
W(n)= 3
Wsn ooproN, (1) TOT 7’ <n<N,

After window|ng, the time domain values ( Z; , ) can be expressed as:

z, =W(n)-x,,

in

b) LONG_STAIRT_SEQUENCE:

The LONG_START_SEQUENCE can be used to obtain a correct overlap and add for a block transition from a
ONLY_LONG_SEQUENCE to any block with a low-overlap (short window slope) window half on the left
(EIGHT_SHORT_SEQUENCE, LONG_STOP_SEQUENCE, STOP_START_SEQUENCE or LPD_SEQUENCE).

In case the following window sequence is not an LPD_SEQUENCE:

Window lengths N, and N, are set to 2048 (1536) and 256 (192) respectively.

In case the following window sequence is an LPD_SEQUENCE:

Window lengths N, and N, are set to 2048 (1536) and 512 (384) respectively.
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If window_shape == 1 the window for LONG_START_SEQUENCE is given as follows:

N
Wierr ., (n) Jgfor  0<n< 71
N, 3N, - N
1.0 JgJor “L<pn<=H
W)= N, 3N,—-N 32N N ! 3N, + N
s [ Vs [ Vs |+ Vg
WKBD gy, (M F N T) ,for e
3N,
0.0 ,for —ZTNS <n<N;
L'.
If window_shape == 0 the window for LONG_START_SEQUENCE looks like:
Wrerr, v, (n) for 0<n<—L
N, 3N, - N
1.0 ,for lepe L s
(2 3N, - N 32N N X 3N, + N
s [ Vs [ Vs ;g
WSIN o .N, (M F - T) for 7 3=t
3N, + N\
0.0 ,for R/ <n<N,

The wiindowed time-domain values can be calculated with.the formula explained in a).

c) EIGHT_SHORT

The window_sequence == EIGHT_SHORT com§prises eight overlapped and added SHORT_WINDOW:

N o

with a length

256 (192) each. The total length of the-window_sequence together with leading and following zeros is 2048

(1534). Each of the eight short blocks are'windowed separately first. The short block number is indexed with the
variajlej=0,.., M -1 (M =N,/ N}

(n)) only. If

The window_shape of the previous block influences the first of the eight short blocks (7
windpw_shape == 1 the winndow functions can be given as follows:
NS
Wiger v, (1) Jor0<n<—=
- o 2
Wo(n)= N
WkBD g N, (1) fOT 73 <n<N,
N
Wksp,,,, N (1) Jfor0<n<—=
W)= . 0<j<M-1
WkBD,yr v, (1) SfOT TS <n<N,

Otherwise, if window_shape == 0, the window functions can be described as:
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N
Wigrr n (1), ,for0<n<—=
N, 5
Wo(n) = v
Wsin,rov, (1), fOT TS <n<N,

N,
WS]NLEFT:NY (n) ,for 0<n<—=%
VV}(H)Z 2 ’O<jSM_1

N
WSiN oo, (1) STOT TS <n<N,

The overlap #nd add between the EIGHT_SHORT window_sequence resulting in the windowed time,dpmain

values Z; , is flescribed as follows:

0 Jfor 0<n< %
N,-N
X Wy(n- 1 _
O,n,Nng; 0( 4 ) ,fOl‘ %Sn<£&:&
N, +(2j-3)N, N, +(2j-1N, o
T L B T L e I TSR P Gl R LFPPR/RACS RRULLE
» Jj-ln s 4 Jan— 1 4 4 4
N, +(2M -3)N, o, QM -DN, N+ (@M DN,
X MM, 'WM—I(”_f) ; 1 < n
) 4
+(2M +1)N,
0 Jfor N+ @M +DNy <n<N,

d) LONG_STOP_SEQUENCE

This window|sequence is needed to switch from an EIGHT, SHORT_SEQUENCE or LPD_SEQUENCE back|to an
ONLY_LONG_$EQUENCE.

In case the previous window sequence is not an LPDANSEQUENCE:

Window lengths N;and N, are set to 2048 (1536) and 256 (192) respectively.

In case the pre¢vious window sequence is.an LPD_SEQUENCE:

Window lengths N, and N, are seft0-2048 (1536) and 512 (384) respectively.

If window_shlape == 1 thewindow for LONG_STOP_SEQUENCE is given as follows:

0.0 for  0sn<M ;Ns
Wy e n(12 —%\ for % <n Ny ‘;Ns
- N;+N, N
1.0 for LS <t
4 2
N
WkBD iy N, (1) for 71 <n<N,
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If window_shape == 0 the window for LONG_START_SEQUENCE is determined by:

N, —-N
0.0 for  0<n< %
N, —-N N, —-N N; + N
W grr y (n————5) for L s apcl s
_ s 4 4 4
Wi = N +N, N
+
1.0 for s <p< L
4
N
WSINR[GHT>N1 (n) ,for 7 <n< Nl
The wiindowed time domain values can be calculated with the formula explained in a).
e) STPP_START_SEQUENCE:
The STOP_START_SEQUENCE can be used to obtain a correct overlap and add for a blocktransition from any block

with g
slope]

In cas
Wind
In cas
Wind
In cas
Wind
In cas

Wind

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

e the following window sequence is not an LPD_SEQUENCE:

w lengths N, and N, are set to 2048 (1536) and 256 (192) respeetively.
e the following window sequence is an LPD_SEQUENCE;

w lengths N, and N, are set to 2048 (1536) and 512 (384) respectively.
e the previous window sequence is not an LPDXSEQUENCE:

w lengths N, and N, are set to 2048 (1536) and 256 (192) respectively.
e the previous window sequence is.an LPD_SEQUENCE:

w lengths N, and N, are set't02048 (1536) and 512 (384) respectively.

low-overlap (short window slope) window half on the right to any block withya low-overlap (short window
window half on the left and if a single long transform is desired for the current frame.

0.0 for 0<n< Ny
N, - N N, - N N, +N
W, n— / sl ,fOI‘ / s/ n / sl
1erT N, ( a1 ) 2 2
Wiy =410 for Nl+Nsl 3N1_Nsr
AN El 4 4
3N1—N for 3N1_Nsr_ 3Nl+Nsr
WKBDRIGHT 5Nyr (n + zsr - 4 n ) ’ 4 4
0.0 for Nt Nw
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ape == 0 the window for STOP_START_SEQUENCE looks like:

0.0 Jor 0<n< Ni _4NS1
N, =N N, =N N, + N
114 n———5, J[for SL<n< 5
1eFTN,, ( 4 ) 4 4
W(n)=141.0, for NNy ) 3N =Ny,
4 4
1z i Ve 3N/ — er N ,for 3Nl — NSV <n< 3Nl il Nsr
"V SIN riGHT N e 2 - 4 ) 4 4
0.0 for 2Nt Ne

The windowe

7.9.3.3 d

Besides the

H time-domain values can be calculated with the formula explained in a).

verlapping and adding with previous window sequence

pverlap and add within the EIGHT_SHORT window_sequence,\the first (left) part of

window_sequience is overlapped and added with the second (right) part ofithe previous window_seq

resulting in th

follows.

In case of ONIj
STOP_START |

outli,,; 1

N, is the size ¢

written sampl
In case of LPD)

If the previoy
Otherwise, W
conventional

can be expreg
EIGHT_SHORT

e final time domain values out; ,, . The mathematic expression forthis operation can be descri

Y_LONG_SEQUENCE, LONG_START_SEQUENCE, EIGHP_SHORT_SEQUENCE, LONG_STOP_SEQU
SEQUENCE:

N,
N,;\V/OSI’Z< L
nt+—- 2

Fn]=z;,+ 2 m -

f the window sequence. i, , indexes,the output buffer ouf and is incremented by the number .

es.
| SEQUENCE:

s decoded windowed signal was coded with ACELP, the tool FAC is applied as described in
hen the previous’ decoded windowed signal z; ; , was coded with the MDCT based 1
bverlap and-add is performed for obtaining the final time signal out. The overlap and add ope|
sed by thefollowing formula when FD mode window sequence is a LONG_START_SEQUENCE
' SEQUENCE:

every
ience

bed as

ENCE,

— of

7.16.
CX, a
ration
or an

[ N
Z N-N, TZ 3NN VOIn<—
I,T“Hl i—1, ’4 S+n 2
outli,,, +n]=
N, N;+ N,
Z N_N \v4 <n<——=
i, 14 S+n 2 4

N;_; corresponds to the size 2/g of the previous window applied in MDCT based TCX. i, indexes the output buffer
out and is incremented by the number (N+N,)/4 of written samples. N/2 should be equal to the value L of the
previous MDCT based TCX defined in Table 155.

For a STOP_START_SEQUENCE the overlap and add operation between FD mode and MDCT based TCX is
performed according to the following expression:
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sl
Z. leNyl +Z' 3-N,~71*2-N_Sl V 0Sn<_
i, Stn -1, p +n
outli,, +n]=
. v Nst o, N+ Ny
Z n_ <n
P 2 4

-3:2020(E)

N;_; corresponds to the size 2/g of the previous window applied in MDCT based TCX. i, indexes the output buffer

out and is incremented by the number (N+N,;)/4 of written samples. N;/2 should be equal to the value L of the
previous MDCT based TCX defined in Table 155.

Time-warped filterbank and blockswitching

the time-warped MDCT is enabled for the stream (the twMdct flag is set in\the UsacConf
es the standard filterbank and blockswitching (see 7.9). In addition to the IMPCT the tool co
n to time-domain mapping from an arbitrarily spaced time grid to the normal linearly spaced
esponding adaptation of the window shapes.

g()), this tool
ntains a time-
time grid and

Contains the side informatjon'necessary to decode and apply the time-warped

MDCT on an fd_channelstream() for SCE and CPE elements. The
fd_channel_streams of @’UsacChannelPairElement() may share one
tw_data().

1 bit indicatingthat a non-flat warp contour is transmitted in this fij

7.10

7.10.1 Tools description
When|

replag

doma

a corr]

7.10.2 Definition of elements
7.10.2.1 Data elements
tw_dalta()

tw_ddta_present
tw_raltio[]

windpw_sequence

window shape

7.10.]

warp |

warp |

.2 Help elements
node_values(]

value «tbl{]

Codebook index of the warp ratio for node i.
2 bit'indicating which window sequence (i.e., block size) is used.

1 bit indicating which window function is selected.

Decoded warp contour node values.

Quantization table for the warp node ratio values, shown in Table 1

common

ame.

Tabhle 139 — warp value thl

new_warp_contour|]

Index value

0 0.982857168
0.988571405
0.994285703
1
1.0057143
1.01142859
1.01714289
1.02285719

N(O |G| D |WIN =

Decoded and interpolated warp contour for this frame (n_long samples).
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past_warp_contour|]

norm_fac

warp_contour

I

last_warp_sum

cur_warp_sum

next_ warp_sum

past warp contour (2*n_long samples).
Normalization factor for the past warp_contour.
Complete warp contour (3*n_long samples).
Sum of first part of the warp contour.

Sum of the middle part of the warp contour.

Sum of the last part of the warp contour.

time_contour

sample_pos]]

X[wl[]
z(]

|

Complete time contour (3*n_long+1_samples).

Positions of the warped samples on a linear time scale (2*n_long samples +
2*[P_LEN_2S).

Output of the IMDCT for window w.

Windowed and (optionally) internally overlapped time vector for one frame in
the time warped domain.

zp[] z[] with zero padding.

y[] Time vector for one frame in the linear time domain after resampling.
yi',,, Time vector for frame i after postprocessing.
out[] Output vector for one frame.

b[] Impulse response of the resampling filter.

N Synthesis window:length, see 7.9.3.1.

N_f Frame length, N_f = 2*coreCoderFrameLength.
next_window/|sequence Following'window sequence.
prev_window|sequence Previous window sequence.

7.10.2.3 (Jonstants

NUM_TW_NODES 16

OS_FACTOR_WIN 16

OS_FACTOR_RESAMP TZ8

[P_LEN_2S 12

IP_LEN_2 OS_FACTOR_RESAMP*IP_LEN_2S+1

IP_SIZE IP_LEN_2+0S_FACTOR_RESAMP

n_long coreCoderFramelLength

n_short coreCoderFrameLength/8

interp_dist

162

n_long/NUM_TW_NODES
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NOTIME -100000

7.10.3 Decoding process

7.10.3.1 Warp contour

-3:2020(E)

The codebook indices of the warp contour nodes are decoded as follows to warp values for the individual nodes:

1 Jfor tw_data_ present =0, 0<i<NUM_TW NODES

[u—

Wwarp _node values[i]= Jfortw data present=1, i=0

i—1

H warp _value _tbl[tw _ratiolk]] fortw_data present =1, 0.£i < NUM
k=0

To obtain the samplewise (n_long samples) new_warp_contour([], the warp_node_ values[] are nov
linearly between the equally spaced (interp_dist apart) nodes:

i =0 ; i < NUM TW NODES ; i++ ) {

d|l= (warp node values[i+l] - warp node values[i] ) /Cinterp dist;
for ( J =0 ; j < interp dist; j++ ) |

new warp contour[i*interp dist + j] = warp nodg‘values[i-1] + (j+1)*d;

Before obtaining the full warp contour for this frame, thé\buffered values from the past have to be re
the lagt warp value of the past_warp_contour[] equals, 1:

1
past _warp _contour{2 - n~long—1]

norm_ fac =

past _warp _contour[i] = past _warp _contour{i]- norm _fac for 0<i<2-n_long

o~

ast warp _sum = last _warp.” sum - norm _ fac

qur_warp _sum =cur_warp _sum - norm_ fac

Now the full warp_contour|] is obtained by concatenating the past_warp_contour and the new_warq
new_warp_sum is calculated as sum over all new_warp_contour[] values:

n_long—1
ew warp sum = Z new _warp _contour(i]
i=0

~

| TW_NODES

 interpolated

scaled, so that

_contour, and

7.10.3.2 Sample position and window length adjustment

From the warp_contour|[] a vector of the sample position of the warped samples on a linear time scale is computed.
For this, first the time contour is generated:

—Wyg - last _warp _sum Jori=0
i1
—last _warp _sum+ Z warp _ contour[k]j Jfor 0<i<3-n_long

time _contour[i]=
Wres
k=0
n_lon
where w,,,, = S
cur_warp _sum
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With the helper functions warp_inv_vec() and warp_time_inv():

warp time inv(time contour[],t warp) {
i=0;
if ( t warp < time contour[0] ) {

return NOTIME;
}

while ( t warp > time contour[i+l] ) {
i++;
}
return (i + (t warp - time_contour[i])/(time_contour[i+1]—time_contour[i]));
}
warp inv vec(time contour[],t start,n samples,sample pos[]) {
t warp § t start;
J = 0;
while ({ i = floor(warp time inv(time contour,t warp-0.5))) == NOTIME) ({
t wafkp += 1;
J++;
}
while (|J < n_samples && (t warp + 0.5) < time contour[3*n long] ) {
while ( t warp > time contour([i+1]) {
if+;

sample pos[j] =

i + (t_warp - time contour[i])/ (time contour[i+1]-
time contour[il]);

G4+ B

t wafp += 1;

the sample position vector and the transition lengths are computed:

t start = n long-3*N f/4 - IP LEN 25 + 0.5

warp_inv_velc (time contour,

t start,

N f + 2*IP LEN 28,
sample pos[]);

if ( last warp sum > cur warp sum/) {
warped flrans len left = nglong/2;

}

else {
warped flrans len left\= n long/2*last warp sum/cur_ warp sum;

}

if (new_warpSum > cur warp sum ) {
warped frans.en right = n long/2;
}

else {

warped tTans_Ienm Tignt = TI_10Ng/2*NMew _Warp_Sum/CUr_Warp_sSum;

}

switch ( window sequence ) {
case LONG_START SEQUENCE:
if ( next window sequence == LPD SEQUENCE ) ({
warped trans len right /= 4;
}
else {
warped trans_len right /= 8;
}
break;
case LONG STOP SEQUENCE:
if ( prev_window sequence == LPD SEQUENCE ) {
warped trans len left /= 4;

164
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else {
warped trans len left /= 8;
}
break;
case EIGHT SHORT SEQUENCE:
warped trans len right /= 8;
warped trans_len left /= 8;
break;
case STOP START SEQUENCE:
if ( prev_window sequence == LPD SEQUENCE )
warped trans len left /= 4;
}

{

ISO/IEC 23003-3:2020(E)

else {
walpcU LLdlls 1Sl ICSLT = Oy
}
if ( next window_sequence == LPD SEQUENCE ) {

warped trans_ len right /= 4;
}
else {

warped trans len right /= 8;
}
break;

}

firsf pos = ceil (N _f/4-0.5-warped trans len left);
last |pos = floor (3*N_£f/4-0.5+warped trans_ len right);

7.10.3.3 IMDCT

See 7.p.3.1.

7.10.3.4  Windowing and block switching

Depending on the window_shape element different oversampled transform window prototypes|are used, the

length) of the oversampled windows is:

=

Nos =2-n_long-0S FACTOR WIN

For window_shape == 1, the wihdow coefficients are given by the Kaiser-Bessel derived (KBI)) window as

follows:

Nps—n—1

7 (p.or)]

g
8
S
N\
S
|
=
[}

S
N 7
|

=
S5
Sle

where:

Nos
Jor —=<n< Ny

w' , Kaiser-Besser kernel function is defined as follows:

Iy| mot, 1.0 - w
N, /4

Iy[na]

W’(n,a) =

Jor 0<n<
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)]

k!

a =kernel window alpha factor, o =4

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

AL

Wiy (”

For all kinds

shape of the pirevious block. The following formula expresses this fact:

left  wil

Likewise the prototype for the right window shape is determinded by the follewing formula:

Vos
2

£n<<AQE

0
Ln +—U for
2

f window_sequences the used protoype for the left window part is the determinded by the w

[
yis
5

oS

Wsp [n] , if window _shape _previous block ==1

dow__shape[n]=
W [1]

, if window _shape _ previous .block ==

ndow

_ ) Wsp [n] f window _shapes=1
right _window _shape[n]= o
We [1] if window _shape ==
Since the fransition lengths are already determinéd; it only has to be differentiated befween
EIGHT_SHORT_SEQUENCES and all other:
a) EIGHT SHORT SEQUENCE:
The followifg c-code like portion describes the windowing and internal overlap-add [of a
EIGHT_SHORT_SEQUENCE:
tw_windowinlg short (X[][],z[],first pos,last pos,warpe trans len left,warped trans len|righ
t,left window shape[], rightS&window shapel[]) {
offset = In long - 4*n 'short - n short/2;
tr scale [I = 0.5*rK/long/warped trans len left*0S FACTOR WIN;
tr pos 1 [ warpgd Jtrans len left+(first pos-n long/2)+0.5)*tr scale 1;
tr_scale |r = 8%0S_FACTOR WIN;
tr pos r [ £x_$scale r/2;
for ( i =16 7 T T trort 7 T+ ) {
z[1] = X[O0][i];
}
for (i=0;i<first pos;i++)
z[1] = 0.;
for (i=n long-1-first pos;i>=first pos;i--) {
z[i] *= left window_shape[floor (tr pos 1)];
tr pos 1 += tr scale 1;
}
for (i=0;i<n_short;i++) {
z[offset+i+n short]=
X[0] [i+n_short]*right window shape([floor (tr pos r)];
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tr pos r += tr scale r;

}

offset += n_short;

for

(k=

1 ; k<7 ; k+t+t ) {

tr scale 1 = n short*0S FACTOR WIN;

tr pos 1 = tr scale 1/2;

tr pos r = OS FACTOR WIN*n long-tr pos 1;
for ( 1

z[1 +
z[off

=0 ; i < n_short ; i++ ) {
offset] += X[k][i]*right window shape[floor (tr pos r)];
set + n_short + i] =
X[k] [n_short + i]*right window shape[floor (tr pos 1)];

[«

tr |

LL POs L 7= LL SCalc Ly
tr pos r -= tr scale 1;
ffset += n_short;

scale

tr|pos 1

for

=N

tr |
tr |

tr |
for

1

for

(i-=
[1 + o

r pos

or ( 1
[offse

scale r = 0.5*n long/warpedTransLenRight*0S FACTOR WIN;

pos_r

pos_r
(i=3*

[i] *= right window_ shape[flooxritr pos r)];
r pos r += tr scale r;

(1i=1s

[i] =

b) all pthers:

tw wi
, left

fox

4
fox

1 = n_short*0S_FACTOR WIN;
= tr scale 1/2;

n short - 1 ; 1 >0 ; i--) {

ffset] += X[7][i]*right window shape[ (int) floor (&% pos 1)];
1 += tr_scale 1;

=0 ; i < n_short ; i++ ) {
t + n_short + i] = X[7][n_short + i];

= 0.5*tr scale r+.5;

= (1.5*n_long-(float)wEnd-0.S¢warpedTransLenRight) *tr scale r;
n long-l-last pos ;i<=wEnd;i++) {

at pos+1;i<2*n_ longyi++)
0.7

ndowing long(XT[]1[],z[],first pos,last pos,warpe trans len left,warped tranp len right

~window_ghape[], right window_shape[]) {

(1=0;
[1]1(=

(=Tast pos+1;i<N_ f;i++)

[DN] =

i<first pos;i++)
0.;

0

tr scale
tr_pos =

for

Z

[i] =

= 0.5*n long/warped trans len left*OS_ FACTOR WIN;
(warped trans len left+first pos-N f/4)+0.5)*tr scale;

(i=N_f/2-1-first pos;i>=first pos;i--) {

X[0] [i]*left window shape[floor (tr pos)]);

tr pos += tr scale;

}

tr scale
tr pos =

= 0.5*n long/warped trans len right*OS FACTOR WIN;
(3*N_f/4-last _pos-0.5+warped trans_ len right)*tr scale;
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for (i=3*N_f/2-1-last _pos;i<=last pos;i++) {
z[1i] = X[0][i]*right window shape[floor(tr pos)]);
tr pos += tr scale;

}

7.10.3.5 Time-varying resampling

The windowed block z[] is now resampled according to the sample positions using the following impulse
response:

. n )
S
) n? kos FACTOR RESAMPJ
binl=Ifa] -Ip| o, [1- : = = for0<n<IP SIZE~T
‘ 0 IP LEN 2° mn -

OS FACTOR_RESAMP

a=38

Before resampling, the windowed block is padded with zeros on both ends:

0 Jfor 0<n<IP LEN 2S
zp[n]=1{kln—-1P_LEN_2s] ,for IP_LEN_2S<n<N,+IP_LEN_2S
0 for2-N,+IP_LEN_2S<n<N,+2-IBXLEN_2S

The resampling itself is described in the following pseudo code:

offset pos=0.5;
num_samples| in = N _f+2*IP LEN 2S;
num_samples| out = 3*n long;
j_center = [0;
for (i=0;i<numSamplesOut;i++) {
while (| center<num samples in && sample pos[]j center]-offset pos<=i)
J_center++;

Jj_center--;
yli]l =[o;
if (j_cgenter<num samples in-Z2\&& j center>0) {
frac |time = floor ((i- (sample pos[j center]-offset pos))

/sample pos[j center+l]-sample pos[j center])
*0s factor);
j = IIP_ LEN 2S*os facter+frac time;

for (k=j center%=IP LEN 2S;k<=j center+IP LEN 2S;k++) {
if |(k>=0 &&K<num samples in)

(il +=\klabs (3) 1*zp[k];

j -F os~factor;

if (j_center<0)
j_center++;

7.10.3.6 Overlapping and adding with previous window sequences

The overlapping and adding is the same for all sequences and can be described mathematically as follows:

A ! !
Yin + yi—l,n+n710ng + yi—2,n+2~nilong ,fOI‘ 0<n<n _lOl’lg /2

r ’
Yin * Vicln+n long Jorn_long/2<n<n_long
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7.10.3.7 Memory update

The memory buffers needed for decoding the next frame are updated as follows:

past _warp _contour[n]=warp _contour[n+n_long|, for0<n<2-n_long

Cur_warp _sum =new_warp _Sum

last _warp _sum =cur_warp _sum

-3:2020(E)

Before decoding the first frame or if the last frame was encoded with the LPC domain coder, the memory states

are se

t as follows:

d

7.11

7.11.]

MPEG
allow
on a

config
be tr
repre
furthd

A bas
upmiy

1 Tool description

past _warp _contour[n]=1 for0<n<2-n_long
ur _warp sum=n_long

st warp _sum=n_long

MPEG Surround for mono to stereo upmixing

Surround uses a compact parametric representation of the human’s auditory cues for spatial
for a bit-rate efficient representation of a multi-channel signal. Although the coding of stereo
mono downmix is not explicitly specified in ISO/IE€23003-1:2007, it is evident that
uration may be realized in an efficient manner. In addition to CLD and ICC parameters, IPD p
ansmitted. The OPD parameters are estimated\ with given CLD and IPD parameters
bentation of phase information. IPD and OPD parameters are used to synthesize the phase
r improve stereo image.

¢ element of MPEG Surround coding is.the OTT box, which performs exactly the required n
[ing on the decoder side as shown in Figtte 20.

OTT box

MO

v

mix matrix
[M2]

perception to
signals based
such a 2-1-2
hrameters can
for efficient
difference to

ono to stereo

| eft

O

Right

CLb I1ICC IPD

Figure 20 — OTT decoding block: two output signals with the correct spatial cues are generated by mixing
a mono input signal M0 with the output of a decorrelator D that is fed with that mono input signal

In addition to the mode outlined above, residual coding can be employed with a residual having a limited or full
bandwidth. This is illustrated in Figure 21.
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OTT box
5 1
| |
| |
| |
| |
| |
MO : : > Left

| |

- - |
| mix matrix |
| |
| [M2] |

res : i > Right
|
i i
| |
S I 1
CLD ICC IPD
Figure 21 — OTT decoding block for residual coding: two output signals are generated by mixing a mono

input signal MO and a residual signal res using the CLD, ICC, and IPD parameters

Unlike the dglay introduced by MPEG Surround decoder as defined in ISO/AEC 23003-1:2007, 4.5, only high
quality decoding is supported in MPS212. It is noted that this implies that the 'delay of 5 QMF samples prior|to the
Nyquist analygis filterbanks shall not be inserted.

7.11.2 Decofding process

7.11.2.1  Lossless decoding of IPD parameters

The syntax el
syntax eleme
explicitly by

bment bsPhaseCoding in Mps212Config(hindicates whether IPD coding is applied. In case that the
it bsOttBandsPhasePresent is decoded as 1, the number of IPD parameter bands is transmitted
psOttBandsPhase. Otherwise, the_ number of IPD parameter bands is initialized to their default

values using Table 109.

If residual cogling is employed (bsResidualCoding == 1), the number of IPD parameters transmitted is equal to

the larger of the two values bsOttBandsPhase and bsResidualBands.

In the followi
[PD paramete

ng text numBandsIPD refers to the number of IPD parameter bands, i.e., the number of transmitted
'S,

hirrent
e, the

The syntax g¢lement, bsPhaseMode indicates whether the IPD parameters are available for the c
Mps212Data frame. If'the value of bsPhaseMode is set to zero, the IPD parameters are set to zero. Otherwi

quantized IPD) indices'are losslessly decoded from the bitstream.
If decoding the TPD parameters, the syntax etement, bsQuantCoarseXXX{{l means bsQuantCoarselPD{i{]-
The quantized IPD parameters are decoded using the lossless coding scheme as specified in

ISO/IEC 23003-1:2007, 6.1.2 but with following changes:

— Due to the wrapping property of the phase parameter, the IPD quantized index is calculated using a
modulo operation on the difference from the adjacent (either time or frequency axis) quantized IPD. The
sign bit for the difference value in 1D Huffman coding is not necessary because the difference value is
always positive after modulo operation. For the same reason, the sign information in 2D Huffman coding
i.e.,, bsSymBit[0] in SymmetryData() is not necessary.

In case that the fine quantization is applied as indicated by bsQuantCoarselPD, the symbols are split into
3bit MSB and 1bit LSB. The upper symbol is decoded with 1D or 2D Huffman coding using coarse
quantization and the LSB symbol is decoded with the syntax LsbData(). If the quantization level of the
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previous frame is not the same as that of current frame, the quantized index of the previous frame is
converted to the same precision as the current frame so that time differential coding can be done.

The decoding of the Mps212Data() data results in the parameter indices idxIPD[][][] of the quantized IPD
parameters:

idxIPD[pi][ps][pb] having values in the range 0 .. 15

where

pi = parameter instance which in the case of IPD decoding, used only in the 2-1-2 mode, has a value of 0.

ps =|parameter set having values in the range 0 .. numParamSets-1,

pb 3

in the range 0 .. numBands-1,

pg =| parameter group having values in the range 0 .. dataBands-1.

In caj

Decode IPD parameter sets ps according to their bsIPDdataMode[][] as below.

whilg (ps=0; ps<numParamSet; ps++) {

switch (bsIPDdataMode[pi] [ps]) {
case 0: /* default */
for (pb=0; pb<numBandsIPD, pb++) {
idxIPD[pi] [ps] [pb] = 0;
}
break;
case 1l: /* keep */
case 2: /* interpolate */
for (pb=0; pb<numBandsIPD, pb++) {
idxIPD[pi] [ps] [pb] = idxIPD [pi] [ps-1][pbl;
}
break;
case 3: /* coded */
if (!paramHandled[ps}) {
DecodeDataPalir)%; /* see ISO/IEC 23003-1, 6.1.2.3*/
}

break;

parameter band having values for IPD parameter in the range 0 .. numBandsIPD-1 and fer othpr parameters

e of IPD parameters, the syntax element, bsXXXdataMode[][] in Table 62 means bsIPDdataMode[][].

First, the previous/data is pre-processed for time-differential decoding:

setIdxStart—= dataSetIdx[ps];

starBand_~ startBandIPD[pi];

stopBand/= stopBandIPD[pi];

pbStride = pbotridelable [DSFregRessStridelPD(pi] [Sseclax]]; See IS0/ IEC Z3003-1 Table 70
*/

dataBands = (stopBand - startBand - 1)/pbStride + 1; /* ANSI C integer math */

aGroupToBand = createMapping (startBand, stopBand, pbStride); /* see ISO/IEC 23003-1
subclause 6.1.2.4%/
for (pg=0; pg<dataBands; pg++) {

pb = aGroupToBand[pg]l:;

tmp = idxIPD[pi] [ps-1][pbl;

if (bsQuantCoarseIPD[pi] [setIdx]) {

}

tmp = tmp/2; /* ANSI C integer math */

idxIPDmsb[pi] [setIdxStart-1] [pg] = tmp;
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Then, delta decoding is done in the following order:

if (!bsPcmCodingIPD[pi] [setIdx]) {
if (bsDataPairIPD[pi] [setIdxStart]) {

if ((bsDiffTypeIPD[pi] [setIdx]==DIFF TIME) &&
(bsDiffTimeDirectionIPD[pi] [setIdx]==FORWARDS)) {
decodeDeltaData (setIdxStart+1) ;
decodeDeltaData (setIdxStart);

}

else {
decodeDeltaData (setIdxStart) ;
decodeDeltaData (setIdxStart+l);

}

}
else {
decogleDeltaData (setIdxStart);
}
} else {
idxIPDngtMapped|[pi] [setIdx] [pg] = bsIPDpcm|pi] [setIdx] [pgl:

}

where the dedodeDeltaData(setldx) process is carried out as follows:

for (pg= 0;| pg< dataBands; pg++) {
switch ({bsDiffTypeIPD[pi] [setIdx]) {
case DIHF FREQ:
if ([pg > 0 ) {
dxIPDmsb [pi] [setIdx] [pg] =
(1idxIPDmsb([pi] [setIdx] [pg-1] + bsIPDmsbDiffl[pi] [setIdx] [pg]) %8;

-

} elpge {
ildxIPDmsb [pi] [setIdx] [pg] = bsIPDmsbDiff [pd] [setIdx] [pg]l;
}
break;
case DIHF TIME:
if (| (pg > 0) || (mixedTimePairIPD[pifNsetIdx]) ) {

switch (bsDiffTimeDirectionIPD[pi] [setIdx]) {
clase BACKWARDS:
1dxIPDmsb [pi] [setIdx] [pagd\=

(1dxIPDmsb[pi] [setldx-1] [pg] + bsIPDmsbDiff[pi] [setIdx] [pg]) %8 ;
break;
clase FORWARDS:
/* assert that idxIPDmsb([pi] [setIdx+1l] is already available */
1dxIPDmsb[pi] [setIdx] [pg] =

(idxIPDmsb [pi] [setIdx+1] [pg] + bsIPDmsbDiff[pi] [setIdx] [pg]) %8;
break;

} elpe {
ildxIPDmspb [Pi] [setIdx] [pg] = bsIPDmsbDiff[pi] [setIdx] [pb];

if (bsQuantCoarselIPD==1)
idxIPPrretMappedtett

{

%
g
&

q
H
dr
HH
.
q
b

T ttead et
}
else {
idxIPDnotMapped[pi] [setIdx] [pg] =
2*1dxIPDmsb[pi] [setIdx] [pg] + bsIPDlsb[pi] [setIdx] [pg];

Finally, the following post-process is applied to the decoded data:

for (i=0; i<=bsDataPairIPD[pi] [setIdxStart]; i++) {
setIdx = setIdxStart+i;
ps = paramSet[setIdx];
paramHandled[ps] = 1;
for (pg=0; pg<dataBands; pg++) {
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tmp = idxIPDnotMapped|[pi] [setIdx] [pgl:

if (bsQuantCoarselIPD[pi] [setIdx]) {
tmp = tmp*2;

}

pbStart = aGroupToBand[pg];

pbStop = aGroupToBand[pg+tl];

for (pb=pbStart; pb<pbStop; pb++) {
idxIPD[pi] [ps] [pb] = tmp;

}

All pdrameters types are dequantized for all parameter bands O =M< M'pm, and all parameter [sets 0</< L

accordling to ISO/IEC 23003-1:2007, 6.1.8. For IPD parameters, the dequantization function uses Table 140 and
will r¢turn a dequantized value according to chosen index.

Whenlever parameter interpolation is used as signalled by bsIPDdataMode(pi,/,m)=2 for the ¢orresponding
indicgs idxIPD(pi,l,m), the dequantization function will also use the parameter.time slot vector t and the
previgus and next parameter indices idxIPD(pi,/;,,...m) and idxIPD(pi,/ 4, , 1) , respectively, t¢ calculate the

intergolated IPD indices according to:

idXIPD(]?l, lbefb,.e,m) ,lf iXmPD(pl, laﬁer ,m) - iXmPD(]?l, lbefore,m) <8
idxIPD(pi,lyope,m) +16 else

=

idXIPDy g (pi, L, m) = {

1dxXIPD(pi,l .., m) Af 1dXIPD(pi 1y, . m) — 1AXIPD(DE, 1y, , 1) <8
idxIPD(pi,l 4,.,.,m)+16 else

i0xIPD g, (pi,},m) = {

idxIPD . (pi.l,m)— idxIPD, ¢ . (pi,l,m)
t(lafter) - t(lbefore )

=

idxIPD(pi,[,m) = [idePDbefore(pi, L,m)+ TNT( (t(1) — t(lpero e))D mod 16

~

<l<l

before after

wherg

lierord is the parameter set with the largest value smaller than / for which bsIPDdataMode(pi|l, .o, M) # 2
and wihere

[ sier is the parametef set with the smallest value larger than / for which bsIPDdataMode(pi,/,4
wherg

M) #2 and

idxIBD(pi,<L;ni) refers to the last parameter set in the previous frame and t(—l) is set to the first parameter
time dlot’in'the current frame, hence equals zero.

Table 140 — IPD dequantization table

Index 0 1 2 3 4 5 6 7

7T 7T 3 7T 5 3z | 7
IPD value 0 — — -7 — -7 — | -7

8 4 8 2 8 4 8
Index 8 9 10 11 12 13 14 15

5 11 3 13 7 15

IPD value T —w |- |—nw|—7mw|—xw | -7 | —7

8 8 8 4 8
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7.11.2.2 OPD parameter estimation

The OPD parameters represent the phase difference between left and downmixed mono signal. Unlike the
parametric stereo tool as defined in ISO/IEC 14496-3 (HE-AAC v2), only the IPD parameters are transmitted for
efficient representation of phase information. With the given CLD and IPD parameters, the OPD parameters are

estimated as:

0 Lif(IPD"" == 7 & & CLD""™ == 0)
OPDy}! = WM sin(IPD™
lef arctan p,z,\z — ( ) ,otherwise
wa’m 10 20 b cos(]PDl’m)J
with
wim=(2-VER!m ) wim =R,
cLphm cLplm
10 10 +1+2-cos(IPD!™).IcC!™.10 20
ERIM =
cLpt:m cLplm
10 10 +1+2-I1CC1M-10 20
where ER repfesents the energy ratio between a phase aligned and/ahen-phase aligned downmix.
7.11.2.3 (alculation of pre-matrix M1 and mix-matrix M2
7.11.2.3.1 GQGeneral

The calculati
Rlz’m, is dong

section. In cag
7.11.2.3.2 U

For the 2-1-2

RT:{

n of pre-matrix M1 and mix-matrix"M2, which are interpolated versions of Ri’m G:’m H

b according to ISO/IEC 23003=1:2007, 6.5, but with the modifications described in the foll
e that IPD parameters are available, mix-matrix M2 is modified for phase synthesis.

pmix without IPD ceding

ronfiguration R}’m is defined according to:

ﬂ

1,

and

bwing

The Gi’m matrix is defined as for the 5-1-5 configuration according to ISO/IEC 23003-1:2007, e.g., if no external
downmix compensation is applied:

G" =l 0]

The matrix Hi’m for the 2-1-2 configuration defaults to the unity matrix.

174
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For the Rgm matrix, the elements are calculated from an equivalent model of one OTT box according to:

I,m I,m
R _|:H1 Lorr leorr}
2 I,m I,m
H215, H225,
7.11.2.3.3 Upmix with IPD/OPD coding

If bsPhaseCoding == 1 and bsResidualCoding == 0, then in the case that the IPD coding is enabled for the
current frame, the phase correction angles from the IPD and estimated OPD for the two output channels are given

f l] 4= 4= L | H 1 1
or alj }qu dIIITLTI STLS T dlIU lJl ULCDDIIIS UdItusS 171,

lm _ /,
4" =oPD

lm _ I /
4" =OPD — IPD""

. . i 1, 1,
It is noted that due to the wrapping property of phase values, the correction-angles ¢, " and 0, " hre calculated

using @ modulo 2x operation.

Adapffive smoothing is applied to the phase correction angles. The smooethed correction angles ar¢ calculated as
follows:

Lm _I-1m
@, =SmoothAngle(l9;’”’,6’x ,5(1)]

where x=1 or 2,

50 + (1= 8 )& prey | =y | S 7
gmoothAngle(at,a ,,,,5) = 5a+(1—5)(aprev+27z) A=y, > 7 pm0d 27
S(@+27)+(1-6) ey A= pp, <—7
and

A (¢(1)+1)/128 J1=0
¢(1) =
(e(D)—t(k=1)) /128 ,1>0

Smoothing can“be disabled by the encoder using the bsOPDSmoothingMode flag or shall be disabled by the
decoder if thesIPD resulting from the smoothed phase correction angles deviates from the transmitted IPD by
more than‘a defined threshold, as shown here:

él'm _ { 6L™ (bsoPDSmoothingMode=0)II(|aIPDV™|>8)
X

g,lc'm,else
where
50
—n  bsQuantCoarselPD =1
9= 180
| 25
@ﬂ' bsQuantCoarselPD =0
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and AIPD"™ is the difference between the transmitted IPD and the IPD resulting from the smoothed angles,

normalized to

AIPD"™

arange of + 7 :

(IPDI oM (éll’m - éém) + 71) mod 27 — 7

To obtain the phase correction angles for all time slots, a linear interpolation with unwrapping is performed:

(1 a(n, Il) ~Lm, a(n, IIQI i .‘§{=m—§{_1=m <T
d X - X X
g_njm — i‘l u‘-’” )}{éi =1m - 2,‘ ’-t'(..LI s ;‘-'G.i'_m - L}a;.l’_m _5\!—‘1 m .
X J X X X
(1-a(n, D)6 tm +a(n, I|(t9" m+2*r) ,@m_gi-im o _ g
X X
The phase syrthesis is applied by modifying the mix-matrix M2 as follows:
—n.x(k)
, / n.k nk
1 E 0 M11 M12
2 =n.x( k) n.k nk
i&. : :
0 e’ My My
7.11.2.3.4 Upmix with prediction-based IPD coding

If bsResidualCoding == 1, the matrix Ré’m

IPD"™ valug
and processin

Lm _
R;™ =

where

clm=m

s are used, and where, if bsPhaseCoding ==
g bands m ):

Im.

1 |- 1
I.m Im Tm ) ,m < resBands
H11 5 HI1250 2¢M | 1e 1
210 H2205m, L aslm gl |
,otherwise
27 14 ol —Bhm

CLDII.""+1
n

CLDII."" +1+2.1CCh™m .cos (IPD”’”)-JCLDI.""
in lin

1.2,

in

1

SCD)™ 2 j-sin (IPDL™)-1CC1™ L [CLD) ™

0,the'value IPD =0 is used for all parameter

is defined as follows (whete, if bsPhaseCoding == 1, the transmitted

sets /

al,m:

CLDII_"" +142-1CCI"™ .cos (IPD"’")-./CLDI.”"
in lin

)

2-\/CLDIII,’;" -(1—(166"’")2)

,Bl,m —

using

Im_
cLof=

176

CLD™+1+2-cos (IPD[’”’)-ICCI"” JCLDL™

cLp!m
10 10
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It is noted that resBands refers to the value of bsResidualBands, i.e., the number of MPS parameter bands where

residual coding is use

d.

Incase CLD!™=1, ICC"" =1 and IPD"" = 1

1 |1 1
,m < resBands
m 2cc,,-p I -1
2 110 .
,otherwise
2¢ . 1—1 0
L (/LI-IJ - -

wher¢ €, = 1.2
7.11.2.4  Transient steering decorrelator (TSD)

The decorrelator block D in the OTT decoding block (Figure 20) consists of a_signal separator, twi

structures, and a signal combiner as shown in Figure 22.

decorrelator block D

decorrelator

Ve

wherg

DAP:

nk
dX

vn,k
X, nonTr > DAP ﬂ
vyt | transient o
" separation 2
nsk
VX 1 » Drr 4T
A A
.
TsdSepData bsTsdTrPhaseData

Figure 22 — Transient steering decorrelator block D

11-pass decorrelator as defined in 7.11.2.5.

Drg : Transient decorr

elator.

If the TSD tool is active in the current frame, i.e., if (bsTsdEnable==1), the input signal is separated into a transient

k .
stream V;'( 7r and a non-transient stream v

n,k
Vn,k _ VX
X, Tr—

n,k

X nonTr according to:

,if TsdSepData(n) =1, 7<k

0 , otherwise

vn,k _ 0
X,nonTr — vn,k
X

,if TsdSepData(n)=1, 7<k

, otherwise
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The per-slot transient separation flag TsdSepData(n) is decoded from the variable length code word
bsTsdCodedPos by TsdTrPos_dec() as described below. The code word length of bsTsdCodedPos, i.e.,
nBitsTsdCW, is calculated according to:

) ) numsSlots
nBitsTsdCW = ceil| log,

bsTsdNumTrSlots + 1

Decoding of the TSD transient slot separation data bsTsdCodedPos into TsdSepData(n), an array of length
numSlots consisting of ‘1’s for coded transient positions and ‘0’s otherwise, is defined as follows:

Position deco

bsTsdCq
bsTsdNy|
numSlot

0]
Il

for (k=0; X
TsdSepD

for (k=N-1;

If the TSD to
TsdSepData(n

Transient sig

g furction 15d TrPos_dec(bsTsdCodedPos):

[dedPos;
TrSlots+1l;
S 7

N; k++)

atal[k]=0;

k) |

(i k>=0; k--)
TsdSepDatalk]=1;
ak;

1;
;7 h<=p; h++) {
- p + h;

T TN+

k
h;
(int)c) { /* ¢ is long long formlup to 32 slots */

c;
SepDatalk]=1;

break;

pl is disabled in~the’ current frame, i.e., if (bsTsdEnable==0), the input signal is processec
)=0 for all n.

al components are processed in a transient decorrelator structure Dpp, as follows:

eIy v;'(kT ,if bsTsdEnable=1

r

where

Prsp=7"

T

0 , otherwise

0.25-bsTsdTrPhaseData(n).

as if

The non-transient signal components are processed in all-pass decorrelator D,p as defined in 7.11.2.5, yielding

the decorrelator output for non-transient signal components,

dn,k

X,nonTr

178

— n,k
_DAP {VX,nonTr} :
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The decorrelator outputs are added to form the decorrelated signal containing both transient and non-transient
components,

nk _ jynk n,k
dX _dX,Tr +dX,nonTr :
7.11.2.5  All-pass decorrelator

7.11.2.5.1 General

As described in ISO/IEC 23003-1:2007, 6.6, the de-correlation filters consist of a frequency-dependent pre-delay

followed by all-pass (IIR) sections.

For the 2-1-2 configuration, the frequency axis is divided into up to four different regions|according to
bsDecprrConfig but only one decorrelator is used, X = 0.
In eadh frequency region the length of the delay is defined as:
n-11,k
vy Jk ek,
n-10,k
gnk_Vx k ek,
X delay — -5 k
Y v;'( 5, ,k S k2
vk kek,
The delayed hybrid subband domain samples are then filtered,according to ISO/IEC 23003-1:200f/, 6.6.2, using

the fo

oy

lowing lattice coefficients:

or region ko, the length of the coefficient vectoris given by L =10, and the lattice coeffic

- ln
lents [y  are

defined according to Table 141.
n
— Hor region k', the length of the coefficient vector is given by L= 8, and the lattice coeffidients *! are
defined according to Table 142.
_ I
— Hor region k2, the length of. the coefficient vector is given by L= 3, and the lattice coeffidients > are
defined according to Table 143:

QT

or region k3, the length of the coefficient vector is given by L =2, and the lattice coeffid

efined accordingto-Table 144.

Table 141 — Lattice coefficients l)n(,o for region ko

lattice coefficients for region ko

lents X3 are

o420

V.U1l0J

-0.3819
-0.2331
-0.1467
-0.0074
0.0281
0.1061
-0.2914
0.1576
0.0898

O| 0 (N[N U D] W[N] D
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Table 142 — Lattice coefficients l;’l for region f,

lattice coefficients for region

-0.2874

-0.0732

0.1000

-0.1121

0.0822

O-0200

U.U4LVUL

-0.0521

N O | W N RO

-0.1221

Table 143 — Lattice coefficients l;’z for region £k,

lattice coefficients for region £,

0 0.1358
-0.0373
2 0.0357

Table 144 — Lattice coefficients l)n(,3 for region k3

lattice coefficients for region k3

0 0.0352

-0.0130

7.11.2.5.2 Fractional delay decorrelator

The use of fractional delay in the.decorrelator is optional. The filter coefficients are derived from the |attice
coefficients ir] a different manner,)depending on whether fractional delay is used or not. For a fractional|delay
decorrelator, f fractional delay«is applied by adding a frequency dependent phase-offset to the lattice coefficients.

The lattice cogfficients ¢)n(k are calculated as shown in Table 145 with qk and phase coefficients (D; as defined
in ISO/IEC 23p03-1:2007, Table 92 and Table A.30 respectively.

Table 145 — Calculation of lattice coefficients

k Normal decorrelator Fractional delay decorrelator n
k n,k ln ] PR o ln
0 y = X =C&Xp Py -4 X,0 0,...,9
n,k n n,k n n
k, v =1, —exp( Py )IX’I 0,..,7
k n,k ln n, /r _ _] n k n
2 y = =eXp 5 Py 4 'IX,z 0,1,2
n,k n n, /c _ J n k n
k, Yy = l =exXp (5 Py q ) 'lX,s 0,1
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7.11.2.6  Modification of core decoder output

If bsResidualCoding == 1 and bsPseudoLr == 1, the time domain output from the decoded CPE is rotated into the
DMX/RES domain using a mid/side transform prior to any SBR or MPS processing block as described by the
following equation.

CPE lefi 1 {1 1 } CPE lefi
= X
CPE}‘ight \/5 1 _1 CPEright

7-11-"-7 SBR dctudius

If bsResidualCoding == 0, mono SBR decoding is invoked prior to MPS decoding (as showh“in Figure 23). The
DMX input of the MPS decoder is fed by the 64 QMF band output from the SBR decoder.

DMX | MonoSBR | | X
USAC decoder Ll MPS _>
—»] core decoder
decoder R )

Figure 23 — bsResidualCoding ==

If bsRlesidualCoding == 1 and bsStereoSbr == 0, mono SBR'décoding is invoked prior to MPS decodiing (as shown
in Fighre 24). The DMX input to the MPS decoder is fed bythe 64 QMF band output from the SBR decoder. The RES
input|to the MPS decoder is fed by the 32 (16, 24, depending on sbrRatiolndex) QMF band analykis of the RES
outpuft from the core decoder, with the upper 32 (fesp. 48, 40) QMF bands set to zero (as described in ISO/IEC
23003-1:2007, 6.3.3 for downsampled MPS decoder operation).

DMX | MonoSBR | L
USAC decoder Ll MPS _>
—»] core decoder
decoder | RES . R .

Figure 24 — bsResidualCoding == 1, bsStereoSbr ==

If bsResidualGoeding == 1 and bsStereoSbr == 1, MPS decoding is invoked prior to stereo SBR| decoding (as
shown in Figure”25), so that SBR is applied to the left/right stereo signal. It is noted that this impljes a different
synchll‘onization between the core signal and the SBR data as compared to the situation when bsStereoSbr == 0,
due t¢ thé/384 samples delay of the hybrid analysis filterbank in the MPS decoder which cannot share the 6 QMF
sample Took-ahiead with the SBR decoder im this configuration. 1he MPS decoder is fed by the 32 (16, 24,
depending on sbrRatiolndex) QMF band analysis of the output of the core decoder, with the upper 32 (resp. 48,
40) QMF bands set to zero (as described in ISO/IEC 23003-1:2007, 6.3.3 for downsampled MPS decoder
operation).

DMX L
USAC > MPS »| Stereo >
—»| core decoder SBR
decoder RES decoder | R
> > —

Figure 25 — bsResidualCoding == 1, bsStereoSbr ==
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MPS212 decoding in USAC is always done in combination with SBR decoding, using one of the three configurations
shown above. The output of this combined MPS212 and SBR decoding is always a 64 QMF band representation of
the stereo output signal, independent from the output sampling frequency of the USAC decoder.

7.12 AVQ decoding

Algebraic vector quantization (AVQ) is used to quantize two sets of parameters in LPD mode: the coefficients of
the LPC filter (in the form of ISFs) and the DCT coefficients in the FAC correction at the junction between an
ACELP frame and an MDCT frame. AVQ quantizes blocks (or vectors) of 8 dimensions. So in LPC quantization, two
8-dimensional blocks are quantized since the LPC filter has order 16. Alternatively, when applied to quantize the
FAC correction, the number of 8-dimensional blocks of DCT coefficients quantized with AVQ depends on the size
of the FAC wifidow. Before Tooking at the decoding steps we will first give some definitions.

The quantizer used in the AVQ tool is based on the rotated Gosset lattice denoted by REy, a regular arrangement of
points in 8 dirpensions. The REglattice is defined as follows:

RE, =2, U{2D +(1,1,1,1,1,1,1,1)}

where Dy is te 8-dimensional lattice with integer components whose sum is even (or'equal to 0 modulo 2). Hence,
2Dg is populated by 8-dimensional vectors with integer components whose sum-is 0" modulo 4. Also, lattice[2Dg +
(1,1,1,1,1,1,1,1) is simply 2Dg shifted by vector (1,1,1,1,1,1,1,1). So REgis the Gnjon of all points in 2Dg and |n 2Dg
+(1,1,1,1,1,1,1,1). Two example vectors in REg are (1,1,-1,1,1,-1,-1,-1) and (6,2,0,0,0,0,0,2).

Points in a lattice can be generated using the generator matrix for.that lattice. For a lattice in n dimensiogs, the
generator mafrix is an nxn matrix. The generator matrix of lattice REg is given by:

=N N NN DS
_ 0 O O O O Mo
_ 0 O O O N O O
_ 0 O O O O O
_ o O N O O O O
_ O N O O O O O
il O O O o o O
o O O O o o O

If k is an 8-dinensional line\vector with integer components, then the matric product k G is a lattice point in REj.
For example, Bising k =\(1,0,0,0,0,0,0,0), we get c = k G = (4,0,0,0,0,0,0,0) which satisfies sum(k * G) = 0 modulo 4 so
it is a point in theAattice. Or if k = (1,0,0,0,0,0,0,-1), then ¢ = kG = (3,-1,-1,-1,-1,-1,-1,-1) which is also a pgint in
lattice REg. An] soon:

Any lattice as the REg lattice has an infinite number of lattice points which theoretically extend to infinity in all

dimensions of the lattice. In the AVQ tool of USAC, to form codebooks with finite rate usable for vector
quantization, the lattice is spherically limited and embedded in four so-called base codebooks: Q, @,, Q3 and Q.

Qo has only one entry (0-bit codebook) which is the origin vector (0,0,0,0,0,0,0,0) to indicate that the vector is not
quantized. @, is the smallest codebook covering 256 vectors (8 bits) around the origin (Qy). Q3 is a larger
codebook with 4096 vectors (12 bits) and is embedded with Q, meaning that Q, is a subset of Q3. Q, is the biggest
codebook covering 65536 vectors (16 bits) and is not embedded with @3 meaning that @, and Q5 together cover
all the base codebook space. Hence, a base codebook @, is a 4n bit codebook, that is Q,, comprises exactly 24n
lattice vectors. Note that in the AVQ there is no Q4 (considered not optimal). Instead of adding many codebooks to
cover a wide range of subsets in REg, an additional algebraic quantization is used as an extension of Q3 or Q4. This
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additional quantization, scalable with steps of 8 bits, replaces Qs, Q- and so on up to @3z when used on top of Q5
and @, Qg and so on up to @3, when used on top of Q. The extension, called Voronoi extension, is explained below.

According to the properties of REj, it can be shown that all points of the lattice lie on a succession of concentric

spheres with specific radii. As an example, two such concentric spheres are drawn in Figure 26 below using a 2-
dimensional codebook for illustration.

Figure 26 — Concentric spheres in a 2-dimensional
AVQ codebook illustration

Obviopsly, all lattice points on one of those concentric spheres have the same length. Since permytations of the
comppnents of a given vector produce other vectors of same length, all permutations of some latti¢e point lie on
the same sphere. This gives rise to the notion of leader, a central corncept used for enumerating (and thus
transmitting) the lattice points in the base codebooks, and thus used in the AVQ tool. A leader is ddfined as an 8-
dimersional vector which is part of the lattice and whose compgonents are sorted in descengling order of
magnitude. There will be two kinds of leaders: absolute leaders, with all components positive or zero, and signed
leaders, with components also taking positive and negative, sign. To take an example, (2,2,0,0,0,0,0,0) and
(1,1,1)1,1,1,1,1) are the two absolute leaders on the first sphere of the lattice. Furthermore, therg are 3 signed
leaders corresponding to the absolute leader (2,2,0,0,0,050,0), namely (2,2,0,0,0,0,0,0), (2,0,0,0,0,0,0,0,-2) and
(0,0,0{0,0,0,0,-2,-2). And there are 5 signed leaders corresponding to the absolute leader (1,1,1,1,1,[,1,1), namely
(1,1,141,1,1,1,1), (1,1,1,1,1,1,-1,-1), (1,1,1,1,-1,-1,-1,-1),1,1,-1,-1,-1,-1,-1,-1) and (-1,-1,-1,-1,-1,-1,-1f1). It can be
verifigd, with the definitions given above, that anypermutation of these signed leaders is a point in the lattice RE.

Decoding a vector in one of the base codeboeks will thus require determining, from the received parameters in the
bitstream, the identity of the codebook (@3, Q3 or Q4) and then the absolute and signed leader 1nd finally the

permuitation of the signed leader components to provide the identity of the lattice point selected at the encoder.

Throygh adaptive bit allocation, the encoder can select larger or smaller lattice codebooks to encgde a given 8-
dimersional block of coefficients. The spherical enumeration and leader concept could be used to donstruct even
larger| codebooks than thétbase codebooks Q,, Q3 and Q4. However, beyond these base codebooks a technique
called| the Voronoi extension is applied. Suppose that a vector x had to be quantized, and that x ligd outside the
largedt base codebodk as shown here in red (in Figure 27, the Voronoi or nearest-neighbour regionp around each
latticq point in thé)base codebook are shown):

Figure 27 — Vector x lies outside of the largest base codebook
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Then, to allow quantization of vector x, the base codebook is first scaled up by a factor of m, like in Figure 28, with
a scale factor of 2.

Now vector x
base codeboo
than one latti

scale factor o
additional bit

the lattice, th|
additional cod

To decode the
the received

m for the bas
the leader arf
codebook, v. T|

B =1
Hence, the de

the scaled ba
applied, a latt

Q5 or Q, (with
With these de

For each 8-di
decoder:

Figure 28 — Scaled base codebook with vector x
falling within the codebook space

ies “inside” the base codebook (actually inside the Voronoi region of one of'the vectors of the
k). However the Voronoi regions have been enlarged so the expanded fegion will now cover
ce point, in the case of REg the Voronoi region will cover 16™=256 pgints and use 4m=8 bit

m = 2. Then, each time a base codebook is enlarged by a factor af two, the Voronoi region n¢
in order to cover all REglattice points inside the codebook. Also; because of the regular struct

e Voronoi extension retains the lattice structure. That is, the extended codebook points aj
ebook points from the Voronoi extension are all lattice p@ints in REg,

lattice point nearest to vector x selected at the encoder, the decoder will require to determine
arameters in the bitstream, the identity of the base codebook (Q,, Q3 or Q,), then the scaling

e codebook (if the Voronoi extension is used),(then the decoded point c in the base codebook
d permutation technique discussed aboye); and finally the vector from the Voronoi extq
he decoded lattice point will then be obtained as:

nc+ v
scription of any lattice point.using the Voronoi extension method uses two components, one

e codebook and the other from the Voronoi extension. Otherwise, when no Voronoi extens
ce point is simply deseribed as vector c, an element in one of the (unscaled) based codebooks

Qo used only to indicate the all zero vector).

finitions we ean'riow turn to the actual decoding steps for the AVQ tool.

mensional-block of coefficients quantized with the AVQ tool, three parameters are received

scaled
more
5 for a
eds 8
ure of

d the

from
factor
(with
nsion

from
ion is

20' Qz'

at the

a codebo

avectori

bhlr by
Dt

3 .
oo ot 47T,

ndex [;

and possibly a Voronoi extension index k, depending on the value of gn (if gn > 4, a Voronoi index k is

received for the 8-dimensional block encoded, otherwise only the codebook number gn and the vector index I
are received and used for decoding that block of coefficients).

<

If gn

4 (i.e., if no Voronoi extension index k is received) then decoding indices gn and I will produce an 8-

dimensional block of coefficients B = c. Otherwise, if gn > 4, then decoding gn, I and k will produce an 8-
dimensional block of coefficients B = m c + v. The significance of m, y and v is as described above.

In a first step, if gn = 0 then ¢ = (0,0,0,0,0,0,0,0) that is the decoded 8-dimensional block of coefficients is set to 0 in
all its components. In this case, the following decoding steps are not applied.
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The scaling factor m is obtained as follows:

— ifgn <4, no scaling factor is used (no Voronoi extension, use only base codebook c);

-3:2020(E)

— ifgn > 4, m = 2" with exponent r = 1 when gn is in {5,6}, r = 2 when gn s in {7,8}, r = 3 when gn is in {9,10},

a

nd so on up to r=16 when gnisin {35,36}.

Hence the scaling factors for the Voronoi extension, when applied, are integer powers of 2.

Next we describe how the indices I and k are decoded to produce, respectively, the 8-dimentional vectors ¢ (entry
from base codebook) and v (Voronoi extension).

First,
follow

— i

— i
Vi

Since

h base codebook index n and the level of the Voronoi extension are computed from the codebo
S:

gn<4,then n=gn and there is no Voronoi extension (k is not even present in the bitstreamn

qn>4,thenn = 3 if gnis odd and n = 4 if qn is even (so only Q3 or Q, isrused as base cod|
oronoi extension).

qn is a positive integer (including 0 but excluding 1), the base codebedk index n is in {0, 2, 3

each base codebook @, comprises 241 entries (lattice points). So Qp has l-entry, namely the origin [

of thg
Conse
index

1

lattice. Q, has 256 entries (or 256 lattice points). Q; has~4096 entries and Q, has 6
quently, index I comprises 4n bits and uniquely identifies.onelattice point in Q,. Knowing the }
n, the decoding of index I follows steps 1 to 6 below:

) From the value of the received vector index.{, determine the absolute leader. This ah
identification is done by comparing index./ to the cardinality offset table for absolute ld
codebook @,. The absolute leader will be identified as the position in the cardinality offs
has the closest and lesser or equal value to I. The cardinality offset table of base codebooK
13 = {0, 128, 240, 256, 1376, 2400,3744, 3856, 4080} - Q, uses only a subset of these. T|
offset table of base codebook Qgis 14 = {0, 1792, 5376, 5632, 12800, 21760, 22784, 31744,
52800, 53248, 57728, 60416,61440, 61552, 62896, 63120, 64144, 64368, 64480, 64704, ¢
65056, 65280, 65504, 65520}. So, for example, if n = 3 and index I = 467, the closest and 1
value in the cardinality-offset table I3 is 256. Select the absolute leader “number 3”, since th
at position 3 (starting counting at position 0) in the cardinality offset table.

bk index gn as

);

ebook for the

4}. To recall,
,0,0,0,0,0,0,0]
5536 entries.
ase codebook

solute leader
aders of base
bt table which
s @, and Q3 is
he cardinality
38912, 45632,
b4720, 64944,

bsser or equal
e value 256 is
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2) Reconstruct the absolute leader by a table lookup in the_absolute leader table Da:

Table 146 — Absolute leader table, Da

_
_
_
[uy
_
[uy
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OO |IC|IC|IC|IC|C|OC QOO IQC|IQC|IO|IRIOINICIOIRININ|IW|IFR|ICOIN|RIN(OFRIN|IOC|R|IN|O
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OO0 |CC|IC|IC|CC|IO|RCIC|IC|IO(R|IC|ICICIC R |IC(O|R|IFRICIC|IFRINOFR|IC|O(R|IC|O|(F

o|o |0 |N

EacH line\in' table Da contains the 8 components of an absolute leader.

For example, if in step 1 the absolute leader “number 3” is selected, then reconstructing the absolute
leader means selecting the third line of table Da, namely the 8-dimensional vector ya = [2,2,2,2,0,0,0,0].

3) Search for the identifier of the signed leader by comparing index I to the cardinality offset table of signed

leaders Is given below (table Is is a 1-dimensional table). The signed leader will be identified as the
position in table Is which has the closest and lesser or equal value to 1.
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256,
1880,
28,
2240,
5348,
5377,
5632,
11736,
17000,
3828,
22776,

1,
326,
1888,
196,
2660,
2400,
5385,
5912,
11904,
17280,
21760,
22784,

29,
606,
1896,
616,
2688,
2568,
5413,
6472,
11960,
17560,
21768,
22854,

99,
1026,
2064,
1176,
3024,
2904,
5469,
6528,

12520,
18680,

21936,
23274,

127,
1306,
2344,
1596,
4144,
3072,
5539,
6696,

12800,
20360,
22216,
23344,

128,
1376,
240,
1764,
4480,
3240,
5595,
8376,
13080,

21480,
22272,
24464,

156,
1432,
248,
1792,
4508,
3576,
5623,
9216,
14200,
3744,
22328,
25584,
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212,
1712,
0,
1820,
4928,
5376,
5631,
10056,
15880,
3772,
22608,
26004,

-3:2020(E)

85277
32136,
36560,
41432,
47424,
51008,
52856,
55768,
59408,
60936,
61552,
63008,
63968,
64452,
64776,
65168,
65520,

89744
32976,
37680,
43112,
47480,
51344,
53024,
56608,
59744,
61104,
61720,
63064,
64136,
64480,
64832,
65224,
65528} ;

30064
34096,
38520,
43952,
48320,
52464,
53192,
57448,
60080,
61384,
62056,
63120,
64144,
64536,
64888,
65280,

3T18%7
34936,
38856,
44372,
49160,

3856,
53248,
57728,
60416,

4080,
62224,
63128,
64200,
64592,
64944,
65336,

312547
35272,
38912,
45212,
49216,

3912,
53528,
58064,
60472,

4088,
62392,
63296,
64256,
64648,
64972,
65392,

3T67%
35328,
39332,
45632,
49272,

3968,
54368,
58400,
60752,
61440,
62728,
63576,
64312,
64704,
65028,
65448,

ST
35384,
40172,
45968,
50112,

4024,
55208,
58736,
60920,
61468,
62896,
63632,
643684
64712,
65656,
65504,

318007
35720,
40592,
47088,
50952,
52800,
55488,
59072,
60928,
61524,
62952,
63668,
64396,
64720,
65112,
65512,

So taking again the example in Step 1 where €edebook number n = 3 and vector index I = 4
and lesser or equal entry in table Is is 3262This value of 326 is at position 9 in table Is. T
signed leader this corresponds to, it is*required to know which absolute leaders, in ordg
populate codebook @,, and to look atheth Da and Is tables. Table A3 = {0,1,4,2,3,7,11,17,22

position of the absolute leaders frem’'table Da to populate codebook Q3. And table A4 = {5,
13, 14, 15, 16, 18, 19, 20, 21, 23,24, 25, 26, 27, 28, 29, 30, 31, 32, 33, 34, 35, 36} indicates t

H7, the closest
b know which
r, are used to

indicates the
6,8,9,10,12,
he position of

the absolute leaders from table Da to populate codebook Q. So, to continue with the example using n = 3

and index I = 467, the-first absolute leader is [1,1,1,1,1,1,1,1], which has five signed led
above. These first five signed leaders map to the values 1, 29, 99, 127 and 128 respectively
continue in table Js:up to the 9th element (with value 326). So, according to table A3, the
leader in Q3 is [3,1,1,1,1,1,1,1], which has 8 signed leaders: [3,1,1,1,1,1,1,-1], [3,1,1,1,1,-1,-1
1,-1,-1,-1], [3>-¥,-1,-1,-1,-1,-1,-1], ], [1,1,1,1,1,1,1, -3], [1,1,1,1,1,-1,-1, -3] and [1,1,1,-1,-1,-1,1
1,-1,-1,-1,535-1, -3]. These eight signed leaders map to the next 8 values in table Is, namely
326, 606, 1026, 1306 and 1376. Advance to the ninth position in table Is and thus to thg
leader-forming codebook @3, then pick the fourth of these signed leaders, that is vector [3

1,-17. It is a specific permutation of the elements of this signed leader that will form the d|

ders as given
in table Is. We
next absolute
_1]; [3;]-'11-1;_
1, -3] and [1,-
156,212, 256,

ninth signed
-1,-1,-1,-1,-1,-
ecoded lattice

véctor y (see Step 5).

4) Calculate the rank of the permutation, obtained as the difference between the received vector index I/ and
the value in table Is closest (but lesser or equal) to I. So, for example, if the received index was I = 467,
then its closest (and lesser) value in table Is is 326 and therefore the rank of the permutation (for the
signed leader identified in step 3) is 467 -326 = 101. The rank of permutation can take any value
between 0 and Ptotal-1 where Ptotal is the total number of different permutations for the signed leader
selected in step 3.

5) Using the selected signed leader from Step 3 and the rank of permutation from Step 4, apply the proper
permutation to the elements of the signed leader to obtain the decoded lattice vector ¢ from the base
codebook. To do this, the elements of the signed leader are seen as forming an alphabet. So first, the
number q of different symbols in the alphabet is computed, along with the number of occurences of each
symbol in the signed leader. For example, for the signed leader [3,-1,-1,-1,-1,-1,-1,-1] we have g =2,a = [3,
-1] and w = [1,7], where vector a contains the alphabet and vector w contains the number of occurences
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188

6)

of each element of a in the signed leader. The product B of the elements in vector w is also calculated. So,
taking the same example as above, B = 1*7 = 7. If g = 1 then the signed leader is actually the decoded
lattice point (since all elements of the signed leader are equal). Otherwise, the following algorithm is
applied to position each element of alphabet a into proper position (i.e., apply the correct permutation to
the signed leader):

At the end of this loop, the 8-dimensional vector ¢ contains the properly permuted elements of the 3

lead

One

codgbook index gn > 4). The Voronoi indéx k is actually a set of 8 integers (it can be seen as
dimgnsional vector of integers), all in the'range 0.m-1 where m = 27 is the Voronoi extension §
factqr. The exponent r = 1 when gn isiiw'{5,6}, r = 2 when gn is in {7,8}, r = 3 when gn is in {9,10},
on up to r =16 when gnis in {35,36}. Upon receiving the Voronoi index k, or actually the 8 integ

vect

following four substeps:

Set target = rank * B;
Setfac B=1;

For i going from 0 to 7 inclusively do the following:

— fac=fac_B* (7-1)};

— j=-1;

positive or 0;
— setelement c[i] = a[j];
— increment target by fac*w][j];
—  multiply fac_B by w[j];

— decrement w[j] by 1.

br to form the desired decoded base codebook vector.

last step is required if a Voronoi index.k was also received (recall that this happens only

br k, and knowing the sealing factor m, decoding the Voronoi extension requires applyir

Decode the lattice(point corresponding to k using the generator matrix, i.e., calculate vector y
where k is the 8-dimensional line vector containing the Voronoi extension indices and G
generator matrie of the REg lattice.

Shift vector v by a = (2,0,0,0,0,0,0,0) and divide this shifted vector by the scaling factor m to p
vectorz = (v - a) / m. Note that z will have integer components.

— iteratively increment j by 1 and remove the value fac*w][j] from target(@s-long as tafget is

igned

if the
an 8-
caling
ind so
ers in
g the

=kG
is the

oduce

Find the nearest neighbour of vector z In the REg lattice. Call y this nearest neighbour. Because
construction of lattice REj, this nearest neighbour is either in 2Dg or in 2Dg + (1,1,1,1,1,1,1,1).

of the

Remove m y from v to produce the Voronoi extension vector. So v =v - my is the Voronoi extension

vector.

The complete decoded lattice point for the 8-dimensional block of coefficients that was encoded using
the AVQ tool is obtained as:

reca

mc + v

lling that the base codevector c was obtained in step 5.
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In the ACELP mode, transmitted parameters include LPC filters, adaptive and fixed-codebook indices, adaptive and
fixed-codebook gains. In the TCX mode, transmitted parameters include LPC filters, energy parameters, and

quant

ization indices of MDCT coefficients. This subclause describes the decoding of the LPC filters.

7.13.2 Definition of elements

Ipc_set

LPC coefficient set index which goes from 0 (LPCO) up to 4 (LPC4)

mode
qn[kK]

Ipc_fi

kv[lp
7.13

The a
comb
turn d
The n
(core(
lpd_m

In add
each
first_1

The o
and L

3
.

correspondingly.

| Ipc Coding mode of the subsequent LPC parameters set.

Binary code associated with the corresponding codebook numbers

I'st_approximation_index[lpc_set] A vector index for the first approximationiof LPC filter par
the LPC filter set Ipc_set.

The rank I of a selected lattice point.

C_set][Kk][8] The AVQ refinement voronoi extension indices for LPC coefficient s

Number of LPC filters

ctual number of LPC filters nb_lpc which are encoded within the bitstream depends on the ACE
nation of the USAC frame. The ACELP/TCX modeé‘combination is extracted from the field Ipd_n
etermines the coding modes, mod[k] for k=0.%6 3, for each of the 4 subframes composing th
node value is 0 for ACELP, 1 for short TCX' (coreCoderFramelLength/4 samples), 2 for med
CoderFrameLength/2 samples), 3 for longs TCX (coreCoderFrameLength samples). See also thg
ode and mod[] in 6.2.10.2.

ition to the 1 to 4 LPC filters of/the superframe, an optional LPCO is transmitted for the first g
segment encoded using the \llPD core codec. This is indicated to the LPC decoding proced

bd_flag set to 1. In case of first_Ipd_flag==0, LPCO shall be equal to LPC4 of the previous super fj

rder in which the LPC filters are normally found in the bitstream is: LPC4, the optional LPC
PC3. The conditign for the presence of a given LPC filter within the bitstream is summarized in

Table 147 — Condition for the presence of a given LPC filter in the bitstream

e

ameters of

et Ipc_set.

LP/TCX mode
node which in
e USAC frame.
ium size TCX

definition of

uper-frame of
ure by a flag
ame.

), LPC2, LPC1,
Table 147.

LPC filter Present if

LPCO first_lpd_flag=1
PG mod|0<2

LPC2 mod[2]<3

LPC3 mod[2]<2

LPC4 Always

The bitstream is parsed to extract the quantization indices corresponding to each of the LPC filters required by the
ACELP/TCX mode combination. The following subclauses describes the operations needed to decode one of the
LPC filters.

7.13.4 General principle of the inverse quantizer

Inverse quantization of an LPC filter is performed as described in Figure 29. The LPC filters are quantized using
the line spectral frequency (LSF) representation. A first-stage approximation is computed as described in 7.13.6.
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An optional algebraic vector quantized (AVQ) refinement is then calculated as described in 7.13.7. The

quantized

LSF vector is reconstructed by adding the first-stage approximation and the inverse-weighted AVQ contribution.
The presence of an AVQ refinement depends on the actual quantization mode of the LPC filter, as explained in

7.13.5.

Encoded
indices ,
First-stage
. oo oo
: : approximation Inverse-
Vi E ) 4 quantized
ESFs
_____ 1 Inverse fv\
Demultiplexer weightin >
_____ ] gune N
! A
i_ Algebraic VQ
e decoder

Figure 29 — Principle of the weighted algebraic LPC inverse quantizer

The inverse-quantized LSF vector is subsequently converted into a vector-of LSP (line spectral pair) parameters,

then interpoldted and converted again into LPC parameters.

7.13.5 Decoding of the LPC quantization mode

LPC4 is always quantized using an absolute quantization approach. The other LPC filters can be quantized|using
either an absqlute quantization approach, or one of several relative quantization approaches. For these LPC filters,
the first infofmation extracted from the bitstream’is the quantization mode. This information is dgnoted

mode_lpc and is signalled in the bitstream using a variable-length binary code as indicated in Table 148.

Table 148 — Possible absolute and relative quantization modes,
corresponding bitstream signalling of mode_lpc
and coding modes for codebook numbers n,

bil::tsl:el:m Present if Filter Quantization mode mode_lpc B;ngzy m’:) rje
1. always LPC4 Absolute 0 (none) 0
) Absolute 0 0 0
2 firytIpd_flag=1 | LPCO Relative to LPC4 1 1 3
3 mod[2}<3 LPC2 Absolute 0 0 0
Relative to LPC4 1 1 3
Absolute 0 10 0
4. mod[0]<2 LPC1 Relative to 1 11 1
(LPCO+LPC2)/22
Relative to LPC2 2 0 2
Absolute 0 10 0
Relative to 1 0 1
5. mod[2]<2 LPC3 (LPC2+LPC4)/2
Relative to LPC2 2 110 2
Relative to LPC4 3 111 2
a In this mode, there is no second-stage AVQ quantizer.
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7.13.6 First-stage approximation
For each LPC filter, the quantization mode determines how the first-stage approximation of Figure 29 is computed.

For the absolute quantization mode (mode_lpc=0), an 8-bit index corresponding to a stochastic VQ-quantized first
stage approximation is extracted from the bitstream. The first-stage approximation is then computed by a simple
table look-up.

For relative quantization modes, the first-stage approximation is computed using already inverse-quantized LPC
filters, as indicated in the fourth column of Table 148. For example, for LPCO there is only one relative
quantization mode for whlch the inverse- quantlzed LPC4 filter constltutes the first- stage approx1mat10n For LPC1,
there are-tw ble—relative-gtantiza re-where-the-inverse enstijutes the first-
stage [approximation, the other for wh1ch the average between the inverse- quantlzed LPCQ-and LPC2 filters
constitutes the first-stage approximation. As all other operations related to LPC quantizationf computation of the
first-stage approximation is done in the LSF domain.

7.13.7 AVQrefinement

7.13.7.1 General
The next information extracted from the bitstream is related to the AVQ.refinement needed to build the inverse-

quantjzed LSF vector. The only exception is for LPC1: the bitstream contains no AVQ refinement wh¢n this filter is
encoded relatively to (LPCO+LPC2)/2.

The AVQ is based on an 8-dimensional REj lattice vector quantiZer. Decoding the LPC filters involves decoding the

two 8tdimensional sub-vectors ék , k=1 and 2, of the weighted residual LSF vector.

The AVQ information for these two subvectors is’extracted from the bitstream. It comprises|two encoded
codebook numbers qn1 and qn2, and the corresponding AVQ indices. These parameters are decoded as follows.

7.13.7.2 Decoding of codebook numbers

The first parameters extracted from.the bitstream in order to decode the AVQ refinement are the fwo codebook
numbkrs 7, k=1 and 2, for each of-the two subvectors mentioned above. The way the codebook numbers are
encoded depends on the LPC filter (LPCO to LPC4) and on its quantization mode (absolute or relatiye). As shown
in Table 148, there are four.different ways to encode 7. The details on the codes used for 7 are givep below.

n, modes 0 and 3:
The codebpok number ny is encoded as a variable length code qn[K], as follows:

Q7 — the code for ny is 00

Q3 — the code for ny is 01

Q4 — the code for ny is 10

Others: the code for nj is 11 followed by:
Q5 —0
Qe — 10

Qo — 110
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Q7 — 1110
Qg — 11110

etc.

nj mode 1:
The codebook number n is encoded as a unary code qn[K], as follows:

Qp — unary code for nj is 0

D> — unary code for nj is 10
)3 — unary code for nj is 110
)4 — unary code for nj is 1110

¢tc.

nj mode 2:
The codebook number ny, is encoded as a variable length code qn[K], asfollows:

)> — the code for nj is 00
D3 — the code for nj is 01

D4 — the code for nj is 10

Dthers: the code for ny, is 11 followed by:
Qp—0

Q5 — 10

Qe — 110

etc.

7.13.7.3 Decoding of AVQ(indices

Decoding the|LPC filtersiinvolves decoding the AVQ parameters describing each 8-dimensional quantized sub-
vector B, of the weighted residual LSF vectors. AVQ decoding is described in detail in 7.12.

7.13.7.4 (omputation of the LSF weights

At the encoder, the weights applied to the components of the residual LSF vector before AVQ quantization are:

N1, 400 :
-k =0.15
W(l) w ‘Vdi‘di+1 l
with:
d, = LSF1st[0]
ds =SF /2~ LSF1st[15]
d, = LSF1st[i]- LSF1stfi —1],i =1...15
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where LSFIst is the 15t stage LSF approximation and W is a scaling factor which depends on the quantization mode
(Table 149).

Table 149 — Normalization factor W for AVQ quantization

Filter Quantization mode w
LPC4 Absolute 60
LPCO Absolute 60
Relative LPC4 63
LPC2 Absolute 60
Relative LPC4 63
LPC1 Absolute 60
Relative (LPCO+LPC2)/2 65
Relative LPC2 64
LPC3 Absolute 60
Relative (LPC2+LPC4)/2 65
Relative LPC2 64
Relative LPC4 64

The corresponding inverse weighting shall be applied at the degoder to retrieve the quantized residyal LSF vector.

7.13.7.5 Reconstruction of the inverse-quantized LSE vector

The inverse-quantized LSF vector is obtained by, first, concatenating the two AVQ refinement subvectors Bl and

A

B, d¢coded as explained in 7.13.7.2 and 7.13.7.3 to form one single weighted residual LSF vector, then, applying

to thif weighted residual LSF vector the invetse of the weights computed as explained in 7.13.74 to form the
residyal LSF vector, and then again, adding this residual LSF vector to the first-stage approximatior) computed as
in 7.1B.6.

7.13.8 Reordering of quantized LSFs

Inverge-quantized LSFs are reordered and a minimum distance between adjacent LSFs of 50 Hz|is introduced
befor¢ they are used.

7.13.9 Conversion into LSP parameters

The inverse guantization procedure described so far results in the set of LPC parameters in the LSF domain. The
LSFs are then converted to the cosine domain (LSPs) using the relation g; = cos(®,), i=1,..,16 with wbeing the line

spectratfrequencies{ESF):
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7.13.10 Interpolation of LSP parameters

For each ACELP frame, although only one LPC filter corresponding to the end of the frame is transmitted, linear
interpolation is used to obtain a different filter in each subframe (N = coreCoderFrameLength/256 filters per

ACELP frame). The interpolation is performed between the LPC filter corresponding to the end of the previous
frame and the LPC filter corresponding to the end of the ACELP frame. Let LSP("€%) be the new available LSP

vector and LSP(°d) the previously available LSP vector. The interpolated LSP vectors for the st, subframes are

given by:
2N . -1 i i
LSP =(= 0o Ly splid) Ty Ly sptrew) | for i=0,..,N -1
2str str 2N sfr str

The interpolated LSP vectors are used to compute a different LP filter at each subframe using the LSP|to LP
conversion method described in 7.13.11.

7.13.11 LSP tp LP conversion

For each subframe, the interpolated LSP coefficients are converted into LP filter coefficiénts ax, which are used for
synthesizing the reconstructed signal in the subframe. By definition, the LSPs of a :6% order LP filter are the roots
of the two polynomials:

F(z)=|A(z)+z " A(z™")

and
Fy(2)=|A(z)~2z""A(z"")
which can be ¢xpressed as:
F(2)=1+z"F(2)
and
Fy(2)=[1-2z")E(2)
with

F(2)=| [ 22¢z"+27)

=1,3,.0,15

and

F()= [] (d-2¢z"+z7)

i=2,4,..,16

where q;, i = 1,..,16 are the LSFs in the cosine domain also called LSPs. The conversion to the LP domain is done as
follows. The coefficients of F1(z) and F»(z) are found by expanding the equations above knowing the quantized
and interpolated LSPs. The following recursive relation is used to compute F1(z):
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for i=1to 8
J1@)==2q,, /1G-D)+2f,(i-2)
for j=i—-1 down to 1
1D =129 010G -D+ /1 -2)
end
end

-3:2020(E)

with initial values f1(0) = 1 and f7(-1) = 0. The coefficients of F(z) are computed similarly by replacing q;_1 by

azj-

Once

to obtpin F’{(z) and F")(z); thatis

Finall

This i
Fi(z
7.13
In fra
the LH
in 7.1
Table

Right

wherg

.12 LPC initialization at decoder start-up

the coefficients of F{(z) and Fy(z) are found, F{(z) and F(z) is multiplied by 1+z71 and 1~z

fAO=1O+ fiG-D, i=1.8

fH@=fHLO-f0-D,  i=1..8

y, the LP coefficients are computed from f1 (i) and f»(i) by
OS5/ +0.515(), i=1..8
T 05507-0)-057(17-0), i=9,.16

5 directly derived from the equation A(z) = (F(2)+ F,(z))/2, and considering the fact tH

are symmetric and asymmetric polynomials;respectively.

151 before inverse LPG.quantization.
qfter inverse LPC quantization, the LSF vector corresponding to LPCO is reset as follows:

nrean_lsf + LSF;
2

LSFE

9

, respectively,

at F(z) and

mes where the first decoded frame is LPD and the initial filter LPCO is not transmitted within the bitstream,
D core decoder is reset asford regular start-up. In particular, the ACELP decoder is initialized as described
4.3. Additionally, the LSF-vector corresponding to the LPC filter LPCO is set to the valup specified in

filter of frame i, i being determined as defined in Table 150.

Table 150 — Value of i for calculating LSF,

Condition Value of i
mod[0]<2 1
mod[0]=2 2
mod[0]=3 4

© ISO/IEC 2020 - All rights reserved
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This operation corresponds to setting the LSF vector corresponding to LPCO to average between the mean LSF
vector and the nearest decoded LSF vector (which depends on the coding mode).

7.14 ACELP

7.14.1 Genejral

The following|describes the decoding of one ACELP frameWhich comprises coreCoderFrameLength/4 sample

Table 151 — Mean LSF vector for initialization
j mean_Isf(j)
1 394,21
2 754,45
3 1209,89
4 1580,47
5 1953,97
6 2325,80
7 2684,41
8 3038,39
9 3392,56
10 3744,71
11 4118,14
12 4483,09
13 4862,21
14 5219,69
15 5594,41
16 5945,73

7.14.2 Defirlition of elements

mean_energy

v

Quantized mean excitation energy per frame.

Table/152 — Mean excitation energy E

mean_energy decoded mean excitation energy, E
0 18 dB
1 30dB
2 42 dB
3 54 dB

acb_index[sfr]
Itp_filtering_flag[sfr]
icb_index[sfr]

gains|[sfr]

sfr

196

For each sublrame indicates the adaptive codebook index.
Adaptive codebook excitation filtering flag.
For each subframe indicates the innovation codebook index.

Quantized gains of the adaptive codebook and innovation codebook contribution
to the excitation.

denotes the number of subframes within one ACELP frame and is equal to
coreCoderFrameLength/256.
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7.14.3 ACELP initialization at USAC decoder start-up
At the start-up of the USAC decoder, the ACELP internal state (which contains the set of all static variables used by
ACELP and updated at every frame) is properly reset. Specifically, buffers used to store memories of past signals

are set to zero. This includes the past excitation buffer which is used to build the adaptive codebook. Memories of
gain values are also set to zero, and memories of pitch values are set to 64.

7.14.4 Setting of the ACELP excitation buffer using the past FD synthesis and LPCO

In case of a transition from FD to LPD, the past excitation buffer #'(n) and the buffer containing the past pre-

emphasized synthesis $(7) are updated using the past FD synthesis (including FAC or the overlapped TCX-signal)
and LPCO prior to the decoding of the ACELP excitation. For this the FD synthesis is pre-emphasizgd by applying
the pre-emphasis filter (1-0.68z71), and the result is copied to §(7). The resulting pre-efaplasjzed synthesis

is then filtered by the analysis filter A(z) using LPCO to obtain the excitation signal u'(n).

7.14.5 Decoding of CELP excitation

If the|mode in a frame is a CELP mode, the excitation consists of the additionjof scaled adaptive fodebook and
fixed ¢odebook vectors. In each subframe, the excitation is constructed by repeating the following stgps.

7.14.5.1  Decoding of adaptive codebook excitation, acb_index{]
The r¢ceived pitch index (adaptive codebook index) is used to find the integer and fractional parts of{ the pitch lag.
When|the ACELP frame length is equal to 256, the pitch valtie is encoded on 9 bits for the first and thiird subframes
and of 6 bits for the second and fourth subframes. Whensthe ACELP frame length is equal to 192, thq pitch value is

encoded on 9 bits for the first subframe only and on 6,bits for the two other subframes.

The pjtch value for a subframe is encoded using'a multi-segment scalar quantizer, each segment havjng a different
fractignal resolution.

When| the pitch value is encoded on 9 bits, a fractional pitch delay is used with resolutions % in thelrange [TMIN,
TFR2{%], resolutions % in the range [TFR2, TFR1-1], and integers only in the range [TFR1, TMAX]. TMIN, TFR2,
TFR1jand TMAX are the boundaries-of the segments of the quantizers which depend on the sampling frequency Fs
at which the ACELP coder operates according to the formula:
TMIN = round(34*Fs/12800)

TFR2 = 162-TMIN

TFR1\=160

TMAX = 27+6*TMIN

When the pitch value is encoded with 6 bits, a pitch resolution of 1/4 is always used in the range [T1-8, T1+734],
where T1 is the rounded down integer of the fractional pitch lag of the previous subframe. To be able to use as
many different pitch lags as possible T1 has to be between TMIN+8 and TMAX-7. So in case T1 < TMIN+8 set
T1=TMIN+8, just as if T1 > TMAX-7 set T1=TMAX-7.

The initial adaptive codebook excitation vector v’(n) is found by interpolating the past excitation « '(») at the pitch
delay and phase (fraction) using an FIR interpolation filter.

The adaptive codebook excitation is computed for the subframe size of 64 samples plus one extra sample for the
filtering operation as described in the following sentence.

The received adaptive filter index (ltp_filtering flag[]) is then used to decide whether the filtered adaptive
codebook is v(n) =v’(n) or v(n) = 0.18v’(n + 1) + 0.64v’(n) + 0.18v’(n — 1).
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ecoding of innovation codebook excitation, icb_index[]

The received algebraic codebook index is used to extract the positions and amplitudes (signs) of the excitation
pulses and to find the algebraic codevector c(n) (also called fixed codebook excitation vector, or innovative
excitation). That is:

N -1
p

c(n)= Y b5(n-m,)

=0

where bl. are the pulse amplitudes (1 or -1), m, are the pulse positions, and Ny is the number of pulses in a

codevector.

The algebraic
of the algebra

7.14.5.2.1 A

The 64 positi
positions in e
of signed pulj
pulse position

The tracks an

Since there arj
1 bit giving 5
with 9 bits, 3
bits.

Depending onf

codebook structure and the pulse indexing procedures which will help understanding the deg
¢ codebook excitation are given in 7.14.5.2.1.

Igebraic codebook structure
bns in the codevector (subframe length) are divided into 4 tracks of interleaved positions, w

es in the tracks (from 1 to 4 pulses per track). The codebook index, or codeword, represen
s and signs in each track.

l corresponding pulse positions are show in Table 153:

Table 153 — Tracks and pulse positions

Track Pesitions
0 0,4,8,12,16, 20,24, 28, 32 36, 40, 44, 48, 52, 56, 60
1 1,5,9,13,17,21, 25, 29, 33,37, 41, 45,49, 53,57, 61
2 2,6,10, 14,18, 22, 26, 30, 34, 38,42, 46, 50, 54, 58, 62
3 3,7,11(15, 19, 23, 27,31, 35,39, 43,47, 51, 55, 59, 63

e 16 positions in a traek; the pulse position is encoded with 4 bits and the pulse sign is encode
bits for a single pulse per track. As it will be shown below, two signed pulses per track are en|
signed pulses per-track are encoded with 13 bits, and 4 signed pulses per track are encoded w

the coding mode, the following codebooks are used:

oding

ith 16

hch track. The different codebooks at the different rates are constructed by placing a certain nymber

ts the

 with
coded
ith 16

12-bit coj

debook with 2 pulses i and i;. Pulse ij can be selected from either track 0 or 2, pulse i, ¢

an be

selected from either track 1 or 3 (5x2+2).

either track 1 or 3 (selected track signalled by a 1 bit field), which amounts to (5x3+1) = 16 bits.

198

20-bit codebook with one pulse per track (5x4).
28-bit codebook with 2 pulses in the first two tracks and 1 pulse in the other tracks (9x2 + 5x2).
36-bit codebook with 2 pulses per track (9x4).

44-bit codebook with 3 pulses in the first two tracks and 2 pulses in the other tracks (13x2 + 9x2).
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— 52-bit codebook with 3 pulses per track (13x4).
—  64-bit codebook with 4 pulses per track (16x4).
Below, the procedure to encode and decode 1 to 4 pulses per track is described. In the description there are 4
tracks per subframe, with 16 positions per track and pulse spacing of 4 as in the table above. The codebook index

is obtained by concatenating the indices of the pulses in the 4 tracks. For example, the 20-bit codebook is obtained
by concatenating the 5-bit indices of the pulses in the 4 tracks.

7.14.5.2.2 Decoding 1 signed pulse per track

The plulse position index is encoded with 4 bits and the sign index with 1 bit. The position index i} given by the
pulse |position in the subframe divided by the pulse spacing (integer division). The division rethainder gives the
track index. For example, a pulse at position 31 has a position index of 31/4 = 7 and it belong to the track with
index|3.

The sign of the decoded pulse is positive if the value of the sign index is 0, otherwise-the sign of the flecoded pulse
is negptive.

The ijdex of the signed pulse is given by:
Iy,=p +sx2M
wherg p is the position index (m/4), s is the sign index, and M=4.is'the number of bits per track.

To defcode the ACELP codevector, p and s are extracted ffom’the received index. The pulse positipn is given by
m=pxf+t where t is the track index (0 to 3). The pulse arhplitude is given by b=1 if s=0 else b=-1.

7.14.5.2.3 Decoding 2 signed pulses per track

In case of two pulses per track of K=2M poteatial positions (here M=4), each pulse needs 1 bit for the sign and M
bits fqr the position, which gives a total of 2M+2 bits. However, some redundancy exists due to the pnimportance
of theg pulse ordering. For example, placing the first pulse at position p and the second pulse af| position q is
equivalent to placing the first pulsehat position q and the second pulse at position p. One bit cap be saved by
encoding only one sign and dedueing the second sign from the ordering of the positions in the index. Here the
index|is given by:

Iop =Py + Pox2VH5px22M

wherg¢ s, is the sighiindex of the pulse at position index p,,. If the two signs are equal then the smaﬂ:er position is
set to|p, and the larger position is set to p;. On the other hand, of the two signs are not equal then the larger

positipn is sétto p, and the smaller position is set to p;.

To dekode-the-ACELP codevectorpr—prand-syare-extracted-from-the receivedindex ‘,Ap' Thepulse positions are

given by m;= p; x4+t where t is the track index (0 to 3). The pulse amplitude b is given by by=1 if s54=0 else by=-1.
The pulse amplitude b is given by b= b if py > p, else b;= -b,,

7.14.5.2.4 Decoding 3 signed pulses per track

In case of three pulses per track with 2™ positions, the pulse positions and signs are encoded 3M+1 bits. A simple
way of indexing the pulses is to divide the track positions in two sections (or halves) and identify a section that
contains at least two pulses. The number of positions in the section is K/2 = 2M/2 = 2M-1 which can be
represented with M-1 bits. The two pulses in the section containing at least two pulses are encoded with the
procedure for encoding 2 signed pulses (described above) which requires 2(M-1)+1 bits and the remaining pulse
which can be anywhere in the track (in either section) is encoded with the M+1 bits. Finally, the index of the
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section that contains the two pulses is encoded with 1 bit. Thus the total number of required bits is 2(M-1)+1 +
M+1+1=3M+1.

Note that if the two pulses belong to the upper half, they need to be shifted to the range (0-7) before encoding
them using 2x3+1 bits. This can be done by masking the M-1 least significant bits (LSB) with a mask consisting of
M-1 ones (which corresponds to the number 7 in this case).

The index of the 3 signed pulses is given by:

I3, = Ly +kx22M14 [ x22M

where Iy is the index of the two pulses in the same section, k is the section index (0 or 1), and I, is the.infdex of
the third pulse in the track.

To decode thd ACELP codevector, the received index I3p is used to extract the values of 12p Ilp, and k; The values of
mg, my, by and b.are found using the procedure for decoding 2 pulses in a track with length M/2which is 8 |n this
case. Note that before computing m, and m; the section of the track containing the two.pulses is takeh into
consideration|by incrementing p, and p; by 8 if k=1 (which shifts the positions to the upper half). The third| pulse
position and amplitude m, and b, are found by decoding I1p using the procedure for ¥pulse per track desgribed
above.

7.14.5.2.5 Decoding 4 signed pulses per track

The 4 signed |pulses in a track of length K=2M are encoded using 44/bits. Similar to the case of 3 pulses,|the K
positions in the track are divided into 2 sections (two halves) whére each section contains K/2=8 positions| Here
we denote thq sections as Section A with positions 0 to K/2-1 and‘Section B with positions K/2 to K-1. Each spction
can contain fijom 0 to 4 pulses. Table 154 shows the 5 cases representing the possible number of pulses in each
section:

Table 154 — Possible number of pulses in track Sections

case Pulses in section-A Pulses in section B Bits needed
0 0 4 4M-3
1 1 3 4M-2
2 2 2 4M-2
3 3 1 4M-2
4 4 0 4M-3

In cases 0 or 4, the4"pullses in a section of length K/2=2M-1 can be encoded using 4(M-1)+1=4M-3 bits (this Will be
explained belpwy),

In cases 1 or 3, the 1 pulse in a section of length K/2=2M-1 can be encoded with M-1+1 = M bits and the 3 pulses in
the other section can be encoded with 3(M-1)+1 = 3M-2 bits. This gives a total of 4M-2 bits.

In case 2, the pulses in a section of length K/2=2M-1 can be encoded with 2(M-1)+1 = 2M-1 bits. Thus for both
sections, 4M-2 bits are required.

Now the case index can be encoded with 2 bits (4 possible cases) assuming cases 0 and 4 are combined. Then for
cases 1, 2, or 3, the number of needed bits is 4M-2. This gives a total of 4M-2 + 2 = 4M bits. For cases 0 or 4, one bit
is needed for identifying either case, and 4M-3 bits are needed for encoding the 4 pulses in the section. Adding the
2 bits needed for the general case, this gives a total of 1+4M-3+2=4M bits.
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The index of the 4 signed pulses is given by:

Lyp = Ipp + kx24M-2

-3:2020(E)

where k is the case index (2 bits), and I, is the index of the pulses in both sections for each individual case.

For cases 0 and 4, 1, is given by:

— i 24M-3
IAB_0,4 - I4p_secti0n + ]XZ

wherg
sectio]

For c3

wherg
((M-1

For c3

wherg
Sectig

Finall

wherg
(3(M-

For c4
by fur
that c
of the
can bd

To de|

.. Ty o 1 L . X . L M N P T e
Ts—at=bitmdexTdentifyimgthesectiom withr 4pultses—and — s themdexof the 4
4p_section

n (which requires 4M-3 bits).
se 1,1,p is given by:

Ipp 1= I3p g+ I 4 x23M- 141

I3p_B is the index of the 3 pulses in Section B (3(M-1)+1 bits) and Ilp_A is the index of the pulg
+1 bits).

se 2,1 ,p is given by:
Ipp 2= Ipp g+ I p x22M- D41

Izp_]3 is the index of the 2 pulses in Section B (2(M-1)+1 bits) and Izp_A is the index of the
n A (2(M-1)+1 bits).

y, for case 3, I 5 is given by:

_ M
Ia3=11p g +13p 4 %2

Ilp_B is the index of the puls€’in Section B ((M-1)+1 bits) and 1310_A is the index of the 3 pulsq
1)+1 bits).

ses 0 and 4, it was,mentioned that the 4 pulses in one section are encoded using 4(M-1)+1 bit
ther dividing the section into 2 subsections of length K/4=2M-2 (=4 in this case); identifying
bntains at least\2.pulses; coding the 2 pulses in that subsection using 2(M-2)+1=2M-3 bits; co

anywhere)in the section, using 2(M-1)+1=2M-1 bits. This gives a total of (2M-3)+(1)+(2M-1) 5

codethe ACELP codevector, the value of k extracted from the received index I4p is used to

case t

ulses in that

e in Section A

two pulses in

s in Section A

5. This is done
b a subsection
Hing the index

subsection/that contains at least 2 pulses using 1 bit; and coding the remaining 2 pulses, assuining that they

4M-3 bits.

letermine the

or3p

h which hp]nngc extracted value ]AD Then from the definitions of ]AD < ahove the prnr‘pdnrpc

ulses in a track are used to find all pulse positions and signs.

7.14.5.2.6 Pitch sharpening

o decode 1, 2,

Once the pulse positions and signs are decoded, and the excitation codevector c(n) is found, a pitch sharpening
procedure is performed. First c(n) is filtered by a pre-emphasis filter defined as follows:

Femph(z):I-O. 3z
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The pre-emphasis filter has the role of reducing the excitation energy at low frequencies. Next, a periodicity
enhancement is performed by means of an adaptive pre-filter with a transfer function defined as:

1 ,if n < min(7, 64)
F (z)={(1+0.85z"") if T <64 and T < n < min(2T,64)
1/(1—0.852_T) Af 2T <64 and 2T <n< 64

where n is the subframe index (n=0,.,63), and where T is a rounded version of the integer part 7, and fractional
part 7 g, of the pitch lag and is given by:

Ty +1 if T e > 2
T, ,otherwise

T=

The adaptive [pre-filter F p(z) colors the spectrum by damping inter-harmonic frequencies, which are annoyjing to
the human eaf in the case of voiced signals.

7.14.5.3 Decoding of the adaptive and innovative codebook gains, gains|]

The received [7-bit index per subframe directly provides the adaptive codebgok-gain gp and the fixed-codgbook

gain correctiop factor 7. The fixed codebook gain is then computed by multiplying the gain correction factor]by an
estimated fixgd codebook gain.

The estimated fixed-codebook gain g’ is found as follows. First, the average innovation energy is found by:

1 N-1
E; =10lpg| — > c*(0)
N i=0
Then the estimated gain G', in dB is found by:

G.=E|E

4

where E is the decoded mean excitation energy per frame. The mean innovative excitation energy in a frame, E ,
is encoded with 2 bits per frane (18, 30, 42 or 54 dB) as mean_energy.

The prediction gain in thé€ linear domain is given by:

g; =10° 05G'c = 100.05(E—Ei)

The quantize fixed-codebook gain is given hy-

7.14.5.4 Computing the reconstructed excitation

The following steps are for n = 0, ..., 63. The total excitation is constructed by:
u'(n) = & ,v(n) + g.c(n)

where c(n) is the codevector from the fixed-codebook after filtering it through the adaptive pre-filter F(z). The
excitation signal u’(n) is used to update the content of the adaptive codebook. The excitation signal u’(n) is then
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post-processed as described in the next section to obtain the post-processed excitation signal u(n) used at the
input of the synthesis filter 7/4(z).

7.14.6 Excitation postprocessing

7.14.6.1 General

Before signal synthesis, a post-processing of excitation elements is performed as follows.

7.14.6.2 Gain smoothing for noise enhancement

In ACELP frames a nonlinear gain smoothing technique is applied to the fixed-codebook gaing] in order to

enhar]ce excitation in noise. Based on the stability and voicing of the speech segment, the gdin of the fixed-
codebook vector is smoothed in order to reduce fluctuation in the energy of the excitation in casq of stationary
signals. This improves the performance in case of stationary background noise. The voicingfactor is given by:

A =0.5(1-r)

with

=

=(E,-E)(E,+E,),

wherg Ev and Ec are the energies of the scaled pitch codevector,and scaled innovation codevector, r¢spectively (r,
gives p measure of signal periodicity). Note that since the valieyof r, is between -1 and 1, the value of A is between

0 and|1. Note that the factor A is related to the amount of Unvoicing with a value of 0 for purely volced segments
and avalue of 1 for purely unvoiced segments.

A stability factor €is computed based on a distanée*measure between the adjacent LP filters. Here, [the factor &is
related to the LSF distance measure. The LSF distance is given by:

15
LSFy = (S = 1)
i=0

wherg f; are the LSFs in the present frame, andflfp) are the LSFs in the past frame. The stability factof &is given by:

¢ =1.25-LSF,, 7400000 , constrained by 0 < 0<1.

The LSF distance/measure is smaller in case of stable signals. As the value of @ is inversely related to the LSF
distarjce measure, then larger values of 6 correspond to more stable signals. The gain-smoothing facfor S, is given

by:

0
m

The value of S,, approaches 1 for unvoiced and stable signals, which is the case of stationary background noise
signals. For purely voiced signals or for unstable signals, the value of S,, approaches 0. An initial modified gain g,
is computed by comparing the fixed-codebook gain g, to a threshold given by the initial modified gain from the
previous subframe, g_;. If g.. is larger or equal to g ,, then g, is computed by decrementing g. by 1.5 dB bounded
by gy=g ;.1f g, is smaller than g ;, then g, is computed by incrementing g, by 1.5 dB constrained by g,< g ;.

Finally, the gain is updated with the value of the smoothed gain as follows:

gsc :SmgO +(1_Sm )gc :
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itch enhancer

A pitch enhancer scheme modifies the total excitation u’(n) by filtering the fixed-codebook excitation through an
innovation filter whose frequency response emphasizes the higher frequencies and reduces the energy of the low
frequency portion of the innovative codevector, and whose coefficients are related to the periodicity in the signal.
A filter of the form:

F...(Z2)=—c, z+1—cpe z-

1
p

is used where Cpe= 0.125(1 + r,), with r, being a periodicity factor given by r,=(E, - E )/(E, + E,) as described

above. The fil

c'(n)=

and the updat
u(n)=4|

The above prg

u(n)=

ered fixed-codehook codevector is given hy:

C(O) - Cpec(l) ,lfl’l = O
c(n) = cpe(c(n+1)+c(n—1) Jf0<n<63
c(63) = ¢,,c(62) ;if n=63

ed post-processed excitation is given by:

v(n)+g, c'(n)

cedure can be done in one step by updating the excitation agfollows:

2,V(0) + &5, A0) — &.pec(D) ifn 20

va(n) + g ,.dn) — gsccpe (c(n+D+c(n-1)) Jif0<n<63
Jifn=63

épv( 63) + gscc( 63) - gsccpec( 62)

7.14.7 Synthesis

The LP synthe

1/A(z). The inferpolated LP filter per subframe is used in the LP synthesis filtering. The reconstructed sign

subframe is gi

sis is performed by filtering the post-processed excitation signal u(7) through the LP synthesi

ven by:

s(n) = ufn) — Z a4,;5(n —)h =0,...,63

The synth|
1/(1-0.68z°1)

i=1

esized signal is then de-emphasized by filtering the

inverse-of the pre-emphasis filter applied at the encoder input).

through

7.14.8 Writi

ng.in the output buffer

filter
hl in a

filter

At the output of the post-processing, the N=coreCoderFrameLength/4 synthesized coefficients from ACELP are
written in the output buffer out. In case the previous coding was either FD mode or MDCT-based TCX, the tool FAC
is applied first as described in 7.16. The output buffer is updated as follows:

outli,,,

i,,; indexes th

204

+ n] = Sgn]; V 0 < n < N=coreCoderFrameLength/4

e output buffer out and is incremented by the number N of written samples
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7.15.1 Tool description
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When the core_mode is equal to 1 and when one or more of the three TCX modes is selected as the “linear
prediction-domain” coding, i.e., one of the 4 array entries of mod[] is greater than 0, the MDCT based TCX tool is
used. The MDCT based TCX receives the quantized spectral coefficients from the arithmetic decoder described in
7.4. First, any nulls or notches in the quantized coefficients are filled by a comfort noise. LPC based frequency-
domain noise shaping (FDNS) is then applied to the resulting spectral coefficients and an inverse MDCT
transformation is performed to obtain the time-domain synthesis signal.

Ig
noise| factor
noise [level
noise(]
global_gain
8
rms
X[l
z[]
out[]

x_tcx_invquant[win][bin]

r(]

7.15.2 Decoding process

Number of quantized spectral coetticients output by the arithmetic
Noise level quantization index.

Level of noise injected in reconstructed spectrum.

Vector of generated noise.

Re-scaling gain quantization index.

Re-scaling gain.

Root mean square of the decoded spectrum, rr|].

Output of the IMDCT.

Decoded windowed signal in time domain.

Synthesized time demain signal.

TCX spectral coefficient for window win, and coefficient bin after n
decoding ofithe spectral data. See also 7.1.

Recaonstructed spectral coefficients vector including synthetic comf]

The MDCT-based TCX reguests from the arithmetic decoder a number of quantized spectral coeffici
is determined by the mod{] value. This value also defines the window length and shape which will
the inyverse MDCT. The.window is composed of three parts, a left side overlap of L samples, a middl
of M damples and-a right overlap part of R samples. To obtain an MDCT window of length 2*Ig, ZL ze
on th¢ left and(ZR'zeros on the right side. In case of a transition from or to a SHORT_WINDOW the ¢
overlgp region:L or R needs to be reduced to coreCoderFrameLength/8 in order to adapt to the sh
slope |of the SHORT_WINDOW. Consequently the region M and the corresponding zero region ZL or
expanldedby coreCoderFrameLength/16 samples each.

decoder.

iseless

pbrt noise.

bnts, g, which
be applied in
e part of ones
ros are added
orresponding
orter window
ZR need to be

Table 155 — Number of spectral coefficients as a function of mod[]

and coreCoderFrameLength (ccfl)

value Number g
of of spectral ZL L M R ZR
mod[x] | coefficients
1 ccfl/4 0 ccfl/4 0 ccfl/4 0
2 ccfl/2 ccfl/8 | ccfl/4 | ccfl/4 | ccfl/4 | ccfl/8
3 ccfl 3*ccfl/8 | ccfl/4 | 6*ccfl/8 | ccfl/4 | 3*ccfl/8
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The MDCT wi

W(n)=

ndow is given by:

0 Jor 0<n<ZL

W, 1 (n—ZL) for ZL<n<ZL+L

1 for ZL+L<n<ZL+L+M

Wen oy RB=ZL=L—=M) for ZL+L+M <n<ZL+L+M +R
0 for ZL+L+M+R<n<2lg

The quantized spectral coefficients, x_tcx_invquant[], delivered by the arithmetic decoder are completed by a

comfort noise

noise_lev

The x_tcx_inv
r[], in a way t

of 8 non-zerog

for (
rl
}

i
[ =

0;
]

i

for (i=1g/6;

int k, ma
float tmp

for (k=1i;
tmp +=
}

if (tmp 'S
for (k=il;

rllk]
}

} else {

for (k=if;

rllk]
}
}
}

One obtains the reconstructed -spectrum as follows:

—

q

r[i]:{

=

i<
=1

The level of the injected noise is determined by the decoded noise_factor as follows:
el = 0.0625*(8-noise_factor)

quant[] and the comfort noise are combined to form the reconstructed spectral 'cogefficients v
hat the runs of 8 consecutive zeros in x_tcx_invquant[] are replaced by the noise-¢omponents.
are detected according to the following pseudo code:

1g/6; 1i++) {

r

i += 8) {
i+8);

i<lg;
<K min (1lg,
= 0.£f;

k<maxK; k++) {

x tcx invquant[k] * x tcx invquant[k];

0.f){
k<maxK;
1;

k++) {

’

k<maxK;
0;

k++) {

’

indomSign() - noise_level, Af rl[i]=0

| texNinvquant[i], ,otherwise

ector,
A run

A spectrum de-shaping is applied to the reconstructed spectrum according to the following steps:

1. calculate the energy E,, of the 8-dimensional block at index m for each 8-dimensional block of the first
quarter of the spectrum.

2. compute the ratio R, =sqrt(E, /E;), where I is the block index with the maximum value of all E,.

3. ifR,,<0.1, thensetR,=0.1.

4. ifR,<R,.;thensetR =R, ;.

Each 8-dimen

sional block belonging to the first quarter of spectrum are then multiplying by the factor R,,,.

Prior to applying the inverse MDCT, the two quantized LPC filters corresponding to both extremities of the MDCT
block (i.e., the left and right folding points) are retrieved, their weighted versions are computed, and the
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corresponding decimated (64 points, regardless of the transform length) spectrums are computed. These
weighted LPC spectrums are computed by applying an ODFT to the LPC filter coefficients. A complex modulation is
applied to the LPC coefficients before computing the ODFT so that the ODFT frequency bins are perfectly aligned
with the MDCT frequency bins. For example, the weighted LPC synthesis spectrum of a given LPC filter A(z) is
computed as follows:

2M-1 _j2mk
X,[k1= Y x[nle "2M
n=0
with
¥,[n]= W[n]eijmn ,if0<n<lIpc order+1
0 ,if lpc_order +1<n<2M

wher¢ w[n], n = 0...lpc_order + 1, are the coefficients of the weighted LPC filter given by:
W(z)=A(z/y,) withy,=0.92

The gains g[k] can be calculated from the spectral representation X,[k]ef the LPC coefficients according to:
glkl= ———— V ke{0,..M -1}

wher¢ M=coreCoderFrameLength/16 is the number of bands in which the calculated gains are appli¢d.
Let g1]k] and g2[k], k=0...M-1, be the decimated LPC spectrums corresponding respectively to the|left and right
folding points computed as explained aboveCThe inverse FDNS operation consists in filtering the feconstructed
spectfum r[i] using the recursive filter:

rr[i] = a[i]-r[i]+b[i] rr[i-1], i=04=1g-1,

wherg a[i] and b[i] are derived from the left and right gains g1[k], g2[k] using the formulae:
ali] = 2-g1[k]-g2[K) " (g1 [k]+g2[K]),

b[i] = (22[KI1TK]) / (g1 k] +g2[k]).

In thg above,\the variable k is equal to i/(lg/M) to take into consideration the fact that the LPC gpectrums are
decimlated;

The rvccnnfvﬂ\r‘fnr‘ cnactriin vyl i.- fod inta an inuarc e l\llDCT ThC non-unndaora d ottt ol h'\]‘ ‘([]’ S re-scaled by

o
StructeaoSpeCtrut T [ o Tea o v ey IO Vv o vy Co-ourpat ST tot; 2

the gain, g, obtained by an inverse quantization of the decoded global_gain index:

loglobal _gain/28

2
Jig

g
- ¥ms
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Where rms is calculated as:

rms =

The synthesized time-domain signal is then rescaled and windowed as follows:

z[n]=x[n]-w[n]-g;¥Y0<n<N

N corresponds to the MDCT window size, i.e., N=2Ig.

When the prd
applied betw

where the ind
obtained by t}

vious coding mode was either FD mode or MDCT based TCX, a conventional oveslap”and
ben the current decoded windowed signal z;, and the previous decoded windowed signal

ex [ counts the number of already decoded MDCT windows. The final time demain synthesis|
e following formulae.

hdd is

Zi—I,n'
out is

mes from FD mode:

In case ZignC

outli,,, t

N_lis the sige of the window sequence coming*from FD mode. i , indexes the output buffer out 3dnd is

N

N, R :
——+——— of\written samples.
2 2

incremented by the number

In case z; ; , comes from MDCT based . TCX:

Z N . K2 3N, L ;V0<n<L
I,——=tNn i-1,———+n
4,2 4 2

outli .#n]|=
[0“’5 ] N+L-R

Sy L ;V0ILLn

i 2

i,——+n
4 2

N;_; is the size of the previous MDCT window. i, , indexes the output buffer out and is incremented by the number
(N+L-R)/2 of written samples.

When the previous coding mode was ACELP, the FAC tool is applied as described in 7.16.

The reconstructed synthesis out/i,, +n] is then filtered through the pre-emphasis filter (1-0.68z71). The

resulting pre-emphasized signal is filtered by the analysis filter A(2) in order to obtain the excitation signal.

out

The calculated excitation updates the ACELP adaptive codebook and allows switching from TCX to ACELP in a
subsequent frame. The signal is reconstructed by de-emphasizing the pre-emphasized signal by applying the filter

1/(1-0.68z71). Note that the analysis filter coefficients used are those that correspond to the end of the given
TCX frame.
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Note also that the length of the TCX synthesis is given by the TCX frame length (without the overlap):
coreCoderFrameLength/4, coreCoderFrameLength/2 or coreCoderFrameLength samples for the mod[] of 1,2 or 3
respectively.

7.16 Forward aliasing cancellation (FAC) tool

7.16.1 Tool description

The following describes forward-aliasing cancellation (FAC) operations which are performed during transitions
between ACELP and transform coded frames (TC) in order to get the final synthesis signal. The goal of FAC is to
cancel the time-domain aliasing and windowing introduced by TC and which cannot be cancelled by the preceding
or following ACELP frame. Here the notion of TC includes MDCT over long and short blocks (in FB, mode) as well
as MOCT-based TCX (in LPD mode).

Figure¢ 30 represents the different intermediate signals which are computed in order to obtain the final synthesis
signall for the TC frame, which is positioned between the markers LPC1 and LPC2 in‘the figure. In the example
shown, the TC frame is assumed to be both preceded and followed by an ACELP frame. In the other cases (for
example, an ACELP frame followed by more than one TC frame, or more than one,TC frame followed by an ACELP
frame|) only the required signals are computed. In Figure 30, the term “FAE-synthesis” is used tp indicate the
decoded FAC signal, which is added at the boundary (beginning or end) of a’/décoded TC frame when it is adjacent
to an ACELP frame.

LPC1 LPC2

' 1MWz ZIR ]

Iictsy\ntr:z) FAC synthesis |
11 e v |y g |0 ®

ACELP synthesis TC frame output (b)
I NN NN N S I N S el N N N

MS

[ Wipdowed ACELP ZIR

B.+_

'+ Windowed and folded o

B._ ACELP Slymh b I ACELP contribution (C)
| h

M

Synthesisin the original domain : (d)

S T O

Figure 30 — FAC decoding operations for transitions from and to ACELP

7.16.2 Definition of elements

fac_gain 7 bit gain index.

qn[i] Codebook number in the AVQ tool.

FAC[i] FAC data.

fac_length Length of the FAC transform (coreCoderFrameLength/16 for transitions from

and to EIGHT_SHORT_SEQUENCES, coreCoderFrameLength/8 otherwise).

use_gain Indicates the use of explicit gain information.
code_book_index[i][0] The AVQ refinement code book indices corresponding to each kv[i][0].
kv[i][0][8] The AVQ refinement voronoi extension indices.
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7.16.3 Decoding process

1. Decode AVQ parameters:

The FAC information is encoded in the transform (DCT) domain in 8-dimensional blocks using the
algebraic vector quantization (AVQ) tool of 7.12. In the following, this encoded FAC information is
referred to as the “FAC spectral data”.

For i=0...FAC transform length:

— A codebook number gn[i] is encoded using a modified unary code.

— The corresponding FAC data FAC[i] is encoded with 4*qn[i] bits.

After
i=0,...

2. Applyag

For ti
gain ¢

For o
ACEL

quantizer). The gain g is calculated as g=10/ac-9ain/28 ysing that gain information.

decoding the AVQ parameters of the FAC spectral data, a vector FAC[i] (FAC dat:
fac_length is therefore extracted from the bitstream.

hin factor g to the FAC data:

ansitions with MDCT-based TCX (so, in the case of ACELP to TCX or TCX to ACELP transition
f the corresponding tcx_coding element is used.

ther transitions (so, in the case of ACELP to FD mode TC frames and from/FD mode TC fran
P), a gain information fac gain has been retrieved from the bitstream/(encoded using a 7-bits

1) for

5), the

nes to
scalar

3. In the cade of transitions between MDCT based TCX and ACELP, a spectrum de-shaping is applied to the first
quarter o
TCX as ex

4. Compute

In the cade of transitions between ACELP and FD mode, a multiplicative factor of (2/fac_length) is app

The HAC transform length, fac_length, is by default equalito coreCoderFrameLength/8.

For tfansitions with short blocks, this length is reduced to coreCoderFrameLength/16.

the outpul

5. In the ca

decoded
Figure 30

Fthe FAC spectral data. The de-shaping gains are those computed for the corresponding MDCT

the inverse DCT-IV to the gain-scaled FAC data to obtainthe equivalent time-domain samples.

It of the inverse DCT-IV.

e of transition to and from TC, frames, apply the weighted synthesis filter 1/W(Z) to g
FAC signal, termed “FAC synthesis” in Figure 30. The resulting signal is represented on line

based

plained in 7.15.2 so that the quantization noise of FAC and MPCT-based TCX have the same shape.

ied to

bt the
(a) in

The yeighted synthesis filter.is based on the LPC filter which corresponds to the folding point (in

Figur
from
filter

The s

In thi

is based on thetransmitted LPCO).

hme LPC weighting factor is used as for ACELP operations:

WAZ)=A(z/y,) ,wherey;=0.92

e 30 it is identified-as~LPC1 for transitions from ACELP to the TC frame and LPC2 for tranditions
the TC frame to ACELP; for transitions from TC frames in FD mode to ACELP, the weighted synthesis

A
S ﬁ']fnring nparaﬁnn’ the initial mMemory ofthe ulnighfnﬂ cynﬂ'\ncic filter 1 I/I/l/(7) issetto

— As shown on line (c) of Figure 30, for transitions from ACELP to a TC frame, the windowed zero-input
response (ZIR) of the weighted synthesis filter (taking fac_length samples) is added to the decoded FAC
signal, the ZIR acting as a signal prediction for the beginning of the TC frame.

6. Furthermore, in the case of transitions from ACELP to a TC frame, compute the windowed past ACELP
synthesis (taking fac_length samples), fold it and add to it the windowed ZIR signal (also as shown on line (c)
of Figure 30). The ZIR response is computed using the LPC filter at LPC1 of Figure 30. The window applied to
the fac_length past ACELP synthesis samples is:

sine[n+fac_length]*sine[fac_length-1-n], n=-fac_length ...-1,

and the window applied to the ZIR is:

210

1-sine[n + fac_length]z, n =0... fac_length-1,
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where sine[n] is a quarter of a sine cycle:

sine[n] = sin((n+0.5)*@/(4*fac_length)), n=0...2*fac_length-1.

The resulting signal is represented on line (c) in Figure 30 and denoted as the ACELP contribution (this ACELP
contribution being formed of the sum of the windowed ZIR and the folded ACELP synthesis from the end of
the previous frame).

7. Add the following three components:

— FAC synthesis (line (a) in Figure 30);

— the TC frame (line (b) in Figure 30);

—+ in the case of transitions from ACELP: the ACELP contribution (line (c) in Figure 30);

—

I

7.16.4 Writing in the output buffer

The optput synthesis buffer is updated differently according to the type of transitions. In case of trs

FD m

N 1is

numbgr N _//4 of written samples.

In casp of transitions from ACELP to FD mode;the output buffer out is updated as follows:

Q.

Nipis

N//4 of written samples.

In casp of transitions\from MDCT-based TCX to ACELP, the output buffer out is updated as follows:

order to obtain the synthesis signal (which is represented as line (d) in Figure 30).

de to ACELP, the output buffer out is updated as follows:

N,
z oy, V0<n <—l—fac_length
1—1,7+n 4
utli,,, +n]=

[

FAC[fac_length—%+n]+z ;V%—fac_length£n<NT

i—l,&+n
2

the size of the previous window sequence. i, iindexes the output buffer out and is incren

N,
utliyy, +nl=z y  +FAC[n] ACELP[n]; Y0 <n < TI
i,—+n
4

the size of the previous MDCT window. i, indexes the output buffer out and is incremented |

utli km|=FAC[n]+z ;VO<n< fac _length
i-1, 4i‘1 —fac _length+n

nsitions from

hented by the

by the number

N;_; is the size of the previous MDCT window. i, indexes the output buffer out and is incremented by the number

fac_length of written samples.

In case of transitions from ACELP to MDCT-based TCX, the output buffer out is updated as follows:

outli , +n]=z , +FAC[n]+ACELP[n];V0<n<

N-R

out
i,—+n
4

i, iIndexes the output buffer out and is incremented by the number (V-R)/2 of written samples.
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rocessing of the synthesis signal

The described bass post filtering is applied to the synthesis signal after overlap-and-add and FAC operations over
all ACELP frames as well as for the duration of a FAC transform window in the places where this is applied.

After LP synthesis, the reconstructed signal can be post-processed using low-frequency pitch enhancement. The
received bass-post filter control information controls whether bass-post filtering which results in a pitch
enhancement in the low frequency range is enabled or not. For speech signals, the post processing filter reduces
inter-harmonic noise in the decoded signal, which leads to an improved quality. However, for music signals, which
are commonly of multi-pitch nature, the post filtering may suppress signal components that reside below the
dominating pitch frequency or between its harmonics. For the post filtering a two-band decomposition is used and

adaptive filter
at frequencies

To avoid add
Therefore, T);

In case of LPD):

For the fi

For the I3

In case of FD

Where M=cor
With Lfac =0

FAC area fron
including the

The signal is
produce the h

H H ) A | 1 4= 4l 1 1 g Tl T H PRy | 4= H 4l b n | .
llls 15 qypucu Ulll_y LU LT TUWCT UdIlU. TII1S TTISUIL 111 d tULdI lJUDL'Pl ULCDDIIIS UIdt 15 lllUDLl_y td

near the first harmonics of the synthesized signal.

tional delay due to bass-post filtering, bass-post filter operation is modified for highivalues
| is defined as follows.

M
st > + 64 samples of a superframe:
Tlim :M_Lfac _NZ
M
st 5" 64 samples of a superframe:

Tlim =2M - Lfac_next - NZ
the FAC-area):

M
Tlim = 7 - Nz
bCoderFrameLength, Ly i the length of the FAC area from the last frame of the current super
or ACELP and Ly, (=96/128 for TCX (coreCoderFrameLength 768/1024). Ly, ,,, is the length
h the last frame ‘of the next superframe. N, is the number of samples of the superframe up
sample currently being bass post filtered.

rocessed in two branches. In the higher branch the decoded signal is filtered by a high-pass fi
igher band signal sy. In the lower branch, the decoded signal is first processed through an ad

geted

of T.

rame.
of the
o0 and

ter to
hptive

pitch enhance

r)and then filtered through a low-pass filter to obtain the lower band post-processed signal s; gy

The post-processed decoded signal is obtained by adding the lower band post-processed signal and the higher
band signal. The object of the pitch enhancer is to reduce the inter-harmonic noise in the decoded signal, which is

achieved here

Hp(z)=

by a time-varying linear filter with a transfer function:

(1—a)+ZzT &
2 2

and described by the following equation:

sie(n) =

212

(1 — a@)8(n) + %ﬁ(n T+ %ﬁ(n +T)
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where «is a coefficient that controls the inter-harmonic attenuation, T is the pitch period of the input signal s(n),
and s; g(n) is the output signal of the pitch enhancer. Parameters T and « vary with time and are given by the pitch

tracking module. With a value of « = 0.5, the gain of the filter is exactly 0 at frequencies 1/(27T),3/(2T), 5/(2T), etc.;
i.e., at the mid-point between the harmonic frequencies 1/T, 2/T, 3/T, etc. When a approaches 0, the attenuation
between the harmonics produced by the filter decreases.

To confine the post-processing to the low frequency region, the enhanced signal s;  is low pass filtered to produce
the signal s; ;r which is added to the high-pass filtered signal sy to obtain the post-processed synthesis signal s.

An alternative procedure equivalent to that described above is used which eliminates the need of high-pass
filteri hg This is achieved hy representing the pncf-prnr‘pccpd cign:\l c‘:(n) inthe z-domain as:

(@

£(2) = 5‘(2) - ag(Z)PLT(Z)HLP(Z)

wherg¢ P; 7(z) is the transfer function of the long-term predictor filter given by:

1-0.52" —0.5z77 A T<T,
D —
1r(2) = _r )

1-z A T> T

D

and Hjj p(z) is the transfer function of the low-pass filter.

Thus, [the post-processing is equivalent to subtracting the scaled low-pass filtered long-term error sjgnal from the
synthesis signal §(n).

The vilue T is given by the received closed-loop pitch lagin each subframe (the fractional pitch lag rounded to the
nearept integer). A simple tracking for checking pitch deubling is performed. If the normalized pitch|correlation at
delay|[T/2 is larger than 0.95 then the value T/2 iswused as the new pitch lag for post-processing.

The fgctor « is given by:

q=0.5g,, constrained to 0 <o <0.5

wherg gpp is a gain which is updated at every sub-frame and is computed from the synthesis signal x as follows
using|the decoded pitch lag Zp:

63
2.6 Xi1p)

=0

gpp =min e

2
zxi—Tp
s

'gPFmax

Where gpr,,. 1s defined as:

min(T, -T,63)
2
X
i=0 .
if T<T,
—J | min(T, -T,63) if lim
gPFmax 2
Xi+Tp
i=0

1 A T>Ty,

EpFmax 1S used to avoid problems on signal bursts.

© ISO/IEC 2020 - All rights reserved 213


https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23003-3:2020(E)

Note that in TCX mode and during frequency domain coding the value of a is set to zero. During transitions
between TCX and ACELP the FAC area (coreCoderFramelLength/8 samples) is postfiltered using the nearest
decoded pitch lag (7p) from the ACELP frame. For transitions between FD mode to and from ACELP the FAC area
(either coreCoderFrameLength/16 for transitions from and to EIGHT_SHORT_SEQUENCEs, or
coreCoderFrameLength/8 for all other cases) is postfiltered using the nearest decoded pitch lag (7p) from the
ACELP frame. The bass post-filter operates on an ACELP subframe grid (blocks of 64 samples). When
coreCoderFrameLength=768, the FAC area is not an integer multiple of the subframe: It is equal to 48 samples
(0.75 subframes) for transitions from and to EIGHT_SHORT_SEQUENCESs and equal to 96 samples (1.5 subframes)
otherwise. In these cases, subframes that are only partly included in the FAC area are postfiltered in their entirety
using the same filtering parameters. Therefore, when coreCoderFramelength=768, one entire subframe is
postfiltered for transitions from and to EIGHT_SHORT_SEQUENCESs and two entire subframes are postfiltered in
all other cases-

A FAC area is postfiltered if and only if the adjacent ACELP frame is also postfiltered. In particular, this méans that
the FAC area |s also postfiltered if the bpf_control_info for an ACELP frame is set to 1 and the bpf_control_injfo for
an adjacent TCX frame is set to 0 (on superframe borders). In contrast, the FAC area is never-postfiltered|if the
bpf_control_inffo for the adjacent ACELP subframe is set to 0.

A linear phas¢ FIR low-pass filter with 25 coefficients is used, with a cut-off frequency at 5Fs/256 kHz (thg filter
delay is 12 samples).

7.18 Audio pre-roll

7.18.1 General
The AudioPreRoll() syntax element is used to transmit audio informatien of previous frames along with the data of
the present frame. The additional audio data can be used to compensate the decoder startup delay (pre-roll), thus

enabling randpm access at stream access points (SAP) that make-use of AudioPreRoli().

A UsacExtElethent() with the usacExtElementType of IDEXT_ELE_AUDIOPREROLL shall be used to transmit the
AudioPreRoll(]).

For carriage off USAC streams in ISO base media file format as specified in ISO/IEC 14496-12, further requirements
are applicablg and shall be utilized in accordance' with Annex H.

7.18.2 Semgdqntics
configLen Size ofthe configuration syntax element in bytes.
Config() The decoder configuration syntax element. In the context of this standard this shall be

the UsacConfig() as defined in 5.2. The Config() field may be transmitted to be gble to
respond to changes in the audio configuration (e.g., switching of streams).

applyCrossfadé If this flag is set to 1, a linear crossfade shall be applied in case of configuration cllxange,
as defined in 7.18.3.3

reserved Reserved bit shall be zero.

numPreRollFrames The number of pre-roll access units (AUs) transmitted as audio pre-roll data. The

reasonable number of AUs depends on the decoder start-up delay.
auLen AU length in bytes.

AccessUnit() The pre-roll AU(s).

The pre-roll data carried in the extension element may be excluded from buffer requirement restrictions, i. e. the
buffer requirements may not be satisfied.
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In order to use AudioPreRoll() for both random access and bitrate adaptation the following restrictions apply:

— The first element of every frame shall be an extension element (UsacExtElement) of type

ID_EXT_ELE_AUDIOPREROLL.
— The corresponding UsacExtElement() shall be configured as specified in Table 156.
— Consequently, if pre-roll data is present, this UsacFrame() shall start with the following bit sequence:

— “1”:usacIndependencyFlag.

+—“r*rusacExtEtementPresent {referring to audio pre-Toit eXtension etement):

—+ “0”:usacExtElementUseDefaultLength (referring to audio pre-roll extension element).

— Ifno AudioPreRoll() is transmitted, the extension payload shall not be present (usacExtElementHresent = 0).

— The pre-roll frames with index “0” shall be independently decodable, i.e., usdelndependencyFlgg shall be set

b “1”.

[

— In access units that are embedded as pre-roll in an AudioPreRoll() exteénsion the usacExtElemerntPresent field

=

br extensions of type ID_EXT_ELE_AUDIOPREROLL shall be 0.

Table 156 — Setup of UsacExtElementConfig() for AudioPreRoll()

Bitstream field Value
usacExtElementType ID_EXT_ELE_AUDIOPREROLL
usacExtElementConfigLength 0
usacExtElementDefaultLengthPrésent 0
usacExtElementPayloadFrag 0

7.18.3 Decoding process

7.18.3.1 General

This qubclause describes-the decoding process for both random access/immediate play-out and bifrate adoption

scenafios.

7.18.3.2 Random access and immediate play-out

Randgmraceess and immediate play-out is possible at every frame that utilizes the AudioPreRoll()) structure as

specified in this subclause. The following pseudo code describes the decoding process:

if (usacIndependencyFlag == 1) {
if (usacExtElementPresent == 1) {

/* In this case usacExtElementUseDefaultLength shall be 0! */
if (usacExtElementUseDefaultLength != 0) goto error;

/* Not used */
getUsacExtElementPayloadLength () ;

/* Check for presence of config and re-initialize if necessary */

int configlLen = getConfigLen();
if (configLen > 0) {

© ISO/IEC 2020 - All rights reserved
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}

/* Internal decgder states are initialized at this point. Continue normal decoding */

7.18.3.3 Bitrate adaption

config ¢ = getConfig(configlen) ;
ReConfigureDecoder (c) ;

/* Get pre-roll AUs and decode, discard output samples */
int numPreRollFrames = getNumPreRollFrames () ;
for (auldx = 0; auldx < numPreRollFrames; auldx++) {

int aulen = getAulen();

AU nextAU getPreRollAU (aulen) ;

DecodeAU (nextAU) ;

Bitrate adaptjon may be utilized by switching between different encoded representdtions of the same |audio
content. The fludioPreRoll() structure as specified in this subclause may be used for(that purpose. The dedoding

process in case of bitrate adaption is specified by the following pseudo code:

if (usacIndependencyFlag == 1) {
if (usacHxtElementPresent == 1{

normal */

216

/* In |this case usacExtElementUseDefaultLengthshall be 0! */
if (usgcExtElementUseDefaultLength != 0) gotdlerror;

/* Not|l used */
getUsgcExtElementPayloadLength () ;

int cdnfiglLen = getConfigLen();
if (configlLen > 0) {
conflig newConfig = getConfi&gfeonfiglen) ;

/* donfiguration did not\<hange, skip AudioPreRoll and continue decodinfg as

if (newConfig == cuzrentConfig) {
SKipAudioPreRoldl (),
gdgto finish;

/* donfigtration changed, prepare for bitstream switching */
outJamplesFlush = FlushDecoder () ;
ReCdnfigureDecoder (newConfiqg) ;

/* Get pre-roll AUs and decode, discard output samples */

int numPreRollFrames = getNumPreRollFrames () ;
for(auldx = 0; auldx < numPreRollFrames; auldx++) {
int aulen = getAulen();

AU nextAU = getPreRollAU (aulen) ;
DecodeAU (nextAU) ;

/* Get “regular” AU and decode */
AU au = UsacFrame();
outSamplesFrame = DecodeAU (au) ;
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/* Apply crossfade only on the output samples*/
If (applyCrossfade) {
for(i = 0; i < 128; i++){
outSamples[i] = outSamplesFlush[i] * (1-1/127) +
outSamplesFrame[i] * (1/127)
}

-3:2020(E)
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} else {
for(i = 0; i < 128; i++) {
outSamples([i] = outSamplesFrame[i];
}
}
for(i = 1287 = OUCpUCETrameLengti, L1F+)1
outSamples[i] = outSamplesFramel[i];

}

nfiguration change is detected by the decoder the following steps shall be applied:

lush the internal decoder states and buffers (FlushDecoder());ie., decode a hypothetics
pmposed of all zero samples. Store the resulting output samples{outSamplesFlush) in a tempo

e-initialize the decoder with the new configuration (ReConfigureDecoder()).
ecode all contained pre-roll AUs and discard the resulting output.

ecode the current AU (UsacFrame()). Store the resulting output samples (outSamplesFrame) i
uffer.

\ case applyCrossfade is set to 1 and-0Operates in the time domain, a linear cross-fade of 1
utSamplesFlush and outSamplesFrame'shall be applied to avoid switching artifacts.

onformance testing

eneral

lause specifiesiconformance criteria for both bitstreams and decoders compliant with the USA
d in this doeuinent. This is done to assist implementers and to ensure interoperability.

SAC.conformance testing

il access unit
rary buffer.

h a temporary

ength 128 on

C standard as

8.2.1

Profiles

Profiles are defined in 4.5. Some conformance criteria apply to USAC in general, while others are specific to certain
profiles and their respective levels. Conformance shall be tested for the level of the profile with which a given
bitstream or decoder claims to comply.

In addition to the conformance requirements described in this clause, a decoder which claims to comply with the
Extended HE AAC Profile shall fulfil conformance for the HE AAC v2 profile according to ISO/IEC 14496-26.
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8.2.2.1
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Conformance tools and test procedure

General

To test USAC compliant audio decoders, this document provides a number of conformance test sequences.
Supplied sequences cover all profiles as defined in 4.5. For a given test sequence, testing can be performed by
comparing the output of a decoder under test with a reference waveform. For some test sequences, the decoder
requires additional input parameters, so-called decoder settings, which are defined in 8.5. In cases where the
decoder under test is followed by additional operations (e.g., quantizing a signal to a 16 bit output signal) the
conformance point is prior to such additional operations, i.e., it is permitted to use the actual decoder output (e.g.,
with more than 16 bit) for conformance testing.

Measurement
in the range b

In ISO/IEC 14
reference ouf
comparison. A

For elements
conformance

8.2.2.2 0

All test seque
each module §

NOTE All c

first edition of this document (and its Amendments) are replaced bg’those at this link.

For all confor

which m

which ch

which teq

which co

which sa

The file namir

5 are carried out relative to full scale where the output signals of the decoders are normatized
ptween -1.0 and +1.0.

496-26 a set of test methods is defined to test the output of the decoder under-test again
put. RMS/LSB Measurement, Segmental SNR and PNS conformance criteria)are used f

particular test method for a certain test sequence is specified in 8.5.

producing output that cannot be tested with the methods describedin.JSO/IEC 14496-26 sj
festing procedures are described in 8.5.

onformance data

hces and an MS Excel™ worksheet (“Usac_Conformance_Tdbles.xlsx”) that lists all test sequenc
re accessible at https://standards.iso.org/iso-iec/23003/-3/ed-2/en.

nformance test sequences for ISO/IEC 23003-3 are dceessible using this link. All electronic attachments

mance test sequences, the file names are composed of several parts which convey information
dule of the decoder is tested;

hnnelConfigurationlndex is eniployed;

t conditions apply to the'test sequence;

reSbrFrameLengthlndex applies to the test sequence;

mpling frequeney is signalled in the test sequence.

g convention given in Table 157 shall be used.

to be

st the
r the

becific

es for

to the

bout:
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Table 157 — File name conventions

Module File File name
Frequency domain | compressed mp4 Fd_<cCI> c<cSFLI> <testCase> <uSFI>.mp4
coding (FD mode),

8.3.4 reference wav Fd_<cCI> c<cSFLI> <testCase> <uSFI>.wav

Linear predictive
domain coding
(LPD mode), 8.3.5

compressed mp4 Lpd <cCI> c<cSFLI> <testCase> <uSFI>.mp4

reference wav Lpd <cCI> c<cSFLI> <testCase> <uSFI>.wav

Combined core
coding tools, 8.3.6

compressed mp4 Cct_<cCI> c<cSFLI> <testCase> <uSFI>.mp4

reference wav Cct_<cCI> c<cSFLI> <testCase> <uSFI>.wav

Erthanced spectral compressed mp4

band replication

eSbr <cCI> c<cSFLI> <testCase> <uSFI>.mp4

reference wav

(ePBR), 8.3.7 eSbr <cCI> c<cSFLI> <testCase> <uSFI>.waV
MPEG Surround compressed mp4 | Mps <cCI> c<cSFLI> fr<bsFR> Sc<sCI>_&teStCase> <ufFI>.mp4
2-[l-2,8.3.10

reference wav Mps <cCI> c<cSFLI> fr<bsFR> Sc<sCI>/<testCase> <u4FI>.wav
Bifstream compressed mp4 Ext <cCI> c<cSFLI> <testCase», <uSFI>.mp4
exfensions

reference wav Ext <cCI> c<cSFLI> <test@ase> <uSFI> <decoderSet§ing>.wav

<cCI> channelConfigurationIndex.as described in Table 73.

<test{ase>

Setup string. May consistof a concatenation of one or more abbre
listed in Table 158. If 10 setup string is specified the basic test cor
apply. If no testCase'is added, only one single underline character
at that position.

viations as
ditions
shall occur

<cSFL{I> coreSbrFrameLengthIndex as described in 6.1.1.1.

<uSF1> usacSamplingFrequencylndex as described in Table 75. If the samlpling rate is
specified explicitly and signalled by means of the escape value index the
sampling rate value in Hz is placed in the file name instead of the |ndex value,
e.g., “Lpd_1_c1_Bpf 6000.mp4” for a sampling frequency of 6000 Hz.

<bsFR> bsFreqRes as described in ISO/IEC 23003-1:2007, Table 39.

<sCI> stereoConfigIndex as described in Table 77.

<decgderSetting> Setup string. May consist of a concatenation of one or more abbreyiations as

listed in Table 159. If no decoderSetting is added, no underline ch
occur after <uSFI>.

aracter shall
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Table 158 — Test conditions and abbreviations

FD core mode

Test condition Abbrev.
FD window switching test condition Win
Noise filling test condition Nf
Tns test condition Tns
Varying max_sfb test condition Sfh
Handling of extensions condition Ex
Context adaptive arithmetic coder test condition Ac
Non-meaningful FD window switching test condtion Nmf
M/S stereo test condition Ms
Complex prediction stereo test condition Cp

LPD core mode

Test condition Abbrev.
LPC coding test condition Lpc
ACELP core mode test condition Ace
TCX and noise filling test condition Tcx
LPD mode coverage and FAC test'condition Lpd
Bass-post filter test condition Bpf
AYVQ'test condition Avq
Combined core coding
Test-condition Abbrev.
FD-LPD transition and FAC test condition Flt
FD/TCX noise filling test condition Cnf
Bass-post filter test condition Cbf
synchr. FD-LPD transition and FAC test condition Flts
asynchr. FD-LPD transition and FAC test condition Flta
Context adaptive arithmetic coder test condition CAc
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eSbr
Test condition Abbrev.
QMF accuracy test condition Qma
Envelope adjuster accuracy and SBR preprocessing test condition Eaa
Header and grid control test condition test condition Hgt
Inverse filtering test condition Ift
Additional sine test (missing harmonics) test condition Ast
Sampling rate test condition Sr
Channel mode test condition Cm
interTes test condition Tes
PVC test condition Pvc
Harmonic transposition (QMF) test condition Htqg
Harmonic transposition (crossproducts) test condition Xp
Transposer toggle test condition Ttt
Envelope shaping toggle (PVC on/off) test condition Est
Varying crossover frequency test condition Xo
stereoConfigIndex test condition Mps
MPEG Surround 212
Test condition Abbrev.
TSD test condition Tsd
Rate mode test condition Rm
Phase coding test condition Pc
Decorrelator configutration. test condition Dc
DMX gain test condition Dm
Bands phase test condition Bp<X>
Pseudo Ir test condition Plr
Residual bands test condition Rb<X>
Temporal Shaping Enabling test condition Tse<X>
Smoothing mode test condition Smg
Bitstream extensions
Test condition Abbrev.
AudioPreRoll() and streamID condition, immediate play-out frame [-foo-<x>
(IPF)
Loudness normalization test condition Ln
Dynamic range control test condition Dre<x>
Table 159 — Decoder setting conditions
Decoder setting Abbrev.
Target loudness Lou-<x>
DRC effect type request Eff-<x>
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8.3 USAC bitstreams

8.3.1 Gene

8.3.1.1

ral

Characteristics

Characteristics of bitstreams specify the constraints that are applied by the encoder in generating the bitstreams.
These syntactic and semantic constraints may, for example, restrict the range or the values of parameters that are
encoded directly or indirectly in the bitstreams. The constraints applied to a given bitstreams may or may not be
known a priori.

8.3.1.2 T
Each USAC bit
subclause de
specified for
payload.

For each tool
is correct is s
assumed that]
condition or ¢

8.3.2 USA(Q

8.3.2.1 G

Encoders may

ﬂihnes the conformance criteria that shall be fulfilled by a compliant bitstream. These criter

est procedure
stream shall meet the syntactic and semantic requirements specified in this document.|The p

e syntactic elements of the bitstream and for some parameters decoded from-the USAC bits

h set of semantic tests to be performed on the bitstreams is described. To verify whether the s
fraightforward and therefore not defined herein after. In the description of the semantic tes
the tested bitstreams contains no errors due to transmission or~other causes. For each te

configuration

haracteristics

apply restrictions to the following parameterts of the bitstream:

resent
ia are
tream

yntax
s it is
st the

pnditions that shall be satisfied are given, as well as the prerequisites or conditions in which the test
can be applied.

a) usacSamplingFrequencylndex;

b) usacSamplingFrequency;

c) coreSbrFrameLengthlndex;

d) channelConfigurationlndex;

e) presence|of configuratien extensions;
f)  numOut(hannels;

g) bsOutpul]ChannelPos;

h) numElements;

i)  stereoConfigindex;

j)  use of time warped MDCT;

k) use of noise filling in FD mode;

1) use of the eSBR harmonic transposer;
m) use of the eSBR inter-TES tool;
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n) use of the eSBR PVC tool;
0) SBR default header, for details see 8.3.7;

p) MPS config, for details see 8.3.10.

8.3.2.2 Test procedure

8.3.2.2.1 UsacConfig()

usacSamplingEreg Shall be encoded with anon-reserved value specifiedin Table 72. For
further profile and level dependent restrictions see 8.3.11,

usacSamplingFrequency No restrictions apply. For profile and level dependent restrictipns see
8.3.11.

coreSbrFrameLengthIndex No restrictions apply.

channpelConfigurationIlndex Shall be encoded with a non-reserved value specified in Table [/3. For
further profile and level dependent restrictions see 8.3.11. In the case of
channelConfigurationIndex==0 further restrictions apply as d¢scribed in
8.3.2.2.2.

usac(onfigExtensionPresent No restrictions apply.

8.3.2.2.2 UsacChannelConfig()

numQutChannels No restrictions apply. For profile and level dependent restrictipns see
8.3.11.

bsOutputChannelPos A bsOutputChannelPos of value 3 or 26 (LFE speaker positions)) shall be
associated with an LFE channel. Any other value shall be assocjated with a
main audio channel.

8.3.2.2.3 UsacDecoderConfig()

numBlements The value of this data element shall be such that the accumulated sum of all
channels contained in the bitstream complies with the restrictions outlined
in 8.3.2.2.1.

usacHlementType No restrictions apply. For profile and level dependent restrictipns see
8.3.11.

8.3.2.2.4 UsacSingleChannelElementConfig()

No restrietions are applicable to this bitstream element.

8.3.2.2.5 UsacChannelPairElementConfig()

NOTE The UsacChannelPairElementConfig() element and all included elements might only be present when coding more

than one output channel (see restrictions applying to UsacConfig() in 8.3.2.2.1).

stereoConfigindex No restrictions apply.

8.3.2.2.6  UsacLfeElementConfig()

No restrictions are applicable to this bitstream element.
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8.3.2.2.7 UsacCoreConfig()

tw_mdct

noiseFilling

8.3.2.2.8  SbrConfig()

harmonicSBR

bs_interTes

No restrictions apply. For profile and level dependent restrictions see
8.3.11.

No restrictions apply.

No restrictions apply.

No restrictions apply

bs_pvc

8.3.2.2.9 SpbrDfltHeader()

dfit_start_freg
dfit_stop_freq
dflt_header_¢xtral
dflt_header_¢xtra2

dflt_freq_scal

[+

dﬂt_alter_sclle
ds
dflt_limiter_hands

dftl_nose_ba

dflt_limiter_gains

dflt_interpol|freq

dflt_smoothing mode

8.3.2.2.10 Mps212Config()

No restrictions apply.

No restrictions apply.
No restrictions apply.
No restrictions apply.
No restrictions apply.
No restrictions apply.
No restrictions apply.
No restrictions apply.
No restrictions apply.
No restrictions applys
No restrictions apply.

No restrictions apply.

bsFreqRes Shall not be encoded with a value of 0.

bsFixedGainDMX No restrictions apply

bsTempShapeConfig No restrictions apply.

bsDecorrCo:]:i Shall not be encoded with a value of 3.

bsHighRateMode No restrictions apply.

bsPhaseCoding No restrictions apply.

bsOttBandsPhasePresent NoO Testrictions appiy-

bsOttBandsPhase Shall not be encoded with a value larger than the value of numBands as
given by ISO/IEC 23003-1:2007, 5.2, Table 39 and depends on bsFreqRes.

bsResidualBands Shall not be encoded with a value larger than the value of numBands as
given by ISO/IEC 23003-1:2007, 5.2, Table 39 and depends on bsFreqRes.

bsPseudoLr No restrictions apply.

bsEnvQuantMode Shall be 0.
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8.3.2.2.11 UsacExtElementConfig()

usacExtElementType No restrictions apply.
usacExtElementConfigLength No restrictions apply.
usacExtElementDefaultLengthPresent No restrictions apply.
usacExtElementDefaultLength No restrictions apply.
usacExtElementPayloadFrag No restrictions apply.

8.3.2.2.12 UsacConfigExtension()

num(onfigExtensions No restrictions apply.
usac(onfigExtType|] No restrictions apply.
usac(onfigExtLength[] No restrictions apply.
fill_byte Should be 101001071,

8.3.3| Framework

8.3.3.1 Characteristics

Encoders may apply restrictions to the following parameters of the bitstream:

a)

[%2)

gnalling of independently decodable frames;
b) presence of extension elements;

c) cpre_mode;

d) presence of TNS.

8.3.3.2 Test procedure

8.3.3.2.1 UsacFrame()

usaclpdependencyFlag No restrictions apply.

8.3.3.2.2, {__UsacSingleChannelElement

No restrictions are applicable to this bitstream element.
8.3.3.2.3 UsacChannelPairElement
No restrictions are applicable to this bitstream element.

8.3.3.2.4 UsacLfeElement

No restrictions are applicable to this bitstream element.
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8.3.3.2.5 UsacExtElement

usacExtElementPresent No restrictions apply.
usacExtElementUseDefaultLength No restrictions apply.
usacExtElementPayloadLength No restrictions apply.
usacExtElementStart No restrictions apply.
usacExtElementStop No restrictions apply.
usacExtElementSegmentData No restrictions apply.
8.3.3.2.6  UsacCoreCoderData

core_mode

tns_data_pre

8.3.4 Frequency domain coding (FD mode)

8.3.4.1 G

Encoders may

a) useofno
b) window_
c) M/S Ster
d) wuseofTN

e) complex

f) max_sfb;

g) use of time warped MDCT;

h) use oflor

i) useofsh

8.3.4.2 T

No restrictions apply.

sent No restrictions apply.

haracteristics

apply restrictions to the following parameters of the bitstreamnis
se filling;

hape;

£0;

S;

prediction stereo coding;

g blocks;

rt blocks.

est procedure

8.3.4.2.1 fd-channel-stream

global_gain
noise_level

noise_offset

No restrictions apply.
No restrictions apply.

No restrictions apply.

fac_data_present Shall be 0, if the core_mode of the preceding frame of the same

226

channel was 0 or if mod[3] of the preceding frame of the same
channel was > 0.
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8.3.4.2.2 ics_info

window_sequence

window_shape

max_sfb

ISO/IEC 23003

A conformant bitstream shall consist of only mea

-3:2020(E)

ningful

window_sequence transitions. However, decoders are required to
handle non-meaningful window_sequence transitions as well. The
meaningful window_sequence transitions are shown in Table 138.

A compliant bitstream shall set window_shape to 0 if the nex
is encoded in LPD coding mode. However, decoders are requ
handle both window_shapes for all transitions.

t block
ired to

Shall be <= num_swb_long or num_swb_short as appropriate for

scale/factor_grouping

8.3.4.2.3 tw_data

tw_ddta_present

tw_rattio

8.3.4.2.4 scale_factor_data

hcodsf

8.3.4.2.5 tns_data

n_filt
coef _res

length

order
direction
coef_compress

coef

8.3.4.2.6 ~“ac_spectral_data

WIindow_Sequence and Sampling frequency and core Coder
length.

No restrictions apply.

No restrictions apply.

No restrictions apply.

Shall only be encoded <with the values listed in the scal
Huffman table. Shall be _encoded such that the decoded scale
sf[g][sfb] are within the range of zero to 255, both inclusive.

No restrietions apply.

No restrictions apply.

frame

pfactor
factors

Shall be small enough such that the lower bound of the filtered

region, does not exceed the start of the array containing the s
coefficients.

Shall not exceed the values listed in Table 135.
No restrictions apply.
No restrictions apply.

No restrictions apply.

pectral

arith_reset_flag

8.3.4.2.7 StereoCoreToolInfo

tns_active
common_window
common_max_sfb

max_sfb1

ms_mask_present

© ISO/IEC 2020 - All rights reserved

No restrictions apply.

No restrictions apply.
No restrictions apply.

No restrictions apply.

Shall be <=

num_swb_long or num_swb_short as

appropriate for

window_sequence and sampling frequency and core coder frame length.

No restrictions apply.
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ms_used No restrictions apply.
common_tw No restrictions apply.
common_tns No restrictions apply.
tns_on_Ir No restrictions apply.
tns_present_both No restrictions apply.
tns_data_present No restrictions apply.

8.3.4.2.8 cplx_pred_data

cplx_pred_al No restrictions apply.
cplx_pred_used No restrictions apply.
pred_dir No restrictions apply.
complex_coef No restrictions apply.
use_prev_frame Shall be 0 if the core transform length of previous frame is different frqm the

core transform length of the current frame’ or/if the core_mode pf the
previous frame is 1.

delta_code_time No restrictions apply.

hcod_sf No restrictions apply.

8.3.5 Linear predictive domain coding (LPD mode)

8.3.5.1 (haracteristics

Encoders mayf apply restrictions to the following parameterts of the bitstream:
a) acelp_corte_mode;

b) lpd_mod¢ (use of ACELP, short TCX, mediuvm TCX, and long TCX);

c) activation of bass-post filter.

8.3.5.2 Test procedure

8.3.5.2.1 lpd_channel-stream

acelp_core_mode Shall be encoded with a value in the range of 0 to 5, both inclusive.
Ipd_mode Shall be encoded with a non-reserved value listed in Table 94.
bpf_control_info No restrictions apply.

core_mode_last Shall be encoded with the value of data element core_mode of the

previous frame.

fac_data_present Shall be 0, if the core_mode of the preceding frame of the same channel
was 0 and mod[0] of the current frame is > 0, or if mod[0] of the
current frame is > 0 and mod[3] of the preceding frame of the same
channel was > 0.

short_fac_flag Shall be encoded with a value of 1 if the window_sequence of the
previous frame was 2 (EIGHT_SHORT_SEQUENCE). Otherwise
short_fac_flag shall be encoded with a value of 0.
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8.3.5.2.2 Ipc_data

Ipc_first_approximation_index

8.3.5.2.3 qn_data

gn
qn_base

gn_ext

ISO/IEC 23003-3:2020(E)

No restrictions apply.

The codebook number shall be encoded as described in 7.13.7.2.
No restrictions apply.

No restrictions apply.

8.3.5.2.4 get_mode_Ipc

binary_code

8.3.5.2.5 code_book_indices

code_book_index

kv
8.3.5.2.6 acelp_coding

mearn| energy
acb_i]|dex

Itp_filtering_flag

icb_index
gains
8.3.5.2.7 tcx_coding

noise| factor
global_gain

arith|reset_flag
8.3.6| Common/core coding tools

8.3.6.1 Characteristics

Shall be encoded with the values listed in Table 148 in the-coluymn
binary code.

No restrictions apply.

No restrictions apply.

No restrictions apply.
The adaptive codebook idex shall be encoded as described in [7.14.5.1.
No restrictions apply.

The innovatien‘¢odebook excitation shall be encoded as descriped in
7.14.5.2.

No restrictions apply.

No restrictions apply.
No restrictions apply.

No restrictions apply.

EncodersTmay apply Testrictions to the foltowing parameters of the bitstrearnt

a) use of context adaptive arithmetic coder reset.

8.3.6.2 Test procedure
8.3.6.2.1 arith_data

acod_m
acod_r

S
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Shall be encoded as described in 7.4.3.
Shall be encoded as described in 7.4.3.

No restrictions apply.
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8.3.6.2.2 fac_data
fac_gain No restrictions apply.
8.3.7 Enhanced spectral band replication (eSBR)

8.3.7.1 Characteristics

Encoders may apply restrictions to the following parameters of the bitstream:

a) use of theeSBR harmonic transposer;

b) use of Crpssproducts in eSBR harmonic transposer;
c) use of th¢ eSBR inter-TES tool;

d) choice of|SBR ratio;

e) choice oflamplitude resolution;

f)  choice of|SBR crossover band;

g) use of SBR preprocessing (prewhitening);

h) use of thd
8.3.7.2 T

8.3.7.2.1 G

The present s

the enhanced [SBR tool.

8.3.7.2.2 UsacSbrData

sbrinfoPresent No restrictions apply.
sbrHeaderPresent No restrictions apply.
sbrUseDfltH¢ader No restrictions apply.
8.3.7.2.3  Sprinfo

eSBR PVC tool.
est procedure

eneral

bs_amp_res

ibclause defines the conformance criteria that shall be fulfilled by a compliant bitstream that fitilize

No restrictions apply.

bs_xover_band

bs_sbr_preprocessing

bs_pvc_mode

83724 S

bs_start_freq

bs_stop_freq

230

brHeader

Shall define a value that does not exceed the limits defined in
ISO/IEC 14496-3:2019, 4.6.18.3.6.

No restrictions apply.

Shall be encoded with a non-reserved value specified in Table 101.

Shall define a frequency band that does not exceed the limits defined in 7.5.5
and ISO/IEC 14496-3:2019, 4.6.18.3.6.

Shall define a frequency band that does not exceed the limits defined in 7.5.5
and ISO/IEC 14496-3:2019, 4.6.18.3.6.
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bs_header_extral
bs_header_extra2
bs_freq_scale
bs_alter_scale

bs_noise_bands

bs_limiter_bands

bs_limiter_gains

No restrictions apply.
No restrictions apply.
No restrictions apply.

No restrictions apply.

ISO/IEC 23003-3:2020(E)

Shall define a value that does not exceed the limits defined in

ISO/IEC 14496-3:2019, 4.6.18.3.6.

No restrictions apply.

No restrictions apply.

bs_interpol_freq

bs_smoothing_mode

No restrictions apply.

No restrictions apply.

8.3.7.2.5 sbr_single_channel_element

sbrP3tchingMode
sbrOversamplingFlag
sbrPitchInBinsFlag
sbrPitchInBins

bs_add_harmonic_flag

No restrictions apply.
No restrictions apply.
No restrictions apply.
No restrictions apply.

No restrictions apply.

8.3.7.2.6  sbr_channel_pair_element

bs_coupling
sbrP3tchingMode
sbrOversamplingFlag
sbrPitchInBinsFlag
sbrPitchInBins

bs_add_harmonic_flag
8.3.7.2.7 sbr_grid

bs_fragme_class

No restrictions:apply.
No restrictions apply.
No restrictions apply.
No(pestrictions apply.
No restrictions apply.

No restrictions apply.

Shall define a value that does not exceed the limits defined in 7/5.1.3 and

ISO/IEC 14496-3:2019, 4.6.18.3.6.

tmp (Determines bs_num_env), no restrictions apply.
bs_freq_res No restrictions apply.
bs_pointer Shall be encoded with a value listed in ISO/IEC 14496-3:2019, Table 4.193.

The restrictions defined in ISO/IEC 14496-26:2010, 7.17.1.2.1.3 sbr_grid() shall be applied to the following

corresponding bitstream elements:

bs_var_bord_0
bs_var_bord_1
bs_num_rel_0
bs_num_rel_1

bs_noise_position

bs_var_len_hf

© ISO/IEC 2020 - All rights reserved

Shall be chosen so that the time slot borders for noise floors fall within the
leading and trailing SBR frame borders (i.e., the SBR frame boundaries).

Shall be encoded with a non-reserved value specified in Table 102.

231


https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23003-3:2020(E)

8.3.7.2.8 sbr_envelope

bs_env_start_value_balance No restrictions apply.

bs_env_start_value_level No restrictions apply.

bs_codeword Shall be encoded as defined in sbr_huff_dec() in ISO/IEC 14496-3:2019,
4.A.6.1.

Additionally, the restrictions defined in ISO/IEC 14496-26:2010, 7.17.1.2.1.5 sbr_envelope() apply.

8.3.7.2.9 tdf

bs_df env No restrictions apply.

bs_df noise No restrictions apply.

8.3.7.2.10 spr_sinusoidal_coding

bs_add_harmlonic No restrictions apply.
bs_sinusoida)]_position_flag No restrictions apply.
bs_sinusoidal_position Shall be chosen so that the position of the starting time slot for sinusoiglals

fall within the SBR frame boundaries.
8.3.7.2.11 spr_invf

No restrictionis are applicable to this bitstream element.

8.3.7.2.12 spr_noise

The restrictions defined in ISO/IEC 14496-26:2010,%:17.1.2.1.6 sbr_noise() apply.
8.3.8 eSBR|- Predictive vector coding (RYC)

8.3.8.1 (haracteristics

Encoders mayf apply restrictions(ojthe following parameters of the bitstream:

a) activation of PVC;

b) use of ID$ from theprevious frame;

c) length.

8.3.8.2 Test procedures for pvc_envelope

divMode No restrictions apply.

nsMode No restrictions apply.

Reuse_pvcID Shall be 0 if the bs_pvc_mode of the preceding SBR frame was 0.

pvclD No restrictions apply.

length Shall be chosen so that the time slot borders for pvcid fall within the
SBR frame boundaries.

grid_info The first grid_info (grid_info[0]) shall be 1 if the bs_pvc_mode of the

preceding SBR frame was 0.
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8.3.9 eSBR - Inter temporal envelope shaping (inter-TES)
8.3.9.1 Characteristics
Encoders may apply restrictions to the following parameters of the bitstream:

a) activation of inter-TES.

8.3.9.2 Test procedure for sbr_envelope
bs_temp_chnpp No restrictions npplv
bs_infer_temp_shape_mode No restrictions apply.

8.3.10 MPEG Surround 2-1-2

8.3.10.1 Characteristics

Encoders may apply restrictions to the following parameters of the bitstream:
a) use of phase coding;

b) use of residual coding;

c) use of pseudo LR;

d) use of transient steering decorrelator.

8.3.10.2 Test procedure

8.3.1(0.2.1 Mps212Data

bsIindependencyFlag No restrictions apply.
8.3.10.2.2 Framinginfo

bsFramingType No restrictions apply.

bsNumParamSets Shall have a value not larger than (numsSlots-1) /4, where the djvision shall
be interpreted as an ANSI C integer division.

bsParamSlot Shall be in the range 0..numSlots-1.

8.3.10.2.3" OttData

bsPhaseMode No restrictions apply.
bsOPDSmoothingMode No restrictions apply.

8.3.10.2.4 SmgData

bsSmoothMode No restrictions apply.
bsSmoothTime No restrictions apply.
bsFreqResStrideSmg No restrictions apply.
bsSmgData No restrictions apply.
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8.3.10.2.5 TempShapeData

bsTsdEnable
bsTempShapeEnable
bsTempShapeEnableChannel

8.3.10.2.6 TsdData

bsTsdNumTrSlots

No restrictions apply.
No restrictions apply.

No restrictions apply.

Shall be encoded with 4 or 5 bits depending on numSlots.

bsTsdCodedFos
bsTsdTrPhageData

8.3.10.2.7 EHEcData

bsXXXdataMpde

bsDataPairXXX
bsQuantCoarnseXXX
bsFreqResStrideXXX

8.3.10.2.8 FcDataPair
bsPcmCodingXXX

8.3.10.2.9 GroupedPcmData
bsPcmWord
8.3.10.2.10 DiffHuffData

bsDiffType
bsCodingScheme
bsPairing

bsDiffTimeDjrection

8.3.10.2.11 HuffDatalD

No restrictions apply.

No restrictions apply.

Shall fulfil the requirements outlined in ISO/IEC 23003+=1:2007, 6.1.13
not be encoded with a value of 2 if residual coding is’applied. Shall ha
value 0 or 3 if ps==0 and bsindependencyflag js.set to 1.

Shall have the value 0 if setidx == datasets<1y No further restrictions ap

No restrictions apply.

No restrictions apply.

No restrictions apply.

No restrictions apply.

No restrictions apply.
No restrictions apply.
No restrictions apply.

No restrictions apply.

Shall
ve the

ply.

hcodFirstband_XXX

hcod1D_XXX_YY

bsSign

234

bsCodeW shall have a value out of a set of values as defined by column
'codeword' in ISO/IEC 23003-1:2007, Tables A.2 and A.3, for CLD and
ICC respectively. For IPD, in Table A.2. Shall have a length as defined by

the corresponding entry in column 'length’.

bsCodeW shall have a value out of a set of values as defined by column
‘codeword' in ISO/IEC 23003-1:2007, Tables A.5 and A.6, for CLD and
ICC respectively. For IPD, in Table A.3. Shall have a length as defined by

the corresponding entry in column 'length’.

Do not apply to the encoding of IPD parameters. No further

restrictions apply.
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8.3.10.2.12 HuffData2DFreqPair, HuffData2DTimePair

hcodLavldx bsCodeW shall have a value out of a set of values as defined by column

‘codeword’ in ISO/IEC 23003-1:2007, Tables A.24, and shall have a
length as defined by the corresponding entry in column 'length’.

hcod2D_XXX YY_ZZ LL_escape bsCodeW shall have a value out of a set of values as defined by column

‘codeword' in ISO/IEC 23003-1:2007, Tables A.8 and A.9, for CLD and
ICC respectively. For IPD, in Table A.4. Shall have a length as defined by
the corresponding entry in column 'length’.

hcod2D_XXX YY_ZZ_LL bsCodeW shall have a value out of a set of values as defined by column

8.3.10.2.13 SymmetryData

bsSyn

8.3.1(.2.14 LsbData

bsLsh

8.3.11]

8.3.1]

strea

8.3.11]

The 1d

8.3.1%

8.3.17

codeword of the applicable table in ISO/IEC 23003-1:2007, Tables
A.11 to A.18, for CLD and ICC. For IPD, in Tables A.5 to A.8-Sh4dll have a

length as defined by the corresponding entry in column-length'.

nBit No restrictions apply.

No restrictions apply.
| Configuration Extensions

.1 streamld()

mldentifier No restrictions-apply.

.2 loudnessInfoSet()

udnessInfoSet() bitstream structtice shall be restricted as specified in ISO/IEC 23003-4.
. AudioPreRoll

2.1.1 Recursive presence of AudioPreRoll extension payload

An acgess unit whichiis part of an AudioPreRoll shall not have usacExtElementPresent equal to 1 for|the extension
payload type ID<EXT_ELE_AUDIOPREROLL. That means there shall be no recursively embedded|AudioPreRoll
extengion payload:

8.3.12.1.2 ~“AudioPreRoll()

configLen No restrictions apply.

applyCrossfade No restrictions apply.

reserved Should be 0.

numPreRollFrames Shall not be larger than 3.

aulLen No restrictions apply.
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8.3.13 DRC

8.3.13.1 uniDrcConfig()

The uniDrcConfig bitstream structure shall be restricted as specified in ISO/IEC 23003-4.

8.3.13.2 wuniDrcGain()

The uniDrcGain bitstream structure shall be restricted as specified in ISO/IEC 23003-4.

8.3.14 Restrictions depending on profiles and levels

8.3.14.1 General

Depending on|the profile and level associated with the USAC bitstream, further restrictions may.apply.
8.3.14.2 Baseline USAC profile
8.3.14.2.1 usacSamplingFrequencylndex

For Baseline JSAC Profile usacSamplingFrequencylndex shall be encoded with-avalue specified in Table 160.

Table 160 —Specification of usacSamplingFrequencylndex
and usacSamplingFrequency in baseline USAC profile

Level

1 2 3 4 5

0x03...0x0c, |+0x03...0x0c, | 0x03...0x0c, | 0x00...0x0c,
usacSanpplingFrequencylndex/ 0x11...0x1b) 0x11...0x1b | 0x11...0x1b | 0xOf...0x1b

usacfamplingFrequency 0x1f/ 0x1f/ 0x1f/ 0x1f/
< 48000 < 48000 < 48000 <96000

N/A

Furthermore, [for the baseline USAC profile the employed sampling rates shall be one out of those listed in Tapble 3.
8.3.14.2.2 channelConfigurationindex

For baseline YSAC profile channelConfigurationIndex shall be encoded with a value specified in Table 161.

Table 161 — Specification of channelConfigurationlndex
in baseline USAC profile

Level
1 2 3 4 5
' . 0,12, 0..6, 0.6,
channelConfigurationIndex 0,1 g 8.1 8.1 N/A

8.3.14.2.3 numOutChannels
For baseline USAC profile numOutChannels shall be encoded with a value specified in Table 162. Further

restrictions apply to the number of main audio channels (channels conveyed in UsacSCEs and UsacCPEs) and LFE
channels (conveyed in UsacLFEs) as shown in Table 162.
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Table 162 — Specification of numOutChannels
for baseline USAC profile

-3:2020(E)

Level
1 2 3 4 5
numOutChannels <1 <2 <6 <6 N/A
number of main audio channels <1 <2 <5 <5 N/A
number of LFE channels 0 0 <1 <1 N/A

8.3.14.2.4 usacElementType

For th
LFE I

8.3.14

For b4

8.3.14

e baseline USAC profile usacElementType shall take values such that the number of main dudid
nannels comply with the restrictions outlined in 0.

}.2.5 tw_mdct

seline USAC profile tw_mdct shall be encoded with 0.

}.2.6 tw_data

tw_dafta should not be present in baseline USAC profile complying bitstreams, due to restriction

eleme

8.3.14

8.3.14

For ey

nt tw_mdct.
1.3 Extended HE AAC profile

}.3.1 usacSamplingFrequencylndex

Table 163 — Specification of usacSamplingFrequencyIndex
and usacSaniplingFrequency in extended HE AAC profile

channels and

of bitstream

tended HE AAC profile usacSamplingFrequencylndex shall be encoded with a value specified im Table 163.

Level
1 2 3 4 5
0x03...0x0c, 0x03...0x0c, 0x03...0x0c, :r)X03...0x0c,
usafSamplingFrequencylndex/ N/A 0x11..0x1b | 0x11..0x1b | 0x11..0x1b x11...0x1b
usafSamplingFrequency 0x1f/ Ox1f / 0x1f/ 0x1f/
< 48000 < 48000 < 48000 < 48000
8.3.14.3.2( channelConfigurationIndex
For extended HE AAC profile channelConfigurationindex shalt be encoded with a value specitied in Table 164.

Table 164 — Specification of channelConfigurationIndex
in extended HE AAC profile

Level
1 2 3 4 5
channelConfigurationIndex N/A 0. g’ 210 g’ 210 g’ 210 g’ 2

8.3.14.3.3 numOutChannels

For extended HE AAC profile numOutChannels shall be encoded with a value specified in Table 165.
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Table 165 — Specification of numOutChannels
for extended HE AAC profile

Level
1 2 3 4 5
numQOutChannels N/A <2 <2 <2 <2

8.3.14.3.4 tw_mdct

For extended HE AAC profile tw_mdct shall be encoded with 0.

8.3.14.35 t

The bitstrean
restrictions of

8.4 USAC de

8.4.1 Gene|

This document describes a set of test conditions that shall be applied, to verify that a given USAC de

implementati
isolated, thus

However, son
that can be co

Every line in
iec/23003/-3

v_data

bitstream element tw_mdct.
coders

ral
bn complies with this standard. Test conditions are designed such that each tool can be
Setting the constraints for the corresponding conformancétest sequences.

e tools show interactions and dependencies. To cover that fact, conformance test cases are d
mposed of one or more test conditions.

element tw_data should not be present in extended HE AAC profile complying bitstreams, ¢lue to

coder
tested

bfined

the electronic insert “Usac_Conformance_Tables.xlsx” (accessible at https://standards.iso.orng/iso-

ed-2/en) represents a conformance test;ease. For each conformance test case in the works

set of conforry
sequence can
conformance
correspondin
endian) data,

To claim conformance, every test sequence mandatory for a certain profile/level combination has to me|

conformance
described in §

For each confj
test has to be
constraints fd
(accessible at

hance test sequences can also be found. Which tool or tool combination is tested by a give
be deduced from its filename, as it-follows the nomenclature defined in Table 157. In most ¢
test sequence consists of an USAC encoded bitstream wrapped in the MP4 file format an
b decoded wave file. Decoded wave files are always supplied with 24 bit resolution (RIFF
WAVE audio, Microsoft PCM,,24 bit).

criteria specified forithe given test. Bitstream restrictions depending on profile and lev|
.3.14.

brmance test case varying conformance criteria may apply. The output of the implementation
tested against the reference by applying the appropriate test procedure. Test procedures as
r eacheonformance test case are listed in the electronic insert “Usac_Conformance_Table
https://standards.iso.org/iso-iec/23003/-3/ed-2/en). All test procedures are defined in 8.3.2.

heet a
n test
ases a
d the
little-

et the
el are

under
vell as
5.x1sx”

Some conformance test sequences that are defined in the USAC Conformance testing clause are not present on the
conformance repository. Owing to the very unusual combination of tested parameters in certain conformance test
conditions these files exhibit digital clipping and have therefore been excluded from the collection of conformance
test sequences.

8.4.2

8.4.2.1

FD core mode tests

General

This subclause describes test conditions to test the transform based (FD: frequency domain) part of the decoder.

A full list of a

», «

11 FD core related test cases is shown in the attachment “Usac_Conformance_Tables.xlsx

UsacSCE”, and “FD core UsacCPE”.
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If not stated otherwise, the RMS test method shall be applied to all mandatory test cases. The RMS test method
always includes the LSB test (RMS/LSB). The RMS/LSB measurement is defined in ISO/IEC 14496-26. The
decoder under test shall satisfy the conformance criteria for at least 16 bit, if not stated otherwise in the
attachment “Usac_Conformance_Tables.xlsx”.

If no test method is specified, a check of conformance using appropriate measurements, e.g., the LSB criterion or
objective perceptual measurement systems, is not mandatory but highly recommended. This also applies to
bitstreams with non-meaningful window sequences.

NOTE The MPEG-4 conformance tool ssnrcd can be used to apply the RMS/LSB test procedure. The tool is part of the
MPEG-D USAC reference software.

If not ktated otherwise the following constraints apply to all USAC FD core mode test cases:
— tests are carried out with coreSbrFrameLengthIndex 0 (768) and 1 (1024), respectively;

— the value of max_sfb is set to the maximum allowed value depending on the given;sampling rate

|
[%2]

hmpling frequencies as defined in Table 166 are included in the tests;

— 2|l test conditions apply to both UsacSingleChannelElement() and Usag€hannelPairElement().

Table 166 — Subset of sampling rates under test (“SET”)

sampling rate / Hz samplingFrequencylndex
7350 0x0c
14400 0x19
22050 0x07
28800 0x14
44100 0x04
88200 0x01

The sampling frequencies in Table 166 are composed of a subset of values in Table 72 and were chosen to cover
all available scale factor tables. This-subset of sampling frequencies is also referred to as “SET” in this document
and In the electronic insert“*Usac_Conformance_Tables.xlsx” (accessible at https://standards.iso.org/iso-
iec/23003/-3/ed-2/en).

8.4.2.2 Basic FD test condition

8.4.2.2.1 General

The “pasi¢_BED test condition” represents a minimum setup of the FD core coder for both singl¢ channel and
channlelpair element.

8.4.2.2.2 Conformance test sequences

The test sequences cover the test of the basic functionalities of the USAC FD core coder. All compressed bitstreams
are solely composed of long transform blocks (ONLY_LONG_SEQUENCE).

The tests are carried out at both coreSbrFrameLengthindex 0 (768) and 1 (1024). For 1024 core coder frame
length (coreSbrFrameLengthIndex == 1), additional sampling frequencies are included in the basic FD test case, as
there are:

— All allowed values for the usacSamplingFrequencylndex in Table 72 (ALL);

— The sampling frequencies 55425 Hz and 46008 Hz (arbitrary: ARB).
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The sampling frequencies have to be mapped according to Table 84 to properly deduce all sampling frequency
dependent tables.

For ARB sampling frequencies no usacSamplingFrequencylndex is available. The sampling rate has to be
transmitted by means of usacSamplingFrequency (24 bit, UsacConfig()).

The corresponding files can be identified by the names Fd_[1]|2]_c1_<uSFI>* where uSFI denotes the
usacSamplingFrequencylndex. If no index is available, uSFI is replaced by the given sampling frequency.

8.4.2.3 FD window switching test condition [Win]

8.4.2.3.1 (eneral
This test conglition shall be applied to verify the proper decoder behaviour in case a meaningful)ED window
sequence trarlsition is triggered by a bitstream. Meaningful window sequence transitions are listed in Table 138.

Furthermore,|the test condition focuses on correct processing of all allowed short block groupings and window
shapes.

8.4.2.3.2 Test sequences

Test sequencgs trigger window transitions as described in Table 167.

Table 167 — Window transitions

Frame Window Sequence
1 ONLY_LONG_SEQUENCE
2 ONLY,.LONG_SEQUENCE
3 LONG_START_SEQUENCE
4 EIGHT_SHORT_SEQUENCE
5 EIGHT_SHORT_SEQUENCE
6 LONG_STOP_SEQUENCE
7 ONLY_LONG_SEQUENCE
8 LONG_START_SEQUENCE
9 LONG_STOP_SEQUENCE
10 LONG_START_SEQUENCE
11 STOP_START_SEQUENCE
12 EIGHT_SHORT_SEQUENCE
13 STOP_START_SEQUENCE
14 STOP_START_SEQUENCE
15 LONG-STOR SEQUENCE

For the FD window switching test condition [Win], the window sequences listed in Table 167 are run through
twice using sine (window_shape 0) and KBD (window_shape 1). The next two frames are window_sequence
ONLY_LONG_SEQUENCE and LONG_START_SEQUENCE, respectively. The next 128 frames have window_sequence
of EIGHT_SHORT_SEQUENCE only and all possible combinations of scale_factor_grouping are transmitted. The
values of scale_factor_grouping vary in the range from 0 to 127. The next frame has window_sequence
LONG_STOP_SEQUENCE, after which the cycle repeats.

For test cases that combine the FD window switching test condition [Win] with other test conditions (e.g., WinNf),
the window sequences listed in Table 167 are run through a first time using using KBD (window_shape 1) and a
second time using sine (window_shape 0). This set of window sequences and window_shapes is then repeated for
the remainder of the bitstream.
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8.4.2.4 Noise filling test condition [Nf]

8.4.2.4.1 General

This test condition shall be applied to verify the proper behaviour of the noise filling tool of USAC and the correct
signalling of its parameters.

8.4.2.4.2 Testsequences

All bitstreams activate the noise filling tool in the UsacCoreConfig. The values of noise_level and noise_offset vary
from frame to frame. All possible combinations of noise_filling and noise_offset are triggered at least once by the
bitstream.

8.4.2.6 TNS test condition [Tns]

8.4.2.5.1 General

This test condition shall be applied to verify the proper behaviour of the temporal noise shaping|(TNS) tool of
USACand the correct signalling of its parameters.

8.4.25.2 Testsequences

All bifstreams contain TNS data indicated by the bit tns_data_present. TNS parameters are applied as summarized
in Taljle 168.

NOTE TNS short block combination is covered by the test.case labelled “WinTns”.

For bpth mono and stereo test sequences (channelConfigindex 1 and 2) supplied bitstreams contaip at least TNS
value$ as indicated in Table 168.

Table.168 — Tns bitstream values

Bitstream element Value
n_filt 1.3(0,1)
coef_res 0,1
Length 1, maxSfb
Order 15(7),7 (3),1
Direction 0,1
coef_compress 0,1
Coef 0,15
NOTE The values in parenthesis are applied to
short blocks.

Table 169 shows TNS values only present in stereo test cases (channelConfigindex 2).

Table 169 — Tns stereo bitstream values

Bitstream element Value
tns_data_present[1] 0,1
tns_on_Ir 1
tns_present_both 0,1
common_tns 0,1

© ISO/IEC 2020 - All rights reserved 241


https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23

8.4.2.6

8.4.2.6.1

003-3:2020(E)

Varying max_sfb test condition [Sfb]

General

This test condition shall be applied to ensure the correct decoder behaviour in case varying values of max_sfb are
signalled by the bitstream.

8.4.2.6.2

Test sequences

The value of max_sfb transmitted in ics_info() varies in the range from 0 to maximum. The upper bound is
determined by the given sampling rate.

NOTE Vatying max_sfb short block combinations is covered by the combined test case labelled “WinSfb”.
Additional copstraints apply to USAC channel pair element. Different values of max_sfb are transmitted for each
channel in thg channel pair element.
8.4.2.7 Handling of extensions test condition [Ex]
8.4.2.7.1 (General
This test condlition shall be applied to ensure the proper behaviour of the €xtension payload mechanism lof the
USAC decoder.
A USAC decoder shall at least be able to skip over all extensions - both configuration and payload - and decoge the
embedded USAC single channel element properly.
8.4.2.7.2 Test sequences
Bitstreams coptain extensions to both configuration and\payload. Extensions to the configuration are summarized
in Table 170.
Table 170—¥alues of UsacConfigExtension
Bitstreamelement Value
numConfigExtensions 4
usacConfigExtType 0 15 255 | 65805
usacConfExtLength 1 1 1 1
tmp / fill_byte 165 49 50 51
Extensions to|the paylead are transmitted by means of an USAC extension element. For each extension element
one configuration,is-embedded in the USAC decoder configuration. Table 171 shows the decoder configuration of
the bitstream| The’audio data is carried in element 2 (UsacSCE). The extension payload is transmitted via element
0, 1, 3 and 4 (UsacEXT). The test is only carried out for USAC single channel element.
Table 171— USAC decoder configuration
Element index 0 1 2 3 4
Element Type UsacEXT UsacEXT UsacSCE UsacEXT UsacEXT
usacExtElementType 15 255 - 65805 0 (FILL)
usacExtElementConfigLength 4 4 - 4 0
usacExtElementDefaultLengthPresent 1 1 - 0 0
usacExtElementDefaultLength 8 65790 - 0 0
usacExtElementPayloadFrag 0 1 - 0 0
Tmp “Ex 17 “Ex 2" B “Ex 3" :
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The extension payload transmitted by means of and USAC extension element can vary from frame to frame.

Table

172 shows the affected bitstream values.

Table 172— USAC extension payload

In cag
usacE
3 con{

Elemse
in a fe

8.4.2,

8.4.2.

This t|

8.4.2,

Bitstr

|
=

|
o =

- —

Element index 1 3 4
usacExtElementPresent 0,1 0,1 0,1 0,1
usacExtElementUseDefaultLength 0,1 0 0 0,1
usacExtElementPayloadLength 1.16 1.16 1.16 arbitrary
usacExtElementStart - 0,1 - -
usacExtElementStop - 0,1 - -

e of fragmented extension payload (element 1), the payload is divided into 9 frames’ (dist,

ists of the string “+++ USAC Conformance Test Extension Element [0,1,2] +++",

ONG_START_SEQUENCE, EIGHT_SHORT_SEQUENCE, LONG_STOP_SEQUENCE;
Vindow shape is always set 0.0/ 1. e. sine window;
he reset of the arithmetic decoder is triggered at least every 3 frames;

he bitstream is (divided into at least 4 sections, each 100 frames long. The first 4 sectiong
itstream consiSts-of more than 400 frames;

h section(1)quantized MDCT values are set to zero. The value of max_sfb is increased frame b
he maximum allowed value;

nt 4 is used to write fill bytes (10100101) to into the bitstream if needed. ‘The payload may o
w frames at startup.

B Context adaptive arithmetic coder test condition [Ac]

B.1 General

est condition shall be applied to ensure the proper behaviour of the arithmetic decoder of USA(.
8.2 Testsequences

bams are designed such that:

he window sequence repeatedly)\‘cycles through the following wvalues: ONLY_LON

hnce between

xtElementStart and corresponding usacExtElementStop flag). The payload transmitted for elements 0, 1 and

hly be present

G_SEQUENCE,

repeat if the

y frame up to

— 1

) section 2 the amplitude of quantized MDCT values is limited to 3, only positive values are trar

smitted;

b

oth with and without STOP symbol;

In section 4 the amplitude of quantized MDCT values is limited to 3 while the sign is altered;

In section 3 the value of the quantized coefficients is increased frame by frame. Spectral coefficients are coded

Test sequences are provided for both 768 and 1024 transform length. The sampling rate is always 48 kHz.
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8.4.2.9 Non-meaningful FD window switching test condition [Nmf]

8.4.2.9.1 General

This test condition should be applied to monitor the decoder behaviour in case FD window sequence transitions

not specified in Table 138 occur in a given bitstream.

8.4.2.9.2 Testsequences

All non-meaningful FD window transitions are triggered at least once by the bitstream. It should be ensured that

the decoder does not crash during decoding. This test is not mandatory but highly recommended.

The decoder
decoded wavg

forms are provided.

8.4.2.10 M/S stereo test condition [Ms]

8.4.2.10.1 G

This test condjition shall be applied to verify the proper behaviour of the M/S stereo.tool of the USAC decoder.

8.4.2.10.2 T

Bitstreams ma

All bitstreams

8.4.2.11 (

8.4.2.11.1 G

This test cond

eneral

est sequences

behaviour at non-meaningful FD window transitions is not covered by this document{ hen

ke use of the M/S stereo tool. An overview of affected bit§tream parameters is shown in Table

Table 173— M/S stereo parameters

Bitstream element Value Description
ms_mask_present 0 M/S not active
1 M/S active on some scale factor bands
2 M/S active on all scale factor bands
ms_used 0,1 Indicates the use of M/S stereo per scale

factor band

eneral

decoder.

activating the M/S stereo tool shall cover the values as described above.

omplex prediction stereo test condition [Cp]

ition-shall be applied to ensure the functionality of the complex prediction stereo tool of the

ce no

173.

USAC

8.4.2.11.2 Testsequences

Bitstreams activate the complex prediction stereo tool of USAC. The affected bitstream values are listed in

Table 174.
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Table 174— Complex prediction stereo parameters

Bitstream element Value Description
ms_mask_present 0 Complex prediction not active
3 Complex prediction active
cplx_pred_used 0,1 Indicates the use of complex
prediction per prediction band
cplx_pred_all 0,1 Complex prediction on all prediction
bands
complex_coef 0,1 Transmit complex coefficients (1) or
real nn]y r‘nnfﬁt‘innfc(n)
delta_code_time 0,1 Time differential coding (1) or
frequency differential coding (0)
use_prev_frame 0,1 Use only current frame (0) or use
both current and previous frame.(1)
for MDST estimation
pred_dir 0,1 Prediction from mid to-side (0) or
from side to mid.(1)

All bifstreams activating the complex prediction stereo tool shall cover allwvalues as described in Tab

8.4.3( LPD core mode tests

8.4.3.1 General

This

“Usac) Conformance_Tables.xlsx”:

https:

“LPD
/standards.iso.org/iso-iec/23003 /-3 /ed-2 /en.

core

The dlecoded signals (reference and decoder-under-test) are always time-aligned, low-pass
downpampled to twice the audio bandwidth of the LPD core before computing the conformance mea
resanipling tool “ResampAudio” from:the AFsp package, which is also required by the USAC refere

UsacSCE”,

and “LPD core

a

le 18.

dubclause describes test cases that have to be applied to verify the behaviour of the USAC ¢gecoder when
operated in LPD coding mode. A full list of all, LPD core coding mode related test cases
UsacCPE”,

is shown in
ccessible at

filtered and
sure. The free
nce software,

can b¢ used for this purpose. Unlessspecified otherwise, the audio bandwidth of the LPD core is equal to 6400 Hz

when| coreSbrFrameLengthindex=1

(frame

length

equal to 1024 samples)

coreSprFrameLengthIndex=0\(frame length equal to 768 samples).

The cpnformance medsure depends on the test case. For the LPC coding test, the RMS log LPC spe
betwden the reference signal and the output of the decoder-under-test and the segmental SNR of thg
decoder-under-test-compared to the reference signal are used. For the other tests, the segment

outpult of the decoder-under-test compared to the reference signal is used.

The computatlon of these measures is descrlbed in ISO/IEC 14496- 26 Alternatlvely, an 1mpleme

and 48

00 Hz when

ctral distance
output of the
al SNR of the

htation of the

nction called

SPlchSdlst ), and the segmental SNR can be computed using the CompAudlo tool from the AFsp package.

The tests are carried out for both 768 and 1024 core coder frame length (coreSbrFrameLengthlndex equal to 0

and 1).

For coreSbrFrameLengthlndex=1 (frame length equal to 1024 samples) three distinct test vectors are used to
validate the operation of the USAC decoder under test at different internal sampling frequencies, namely 6000,
12800 and 24000 Hz. These are identified by the file names Lpd_c1_Lpd_<uSFI>*, where uSFI denotes the
usacSamplingFrequencylndex. The audio bandwidth of the LPD core is equal to half the internal sampling

frequency.
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8.4.3.2.1

003-3:2020(E)

LPC coding test condition [Lpc]

General

The test condition shall be applied to verify the functionality of the linear predictive coding (LPC) filter and the
proper decoding of LPC parameters in the bitstream.

8.4.3.2.2

Test sequences

The test bitstream is designed such that:

all frame

for each
mode fro

each of tH

Furthermore,
high resonang

84.3.23 (

5 are encoded using MDCT-based TCX;

pf the 4 LPC filters LPC1, LPC2, LPC3 and LPC4, every possible absolute and relative quanti
Im Table 148 is used at least once;

e 256 entries in the first stage approximation codebook (see 7.13.6) is used atdeast once.

es that cover well the entire audio spectrum).

onformance criteria

The conformance criteria for the LPC coding test condition is based on the-RMS log LPC spectral distance be

the reference
decoder unde

The RMS log [

exceed 0.6 dB
shall not be le

8.4.3.3

84331 G

This test con
scheme.

8.4.3.3.2 T
The test bitsty

All frame

signal and the output of the decoder-under-test and-on the segmental SNR of the output
I test compared to the reference signal.

PC spectral distance between the reference signal'and the output of the decoder under test sh
Also, the segmental SNR of the output of the!decoder under test compared to the reference
5s than 40 dB.

ACELP core mode test condition [Ace]

eneral

Jition shall be applied to Verify the correct decoding of frames encoded with the ACELP ¢

est sequences
eam is deSigned such that:

s are.encoded using ACELP (no MDCT-based TCX);

vation

the test bitstream is designed to test the decoder on “extreme” LPC filters (in particular, exhibiting

fween
of the

hll not
signal

oding

A complete and balanced coverage of the algebraic codebooks listed in 7.14.5.2.1 is ensured. Specifical

usage of the algebraic codebooks is as follows:

100 fram

100 fram

100 fram

100 fram

100 fram

246

es encoded using the 20-bit codebook, followed by;
es encoded using the 28-bit codebook, followed by;
es encoded using the 36-bit codebook, followed by;
es encoded using the 44-bit codebook, followed by;

es encoded using the 52-bit codebook, followed by;
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100 frames encoded using the 64-bit codebook, followed by;

100 frames encoded using the 12-bit codebook, followed by;

100 frames encoded using the 16-bit codebook;

-3:2020(E)

— Every possible value of the bitfields mean_energy (4 possibilities, see Table 152), acb_index[-] (512 or 64
possibilities, depending on the subframe position), ltp_filtering flag[-] (two possibilities) and gains[-] (128
possibilities) is used at least once;

— The LPC filters exhibit weak resonances;

— The bass-post filter is always disabled (bpf_control_info=0).

8.4.3.

The ¢

The lgngth of the segments is equal to 256 samples.

The s
50 dB

8.4.3.

8.4.3.

This t
Furth

8.4.3.

The tg

— A

— A

— |
N

— 1
3

3.3 Conformance criteria

eomental SNR of the output of the decoder under test compared o the reference signal shall n

h TCX and noise filling test condition [Tcx]

1.1 General

est condition shall be applied to verify the cerrect decoding of frames encoded with the TCX ¢
ermore, the TCX noise filling is covered.

1.2 Testsequences

st bitstream is designed such that:

1l frames are encoded using MDCT-based TCX (no ACELP);

complete and balanced coverage of all possible MDCT window lengths is ensured;

loreover, a,complete and balanced coverage of all possible intra-frame and inter-frame transi
IDCT window lengths is ensured;

very. possible value of the bitfields noise_factor (8 possibilities) and global_gain (128 possib

bnformance criteria for the ACELP core mode test condition is based on the segmental SNR of the output of
the dgcoder under test compared to the reference signal.

t be less than

bding scheme.

rfions between

ilities) is used

t\least once as long as the values do not result in clipping. To avoid clipping the highest glob

al gain values

n

nay not be tested as long as at least YU% or all values are used;

— The test bitstream contains LPC filters exhibiting weak resonances.

In order to guarantee a complete and balanced coverage of all MDCT window lengths and all transitions between

these,
[111
[222

[333

the usage of the various MDCT window lengths is as follows:
1] for 150 frames;
2] for 150 frames;

3] for 150 frames.
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Then a repetition of the following pattern for a total of at least 150 frames:
[1111][1122][1122][2222][2211][2211][3333][2222][3333][3333]
where [- - - -] represents the four LPD coding modes mod[0..3] for one frame and 1, 2 and 3 are the mode values

that determine the MDCT window length as described in Table 97 (specifically, 1 for short TCX, 2 for medium TCX
and 3 for long TCX).

8.4.3.4.3 Conformance criteria

The conformance criteria for the TCX and noise filling test condition is based on the segmental SNR of the output
of the decodef under test compared to the reference signal.

The length of the segments is equal to 256 samples.

The segmentdl SNR of the output of the decoder under test compared to the reference signal shallnot be lesf than
50 dB.

8.4.3.5 L{PD mode coverage and FAC test condition [Lpd]

8.4.3.5.1 (eneral

This test condition shall be applied to ensure the proper decoding of frameés encoded in LPD mode. It also ¢overs
all allowed trgnsitions between LPD coding schemes (ACELP/TCX).

8.4.3.5.2 Test sequences
The test bitstijeam is designed such that:
— Every possible combination of MDCT-based TCX and/or ACELP within a frame is used at least once;

— Moreover, a complete and balanced coverage-of all possible intra-frame and inter-frame transitions befween
ACELP and the different MDCT window lenigths is ensured;

— The test bitstream contains LPC filtersiexhibiting weak resonances;
— The bassipost filter is always disabled (bpf_control_info=0).
The first two ¢onditions are guaranteed by using a repetition of the following mode pattern:

A sequence comprising-the LPD coding modes corresponding to each of the 26 unreserved values of the bitfield
Ipd_mode from Table\94 followed by:

[0011][0011}{100][1100][0022][0022][2200][2200][3333]

where [- - - -] represents the four LPD coding modes mod[0..3] for one frame and 0, 1, 2 and 3 are the mode values
as described in Table 97 (specifically, 0 for ACELP, 1 for short TCX, 2 for medium TCX and 3 for long TCX).

8.4.3.6 Conformance criteria

The conformance criteria for the LPD mode coverage and FAC test condition is based on the segmental SNR of the
output of the decoder under test compared to the reference signal.

The length of the segments is equal to 256 samples.

The segmental SNR of the output of the decoder under test compared to the reference signal shall not be less than
50 dB.
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7 Bass-post filter test condition [Bpf]

.7.1 General

-3:2020(E)

This test condition shall be applied to verify the behaviour of the bass-post filter of the USAC decoder in LPD
coding mode.

8.4.3.7.2 Testsequences

The test bitstream is designed such that:

=

R
t
a

8.4.3.

The c
decod

The lg

The s
50 dB

8.4.3.

8.4.3.

This t

8.4.3.

he frames are encoded using alternately the MDCT-based TCX coding mode (5 consecutiveAr
CELP coding mode (25 consecutive frames);

he bass-post filter is switched on (bpf_control_info=1) and off (bpf_control_info=0)every 5 A

very possible value of the acb_index parameter (512 or 64 possibilities,cdepending on
osition) is used at least once for the ACELP frames where the bass-post filter iS)enabled;

he test bitstream contains LPC filters exhibiting weak resonances;

or a USAC channel pair element both synchronous (Bpfs) and asynchronous (Bpfa) core cod
bsted in combination with bass-post filter activity. The Bpfa case.0ccurs when the two channel

7.3 Conformance criteria

nformance criteria for the bass-post filter test/éondition is based on the segmental SNR of thg
er under test compared to the reference signal.

ngth of the segments is equal to 256 samples.

eomental SNR of the output of thie decoder under test compared to the reference signal shall n

B AVQ test condition [Avq]

B.1 General

bst condition Shall be applied to test the AVQ quantization tool of the USAC decoder.

8.2 \_Test sequences

hmes) and the

CELP frames;

the subframe

ng modes are
5 either use in

different core coding mode (ACELP/TCX) or, when both ¢hannels use the ACELP core coding mode but
make a reversed use of the bass-post filter (active/inactive).

output of the

t be less than

The test bitstream is designed such that:

— All frames are encoded using alternately ACELP and short MDCT-based TCX (i.e., all frames are encoded using
the LPD mode sequence [0 1 0 1]);

— As regards the quantization of the FAC information, every absolute leader from Table 146 is used at least

0]

nce;

— The test bitstream contains LPC filters exhibiting weak resonances;

— The bass-post filter is always disabled (bpf_control_info=0).
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onformance criteria

The conformance criteria for the AVQ test condition is based on the segmental SNR of the output of the decoder
under test compared to the reference signal.

The length of the segments is equal to 256 samples.

The segmental SNR of the output of the decoder under test compared to the reference signal shall not be less than

50 dB.

8.4.4

Combined core coding tests

8.4.4.1 ¢
This subclaus
mode are pre;s

If not stated

decoder unde
segmental SN
dB. Also, the |
the LSB test (]

additionally s
8.4.4.2
84.421 (

This test condition shall be applied to ensure the proper decoder behaviour when a given bitstream activate

USAC core coq

84.4.2.2 T

Bitstreams tri

least onc
All allow

For USA(
Asynchrd

HD-LPD transition and FAC test condition (synchronous/asynchronous) [Flt<a|s>]

Bitstreanps shall trigger every allowéd transition between FD and LPD coding modes as shown in Table

eneral

e describes test conditions to be applied to the USAC decoder in the case both FDf@nd LPD ¢
ent in a bitstream.

ptherwise, the conformance measure is calculated using the segmental SNR of the output

r test compared to the reference signal. The length of the segments is-equal to 256 sample
R of the output of the decoder under test compared to the reference sighal shall not be less th
RMS test method shall be applied to all mandatory test cases. The RMS test method always in

RMS/LSB). The RMS/LSB measurement is defined in ISO/IEC 14496-26. The decoder under tes|
htisfy the conformance criteria for at least 7 bit.

eneral

ing modes (FD/LPD).
est sequences

oger all allowed transitions between FD and LPD coding modes.

he
2

bd combinations ef/TCX modes and ACELP are triggered at least once;

channelpdir element both synchronous (Flts) and asynchronous (Flta) transitions are trig
nous fransitions occur when the two channels of the channel pair element use different g

oding

pf the
5. The
an 50
rludes
t shall

5 both

138 at

bered.
oding

modes (HD/LPDy;
— No bass-postfitterisused tbpf_comntotimfo=="07:
8.4.4.3 FD/TCX noise filling test condition [Cnf]
8.4.4.3.1 General

This test condition shall be applied to verify the interaction between the FD noise filling and the TCX noise filling

functionality.

8.4.4.3.2

Test sequences

Bitstreams activate the noise filling tool in both FD and LPD path. The bitstreams are designed that:

250
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— All allowed values of noise_level and noise_offset are transmitted at least once;
— All allowed values of noise_factor are transmitted at least once;

— All TCX modes are used at least once;

— No ACELP is used;

— All valid transitions between FD core mode and LPD core mode as shown in Table 138 are triggered at least
once.

8.4.4.0 Bass-postTilter test condition [CbiI]

8.4.44.1 General

This test condition shall be applied to ensure the correct behaviour of the bass-post filter at transitions between
FD and LPD core mode.

8.4.4.4.2 Testsequences
Bitstrpams are designed that:
— The bass-post filter is activated in every frame encoded using KPD coding mode;

— All valid transitions between FD core mode and LPD coresmode as shown in Table 138 are triggered at least
nce;

Q

— All allowed combinations of TCX modes and ACELR are triggered at least once.
8.4.45 Context adaptive arithmetic coder test condition [CAc]

8.4.4.5.1 General

This test condition shall be applied(to test the arithmetic decoder of USAC when both FD and LPD foding modes
are ethployed.

8.4.4.5.2 Testsequences
Bitstreams are designed’such that:

— All valid transitions between FD core mode and LPD core mode as shown in Table 138 are triggered at least
once;

— Aresét of the arithmetic decoder is triggered in a frame consisting of only ACELP at least once.

Test sequences are provided for both 768 and 1024 transform length. Sampling rate is always 16 kHz.
8.4.5 eSBRtests

8.4.5.1 General

A full list of all eSBR related test cases is shown in “Usac_Conformance_Tables.xlsx” accessible at
https://standards.iso.org/iso-iec/23003 /-3 /ed-2/en.
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8.4.5.2 eSBR Test procedure

If not stated otherwise, the RMS test method shall be applied to all eSBR test cases. The decoder under test
shall satisfy the conformance criteria for at least 14 bit, if not stated otherwise in “Usac_Conformance_Tables.xlsx”
accessible at https://standards.iso.org/iso-iec/23003 /-3 /ed-2/en.

8.4.5.3 QMF accuracy test condition [Qma]

8.4.5.3.1 General

This test condition shall be applied to verify the implementation of the QMF filter bank.

8.4.5.3.2 Test sequences

The sequence|consists of a linear sine sweep from 0 to 8000 Hz (eSbr cross over frequency).
8.4.5.4 HEnvelope adjuster accuracy and SBR preprocessing test condition [Eaa]

8.4.5.4.1 (eneral

This test condition shall be applied to cover the test of the eSbr envelope) adjuster as well as thg eSbr
preprocessing (pre-whitening) functionality.

8.4.54.2 Testsequences

Table 175 describes the variables in scope of this test condition.

Table 175 — Eaa bitstream values

Bitstream element value
bs_sbr_preprocessing 0,1
bs_data_noise max. 31
bs_data_gny 0.47
coreqnode 0 (FD)
harmonicSBR 1
bs_add_harmonic_flag[0] 0
bs_interTes 0
bs_pvc 0
bs_xover_band 0
bs_frame_class FIXFIX

8.4.5.5 Header and grid control test condition [Hgt]

8.4.5.5.1 General

This test condition has to be applied to verify the decoder behaviour at time-grid transitions. The test condition
also covers changes of SBR header data triggered by a given bitstream.

8.4.5.5.2 Test sequences

Test sequences cover 8 envelopes in FIXFIX frames. Bitstream values affected by this test condition are listed in
Table 176. All possible configurations are triggered in the bitstream as long as the combinations of parameters
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result in a valid bitstream. If it is not possible to trigger all values in one bitstream as many as possible common
combinations should be triggered.

Table 176 — Hgt bitstream values

Bitstream element Value
bs_xover_band 0,.,6
bs_start_freq 0,.14
bs_stop_freq 0,.12
bs_noise_bands 0,.3
bs_limiter_bands 0,.3
bs_alter_scale 0,1
bs _interpol_freq 0,1
bs _smoothing_mode 0
bs_frame_class FIXFIX
bs_num_env 8
core_mode 0 (FD)
harmonicSBR 0
bs_add_harmonic_flag[0] 0
bs_data_noise max. 31
bs_interTes 0
bs_pvc 0
8.4.5.6 Inverse filtering test condition’[Ift]
8.4.56.1 General
This tpst condition shall be applied-to verify the SBR inverse filtering.
8.4.56.2 Testsequences
The inverse filter (bs.invf mode) feature has 4 settings, described in ISO/IEC 14496-3:2019, 4.5.2.8.1, Table 4.124,
whichj are triggered'by the bitstream.
The t¢st sequence cycles through the available inverse filter options changing every 50 frames.
Table|177Summarizes the bitstream values affected by the Ift test condition.
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Table 177 — Ift bitstream values

8.4.5.7

8.4.5.71 (

eneral

This test cond‘i

eSBR tool of t

8.4.57.2 T

The encoder
(nSfb) a sine {

Table 178 sun
sine tones fea

Bitstream element Value
core_mode 0 (FD)
harmonicSBR 0
bs_add_harmonic_flag[0] 0
bs_data_noise max. 31
bs_interTes 0
bs pvc 0
noiseFilling 0
bs_xover_band 0
bs_frame_class FIXFIX
bs_header_extra_2 1
bs_limiter_bands 3
bs_limiter_gains 0
bs_interpol_freq 1
bs_smoothing_mode 1

est sequences

Additional sine test (missing harmonics) test condition'[Ast]

ition shall be applied to verify the functionality of the missing harmonics insertion mechanism|of the
e USAC decoder.

nput consists of a mono music'Signal with strong harmonics. For each available scale factor band
one is added (bs_add_harmohnic == 1).

hmarizes the USAC featiires which have been disabled (or changed) in order to isolate the add{tional

fure.

Table 178 — Ast bitstream values

254

Bitstream element Value
core_mode 0 (FD)
harmonicSBR 0
bs_add_harmonic_flag[0] 1
bs_data_noise max. 31
bs_interTes 0
bs_pvc 0
bs_xover_band 0
bs_frame_class VARVAR
bs_num_env 2
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8.4.5.8 Channel mode test condition [Cm]

8.4.5.8.1 General

This test condition shall be applied to verify proper decoding of various channel modes.

8.4.5.8.2 Testsequences

-3:2020(E)

Test sequences are provided for both mono and stereo SBR channel mode. In stereo mode bs_coupling is toggled

every 50 frames.

Table|179 summarizes the bitstream values affected by this test condition.

Table 179 — Cm bitstream values

Bitstream element Value
core_mode 0 (FD)
bs_coupling 0,1
sbrPatchingMode 0
harmonicSBR 1
bs_add_harmonic_flag[0] 0
bs_data_noise max. 31
bs_interTes 0
bs_pvc 0

8.4.5.9 Inter-TES test condition [Tes]

8.4.5.9.1 General

This tpst condition shall be applied-to’verify the proper behaviour of the inter-TES tool of USAC.

8.4.5.9.2 Testsequences

Inter-[TES is active (bs_interTes==1). In the bitstream inter-TES is switched on and off by bs_temp
sbr_envelope(). In thewcase of switching on inter-TES within a SBR envelope time segment, bs_temp_s
set tp shape the-'temporal envelope of the HF signal. The bitstream covers all availah
bs_tethp_shape.mode. Note that inter-TES is switched off when bs_temp_shape==1 and bs_temp_sha

Table[180 summarizes the USAC features which have been disabled or restricted in order to isolate

_shape in the
hape_mode is
le values of
be_mode==0.

the inter-TES

featurle

Table 180 — Inter-TES bitstream values

Bitstream element Value
core_mode 0 (FD)
harmonicSBR 0

bs_interTes

1
bs_pvc 0
bs_add_harmonic_flag[0] 0

© ISO/IEC 2020 - All rights reserved
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8.4.5.10

8.4.5.10.1 General

PVC test condition [Pvc]

This test condition shall be applied to verify the correct behaviour of the USAC predictive vector coding tool (PVC).

8.4.5.10.2 Testsequences

All bitstreams contain PVC data indicated by the bit bs_pvc. PVC parameters in Sbrinfo(), sbr_grid(),
sbr_sinusoidal_coding(), and pvc_envelope() are applied as summarized in Table 181.

8.4.5.11 Harmonic transposition (QMF) test condition’[Htq]

8.4.5.11.1 (eneral

Table 181 — PVC bitstream values

Bitstream element

Value

bs_pvc_mode

bs_noise_position

vl

bs_var_len_hf

o
o)

bs_sinusoidal_position_flag

bs_sinusoidal_position

A
w
[uny

divMode

nsMode

reuse_pvclD

pvclD

~

length

NI

grid_info

ololo|lolo|lo|olo|lo|o|~
RIRRRRN R, AR

This test condjition shall be applied to verify the;proper behaviour of the QMF based harmonic transposer of JSAC.

8.4.5.11.2 Tlest sequences

A test sequenge is generated for eaghshbrRatiolndex described in Table 75.

The test sequence is generated from a mono music signal with strong harmonic content. The harmonic

transposition [QMF is triggered by setting harmonicSBR to 1 and sbrPatchingMode[0] to zero.

Table 182 summarizes.the USAC bitstream values affected by the Htq test condition.

Table 182 — Htq bitstream values

256

Bitstream element value
core_mode 0 (FD)
sbrPatchingMode 0
harmonicSBR 1
bs_add_harmonic_flag[0] 0
bs_data_noise max. 31
bs_interTes 0
bs_pvc 0
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8.4.5.12 Harmonic transposition (crossproducts) test condition [Xp]

8.4.5.12.1 General

This test condition shall be applied to verify the functionality of the crossproducts mechanism of the USAC
decoder.

8.4.5.12.2 Test sequences

A test sequence is generated for each of the sbrRatiolndex values (except 0) described in Table 83.

The test sequences are generated from a mono music signal. Each of the three sequences~uses the same
crossproduct values but applies a different sbrRatiolndex value (2, 3 and 1). In each case crossproduct terms,
whicH vary over the entire range [0 - 127], are triggered in the bitstream.

Table|183 summarizes the USAC bitstream values affected by this test condition.

Table 183 — Xp bitstream values

Bitstream element value
core_mode O(FD)
sbrPatchingMode 0
harmonicSBR 1
bs_invf_mode[0] 0
bs_add_harmonic_flag[Q] 0
bs_data_noise max. 31
bs_interTes 0
bs_pvc 0
noiseFilling 0

8.4.5.13 Transposer toggle test condition [Ttt]

8.4.5.13.1 General

This fest condition shall be applied to verify the decoder behaviour in case the transposer type is switched
betwegen copy-up/and harmonic transposer by the bitstream.

8.4.5.13.2 Test sequences

Bitstreams-contain Al A llavwrad francitiance haturnan difforant trancnancar tunac (copv-uB-an dharmani transposer
................................................................ poesertypestecopy-upananarmoeit p .

A test sequence is generated for each sbrRatiolndex described in Table 75.

Test sequences are generated from a mono music signal. The transposer type is signalled by the flag
sbrPatchingMode. The transposer type is toggled every 50 frames.

Table 184 summarizes the USAC bitstream values affected by this test condition.
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Table 184 — Ttt bitstream values

Furthermore,
crossover fre
combine the 1
— LPD core

— The trang

— The crosg

8.4.5.14 H

8.4.5.14.1 (

This test cond
switched betyf

8.4.5.14.2 T

All bitstream
sbr_sinusoidal

Bitstream element Value
core_mode 0 (FD)
harmonicSBR 1
sbrPatchingMode 0,1
bs_invf_mode[0] 0
bs_add_harmonic_flag[0] 0
bs_data_noise max. 31
bs_interTes 0
bs_pvc 0
bs_xover_band 0

test sequences are provided which combine the “Transposer toggle test condition” and the “V
uency test condition”. Those sequences can be identified by the filenamie-tag _TttXo_. Bitst
estrictions of both test conditions, exceptions are listed below.

mode is used (core_mode = 1);

poser type is toggled every 100 frames (sbrPatchingMode: 0,1);

over frequency is varied through all available frequencies (bs_xover_band: 0..9).
nvelope shaping toggle (PVC on/off) test condition [Est]

eneral

ition shall be applied to ensure the proper decoder behaviour when the envelope shaping m
feen SBR and PVC.

est sequences

5 contain PVC data indicated by the bit bs_pvc. PVC parameters in Sbrinfo(), sbr_grid(
_coding() are applied‘as summarized in Table 185.

Table 185 — Est bitstream values

Bitstream element value

bs_pvc_mode

hrying
reams

pde is

and

bhe frayman clace

8.4.5.15

8.4.5.15.1 General

Do ottt —Crass

bs:var_b(; rd_1

bs_noise_position

bs_var_len_hf

bs_sinusoidal_position_flag

bs_sinusoidal_position

S|l Pl
R oy | |do o
w1

A
w
[uny

Varying crossover frequency test condition [Xo]

The test condition shall be applied to verify the decoder behaviour in case the SBR crossover frequency is
alternated by a given bitstream.
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8.4.5.15.2 Test sequences

Bitstreams vary the SBR cross over frequency. Bitstreams cover at least extreme SBR cross over frequencies
(maximum allowed, minimum allowed). The test covers increased range of crossover frequencies.

The test sequence is generated from a series of harmonically related sine tones. The test sequence triggers 10
allowed crossover frequencies which are applied in ascending order and changed every 40 frames.

Table 186 summarizes the USAC bitstream values affected by this test condition.

Table 186 — Xo bitstream values

Bitstream element Value

core_mode 1 (LPD)
bs_xover_band 0.9
bs_invf_mode[0] 0
bs_add_harmonic_flag[0] 0
harmonicSBR 0
X
0
0

bs_data_noise max.
bs_interTes
bs_pvc

8.4.5.016  stereoConfigindex test condition [Mps]

8.4.5.16.1 General

The stereoConfigindex test condition shall be applied,to test the interaction of the eSBR and the MFS212 tool. All
possible combination of both tools as described inEigure 23 through Figure 25 are covered by the tept.

8.4.5./16.2 Testsequences
For ejch allowed value of stereoConfigindex one bitstream is provided. The relation between stergoConfigindex,
bsStereoSbr and bsResidualCoding'is shown in Table 77. Bitstreams have been generated from a| stereo music

signal

Table|187 summarizes the USAC bitstream values affected by the Mps test condition.

Table 187 — Mps bitstream values

Bitstream element value
core_mode 0 (FD)
careShrFramel pngfhlndpy 3
bs_invf_mode[0] 0
bs_add_harmonic_flag[0] 0
bs_data_noise max. 31
bs_harmonicSBR 0
bs_interTes 0
bs_pvc 0
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8.4.6 MPEG Surround 212 tests
8.4.6.1 Parameter bands test condition [fr<X>]

8.4.6.1.1 General

This test condition shall be applied to verify the decoder behaviour for different number of MPS parameter bands.

8.4.6.1.2 Testsequences

7 different test sequences are provided each of which employs a different integer value of hsFreqRes in the interval

[1.7].
8.4.6.2 TSD test condition [Tsd]

8.4.6.2.1 General

This test condition shall be applied to verify the performance of the transient steering deeorrelator (TSD) fool of
the USAC decgder.

8.4.6.2.2 Test sequences

Bitstreams coptain bsTempShapeConfig set to 3 in order to activate the TSD)tool. Test sequences cover all allowed
values for TsdlSepData and bsTsdTrPhaseData.

8.4.6.3 Rate mode test condition [Rm]

8.4.6.3.1 (eneral

This test condjition shall be applied to test the high rate;mode of MPEG Surround 212.

8.4.6.3.2 Testsequences

Test sequencgs are provided for each allowed value of stereoConfigindex (except for 0). To enable the high rate
mode the bsHjghRateMode flag is set to 1.

8.4.6.4 Hhase coding test-condition [Pc]

8.4.6.4.1 (eneral

This test condition.shall be applied to verify the performance of the phase coding tool of the USAC decoder.

8.4.6.4.2 Tlest sequences

Bitstreams have bsPhaseCoding set to 1 in order to activate the phase coding tool. Phase coding and
OPDSmoothingMode can be switched on and off on a frame basis by setting bsPhaseMode and
bsOPDSmoothingMode accordingly. All test sequences toggle bsPhaseMode and bsOPDSmoothingMode at least
once.

8.4.6.5 Decorrelator configuration test condition [Dc]

8.4.6.5.1 General

This test condition shall be applied to test different decorrelator configurations in MPEG Surround 212.
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8.4.6.5.2 Testsequences
Two test sequences are provided. Bitstreams enable bsDecorrConfig = 1 and bsDecorrConfig = 2, respectively.
8.4.6.6 Bands phase test condition [Bp<X>]

8.4.6.6.1 General

This test condition shall be applied to verify the decoder behaviour for different number of MPS parameter bands
employing phase parameters.

8.4.6.6.2 Testsequences
Bitstreams contain values for bsOttBandsPhase that differ from the default values listed in Table 1(09. Bitstreams
contaln bsOttBandsPhasePresent set to 1 to indicate the number of IPD parameter bands ‘explicitly} Multiple test

sequejnces are provided covering all allowed values of bsOttBandsPhase in the range of-Q fo numBands.

For stereoConfigindex equal to 2 and 3 the number of residual bands is fixed to 0.
8.4.6.7 DMX gain test condition [Dm]

8.4.6[7.1 General

This tpst condition shall be applied to verify the decoder behaviour for all allowed values of bsFixedGainDMX.

8.4.6.7.2 Testsequences

8 diff¢rent test sequences are provided each of which employs a different integer value of bsFixedGhinDMX in the
interval [0..7].

8.4.6.8 Pseudo Ir test condition [Plr]

8.4.6.8.1 General

This test condition shall be applied to test the pseudo Ir mechanism of the USAC decoder.
8.4.6.8.2 Testsequences

Test sequence are available for both stereoConfigindex = 2 and 3.

All bitlstreams coentain bsPseudoLr set to 1.

8.4.6.9 Residual bands test condition [Rb<X>]

8.4.6.9.1 General

This test condition shall be applied to verify the decoder behaviour for different number of MPS parameter bands
employing residual coding.

8.4.6.9.2 Testsequences

Test sequence are available for both stereoConfigIindex = 2 and 3.

Multiple bitstreams are provided to cover all allowed values of bsResidualBands.
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8.4.6.10 Temporal shaping enabling test condition [Tse<X>]

8.4.6.10.1 General

This test condition shall be applied to verify the temporal shaping tools of the USAC decoder and the ability to
switch them on and off.

8.4.6.10.2 Testsequences

To test all temporal shaping tools the value bsTempShapeConfig shall be set to [1.3]. In case of
bsTempShapeConfig is set to 1 (STP) or 2 (GES), the temporal shaping tools can be switched on and off on a frame
basis by setting bsTempShapeEnable and bsTempShapeEnableChannel[ch]. These test sequences. foggle
bsTempShapgEnable at least once. To handle as many conditions as possible all combinatiopns of
bsTempShapgEnableChannel[ch] related to the channels shall be triggered at least oncer)ln' case of
bsTempShapgConfig is set to 3 (TSD), the temporal shaping tool can be switched on and off on a)rame basis by
setting bsTsdEnable. These test sequences toggle bsTsdEnable at least once.

8.4.6.11 Simoothing mode test condition [Smg]

8.4.6.11.1 (eneral

This test condjition shall be applied to verify the decoder behaviour for the smecthing mode.

8.4.6.11.2 Test sequences
Bitstreams have bsHighRateMode set to 1 in order to activate the Smoothing. The smoothing can be switched on
and off on a fffame basis by the bsSmoothMode[ps]. Every mode‘shall be triggered at least once. Additional o test
the mode “ke¢p previous smoothing parameters unchanged’;there shall be a transition from every mode tojmode
1 atleast oncg.

To test all conditions all values in Table 188 shall be.triggered at least once.

Table. 188 — Smg bitstream values

Bitstream element Value
bsSmoothTime 0.3
bsFreqResStrideSmg 0.3
bsSmgData 0.1

8.4.7 Bitstream-extensions

8.4.7.1 General

This subclause describes test conditions to test the USAC configuration extensions as contained within the
bitstream structure UsacConfigExtension() as well as USAC bitstream payload extensions as declared and
contained within the bitstream structures UsacExtElementConfig() and UsacExtElement() respectively.

A full list of all extension related test cases is shown in “Usac_Conformance_Tables.xlsx”: “Extensions” accessible at
https://standards.iso.org/iso-iec/23003/-3/ed-2/en.

If not stated otherwise, the RMS test method shall be applied to all mandatory test cases. The RMS test method
always includes the LSB test (RMS/LSB). The RMS/LSB measurement is defined in ISO/IEC 14496-26:2010. The
decoder under test shall satisfy the conformance criteria for at least 14 bit, if not stated otherwise in
“Usac_Conformance_Tables.xlsx”.
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8.4.7.2 AudioPreRoll() and streamlID condition, immediate play-out frame (IPF)

8.4.7.2.1 General

The audio pre-roll extension enables the creation of bitstreams which produce valid audio signal output starting
from the very first decoded audio frame. The test conditions in this subclause aim at covering the conceivable and
practical use cases of employing this functionality. For the sake of testing the AudioPreRoll() in various
constellations, this test condition defines subtypes whose characteristics are laid out in the subclauses below.

8.4.7.2.2 IPF frequency of occurrence [I-foo-<x>]

8.4.7.2.2.1 General
This test condition shall be applied to verify the correct decoding behaviour upon (re-) initfalization of a decoder

when|AudioPreRoll() extension payload is present in the compressed bitstream and whén decgding streams
whichf carry regularly occurring stream access points in the form of immediate play-out frames (IPF)

8.4.7.2.2.2 Testsequences
Conformance test bitstreams shall comply to the following constraints. The.streams:

— shall contain one configuration extension of type ID_CONFIG_EXTF-STREAM_ID, and one extensjon payload of
type ID_EXT_ELE_AUDIOPREROLL;

I
2

hall start with an access unit with AudioPreRoll() present{usacExtElementPresent==1);

I
n

hall contain, in the AudioPreRoll() payloads»a non-empty and correct config() |(configLen>0,
nfig() == usacConfig());

Q

— shall contain, in the AudioPreRoll() payloadyatileast one pre-roll frame (numPreRollFrames>0);

I
w

hall contain access units with AudioPreRoll() present (usacExtElementPresent==1) in a regular frequency of
ogcurrence of once per <x> audio‘frames. If <x> == 0, then only the first frame shall be an acfess unit with
AldioPreRoll() present;

— shall be encapsulated in ISO*Base Media file format in accordance with Annex H.
8.4.7.8 Dynamic range and loudness control

8.4.7.8.1 General

The following-test conditions shall be applied to verify the proper integration and behaviour of thef MPEG-D DRC
decoder as.part of the USAC decoder. In addition to the test conditions in this subclause, the isolated MPEG-D DRC
decoder.shall fulfil conformance according to ISO/IEC 23003-4.

The MPEG-D DRC decoder is too complex to define only one conformance test condition for USAC. For this reason,
there are several conformance test conditions. In case no dynamic range and/or loudness control related
conformance test conditions are active (respectively no conformance test condition is active, which is defined in
the current subclause 8.4.7.3), no config extension payload of type ID_CONFIG_EXT_LOUDNESS_INFO and no
extension payload of type ID_EXT_ELE_UNI_DRC shall be written.

The audio content shall be chosen such that the application of dynamic range and loudness metadata results in a

measurable and preferably perceptually noticeable difference when compared to the result if the MPEG-D DRC
decoder is in bypass mode.

© ISO/IEC 2020 - All rights reserved 263


https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23003-3:2020(E)

8.4.7.3.2 Loudness normalization test condition [Ln]

8.4.7.3.2.1 General
This test condition shall be applied to verify the transmission and application of loudness metadata for

normalization of the USAC decoder output. It shall also verify the proper integration of the loudness normalization
module.

8.4.7.3.2.2 Testsequences

This test condition shall fulfil following conditions:

— Usac(onfigExtension() shall include at least one extension of type ID_CONFIG_EXT_LOUDNESS.INFOQ.

— UsackxtElementConfig() shall include an extension of type ID_EXT_ELE_UNI_DRC if the ‘definitjon of
downmixId values is required for a test sequence.

— loudnessInfoSet() shall define a loudnessInfo() structure with drcSetld=0 and dowhmixId=0 whiclp shall

at least include one measure with methodDefinition set to 1 or 2. Additional loudnessinfo() struftures
and lpudness parameters may be present.

8.4.7.3.2.3 Default behaviour

If this test| condition is not active, UsacConfigExtension shall ‘mot include an extension of| type
ID_CONFIG_EXT_LOUDNESS_INFO.

8.4.7.3.3 Dynamic range control test condition [Drc<x>]

8.4.7.3.3.1 General

This test condition shall be applied to verify the transmission and application of DRC metadata for dynamic|range
control of the [USAC decoder output. It shall also yerify the proper integration of the DRC modules.

8.4.7.3.3.2 Test sequences
This test condition shall fulfil following conditions:
— UsackxtElementConfig()shall at least include one extension of type ID_EXT_ELE_UNI_DRC.

— uniDgcConfig() shall be configured depending on the parameter <x> as defined in Table 189.

Table 189 — Configuration of uniDrcConfig() depending on <x>

XS Requirement
1 One or several DRC sets with downmixId=0
2 One or several DRC sets with downmixId=127
3 One or several DRC sets with downmixId!=0 &

downmixId!=127

8.4.7.3.3.3 Default behaviour

If this test condition is not active, UsacExtElementConfig() shall not include an extension of type
ID_EXT_ELE_UNI_DRC.
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8.5 Decoder settings

8.5.1 General

The decoder settings describes some additional input configurations for the decoder. If they are needed, these
abbreviations are only added to the reference wav files. The corresponding compressed mp4 test file has the same
file name up to (but without) the double underline characters, which separate the conformance test cases from the
decoder settings. The filenames do not contain any other double underline characters at a different place.

8.5.2 Targetloudness [Lou-<x>]

8.5.2.11 General

This fest condition shall be applied to verify the application of different target loudness$ yalues| by the USAC
decoder. This condition shall verify the proper behaviour of the loudness normalization module.

8.5.2.2 Decoder settings description
The decoder shall be set up such that it normalizes the output to a given target loudness as specifijed in ISO/IEC

23003-4. The target loudness shall be given as an integer number <x> in LKFS that should not be l3arger than -10
LKFS.|Note that the requested target loudness may be passed via the uniDricInterface() structure if ayailable.

8.5.2.3 Default behaviour

If this|test condition is not active, no target loudness value-shall be specified through a decoder int¢rface and the
loudnpss normalization module shall be disabled.

8.5.3| DRC effect type request [Eff-<x>]

8.5.3.1 General

This test condition shall be applied to,Verify the application of different DRC effect type requestg by the USAC
decoder. This condition shall verify the proper behaviour of DRC modules.

8.5.3.2 Decoder settings description

The dpcoder shall be set@p such that a DRC effect type request is passed to the MPEG-D DRC decodé¢r as specified
in ISO/IEC 23003-4. The DRC effect type request shall be given as an integer number <x> and should|be mapped to
a fall{back DRC effect type sequence as recommended in ISO/IEC 23003-4:2015, Annex E.2.2. Note that the
requepted DRC effeet type sequence may be passed via the uniDrcInterface() structure if available.

8.5.3.3 Default behaviour

If this testrondition ;s TIot active, mo DRC effecttype requestsitatt be passed to the intermat MPEG-DDRC decoder.

8.6 Decoding of MPEG-4 file format parameters to support exact time alignment in file-to-file
coding

Conformant USAC decoders shall be able to decode MPEG-4 files having one edit list with one entry that specifies
the decoded waveform segment that the USAC decoder and associated MPEG-4 systems support shall reproduce.
It is strongly encouraged that, whenever appropriate, USAC coded content stored in an MPEG-4 File have such an
edit list.

If present, the edit list shall be specified using the MPEG-4 file format EditListBox as follows:
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is an integer that specifies the duration of the desired audio segment, measured in MovieHeader

timescale units;

<N2> isa

tim

The timescale
units of Hz. If

h integer that specifies time of first sample in the desired audio segment, measured in MedjdHse
bscale units.

values in the MPEG-4 file format MediaHeaderBox shall be set to the audio signal sampling r
possible, the timescale values in the MPEG-4 File Format MovieHeaderBox shall'be set to the

signal sampling rate, in units of Hz, otherwise the timescale values shall be set to the appropriate media tim

value, e.g., 60
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Software Copyright License and Disclaimer for MPEG Standards

This software module was originally developed by <FN1> <LN1> (<CN1>) and edited by <FN2> <LN2> (<CN2>), <FN3> <LN3>
(<CN3>), in the course of development of the <standard> for reference purposes and its performance may not have been

optimi

zed. This software module is an implementation of one or more tools as specified by the <standard>.

ISO/IEC gives You a royalty-free, worldwide, non-exclusive, copyright license to copy, distribute, and make derivative
works of this software module or modifications thereof for use in implementations of the <standard> in products that
satisfy conformance criteria (if any).

Those intending to use this software module in products are advised that its use may infringe existing patents. ISO/IEC have no
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Copyrjght is not released for products that do not conform to audio visual and imagescodin

Reco

Assurg

mendations and/or ISO/IEC International Standards.

nce that the originally developed software module can be used (1) in the <standard> once ‘the <stan

b related ITU

b

ard> has been

adoptd

e

d; and (2) to develop the <standard>:

grants ISO/IEC all rights necessary to include the originally developed software module or

modifications

f in the <standard> and to permit ISO/IEC to offer You a royalty-free, worldwide, non-exclug

P to copy, distribute, and make derivative works for use in implementations’of the <standard> in
conformance criteria (if any), and to the extent that such originally déveloped software module

ncluded in the <standard>.

extent that <CN1> owns patent rights that would be required to make; use, or sell the originally deve

ive, copyright
products that
or portions of

loped software

P or portions thereof included in the <standard> in a conforming product, <CN1> will assure the ISO/IEC

that it is willing

to neg

ptiate licenses under reasonable and non-discriminatory terms @and conditions with applicants throughoul

t the world.

ISO/IK

C gives You a free license to this software module or anodifications thereof for the sole purpose

of developing

the <skandard>.

<CN1>
third 4
Intern

This ¢

Disclai
of the
busing
the so
for a p|

retains full right to modify and use the code for its owh purpose, assign or donate the code to a third par
arties from using the code for products that demot conform to MPEG-related ITU Recommendations
tional Standards.

pyright notice must be included in all copies’or derivative works. Copyright (c) ISO/IEC 2015.

mer: The software module is provided*as is". In no event shall ISO, IEC or companies that originally subj
software module be liable for any damages whatsoever (including, but not limited to, damages for
ss interruption, loss of informatien, or any other pecuniary loss) arising out of or related to the use of o1
tware module. All warranties; express or implied, including but not limited to warranties of merchantab
hrticular purpose are disclaimed.

y and to inhibit
and/or ISO/IEC

nitted the parts
loss of profits,
inability to use
ility and fitness

In the text (<standard> should be replaced with the appropriate International §
ISO/IEC 23003-3.

<FN> = First Name, <LN> = Last name, <CN> = Company Name.

Sentences in italics are not required in the statement if the original developer does n

tandard, e.g.,

bt wish to be

identified

this software.

Sentences underlined should be removed when the <standard> is published.

ITU Recommendations.

© ISO/IEC 2020 - All rights reserved

Sentences in bold are not required in the statement if the original developer allows unrestricted use of

Reference to "ITU Recommendation” may be omitted when the module is deemed not to be relevant for

267



https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

ISO/IEC 23003-3:2020(E)

9.2 Bitstream decoding software

9.2.1 General

The provided bitstream decoding software is a normative reference implementation of the respective

specification.

9.2.2 USAC decoding software

Location Content
mpegD_usacj\usacEncDec\ Unified Speech and Audio Decoder
mpegD_usac\mp#4spatialdec\ MPEG Surround 2-1-2 Decoding Module
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Annex A

(normative)

Tables

A.1 Tables for frequency domain coding

Table A.1 — Frequency domain coding table references

Table

Please see

Scalefactor Huffman codebook

ISO/IEC 14496-3:2019, 4.AC1, Table 4.A.1

Differential scalefactor to index tables

ISO/IEC 14496-3:2019,4.A.)3, Table 4.A17
and Table 4.A.18

A.2 SBR tables

Pleas¢ refer to ISO/IEC 14496-3:2019, 4.A.6, Table

A.3 MPEG Surround IPD tables

4.A.78 to Table 4A.89 and Table 4.A.91.

Table A.2 —~hcodFirstBand_IPD
Index length codeword Index length codeword
(hexadecimal) (hexadecimal)
0 1 0x00 4 5 0x1d
1 3 0x06 5 6 0x3f
2 5 Ox1c 6 5 Ox1le
3 6 0x3e 7 2 0x02
Table A.3 — hcod1D_IPD_YY
Index DF DT
length codeword length codeword
0 1 0x0000 1 0x0000
1 3 0x0006 2 0x0002
2 5 0x001e 4 0x000e
3 6 0x003a 6 0x003e
4 6 0x003b 7 0x007e
5 5 0x001c 7 0x007f
6 5 0x001f 5 0x001e
7 2 0x0002 3 0x0006
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Table A.4 — hcod2D_IPD_YY_ZZ_LL_escape

LL DF/FP DF/TP DT/FP DT/TP
length | codeword | length | codeword length codeword | length | codeword
01 3 0x00007 3 0x00007 3 0x00007 3 0x00007
03 8 0x000ff 8 0x000ff 8 0x000bf 8 0x000bf
05 9 0x001bf 9 0x001bf 11 0x005ff 11 0x005ff
07 11 0x0057f 11 0x0057f 13 0x01fbf 13 0x01fbf
Table A.5 — hcod2D_IPD_YY_ZZ 01
Idx0 | Idx1 DF/FP DF/TP DT/FP DT/TP
length | codeword | length | codeword length codeword | clength | codeword
0 0 1 0x0 1 0x0 1 0x0 1 0KO
0 1 3 0x7 3 0x7 3 0x7 3 OK7
1 0 3 0x6 3 0x6 3 0x6 3 OK6
1 1 2 0x2 2 0x2 2 0x2 2 0K2
Table A.6 — hcod2D_IPD_YY/ZZ.03
Idx0 | Idx1 DF/FP DF/TP DT/FP DT/TP
length | codeword | length | codeword length codeword | length | codeword
0 0 1 0x000 1 0x000 1 0x000 1 0xpP00
0 1 8 0xOff 8 0x0ff 8 0x0bf 8 0x0bf
0 2 8 0xOff 8 0xOff 8 0x0bf 8 0x0bf
0 3 8 0xOff 8 0xOff 8 0x0bf 8 0x0bf
1 0 8 0xOff 8 0xOff 5 0x016 5 0xp16
1 1 3 0x006 3 0x006 3 0x006 3 0xp06
1 2 8 0x0ff 8 0x0ff 8 0x0bf 8 0x0bf
1 3 8 0x0fe 8 0x0fe 7 0x05e 7 0xp5e
2 0 7 0x07c 7 0x07c 6 0x02e 6 0xp2e
2 1 7 0x07e 7 0x07e 4 0x00e 4 0xpOe
2 2 4 0x00e 4 0x00e 4 0x00a 4 0xpOa
2 3 2 0x002 2 0x002 4 0x00f 4 0x00f
3 0 7 0x07d 7 0x07d 8 0x0be 8 0xPbe
3 1 8 0xOff 8 0xOff 8 0x0bf 8 0x0bf
3 2 8 0xOff 8 0xOff 8 0x0bf 8 0x0bf
3 3 o Ox01e S5 Ox01e 3 0x004 3 0x004
270 © ISO/IEC 2020 - All rights reserved



https://iecnorm.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8

	1 Scope
	2 Normative references
	3 Terms, definitions, symbols and abbreviated terms
	3.1 Terms and definitions
	3.2 Symbols and abbreviated terms

	4 Technical overview
	4.1 Decoder block diagram
	4.2 Overview of the decoder tools
	4.3 Combination of USAC with MPEG Surround and SAOC
	4.4 Interface between USAC and systems
	4.4.1 Decoder behaviour
	4.4.1.1 General decoding process
	4.4.1.2 Initialization and re-initialization of the USAC decoder
	4.4.1.3 Decoding process of access unit with audio pre-roll


	4.5 USAC profiles and levels
	4.5.1 General
	4.5.2 MPEG-4 HE AACv2 compatibility
	4.5.3 Baseline USAC profile
	4.5.4 Extended high efficiency AAC profile

	4.6 Combination of USAC with MPEG-D DRC

	5 Syntax
	5.1 General
	5.2 Decoder configuration (UsacConfig)
	5.3 USAC bitstream payloads
	5.3.1 Payloads for audio object type USAC
	5.3.2 Subsidiary payloads
	5.3.3 Payloads for enhanced SBR
	5.3.4 Payloads for MPEG Surround
	5.3.5 Payload of extension elements


	6 Data structure
	6.1 USAC configuration
	6.1.1 Definition of elements
	6.1.1.1 Data elements
	6.1.1.2 Helper Elements

	6.1.2 UsacConfig()
	6.1.3 Usac Output Sampling Frequency
	6.1.4 UsacChannelConfig()
	6.1.5 UsacDecoderConfig()
	6.1.6 UsacSingleChannelElementConfig()
	6.1.7 UsacChannelPairElementConfig()
	6.1.8 UsacLfeElementConfig()
	6.1.9 UsacCoreConfig()
	6.1.10 SbrConfig()
	6.1.11 SbrDfltHeader()
	6.1.12 Mps212Config()
	6.1.13 UsacExtElementConfig()
	6.1.14 UsacConfigExtension()
	6.1.15 Unique stream identifier (Stream ID)
	6.1.15.1 Semantics
	6.1.15.2 Stream identifier description


	6.2 USAC payload
	6.2.1 Definition of elements
	6.2.1.1 Top level and subsidiary data elements
	6.2.1.2 Helper elements

	6.2.2 UsacFrame()
	6.2.3 UsacSingleChannelElement()
	6.2.4 UsacExtElement()
	6.2.5 UsacChannelPairElement()
	6.2.5.1 Definition of elements
	6.2.5.1.1 Data elements
	6.2.5.1.2 Help elements

	6.2.5.2 Decoding process

	6.2.6 Low frequency enhancement (LFE) channel element, UsacLfeElement()
	6.2.7 UsacCoreCoderData()
	6.2.7.1 Definition of elements
	6.2.7.2 Decoding process

	6.2.8 StereoCoreToolInfo()
	6.2.9 fd_channel_stream() and ics_info()
	6.2.9.1 Definition of elements
	6.2.9.1.1 Data elements
	6.2.9.1.2 Help elements

	6.2.9.2 Decoding process
	6.2.9.2.1 Decoding an fd_channel_stream (FCS)
	6.2.9.2.2 Recovering ics_info()
	6.2.9.2.3 scale_factor_data() parsing and decoding
	6.2.9.2.4 ac_spectral_data() parsing and decoding

	6.2.9.3 Windows and window sequences
	6.2.9.4 Scalefactor bands and grouping

	6.2.10 lpd_channel_stream()
	6.2.10.1 General
	6.2.10.2 Definition of elements
	6.2.10.3 Decoding process
	6.2.10.3.1 Decoding an lpd_channel_stream
	6.2.10.3.2 ACELP/TCX coding mode combinations


	6.2.11 Spectral noiseless coder
	6.2.11.1 General
	6.2.11.2 Definition of elements
	6.2.11.2.1 Data elements
	6.2.11.2.2 Helper elements


	6.2.12 Enhanced SBR
	6.2.12.1 General
	6.2.12.2 Definition of elements
	6.2.12.3 SBR payload for USAC

	6.2.13 Definition of MPEG Surround 2-1-2 payloads
	6.2.13.1 General
	6.2.13.2 Definition of elements

	6.2.14 Buffer requirements


	7 Tool descriptions
	7.1 Quantization
	7.1.1 Tool description
	7.1.2 Definition of elements
	7.1.3 Decoding process

	7.2 Noise filling
	7.2.1 Tool description
	7.2.2 Definition of elements
	7.2.2.1 Data elements
	7.2.2.2 Help elements

	7.2.3 Decoding process
	7.2.4 Generation of random signs for spectral noise filling

	7.3 Scale factors
	7.4 Spectral noiseless coding
	7.4.1 Tool description
	7.4.2 Definition of elements
	7.4.3 Decoding process

	7.5 enhanced SBR tool (eSBR)
	7.5.1 Modifications to SBR tool
	7.5.1.1 Definition of elements
	7.5.1.2 Frequency band tables, offset
	7.5.1.3 Envelopes, LE
	7.5.1.4 HF adjustment of SBR envelope scalefactors
	7.5.1.5 HF adjustment
	7.5.1.5.1 General
	7.5.1.5.2 Mapping
	7.5.1.5.3 Estimation of current envelope
	7.5.1.5.4 Calculation of levels of additional HF signal components
	7.5.1.5.5 Calculation of gain
	7.5.1.5.6 Assembling HF signals

	7.5.1.6 24 band analysis QMF filterbank

	7.5.2 Additional pre-processing in the MPEG-4 SBR within USAC
	7.5.2.1 General
	7.5.2.2 Modifications and additions to the MPEG-4 SBR tool

	7.5.3 DFT based harmonic transposer
	7.5.3.1 Tool description
	7.5.3.2 Limiter frequency band table
	7.5.3.3 Sub-sampled filter banks for HQ critical sampling processing
	7.5.3.3.1 General
	7.5.3.3.2 Real-valued sub-sampled MS-channel synthesis filter bank
	7.5.3.3.3 Complex-valued Sub-sampled MA-channel analysis filter bank


	7.5.4 QMF based harmonic transposer
	7.5.4.1 Tool description
	7.5.4.2 Sub-sampled filter banks for QMF critical sampling processing
	7.5.4.2.1 General
	7.5.4.2.2 Real-valued sub-sampled MS-channel synthesis filter bank
	7.5.4.2.3 Complex-valued sub-sampled 2M-channel analysis filter bank


	7.5.5 4:1 Structure for SBR in USAC
	7.5.5.1 General
	7.5.5.2 Modifications and additions to the MPEG-4 SBR tool
	7.5.5.3 Modifications and additions to DFT based harmonic SBR
	7.5.5.4 Modifications and additions to sub-sampled filter banks for HQ critical sampling processing
	7.5.5.5 Modifications and additions to QMF based harmonic transposer
	7.5.5.6 Modifications and additions to sub-sampled filter banks for QMF critical sampling processing

	7.5.6 Predictive vector coding (PVC) decoding process
	7.5.6.1 Overview
	7.5.6.2 Symbols and abbreviations
	7.5.6.3 Subband grouping in QMF subbands below SBR range
	7.5.6.4 Time domain smoothing of subband-grouped energy
	7.5.6.5 SBR envelope scalefactor prediction


	7.6 Inter-subband-sample temporal envelope shaping (inter-TES)
	7.6.1 Tool Description
	7.6.2 Definition of elements
	7.6.3 Inter-TES

	7.7 Joint stereo coding
	7.7.1 M/S stereo
	7.7.2 Complex stereo prediction
	7.7.2.1 Tool description
	7.7.2.2 Definition of elements
	7.7.2.2.1 Data elements
	7.7.2.2.2 Help elements

	7.7.2.3 Decoding process
	7.7.2.3.1 Generate MDST spectrum of downmix
	7.7.2.3.2 Decoding of prediction coefficients
	7.7.2.3.3 Inverse quantization of prediction coefficients
	7.7.2.3.4 Upmix process



	7.8 TNS
	7.8.1 General
	7.8.2 Definition of elements
	7.8.3 Decoding process
	7.8.4 Maximum TNS bandwidth

	7.9 Filterbank and block switching
	7.9.1 Tool description
	7.9.2 Definition of elements
	7.9.3 Decoding process
	7.9.3.1 IMDCT
	7.9.3.2 Windowing and block switching
	7.9.3.3 Overlapping and adding with previous window sequence


	7.10 Time-warped filterbank and blockswitching
	7.10.1 Tools description
	7.10.2 Definition of elements
	7.10.2.1 Data elements
	7.10.2.2 Help elements
	7.10.2.3 Constants

	7.10.3 Decoding process
	7.10.3.1 Warp contour
	7.10.3.2 Sample position and window length adjustment
	7.10.3.3 IMDCT
	7.10.3.4 Windowing and block switching
	7.10.3.5 Time-varying resampling
	7.10.3.6 Overlapping and adding with previous window sequences
	7.10.3.7 Memory update


	7.11 MPEG Surround for mono to stereo upmixing
	7.11.1 Tool description
	7.11.2 Decoding process
	7.11.2.1 Lossless decoding of IPD parameters
	7.11.2.2 OPD parameter estimation
	7.11.2.3 Calculation of pre-matrix M1 and mix-matrix M2
	7.11.2.3.1 General
	7.11.2.3.2 Upmix without IPD coding
	7.11.2.3.3 Upmix with IPD/OPD coding
	7.11.2.3.4 Upmix with prediction-based IPD coding

	7.11.2.4 Transient steering decorrelator (TSD)
	7.11.2.5 All-pass decorrelator
	7.11.2.5.1  General
	7.11.2.5.2 Fractional delay decorrelator

	7.11.2.6 Modification of core decoder output
	7.11.2.7 SBR decoding


	7.12 AVQ decoding
	7.13 LPC-filter
	7.13.1 Tool description
	7.13.2 Definition of elements
	7.13.3 Number of LPC filters
	7.13.4 General principle of the inverse quantizer
	7.13.5 Decoding of the LPC quantization mode
	7.13.6 First-stage approximation
	7.13.7 AVQ refinement
	7.13.7.1 General
	7.13.7.2 Decoding of codebook numbers
	7.13.7.3 Decoding of AVQ indices
	7.13.7.4 Computation of the LSF weights
	7.13.7.5 Reconstruction of the inverse-quantized LSF vector

	7.13.8 Reordering of quantized LSFs
	7.13.9 Conversion into LSP parameters
	7.13.10 Interpolation of LSP parameters
	7.13.11 LSP to LP conversion
	7.13.12  LPC initialization at decoder start-up

	7.14 ACELP
	7.14.1 General
	7.14.2 Definition of elements
	7.14.3 ACELP initialization at USAC decoder start-up
	7.14.4 Setting of the ACELP excitation buffer using the past FD synthesis and LPC0
	7.14.5 Decoding of CELP excitation
	7.14.5.1 Decoding of adaptive codebook excitation, acb_index[]
	7.14.5.2 Decoding of innovation codebook excitation, icb_index[]
	7.14.5.2.1 Algebraic codebook structure
	7.14.5.2.2 Decoding 1 signed pulse per track
	7.14.5.2.3 Decoding 2 signed pulses per track
	7.14.5.2.4 Decoding 3 signed pulses per track
	7.14.5.2.5 Decoding 4 signed pulses per track
	7.14.5.2.6 Pitch sharpening

	7.14.5.3 Decoding of the adaptive and innovative codebook gains, gains[]
	7.14.5.4 Computing the reconstructed excitation

	7.14.6 Excitation postprocessing
	7.14.6.1 General
	7.14.6.2 Gain smoothing for noise enhancement
	7.14.6.3 Pitch enhancer

	7.14.7 Synthesis
	7.14.8 Writing in the output buffer

	7.15 MDCT based TCX
	7.15.1 Tool description
	7.15.2 Decoding process

	7.16 Forward aliasing cancellation (FAC) tool
	7.16.1 Tool description
	7.16.2 Definition of elements
	7.16.3 Decoding process
	7.16.4 Writing in the output buffer

	7.17 Post-processing of the synthesis signal
	7.18 Audio pre-roll
	7.18.1 General
	7.18.2 Semantics
	7.18.3 Decoding process
	7.18.3.1  General
	7.18.3.2  Random access and immediate play-out
	7.18.3.3 Bitrate adaption



	8 Conformance testing
	8.1 General
	8.2 USAC conformance testing
	8.2.1 Profiles
	8.2.2 Conformance tools and test procedure
	8.2.2.1 General
	8.2.2.2 Conformance data


	8.3 USAC bitstreams
	8.3.1 General
	8.3.1.1 Characteristics
	8.3.1.2 Test procedure

	8.3.2 USAC configuration
	8.3.2.1 Characteristics
	8.3.2.2 Test procedure
	8.3.2.2.1 UsacConfig()
	8.3.2.2.2 UsacChannelConfig()
	8.3.2.2.3 UsacDecoderConfig()
	8.3.2.2.4 UsacSingleChannelElementConfig()
	8.3.2.2.5 UsacChannelPairElementConfig()
	8.3.2.2.6 UsacLfeElementConfig()
	8.3.2.2.7 UsacCoreConfig()
	8.3.2.2.8 SbrConfig()
	8.3.2.2.9 SbrDfltHeader()
	8.3.2.2.10 Mps212Config()
	8.3.2.2.11 UsacExtElementConfig()
	8.3.2.2.12 UsacConfigExtension()


	8.3.3 Framework
	8.3.3.1 Characteristics
	8.3.3.2 Test procedure
	8.3.3.2.1 UsacFrame()
	8.3.3.2.2 UsacSingleChannelElement
	8.3.3.2.3 UsacChannelPairElement
	8.3.3.2.4 UsacLfeElement
	8.3.3.2.5 UsacExtElement
	8.3.3.2.6 UsacCoreCoderData


	8.3.4 Frequency domain coding (FD mode)
	8.3.4.1 Characteristics
	8.3.4.2 Test procedure
	8.3.4.2.1 fd_channel_stream
	8.3.4.2.2 ics_info
	8.3.4.2.3 tw_data
	8.3.4.2.4 scale_factor_data
	8.3.4.2.5 tns_data
	8.3.4.2.6 ac_spectral_data
	8.3.4.2.7 StereoCoreToolInfo
	8.3.4.2.8 cplx_pred_data


	8.3.5 Linear predictive domain coding (LPD mode)
	8.3.5.1 Characteristics
	8.3.5.2 Test procedure
	8.3.5.2.1 lpd_channel_stream
	8.3.5.2.2 lpc_data
	8.3.5.2.3 qn_data
	8.3.5.2.4 get_mode_lpc
	8.3.5.2.5 code_book_indices
	8.3.5.2.6 acelp_coding
	8.3.5.2.7 tcx_coding


	8.3.6 Common core coding tools
	8.3.6.1 Characteristics
	8.3.6.2 Test procedure
	8.3.6.2.1 arith_data
	8.3.6.2.2 fac_data


	8.3.7 Enhanced spectral band replication (eSBR)
	8.3.7.1 Characteristics
	8.3.7.2 Test procedure
	8.3.7.2.1 General
	8.3.7.2.2 UsacSbrData
	8.3.7.2.3 SbrInfo
	8.3.7.2.4 SbrHeader
	8.3.7.2.5 sbr_single_channel_element
	8.3.7.2.6 sbr_channel_pair_element
	8.3.7.2.7 sbr_grid
	8.3.7.2.8 sbr_envelope
	8.3.7.2.9 dtdf
	8.3.7.2.10 sbr_sinusoidal_coding
	8.3.7.2.11 sbr_invf
	8.3.7.2.12 sbr_noise


	8.3.8 eSBR – Predictive vector coding (PVC)
	8.3.8.1 Characteristics
	8.3.8.2 Test procedures for pvc_envelope

	8.3.9 eSBR – Inter temporal envelope shaping (inter-TES)
	8.3.9.1 Characteristics
	8.3.9.2 Test procedure for sbr_envelope

	8.3.10 MPEG Surround 2-1-2
	8.3.10.1 Characteristics
	8.3.10.2 Test procedure
	8.3.10.2.1 Mps212Data
	8.3.10.2.2 FramingInfo
	8.3.10.2.3 OttData
	8.3.10.2.4 SmgData
	8.3.10.2.5 TempShapeData
	8.3.10.2.6 TsdData
	8.3.10.2.7 EcData
	8.3.10.2.8 EcDataPair
	8.3.10.2.9 GroupedPcmData
	8.3.10.2.10 DiffHuffData
	8.3.10.2.11 HuffData1D
	8.3.10.2.12 HuffData2DFreqPair, HuffData2DTimePair
	8.3.10.2.13 SymmetryData
	8.3.10.2.14 LsbData


	8.3.11 Configuration Extensions
	8.3.11.1 streamId()
	8.3.11.2 loudnessInfoSet()

	8.3.12 AudioPreRoll
	8.3.12.1.1 Recursive presence of AudioPreRoll extension payload
	8.3.12.1.2 AudioPreRoll()

	8.3.13 DRC
	8.3.13.1 uniDrcConfig()
	8.3.13.2 uniDrcGain()

	8.3.14 Restrictions depending on profiles and levels
	8.3.14.1 General
	8.3.14.2 Baseline USAC profile
	8.3.14.2.1 usacSamplingFrequencyIndex
	8.3.14.2.2 channelConfigurationIndex
	8.3.14.2.3 numOutChannels
	8.3.14.2.4 usacElementType
	8.3.14.2.5 tw_mdct
	8.3.14.2.6 tw_data

	8.3.14.3 Extended HE AAC profile
	8.3.14.3.1 usacSamplingFrequencyIndex
	8.3.14.3.2 channelConfigurationIndex
	8.3.14.3.3 numOutChannels
	8.3.14.3.4 tw_mdct
	8.3.14.3.5 tw_data



	8.4 USAC decoders
	8.4.1 General
	8.4.2 FD core mode tests
	8.4.2.1 General
	8.4.2.2 Basic FD test condition
	8.4.2.2.1 General
	8.4.2.2.2 Conformance test sequences

	8.4.2.3 FD window switching test condition [Win]
	8.4.2.3.1 General
	8.4.2.3.2 Test sequences

	8.4.2.4 Noise filling test condition [Nf]
	8.4.2.4.1 General
	8.4.2.4.2 Test sequences

	8.4.2.5 TNS test condition [Tns]
	8.4.2.5.1 General
	8.4.2.5.2 Test sequences

	8.4.2.6 Varying max_sfb test condition [Sfb]
	8.4.2.6.1 General
	8.4.2.6.2 Test sequences

	8.4.2.7 Handling of extensions test condition [Ex]
	8.4.2.7.1 General
	8.4.2.7.2 Test sequences

	8.4.2.8 Context adaptive arithmetic coder test condition [Ac]
	8.4.2.8.1 General
	8.4.2.8.2 Test sequences

	8.4.2.9 Non-meaningful FD window switching test condition [Nmf]
	8.4.2.9.1 General
	8.4.2.9.2 Test sequences

	8.4.2.10 M/S stereo test condition [Ms]
	8.4.2.10.1 General
	8.4.2.10.2 Test sequences

	8.4.2.11 Complex prediction stereo test condition [Cp]
	8.4.2.11.1 General
	8.4.2.11.2 Test sequences


	8.4.3 LPD core mode tests
	8.4.3.1 General
	8.4.3.2 LPC coding test condition [Lpc]
	8.4.3.2.1 General
	8.4.3.2.2 Test sequences
	8.4.3.2.3 Conformance criteria

	8.4.3.3 ACELP core mode test condition [Ace]
	8.4.3.3.1 General
	8.4.3.3.2 Test sequences
	8.4.3.3.3 Conformance criteria

	8.4.3.4 TCX and noise filling test condition [Tcx]
	8.4.3.4.1 General
	8.4.3.4.2 Test sequences
	8.4.3.4.3 Conformance criteria

	8.4.3.5 LPD mode coverage and FAC test condition [Lpd]
	8.4.3.5.1 General
	8.4.3.5.2 Test sequences

	8.4.3.6 Conformance criteria
	8.4.3.7 Bass-post filter test condition [Bpf]
	8.4.3.7.1 General
	8.4.3.7.2 Test sequences
	8.4.3.7.3 Conformance criteria

	8.4.3.8 AVQ test condition [Avq]
	8.4.3.8.1 General
	8.4.3.8.2 Test sequences
	8.4.3.8.3 Conformance criteria


	8.4.4 Combined core coding tests
	8.4.4.1 General
	8.4.4.2 FD-LPD transition and FAC test condition (synchronous/asynchronous) [Flt<a|s>]
	8.4.4.2.1 General
	8.4.4.2.2 Test sequences

	8.4.4.3 FD/TCX noise filling test condition [Cnf]
	8.4.4.3.1 General
	8.4.4.3.2 Test sequences

	8.4.4.4 Bass-post filter test condition [Cbf]
	8.4.4.4.1 General
	8.4.4.4.2 Test sequences

	8.4.4.5 Context adaptive arithmetic coder test condition [CAc]
	8.4.4.5.1 General
	8.4.4.5.2 Test sequences


	8.4.5 eSBR tests
	8.4.5.1 General
	8.4.5.2 eSBR Test procedure
	8.4.5.3 QMF accuracy test condition [Qma]
	8.4.5.3.1 General
	8.4.5.3.2 Test sequences

	8.4.5.4 Envelope adjuster accuracy and SBR preprocessing test condition [Eaa]
	8.4.5.4.1 General
	8.4.5.4.2 Test sequences

	8.4.5.5 Header and grid control test condition [Hgt]
	8.4.5.5.1 General
	8.4.5.5.2 Test sequences

	8.4.5.6 Inverse filtering test condition [Ift]
	8.4.5.6.1 General
	8.4.5.6.2 Test sequences

	8.4.5.7 Additional sine test (missing harmonics) test condition [Ast]
	8.4.5.7.1 General
	8.4.5.7.2 Test sequences

	8.4.5.8 Channel mode test condition [Cm]
	8.4.5.8.1 General
	8.4.5.8.2 Test sequences

	8.4.5.9 Inter-TES test condition [Tes]
	8.4.5.9.1 General
	8.4.5.9.2 Test sequences

	8.4.5.10 PVC test condition [Pvc]
	8.4.5.10.1 General
	8.4.5.10.2 Test sequences

	8.4.5.11 Harmonic transposition (QMF) test condition [Htq]
	8.4.5.11.1 General
	8.4.5.11.2 Test sequences

	8.4.5.12 Harmonic transposition (crossproducts) test condition [Xp]
	8.4.5.12.1 General
	8.4.5.12.2 Test sequences

	8.4.5.13 Transposer toggle test condition [Ttt]
	8.4.5.13.1 General
	8.4.5.13.2 Test sequences

	8.4.5.14 Envelope shaping toggle (PVC on/off) test condition [Est]
	8.4.5.14.1 General
	8.4.5.14.2 Test sequences

	8.4.5.15 Varying crossover frequency test condition [Xo]
	8.4.5.15.1 General
	8.4.5.15.2 Test sequences

	8.4.5.16 stereoConfigIndex test condition [Mps]
	8.4.5.16.1 General
	8.4.5.16.2 Test sequences


	8.4.6 MPEG Surround 212 tests
	8.4.6.1 Parameter bands test condition [fr<X>]
	8.4.6.1.1 General
	8.4.6.1.2 Test sequences

	8.4.6.2 TSD test condition [Tsd]
	8.4.6.2.1 General
	8.4.6.2.2 Test sequences

	8.4.6.3 Rate mode test condition [Rm]
	8.4.6.3.1 General
	8.4.6.3.2 Test sequences

	8.4.6.4 Phase coding test condition [Pc]
	8.4.6.4.1 General
	8.4.6.4.2 Test sequences

	8.4.6.5 Decorrelator configuration test condition [Dc]
	8.4.6.5.1 General
	8.4.6.5.2 Test sequences

	8.4.6.6 Bands phase test condition [Bp<X>]
	8.4.6.6.1 General
	8.4.6.6.2 Test sequences

	8.4.6.7 DMX gain test condition [Dm]
	8.4.6.7.1 General
	8.4.6.7.2 Test sequences

	8.4.6.8 Pseudo lr test condition [Plr]
	8.4.6.8.1 General
	8.4.6.8.2 Test sequences

	8.4.6.9 Residual bands test condition [Rb<X>]
	8.4.6.9.1 General
	8.4.6.9.2 Test sequences

	8.4.6.10 Temporal shaping enabling test condition [Tse<X>]
	8.4.6.10.1 General
	8.4.6.10.2 Test sequences

	8.4.6.11 Smoothing mode test condition [Smg]
	8.4.6.11.1 General
	8.4.6.11.2 Test sequences


	8.4.7 Bitstream extensions
	8.4.7.1 General
	8.4.7.2 AudioPreRoll() and streamID condition, immediate play-out frame (IPF)
	8.4.7.2.1 General
	8.4.7.2.2 IPF frequency of occurrence [I-foo-<x>]
	8.4.7.2.2.1 General
	8.4.7.2.2.2 Test sequences


	8.4.7.3 Dynamic range and loudness control
	8.4.7.3.1 General
	8.4.7.3.2 Loudness normalization test condition [Ln]
	8.4.7.3.2.1 General
	8.4.7.3.2.2 Test sequences
	8.4.7.3.2.3 Default behaviour

	8.4.7.3.3 Dynamic range control test condition [Drc<x>]
	8.4.7.3.3.1 General
	8.4.7.3.3.2 Test sequences
	8.4.7.3.3.3 Default behaviour




	8.5  Decoder settings
	8.5.1 General
	8.5.2 Target loudness [Lou-<x>]
	8.5.2.1  General
	8.5.2.2 Decoder settings description
	8.5.2.3 Default behaviour

	8.5.3 DRC effect type request [Eff-<x>]
	8.5.3.1 General
	8.5.3.2 Decoder settings description
	8.5.3.3 Default behaviour


	8.6 Decoding of MPEG-4 file format parameters to support exact time alignment in file-to-file coding

	9 Reference software
	9.1 Reference software structure
	9.1.1 General
	9.1.2 Copyright disclaimer for software modules

	9.2 Bitstream decoding software
	9.2.1 General
	9.2.2 USAC decoding software


	Annex A  (normative)  Tables
	A.1 Tables for frequency domain coding
	A.2 SBR tables
	A.3 MPEG Surround IPD tables

	Annex B  (informative)  Encoder tools
	B.1 Encoder block diagram
	B.2 General remarks
	B.3 Signalling of independently decodable frames
	B.4 Signal classifier for FD vs LPD mode decision
	B.4.1 General
	B.4.2 Parameter extraction
	B.4.2.1 Tonal feature analysis
	B.4.2.2 Spectral tilt feature analysis
	B.4.2.3 Full band energy

	B.4.3 Coding mode decision
	B.4.4 Reference implementation

	B.5 Classification-based ACELP vs TCX decision
	B.5.1 General
	B.5.2 Algorithm description
	B.5.3 Time domain classification
	B.5.4 Frequency domain classification
	B.5.5 Closed loop selection
	B.5.6 Table of thresholds

	B.6 Harmonic SBR
	B.7 eSBR patching mode selection
	B.8 eSBR signal adaptive frequency domain oversampling
	B.9 MPEG-4 SBR pre-preprocessing
	B.10 eSBR signal adaptive cross product addition detection
	B.11 eSBR 4:1 filterbank structure
	B.12 Exemplary encoder implementation of inter-TES tool
	B.13 PVC encoding
	B.13.1 General
	B.13.2 Subband grouping in QMF subbands below SBR range
	B.13.3 Time domain smoothing of subband-grouped energy
	B.13.4 Index search of prediction coefficient matrix
	B.13.5 Index coding of prediction coefficient matrix

	B.14 Time-warped filterbank
	B.15 Proposed pitch estimator algorithm
	B.15.1 General
	B.15.2 Pitch period estimate
	B.15.3 Warp curves generation
	B.15.4 Pitch parameter calculation

	B.16 LPC Filter coefficients encoding process
	B.16.1 General
	B.16.2 Conversion of LPC coefficients into the LSF domain
	B.16.3 General principle
	B.16.4 First-stage approximation
	B.16.5 LSF weighting
	B.16.6 Algebraic vector quantizer
	B.16.7 Quantization mode decision
	B.16.8 Reordering of quantized LSFs

	B.17 Forward aliasing cancellation (FAC) encoding process
	B.18 Adaptive bass-post filter
	B.19 Parametric stereo downmix
	B.20 Complex stereo prediction encoding
	B.21 Unified stereo encoding
	B.22 Phase encoding in MPS tool
	B.22.1 Mapping from the hybrid sub-bands to parameter band for the IPD parameters
	B.22.2 IPD calculation
	B.22.3 IPD quantization

	B.23 Transient steering decorrelator (TSD)
	B.23.1 General
	B.23.2 Applause classification
	B.23.3 TSD encoding

	B.24 Noise filling
	B.24.1 General
	B.24.2 Encoding strategy
	B.24.3 Determination of noise_level
	B.24.4 Determination of noise_offset

	B.25 Spectral noiseless coding
	B.25.1 General
	B.25.2 Helper elements
	B.25.3 Encoding process

	B.26 Delay considerations for adaptive streaming
	B.26.1 General
	B.26.2 Additional encoder delay
	B.26.3 Additional decoder delay
	B.26.4 Standard delay
	B.26.5 Example: Visualization of the decoder behaviour with embedded audio pre-roll
	B.26.6 Handling of delay in adaptive streaming scenario


	Annex C  (normative)  Tables for arithmetic decoder
	C.1 arith_lookup_m[742]
	C.2 arith_hash_m[742]
	C.3 arith_cf_m[64][17]
	C.4 arith_cf_r[3][4]

	Annex D  (normative)  Tables for predictive vector coding
	D.1 Smoothing window tables
	D.2 Prediction coefficient matrix tables

	Annex E  (informative)  Adaptive time/frequency post-processing
	E.1 Tool description
	E.2 Symbols and abbreviated terms
	E.3 QMF domain time and frequency direction post-processing
	E.4 Gain estimation in frequency direction
	E.5 Gain estimation in time direction
	E.6 Apply two dimension gains

	Annex F  (informative)  Audio/systems interaction
	F.1 Exact time alignment in file-to-file coding
	F.1.1 General
	F.1.2 Relevant sections of ISO/IEC 14496-12
	F.1.3 Edit list example

	F.2 General guideline for adaptive streaming

	Annex G  (informative)  Reference software
	G.1 Bitstream encoding software
	G.1.1 General
	G.1.2 USAC encoding software

	G.2 Additional utility software
	G.2.1 General
	G.2.2 USAC utility software


	Annex H  (normative)  Carriage of MPEG-D USAC in ISO base media file format
	H.1 Requirements for signalling of stream access points and roll samples




