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Foreword

ISO (the International Organization for Standardization) and IEC (the International Electrotechnical Commission)

form the specialized system for worldwide standardization. National bodies that are members of IS
participate in the development of International Standards through technical committees establishe

O or IEC
d 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.

Tlhe procedures used to develop this document and those intended for its further maintenance are deg
the ISO/IEC Directives, Part 1. In particular, the different approval criteria needed for the different
document should be noted. This document was drafted in accordance with the editorial rulesyef thd
Directives, Part 2 (see www.iso.org/directives).

oy

ttention is drawn to the possibility that some of the elements of this document may-be'the subject
ghts. ISO and IEC shall not be held responsible for identifying any or all such patent.rights. Details of a
ghts identified during the development of the document will be in the Introduction’ and/or on the I
atent declarations received (see www.iso.org/patents) or the IEC list of pdtent declarations rece
tp://patents.iec.ch).

= =

ao]

=

Any trade name used in this document is information given for the convenience of users and does not ¢
an endorsement.

cribed in
types of
ISO/IEC

of patent
hy patent
50 list of
ved (see

onstitute

Hor an explanation of the voluntary nature of standards, the meaning of ISO specific terms and expressions related
tp conformity assessment, as well as information about ISO's\adherence to the World Trade Organizatign (WTO)
principles in the Technical Barriers to Trade (TBT) see wwwiso.org/iso/foreword.html.

Thhis document was prepared by Joint Technical Commiittee ISO/IEC JTC 1, Information technology, Subcpmmittee
SC 29, Coding of audio, picture, multimedia and hypermedia information.

Thhis second edition cancels and replaces the, first edition (ISO/IEC 23003-3:2012), which has been tgchnically
revised. It also incorporates ISO/IEC 23003-3:2012/Cor.1:2012, ISO/IEC 23003-3:2012/Cdr.2:2013,
I50/1EC 23003-3:2012/Cor.3:2015, ISO/TEC 23003-3:2012/Cor.4:2015, ISO/IEC 23003-3:2012/Am(d.1:2014,
I50/1EC 23003-3:2012/Amd.1:2014/Cor.1:2015, ISO/IEC 23003-3:2012/Amd.2:2015, ISO/IHC 23003-
3:2012/Amd.2:2015/Cor.1:2015 and ISO/IEC 23003-3:2012/Amd.3:2016.

Alist of all parts in the ISO/IEC 23003 series can be found on the ISO website.

Any feedback or questions on this document should be directed to the user’s national standards body. A complete
listing of these bodjes\can be found at www.iso.org/members.html.

© ISO/IEC 2020 - All rights reserved vii
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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

consists 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 tim

Where p
encode a
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The hold
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Attention

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

such patsg

e, it enables very efficient coding at very low bitrates while retaining the full audio bandwidth.

Fevious audio codecs had specific strengths in coding either speech or audio content, USAC isyable
1 content equally well, regardless of the content type.

)

o achieve equally good quality for coding audio and speech, the developers of USAC employed the provepn
sed transform coding techniques known from MPEG-4 audio and combined them witlf specialized speedh
ments like ACELP. Parametric coding tools such as MPEG-4 spectral band replication'(SBR) and MPEG-PD
rround were enhanced and tightly integrated into the codec. The result delivets-highly efficient coding
htes down to the lowest bit rates.

focus of this codec are applications in the field of typical broadcast scenatios, multimedia download to
bvices, user-generated content such as podcasts, digital radio, mobile TV, ;audio books, etc.

national Organization for Standardization (ISO) and International Electrotechnical Commission (IE({)
ntion to the fact that it is claimed that compliance with this document may involve the use of a patent.

F:C take no position concerning the evidence, validity and’scope of this patent right.

er of this patent right has assured ISO and IEC-‘that he/she is willing to negotiate licences undgr
le and non-discriminatory terms and conditions“with applicants throughout the world. In this respect,
ment of the holder of this patent right is registered with ISO and IEC. Information may be obtained from
t database available at www.iso.org/patents:

(s

is drawn to the possibility that some of the elements of this document may be the subject of pater

—_—

nt rights.
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Information technology — MPEG audio technologies —

Part 3:
Unified speech and audio coding

1 Scope

Thhis document specifies a unified speech and audio codec which is capable of coding signals having an
mix of speech and audio content. The codec has a performance comparable to, or better than, the be

cpdec supports single and multi-channel coding at high bitrates and provides pefeeptually transparent g
the same time, it enables very efficient coding at very low bitrates while retaining the full audio bandwidt

Tihis document incorporates several perceptually-based compression teehhiques developed in previo|
standards: perceptually shaped quantization noise, parametric coding of the upper spectrum re
parametric coding of the stereo sound stage. However, it combines.these well-known perceptual techniqy
spurce coding technique: a model of sound production, specifically:that of human speech.

2 Normative references

—

he following documents are referred to in the text'in such a way that some or all of their content cg
bquirements of this document. For dated references, only the edition cited applies. For undated refersg
test edition of the referenced document (including any amendments) applies.

= =

et

50 /1EC 14496-3:2019, Information technology — Coding of audio-visual objects — Part 3: Audio

—

b0 /1EC 14496-26:2010, Information technology — Coding of audio-visual objects — Part 26: Audio confor]

—

b0 /1EC 23003-1, Informationtechnology — MPEG audio technologies — Part 1: MPEG Surround

ol

50 /1EC 23003-4, Information technology — MPEG audio technologies — Part 4: Dynamic range control

3 Terms,definitions, symbols and abbreviated terms

3.1 A Terms and definitions

arbitrary
5t known

cpding technology that might be tailored specifically to coding of either speech,or general audio content. The

uality. At
h.

us MPEG

bion and
es with a

nstitutes
nces, the

fnance

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
algebraic 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 pntry: This definition describes the encoder. At the decoder, AVQ describes the process to obtain, from the received
set of bingry indices, the 8-dimensional lattice point that was selected at the encoder.

3.1.3
closed-19op pitch
result of [the adaptive codebook search, a process of estimating the pitch (lag) value from the-weighted inpu
speech and the long-term filter state

(s

Note 1 to entry: In the closed-loop search, the lag is searched using error minimization loop (analysis-by-synthesis). In USAC
closed-lodp pitch search is performed for every subframe.

3.14
fractional pitch
set of pit¢h lag values having sub-sample resolution

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

3.1.5
zero-input response
ZIR
output of|a filter due to past inputs, i.e., due to the presentstate of the filter, given that an input of zeros is applied

3.1.6
immedidte play-out frame
IPF
audio frame that contains an extension payload of type ID_EXT_ELE_AUDIOPREROLL

Note 1 to|entry: The extension payload-shall contain a Config() element as defined in 7.18, i.e., configLen > 0. It should aldo
contain arf adequate number of audje-pre-roll frames, i.e.,, numPreRollFrames > 0, for pre-rolling the audio decoder.

3.1.7
independently decodable)frame
IF
audio frame in whieh the bitstream element usacIndependencyFlag has a value of 1

3.1.8
bitstrea
encoded audio-data

3.1.9
conformance data
conformance test sequences and conformance tools

3.1.10

conformance tool
tool to check certain conformance criteria

2 © 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
conformance test bitstream
USAC bitstream used for testing the conformance of a USAC decoder

3.1.13
conformance test condition

cpndition which applies to properties of a conformance test bitstream in order to test a certain functional'ity of the

SAC decoder

1.14

conformance test case

cpmbination of one or more conformance test conditions for which a set of conformance tést'sequences i
rovided

.1.15
ain audio channel
dio channel conveyed by means of a UsacSingleChannelElement or UsacChannelPairElement

L

.1.16
eference waveform
ecoded counterpart of a bitstream

Q=

(O8]

1.17
SAC bitstream
ata encoded according to this document

Q.

3.2 Symbols and abbreviated terms

Hor the purposes of this document, the symbols and abbreviated terms given in ISO/IEC 14496-3
fpllowing apply.

ACELP algebraic code-excited linear predictor

RVvC predictive vector coding

uclbf unary code/left bit first

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

USAC unified speech and audio coding

UsacecCPE UsacChannelPairElement

and the

hventional

UsacEXT  UsacExtElement
UsacLFE UsacLfeElement
UsacSCE  UsacSingleChannelElement

v[]1={a} This expression indicates that all elements of the array v shall be set to the value a.

© ISO/IEC 2020 - All rights reserved


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

ISO/IEC 23003-3:2020(E)

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 co § i ng r PP patiT The tatter canm use eitheria
frequency domain representation or a time domain representation of the LPC residual. All transmitted spectra-fg
both FD pnd LPD path are represented in MDCT domain. The quantized spectral coefficients are coded,using
context adaptive arithmetic coder. The time domain representation uses an ACELP excitation coding schemé.

[

In case of transmitted spectral information, the decoder shall reconstruct the quantized specfra,”process th
reconstrycted spectra through whatever tools are active in the bitstream payload in order to arrive at the actua
signal sppctra as described by the input bitstream payload, and finally convert the frequency,domain spectra t
the time |[domain. Following the initial reconstruction and scaling of the spectrum, thepe\are optional tools th3
modify ohe or more of the spectra in order to provide more efficient coding.

+ O = o

In case of transmitted time domain signal representation, the decoder shall reconstruct the quantized time signd],
process the reconstructed time signal through whatever tools are active in the bitstream payload in order to
arrive at the actual time domain signal as described by the input bitstream payload.

For each|of the optional tools that operate on the signal data, the optiof to "pass through" is retained, and in afll
cases where the processing is omitted, the spectra or time samples,atits input are passed directly through the to
without mpodification.

=

In places where the bitstream changes its signal representation from time domain to frequency domai[jl
represenfation or from LP domain to non-LP domain or-vice versa, the decoder shall facilitate the transition fro
one domain to the other by means of an appropriate transition mechanism.

eSBR and MPS212 processing is applied in the same manner to both coding paths after transition handling.

(i

The USAC specification offers in some instances multiple decoding options that serve to provide differer
quality/gomplexity trade-offs.

NOTE An informative overview of encoder tools is given by Annex B.

4 © ISO/IEC 2020 - All rights reserved
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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:

— depe

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

— the quantized and noiselessly coded spectra represented by:

— scalefactor information;

— arithmetically coded spectral lines;

— the

— the M/S decision information (optional);

— the lemporal noise shaping (TNS) information (optional);

— the

— the time unwarping (TW) control information (optional);

— thed

— thel

The scald
informat

The inpu
— the{
The outp

— the

The cont
from the
coded da

The inpu

or: linear prediction (LP) parameters together with an excitation signal represented by either:
— quantized and arithmetically coded spectral lines (transform coded excitation, TCX) or;
— ACELP coded time domain excitation;

pectral noise filling information (optional);

MPEG Surround 2-1-2 (MPS212) control information (optional).

factor noiseless decoding tool takes information from the bitstream payload demultiplexer, parses ths

 to the scalefactor noiseless decoding tool is:

it of the scalefactor noiseless decoding tool is:

Iterbank control information;

nhanced spectral bandwidth replication (eSBR) control information (optional);

ot

on, and decodes the Huffman and DPCM codéd scalefactors.

calefactor information for the moiselessly coded spectra.

lecoded integer representation of the scalefactors.

=]

bxt adaptiverarithmetic decoding tool performs the spectral noiseless decoding step. It takes informatio|
bitstream _payload demultiplexer, parses that information, decodes the context adaptive arithmetically
fa, and Feconstructs the quantized spectra.

F to'this noiseless decoding tool is:

— the noiselessly coded spectra.

The output of 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.

© ISO/IEC 2020 - All rights reserved


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

ISO/IEC 23003-3:2020(E)

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

q

T

—3

T

T

—3

@ -

iantized to zero, €.g., due to a strong restriction on bit demand In the encoder.

he inputs to the noise filling tool are:

- the un-scaled, inversely quantized spectra;

- noise filling parameters;

- the decoded integer representation of the scalefactors.

he outputs to the noise filling tool are:

- the un-scaled, inversely quantized spectral values for spectral lines-which were previously quantized

- modified integer representation of the scalefactors.

he rescaling tool converts the integer representation of the’scalefactors to the actual values, and mul{

un-scaled inversely quantized spectra by the relevant sealefactors.

he inputs to the scalefactors tool are:

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

he output from the scalefactorstool is:

- the scaled, inversely qantized spectra.

or an overview over'the M/S tool, refer to ISO/IEC 14496-3:2019, 4.1.1.2.

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

he filterbank/block switching tool applies the inverse of the frequency mapping that was carried o
neoder. An inverse modified discrete cosine transform (IMDCT) is used for the filterbank tool. The IMD

to zero;

iplies the

ut in the
LT can be

nficuredtosunpert 96 128 192 2686 394 512 769 or 1024 snectral coefficients
RHEHea+ HP P+t O 5 T -OFYea-Spectat HIcle RS-

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;

— the time-warping control information.
The outppit(s) from the filterbank tool is (are):

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

The enhdnced SBR (eSBR) tool regenerates the highband of the audio signal. It is based-on replication of th
sequencds of harmonics, truncated during encoding. It adjusts the spectral envelope of.the generated high-ban|
and applies inverse filtering, and adds noise and sinusoidal components in order to recreate the spectra
characteristics of the original signal.

[¢)

[=Spyem

The input to the eSBR tool is:

— the quantized envelope data;

— control data;

— atime domain signal from the frequency domain core decoder or the ACELP/TCX core decoder.
The outpjit of the eSBR tool is either:

— atinje domain signal or;

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

[«5)

The MPHG Surround 2-1-2 (MPS212] tool produces multiple signals from one input signal by applying
sophistichted upmix procedure/toe the input signal controlled by appropriate spatial parameters. In the USA

context MPS212 is used for (eoding a stereo signal, by transmitting parametric side information alongside
transmitted downmixed signal:

[N )

The inpuf to the MPS212 tool is:
— adownmixédtime 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;
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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.

QL —

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

o

Thhe input to the TCX tool is:

- the (inversely quantized) MDCT spectra;

- inversely quantized and interpolated LPC filter coefficients.

—3

he output of the TCX tool is:

- the time domain reconstructed audio signal.

NS

.3 Combination of USAC with MPEG Surround and:SAOC

—

he output of the USAC decoder can be further processed’by MPEG Surround (MPS) (ISO/IEC 23003-1)

udio object coding (SAOC) (ISO/IEC 23003-2). If the"SBR tool in USAC is active, a USAC decoder can ty
fficiently combined with a subsequent MPS/SAQG-decoder by connecting them in the QMF domain in

Fay as it is described for HE-AAC in ISO/IEC 23003-1:2007, 4.4. If a connection in the QMF domain is not
hey need to be connected in the time domain:

o8]

< o

MPS/SAOC side information is embedded into a USAC bitstream by means of the usacExtElement m
with usacExtElementType being ID_EXT_ELE_MPEGS or ID_EXT_ELE_SAOC), the time-alignment bet
SAC data and the MPS/SAOC data assumes the most efficient connection between the USAC decode
[PS/SAOC decoder. If the SBR*tool in USAC is active and if MPS/SAOC employs a 64 band QMH
epresentation (see ISO/IE€-23003-1:2007, 6.6.3), the most efficient connection is in the QMF domain. O
he most efficient conneetion’is in the time domain. This corresponds to the time-alignment for the comb
E-AAC and MPS as defined in ISO/IEC 23003-1:2007, 4.4, 4.5, and 7.2.1.

ot 8 = e —

—

he additional déldyintroduced by adding MPS decoding after USAC decoding is given by ISO/IEC 2300
.5 and depends-on whether HQ MPS or LP MPS is used, and whether MPS is connected to USAC in
domain orin\the time domain.

S

4.4 A Interface between USAC and systems

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

ering has

br spatial
bically be
the same
possible,

pchanism
iween the
F and the

domain
therwise,
nation of

3-1:2007,
the QMF

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
1. Note that this applies to the output of the USAC decoder itself. In the case that a USAC decoder is, for
being combined with an MPS decoder as described in 4.3, the additional delay caused by the MPS

is always
example,
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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4.4.1 Decoder behaviour

44.1.1 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 4n]f\] r\hr‘ nknl] r\]nn "ot r\-l-tcmpi- o comananca o acciian dancadar nracnccing dalayy ey FereoviRe—at

O CoOp ST tCaSS Tttt coa T pTrotessTTY 5 acray Oy TS5 atHe

samples from the composition unit buffer.

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

[¢)

4.4.1.2 Initialization and re-initialization of the USAC decoder
Upon (ret)initialization, all decoder internal signal buffers shall be set to zero.

Due to the initialized state of the decoder internal buffers, the decoder output may contain "start-up sampleg
when deqoding the first access units of a given compressed data stream.

These start-up samples are samples that do not have a direct relation to the audio input data and are typicall
zero-valyed and may be discarded by the systems infrastructure.

<

The numper of start-up samples to be discarded may for example be transmitted by means of the media_time field
in the Ed]tListbox in an ISO base media file format environment. Note that this shall be done by the encoder.

ot

If a giver) USAC decoder implementation produces more than the minimum number of start-up samples (i.e.,
creates ddditional decoder delay), the number of additienal samples shall be reported by the decoder to th
systems infrastructure. Systems infrastructure shall then‘correctly apply delay compensation or time-alignment.

[¢)

4.4.1.3 Decoding process of access unit with audio pre-roll

The decoding process of access units with embedded audio pre-roll frames is identical to the above description.
The presence of audio pre-roll in the'first access unit prepares the decoder internal signal buffers. This allows an
encoder fo produce a compressed ‘data stream, that will cause the decoder output buffer to contain less or nlo

start-up §amples.

The decdding description ‘when changing from one configuration to another while employing audio pre-roll
described in 7.18.3.3,

[72)

If a given decoderimplementation produces additional start-up samples (additional decoder delay), then th
flushing ¢f the'old configuration (FlushDecoder()) shall be increased by the same amount of samples. The sign
crossfad¢ shall be delayed accordlngly The decoder shall ensure that the number of addltlonal start-up sampld
(additiona elay v witehing rothe ea-in-the

[ ="N¢)

4.5 USAC profiles and levels

4.5.1 General

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).
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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
tpols listed in Table 1 shall be considered.
Thhe following 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 AAC, HE-AAC
and USAC coding tools as employed in the extended high efficiency AA€ 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 4.6.11 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
noise synthesis noise filling 23003-3 7.2 X
basic mid/side coding 14496-3 4.6.8.1 X X
MS MDCT-based complex 23003-3 7.7.2 X
prediction
quantization non-uniform 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)
ACELP ACELP 23003-3 7.14 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.

© ISO/IEC 2020 - All rights reserved
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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 diffs
The defin

Furthern
part of th
can convi

brent hierarchical levels are defined with increasing number of audio channels and increasing complexity.
ition of the four levels of the baseline USAC profile is given in Table 2.

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 19
3 5.1 48 31 28
4 5.1 96 62 28

ore, restrictions on the sampling rate apply for the USAC baseline profile. The sampling rate signalled 3
e UsacConfig() shall be one out of those listed in Table 3. These sampling rates are chosen such that they
bniently be resampled to 44100 Hz and 48000 Hz, respektively.

72

Table 3 — Allowed sampling rates for the baseline USAC profile

Furthermore the following requirements apply:

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

Samplingrates [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
14700 n/a 16000 0x08
11760 n/a 12800 O0x1a
11025 0x0a 12000 0x09
8820 n/a 9600 0x1b
7350 0x0c 8000 0x0b

— 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 HECAAC profile
decoders.

number of hierarchical levels are defined with increasing number of audio channels and increasing complexity.
11 levels shall support all tools required by the baseline USAC profile. Support for additional fools is optional. The
efinition of the levels of the extended HE AAC profile is given in Table 4. All notes in Table 4 and all reptrictions
isted in the columns 2, 3, 4, and 5 (“Max. channels/object”, “Max. AAC sampling rate, SBR'not present [kHz]”, “Max.
AC sampling rate, SBR present [kHz]”, “Max. SBR sampling rate [kHz] (in/out)”),of Table 4 apply ohly when
ecoding HE AAC v2 profile compliant bitstreams.

= Q. > >

Q>

Table 4 — Levels for the extended HE AAC-profile

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 24748 4 48/48 34 37 27 30
7 7 96 48 48/96 67 37 53 30
NOTE A Level 6 or 7 decodéris not required to decode a Level 5 stream.

a  Level 2, 3, 4, 6 and 7 extended HE AAC profile decoders implement the baseline version of the parametric ster¢o tool. A
level 5 decoder shall hot be limited to the baseline version of the parametric stereo tool.

b For level 3, 4 and 6,;decoders, it is mandatory to operate the SBR tool in downsampled mode if the sampling rjte of the|
AAC core is higher than 24kHz. Hence, if the SBR tool operates on a 48kHz signal, the internal sampling rate of the SBR
tool 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 stereo datd are not
present'the maximum AAC sampling rate is 48kHz.

d /Eor one or two channels the maximum AAC sampling rate, with SBR present, is 48kHz. For more than two chahnels 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 mechanisr]l,
with usa¢ExtElementType of type ID_EXT_ELE_UNI_DRC. The loudness metadata shall be embedded by mieans

the usaconfigExt mechanism with usacConfigExtType of type ID_CONFIG_EXT_LOUDNESS_INFO., The timg
alignmenlt between the USAC data and the MPEG-D DRC data assumes the most efficient connection between the
USAC deg¢oder and the MPEG-D DRC decoder. If the SBR tool in USAC is active, the most efficient Connection is i
the QMF|domain. Otherwise, the most efficient connection is in the time domain. The DRC tgel is operated i
regular delay mode and the DRC frame size has the same duration as the USAC frame size. The same holds for the
DRC sampling rate, which is synchronized to the USAC sampling rate.

-

The time|resolution of the DRC tool is specified by deltaTmin in units of the audio sdniple interval. It is calculated
as specified in ISO/IEC 23003-4. Specific values are provided as examples based on-the following formula:

deltaTmin = 2M

The applicable exponent M is found by looking up the audio sample rate range that fulfils:
fs,min < fs < fs,max

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 thg codec frame size/N ;.. (F=outputFrameLength), the DRC frame size in units of DRC samples at a rate ¢f

deltaTmip is:

P -M
ND?C & NCodec2

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 reseryved

3 Syntax

5.1 General
Thhe bitstream syntax shall be based on ISO/IEC 14496-3:2019, 4.4.

Tlhe USAC bitstream syntax is shown in 5.2.
5.2 Decoder configuration (UsacConfig)

Table 7 — Syntax of UsacConfig()

Syntax No. of bits Mnemorniic
UsacConfig()
{
usacSamplingFrequencylndex; 5 bslbf
if (usacSamplingFrequencylndex == 0x16) {
usacSamplingFrequency; 24 uimsbf
}
coreSbrFrameLengthIndex; 3 uimsbf
channelConfigurationlndex; 5 uimsbf
if (channelConfigurationIndex == 0) {
UsacChannelConfig();
}
UsacDecoderConfig();
if (usacConfigExtensionPresent==1) { 1 uimsbf
UsacConfigExtension();
}
}
Table 8 — Syntax of UsacChannelConfig()
Syntax No. of bits Mnemonjic
UsacChannelConfig()
{
numOutChannels = escapedValue(5,8,16);
for (i=0; i<numOutChannels; i++) {
bsOutputChannelPos][i]; 5 uimsbf
}
}
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16

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;

case: ID_USAC_CPE
UsacChannelPairElementConfig(sbrRatiolndex);
break;

case: ID_USAC_LFE
UsacLfeElementConfig();
break;

case: ID_USAC_EXT
UsacExtElementConfig();
break;

)
}

NOTE UsacSingleChannelElementConfig(), UsacChannelPairElementConfig(), UsacLfeElementConfig() and
UsadExtElementConfig() signalled at position elemldx refer to the corresponding elements in UsacFrame() at the
respgctive position elemldx.

Table 10 — Syntax of UsacSingleChannelElementConfig()

Syntax No. of bits Mnemonic

UsagSingleChannelElementConfig(sbrRatiolndex)

UsacCoreConfig();
if (sbrRatiolndex > 0) {
SbrConfig();

)

Table 11 — Syntax of UsacChannelPairElementConfig()

Syntax No. of bits Mnemonic
UsafChannelPairElementConfig(sbrRatiolndex)
{
UsacCoreConfig();
if{(sbrRatiolndex > 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() I
Syntax No. of bits Mnemonjic
UsacCoreConfig()
{
tw_mdct; 1 bslbf
noiseFilling; 1 bsblf
}
Table 14 — Syntax of SbrConfig()
Syntax No. of bits Mnemonjic
SbrConfig()
harmonicSBR; 1 bsblf
bs_interTes; 1 bsblf
bs_pvc; 1 bsblf
SbrDfltHeader();
}
Table 15 — Syntax of SbrDfltHeader()
Syntax No. of bits Mnemoniic
SbrDfltHeader()
{
dflt_start_freq; 4 uimsbf
dflt_stop_freq; 4 uimsbf
dflt_header_extral; 1 uimsbf
dflt_header_extra2} 1 uimsbf
if (dflt_header_extral == 1) {
dflt_freq-scale; 2 uimsbf
dflt_alter-scale; 1 uimsbf
dflt noise_bands; 2 uimsbf
} else™
dflt_freq_scale =2;
dflt_alter_scale =1;
dflt_noise_bands =2;
}
if(dfitheader_extraz==1J{
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;
}
}

© ISO/IEC 2020 - All rights reserved
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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
c“ighﬂnfoMndn; 1 uwimshf
bsPhaseCoding; 1 uimsbf
bsOttBandsPhasePresent; 1 uimsbf
if (bsOttBandsPhasePresent) { a
bsOttBandsPhase; 5 uimsbf
if (bsResidualCoding) { >
bsResidualBands; 5 uimsbf
bsOttBandsPhase = max(bsOttBandsPhase,bsResidualBands);
bsPseudolr; 1 uimsbf
if (bsTempShapeConfig == 2) {
bsEnvQuantMode; 1 uimsbf
}
a If hsOttBandsPhasePresent==0 bsOttBandsPhase is initialized according to Table 109.
b bsResidualCoding depends on stereoConfigindex according to‘Table 77.

Table 17 — Syntax of UsacExtElementConfig()

Syntax No. of bits Mnemonic
UsagExtElementConfig()

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

usacExtElementDefaultLengthPresent; 1 uimsbf
if (usacExtElementDefaultLengthPresent) {

usacExtElementDefaultLength = escapedValue(8,16,0) + 1;
} else {

usacExtElementDefaultLength = 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

}
break;
}
}

cope with future extensions.

a The default entry for the usacExtElementType is used for unknown extElementTypes so thatlegacy decoder can

Table 18 — Syntax of UsacConfigExtension(})

Syntax No. of bits Mnemonlic

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:
while (usacConfigExtLength[confExtldx]--) {
tmp; 8 uimsbf

}
break;

-

© ISO/IEC 2020 - All rights reserved
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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
strepmId()
{
streamldentifier 16 uimsbf
}
5.3 UYAC bitstream payloads
5.3.1 IPayloads for audio object type USAC
Table 21 — Syntax of\UsacFrame(),
top level payload for audio object type USAC
Syntax No. of bits Mnemonic
Usa¢Frame()
{
usaclndependencyFlag; 1 uimsbf
for (elemldx=0; elemldx<nufmElements; ++elemldx) {
switch (usacElementType[elemldx]) {
case: ID_USAC_SCE
UsacSingleChannelElement(usacindependencyFlag);
break;
case: ID_USAC_CPE
Usac€ChannelPairElement(usaclndependencyFlag);
break;
case: ID_USAC_LFE
UsacLfeElement(usacIndependencyFlag);
break;
case: ID_USAC_EXT
UsacExtElement(usacIlndependencyFlag);
break;
}
}
}

20
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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 Mnemorlic
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 Mnemorlic
UsacLfeElement(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) {
ncanl:‘vﬂ?lamanfDaylnadl cmgfh =yusacExtElementDefault] nngﬂ'\;
}else {
usacExtElementPayloadLength; 8 uimsbf
if (usacExtElementPayloadLength==255) {
valueAdd 16 uimsbf
usacExtElementPayloadLength += valueAdd - 2;
}
}
if (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()
{
window_sequence; 2 uimsbf
window_shape; 1 uimsbf
if (window_sequence == EIGHT_SHORT_SEQUENCE) {
max_sfb; 4 uimsbf
scale factor_grouping; 7 uimsbf
else {
llla'x:sﬂi, G timsbf
}
}
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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

H

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

}

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

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

}
I

a Each channel shall have its own instance of lpd_channel_stream

b Each channel shall have its own instance of*fd-Channel_stream

Table 28 — Syntax of StereoCoreToolInfo()

Syntax No. of bits Mnemonjc
StereoCoreToollnfo(core-mode, indepFlag, stereoConfigindex)
{
if (core_mode[0}== 0 && core_mode[1] == 0) {
tns_active; 1 uimsbf
common_window; 1 uimsbf
if\(common_window) {
ics_info();
common_max_sfb; 1 uimsbf
if (common_max_sfb == 0) {
if (window_sequence == EIGHT_SHORT_SEQUENCE) {
mmax_sfbt1; % uimsbf
}else {
max_sfb1; 6 uimsbf
}
}else {
max_sfb1l = max_sfb;
}
max_sfb_ste = max(max_sfb, max_sfb1);
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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)) {

2 uimsbf

1 uimsbf

ephipred—datafmai—stb-steindepklag)
}else {
alpha_q_re[][] = {0};
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];

tns ddta_present[0] = 1 - tns_data_present[1];

}
}elseAf

common_tns = 0;
tns_data_present[0] = 0;
tns_data_present[1] = 0;

h|

1 uimsbf

1 uimsbf

1 uimsbf

1 uimsbf

1 uimsbf

I

}else {

common_window = 0;
common_tw = 0;
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Syntax

No. of bits Mnemonic

fd_channel_stream(common_window, common_tw, tns_data_present, noiseFilling, indepFlag)

{
global_gain;

if (noiseFilling) {

noise_level;

noise_offset;
1\

8 uimsbf

3 uimsbf
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;
if (fac_data_present) {

fac_length = (window_sequence==EIGHT_SHORT_SEQUENCE) ? ccfl/16 : ccfl/8;

fac_data(1, fac_length);

1 uimsbf

Table 30 — Syntax of cplx_pred_data()

Syntax

No. of bits Mnemohic

cplx_pred_data(max-sfb_ste, indepFlag)
{
cplx_pred_all;
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) {
cplx_pred_used|g][sfb];
if ((sfb+1) < max_sfb_ste) {

1 uimsbf

1 uimsbf

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;
}

© ISO/IEC 2020 - All rights reserved
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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 (indepFlag) {
delta_code_time = 0;
else {
delta_code_time; 1 wimsbf
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 (tw_data_present==1){
for(i=0;i<NUM_TW_NODES; i++){
tw_ratio[ i |; 3 uimsbf
H
}
}

26
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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
H
}
}
}
Table 33 — Syntax of tns_data()
Syntax No. ofbits Mnemorlic
tns_data()
{
for (w = 0; w < num_windows; w++) {
n_filt[w]; 1.2 uimsbf
if (n_filt[w]) {
coef_res[w]; 1 uimsbf
}
for (filt = 0; filt < n_filt[w]; filt++) {
length[w][filt]; {4;6} uimsbf
order[w][filt]; {3;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  Mnemdnic
ac_spectral_data(indepFlag)
{
if(indepFlag) {
arith_reset_flag=1;
}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.

© ISO/IEC 2020 - All rights reserved
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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

uimsbf
uimsbf,

a

uimsbf

uimsbf

fac_data_present; 1

first_lpd_flag = !core_mode_last;
first_tcx_flag=TRUE;
k = 0;
if (first_lpd_flag) { last_Ipd_mode =-1;}
while (k < 4) {
if (k==0) {
if ( (core_mode_last==1) && (fac_data_present==1) ) {
fac_data(0, ccfl/8);
}
}else {
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;
}
else {
tex_coding( lg(mod[k]) sfirst_tcx_flag, indepFlag);
last_lpd_mode=modfki;
k += (1 << (mod[k]41) );
first_tcx_flag=FALSE;

|pc_data(ficst’lpd_flag);

if ( (core.mode_last==0) && (fac_data_present==1) ) {
short_fac_flag; 1

uimsbf

uimsbf

£ 1 =l 1 e £l s} £l L1 £1..Q
ldL_lCllngl = SI1IUT L_lol\,_llds H LLll/ 10, LLll/ O,
fac_data(1, fac_length);

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) { Ipc_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_lpc(lpc_set);
if (mode_lpc == 0) {lpc_first_approximation_index[lpc_set] } 8 uimsbf
code_book_indiges(lpc_set, nk_mode, 2); a
}
}
2 nk_mode is determined by the number of the currently decoded LPC Filter set, Ipc_set, and the LPC quantizatipn
mode, mode.lpc)according to Table 148.

© ISO/IEC 2020 - All rights reserved
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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] 1.n uclbf
if (il 0)-gaflf+=1}

}
break;
case 0:
case 2:
case 3:
for (k=0; k<no_qgn; k++) {
qn_base 2 uimsbf
gn[k] = qn_base + 2;
}
if (nk_mode == 2) {
for (k=0; k<no_qn; k++) {
if (qn[k] > 4) {
qn[Kk] 1.n uclbf
if (qn[k] > 0) { qn[k] += 4}

}
}else {

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

qn_ext 1.n uclbf
switch (qn_ext) {
case 0: qn[k]=5; break;
case 1: qn[k] = 6; break;
case 25, _qn[k] = 0; break;
default: qn[k] = qn_ext + 4; break;
}
}
}
}
break;
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Table 38 — Syntax of get_mode_lpc()
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Syntax No. of bits Mnemonic
get_mode_lpc(Ipc_set)
{
switch (Ipc_set) {
case 4: mode_lpc=0; break;
case 0:
case 2:
mnr]a_]pr‘ = hinnry_r‘nrln 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; break;
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 ()
Syntax No. of bits Mnemojic
code_book_indices(idx;-nk_mode, no_qn) a
{
gn_data(nk.mode, no_qgn);
for (k=05 R<no_gn; k++)
{
if (qn[k] > 4) {
nk = (qn[k]-3)/2;
n = qn[k] - nk*2;
1 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_coding(acelp_core_mode)
{
mean_energy; 2 ujmsbf
nb_subfr = coreCoderFrameLength/256 4

for (sfr=0; sfr<nb_subfr ; sfr++) {
if ((sfr==0) || ((nb_subfr==4) && (sfr==2))) {

acb_index[sfr]; 9 uimsbf
}else {

acb_index[sfr]; 6 uimsbf
}
Itp_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
icb_index[sfr]; 52 uimsbf
break;

case 5
icb_index[sfr]; 64 uimsbf
break;

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)
{
noise_factor; 3 uimsbf
global_gain; 7 uimsbf
if (first_tcx_flag) {
if (indnpplag) {
arith_reset_flag=1;
}else {
arith_reset_flag; 1 wimsbf
}
}
else {
arith_reset_flag=0;
}
arith_data(lg, arith_reset_flag);
}
Table 42 — Syntax of arithtdata()
Syntax No. of bits Mnemonjc
arith_data(lg, arith_reset_flag)
{
¢ = 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(¢& +)(esc_nb<<17));
acod_m[pki][m]; 1..20 viclbf
if (m != ARIFHLESCAPE)
break;
lev +=(1;
if ((ese_nb=lev)>7)
esc_nb=7;
}
b=m>>2;
a=m - (b<<2);
/* ARITH_STOP symbol detection */
;f (lll——C && lCV C)
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()
Synfax No. of bits Mnemonic
fac_glata(useGain, fac_length)
{
if (useGain) {
fac_gain; 7 uimsbf
for (i=0; i<fac_length/8; i++) {
code_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
gn greater or equal to 2 is represented by qnz1 1" bits followed by one "0" stop bit.
NOTE 2 gn=1 cannot be signalled, because the codebook Q; is not defined.

Table 44 — Syntax of UsacSbrData()

Syntax No. of bits Mnemonic

UsadSbrData(numberfSbrChannels, indepFlag)
{
if (indepFlag) {
sbrinfePresent = 1;
sbrHeaderPresent = 1;

1 élse {
sbrinfoPresent; 1 uimsbf
if (sbrinfoPresent) {
sbrHeaderPresent; 1 uimsbf
}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
Syntax No. of bits Mnemorlic
Sbrinfo()
{
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 — Syntaxiof'SbrHeader()
Syntax No. of bits Mnemonjc
SbrHeader()
{
bs_start_freq; 4 uimsbf, 3
bs_stop_freq; 4 uimsbf, 3
bs_header_extra_1; 1 uimsbf
bs_header_extra_2; 1 uimsbf
if (bs_header_extra_I3-{ b
bs_freq_scale; 2 uimsbf
bs_alter_scale; 1 uimsbf
bs_noisé-bands; 2 uimsbf
}
if (bszheader_extra_2) { b
bs_limiter_bands; 2 uimsbf
bs_limiter_gains; 2 uimsbf
bs_interpol_freq; 1 uimsbf
bs—smeething—mede: 1 wimsbf
}
}

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_kingle_channel_element(bs_amp_res, bs_pvc_mode, indepFlag)

if (harmonicSBR) {
if (sbrPatchingMode[0] == 0) {

sbrOversamplingFlag[0];
if (sbrPitchInBinsFlag[0])
sbrPitchInBins[0];
else
sbrPitchInBins[0] = 0;

g RS

}else {

sbrOversamplingFlag[0] = 0;
sbrPitchInBins[0] = 0;

sbr_grid(0, bs_pvc_mode);
sbr_dtdf(0, bs_pvc_mode, indepFlag);
sbr_invf(0);

if (bs_pvc_mode==0) {

sbr_envelope(0;0; bs_amp_res);

else {

pvc_envelope(indepFlag);

sbr_noise(0; 0);

if (bs:add_harmonic_flag[0]) { 1

uimsbf
uimsbf
uimsbf
uimsbf

uimsbf

}

1 - +dal nH £0o-lo d )
bux_buluouxual_\,uuuxs(u, US_pvi_Iiuvucj,
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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) { 1 uimsbf
if (harmonicSBR) {
if (sbrPatchingMode[0,1] == 0) {
sbrOversamplingFlag[0,1];
if (sbrPitchInBinsElag[0,1])
sbrPitchInBins[0,1];
else
sbrPitchInBins[0,1] = 0;

uimsbf
uimsbf

wimsbf

IS SRS

uimsbf

}else {
sbrOversamplingFlag[0,1] = 0;
sbrPitchInBins[0,1] = 0;
}
}
sbr_grid(0, 0); a
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); a

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 (sbrPitchlnBinsFlag[0])
sbrPitchInBins[0];
else
sbrPitchInBins[0] = 0;

uimsbf
uimsbf
uimsbf
uimsbf

R R

} elsed
sbrOversamplingFlag[0] = 0;
sbrPitchInBins[0] = 0;
}
if (sbrPatchingMode[1] == 0) {
sbrOversamplingFlag[1];
if (sbrPitchInBinsFlag[1])
sbr ?ittlduBiua{l],
else
sbrPitchInBins[1] = 0;

uimsbf
uimsbf
uimsbf

N RS

0 1
Uuriirs vl

}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 (bs_add_harmonic_flag[0]) { 1 uimsbf
sbr_sinusoidal_coding(0, 0);
if (bs_add_harmonic_flag[1]) { 1 uimsbf
sbr_sinusoidal_coding(1, 0);
}
a In|coupling mode only the data for channel 0 is read. This data shall be copied to the samé syntax element for
channel 1.
Table 50 — Syntax of sbr_grid()
Syntaj No. of bits =~ Mnemonic
sbr_grid(ch, bs_pvc_mode)
{
if [bs_pvc_mode == 0) {
switch (bs_frame_class[ch]) { 2 uimsbf
case FIXFIX
bs_num_env[ch] = 2* tmp; 2 uimsbf, 2
bs_freq_res[ch][0]; 1 uimsbf
for (env = 1; env < bs_num_envfeh]; env++)
bs_freq_res[ch][env]=bs_freq_res[ch][0];
break;
case FIXVAR
bs_var_bord_1[ch]; 2 uimsbf
bs_num_env[ch|*="bs_num_rel_1[ch] + 1; 2 uimsbf
for (rel = Q;rel'< bs_num_env([ch]-1; rel++)
bs_relzbord_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 uimgbf
for (env = 0; env < bs_num_env[ch]; env++)
bs_freq_res[ch][env]; 1 uimgbf
break;
}
if (bs_num_env|[ch] > 1) {bs_num_noise[ch] = 2; }
else {bs_num_noise[ch] = 1; }
}else {
bs_noise_position[ch]; 4 uimgbf
bs_var_len_hf[ch]; 1,3 uimgbf
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[¢eh]; env++) {
bs_freq_res[ch][env] = 0;
}
}
}
}
a bs_num_env is restricted aceording to 7.5.1.3.
b The division (/) is a float.division without rounding or truncation.
Table 51 — Syntax of sbr_envelope()
Syntax No. of bits =~ Mnemonic
gbr_envelope(ch, bs_coupling, bs_amp_res)
{
amp_res = bs_amp_res;
H-bs—frame—elassteh}==FRERK-&&bsnum—envleht==1-f
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) {
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;

}
}else {
f (amp_res) {

t_huff = t_huffman_env_3_0dB;
f huff = f huffman_env_3_0dB;
1 else {
t_huff = t_huffman_env_1_5dB;
f huff = f huffman_env_1_5dB;

for (env = 0; env < bs_num_env|[ch]; env++) {
f (bs_df_env[ch][env] == 0) {
if (bs_coupling && ch) {
if (amp_res)

bs_data_env|[ch][env][0] = bs_env_start_value_balance; 5 uimsbf
else
bs_data_env[ch][env][0] = bs_env_start_value_balance; 6 uimsbf
}else {
if (amp_res)
bs_data_env|[ch][env][0] = bs_env-start_value_level; 6 uimsbf
else
bs_data_env[ch][env][0] = bs;env_start_value_level; 7 uimsbf
}
for (band = 1; band < num_env_bands[bs_freq_res[ch][env]]; band++) a
bs_data_env[ch][env][band] = sbr_huff dec(f_huff, bs_codeword); 1..18 b
1 else {
for (band = 0; band < num_env_bands[bs_freq_res[ch][env]]; band++) a
bs_data_env|ch}{env][band] = sbr_huff_dec(t_huff, bs_codeword); 1..18 b

Jf (bs_interTes).{

bs_temp_shape[ch][env]; 1 uimsbf
If (bstemp_shape[ch][env]) {

bs_inter_temp_shape_mode[ch][env]; 2 uimsbf
h

}
}

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.
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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 {
hs_df env[ch][0]; 1
}
for (env = 1; env < bs_num_env|[ch]; env++) {
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
sbr_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_pesition_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 (indepFlaa) L
\Y r oJ U

reuse_pvclD = 0;
}else {

reuse_pvclD; 1 uimsbf
}
if (reuse_pvcID) {

pvcID[0]=pvcID[-1];
}else {

pvcID[0]; 7 uimsbf
}
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<lengthyj++, k++) {
pvcID[k] & pvcID[k-1];
}
pvcID[k¥+]; 7 uimsbf
}
}
for (; k<16; k++) {
pvelD[k]=pvcID[k-1];
}

elser{

switch (divaliudt:) {

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 (indepFlag && i==0) {

grid_info = 1;
}else {

grid_info; 1 uimsbfi
}
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];

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

Syntax of Réfer to:

sbr_invf() ISO/IEC 14496-3:2019, 4.4.2.8, Table 4.76
sbr_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
Mps212Data(indepFlag)

{

FtamingInfo();
if (indepFlag) {
bsIndependencyFlag = 1;
1 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 {

bsEraminaTvpne —0-
BSHF £-YP 7

bsNumParamSets = 1;

numParamSets = bsNumParamSets + 1;
nBitsParamSlot = ceil(log2 (numSlots));

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

bsParamSlot[ps]; nBitsParamSlot uimsbf
}
}
Table 58 — Syntax of OttData()
Synfax No. of bits Mnemonic
OttData()
{
FEcData(CLD, 0, 0, numBands); a
EcData(ICC, 0, 0, numBands); a
if (bsPhaseCoding) {
bsPhaseMode; 1 uimsbf
if (bsPhaseMode) {
bsOPDSmoothingMode; 1 uimsbf
EcData(IPD, 0, 0, bsOttBandsPhase);
}
a numBands is defined in ISOZIEC 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
}
if (bsSmoothMode[ps] == 3) {
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;
}
}
}

a2 numParamSets is defined by numParamSets = bsNumParamSets + 1.
b pbStride is defined in ISO/IEC 23003-1:2007, 5.2, Table 70 and depends on bsFreqResStrideSmg. The divjision
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.

Table 60.— Syntax of TempShapeData()

Syntax No. of bits =~ Mnemgdnic
TempShapeData()

{

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 uimsbf
}

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

or (fc—ﬂ; ts nnmclnfc; fc-l.-l.) {
if (TsdSepData[ts] == 1) {
bsTsdTrPhaseData[ts] 3 uimsbf
}else {
bsTsdTrPhaseData[ts] = 0:

}

a nBjtsTrSlots depends on the frame length as defined in Table 110.
b nBftTsdCW is calculated according to the rule described in 7.11.2.4.
¢ TsdTrPos_dec() is defined in 7.11.2.4.

Table 62 — Syntax of EcData()

Syntax No. of bits Mnemonic
EcData(dataType, paramldx, startBand, stopBand) a
{
dataSets = 0;
for (ps=0; ps<numParamSets; ps++) { b
bsXXXdataMode[paramlIdx][ps]; 2 uimsbf
if (bsXXXdataMode[paramldx][ps]==3) {
dataSets++;
}
setldx = 0;
while (setldx < dataSets) {
bsDataPairXXX[paramldx][setldx]; 1 uimsbf
bsQuantCoarseXXX|[paramlIdx][setldx]; 1 uimsbf
bsFreqResStrideXXX[paramldx][setldx]; 2 uimsbf
dataBands =(stopBand-startBand-1)/pbStride+1; c

EcDataPair(dataType, paramldx, setldx, dataBands,
bsDataPairXXX[paramldx][setldx],
bsQuantCoarseXXX[paramldx][setldx]);
if (bsDataPairXXX[paramldx][setldx]) {
bsQuantCoarseXXX[paramldx][setldx+1] = bsQuantCoarseXXX[paramlIdx][setldx];
bskreqResStrideXXX[paramldx|[setldx+1] = bskreqResStrideXXX[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.

© ISO/IEC 2020 - All rights reserved


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

ISO/IEC 23003-3:2020(E)

Table 63 — Syntax of EcDataPair()

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

mixedTimePair_flag = 0;

bsPcmCodingXXX[paramldx][setldx]; 1 uimsbf

if (bsPemCodinglnaramldxsetldxN L
Ay oLr JL J1J U

if (coarseFlag) {
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 later delta decoding etc. */

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

mixedTimePairXXX{paramldx][setldx] = mixedTimePair_flag;

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

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

if (bsPcmCodingXXX[paramIdx][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()

Synfax No. of bits =~ Mnemonic
DiffHHuffData(dataType, pairFlag, allowDiffTimeBackFlag, dataBands)
{

mixedTimePair_flag = 0;

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

if ( pairFlag || allowDiffTimeBackFlag ) {
bsDiffType[0]; 1 uimsbf

if ( pairFlag && ( ( bsDiffType[0] == DIFF_FREQ) ||
allowDiffTimeBackFlag ) ) {
bsDiffType[1]; 1 uimsbf

bsCodingScheme; 1 uimsbf
if ( bsCodingScheme == 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
}
else {

bsPairing = FREQ_PAIR;
}

if ( bsPairing == FREQ_PAIR ) {

(aaHuffDatal0N = HuffData2DEregPair( dataTune aDiffTvnelQ]
C L=1J b § \Y JETT JETLTIY
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;

}
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 Mneménic

HuffDatalD(dataType, diffType, dataBands)

{
pgOffset = 0;

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

}

for (i=pgOffset; i<dataBands; i++ ) {
aHuffData1D[i] = 1Dhuff _dec(hcod1D_XXX_YY, bsCodeW); 1.x viclbf
a,b,c
if (aHuffDatalD[i] != 0 && dataType !=IPD) {
bsSign; 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 ( djffType == DIFF_FREQ) {
aHuffData2D[0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW); 1.x viclbf; f
pgOffset = 1;
}
escapeCode = hcod2D_XXX_YY_FP_LL_escape; b,c.de
/* sgecific escape code belonging to this Huffman table */
escChtr = 0;
for ([i=pgOffset; i<dataBands; i+=2) {
(aTmp[0], aTmp[1]) = 2Dhuff dec(hcod2D_XXX_YY_FP_LL, bsCodeW); 1.x viclbf, ¢ d.ef
if (bsCodeWord != escapeCode ) {
aTmpSym = SymmetryData( aTmp, dataType );
aHuffData2D[i] = aTmpSym[0];
aHuffData2D[i+1] = aTmpSym[1];
]
¢lse {
aEscList[escCntr++] = 1i;
]
}
if (epcCntr>0) {
aEscData = GroupedPcmData(dataType, 1, 2*lav+1, escCntr);
for (i=0; i<escCntr; i++) {
aHuffData2D[aEscList[i]} = aaEscData[0][i] - lav;
aHuffData2D[aEscl{ist[i]+1] = aaEscData[1][i] - lav;
]
}
if ( (dlataBands-pgOffset) % 2 ) { g
HuffData2P[dataBands-1] = 1Dhuff_dec(hcod1D_XXX_YY, bsCodeW); 1.x viclbf, ¢ d.f
if (aHuffData2D[dataBands-1] != 0 && dataType !=1PD) {
bsSign; 1 uimsbf
H-{bsStgmi£
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.

¢ XXX is to be replaced by the value of dataType (CLD, ICC, IPD).
d YY is to be replaced by “DF”, or “DT”, depending on the value of diffType.

e LL is 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.

g

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

Table 67 — Syntax of HuffData2DTimePair()

Syntax

No. of bits

Mn¢monic

HuffData2DTimePair(dataType, aDiffType, dataBands)

{
Lavldx = 1Dhuff dec(hcodLavidx, bsCodeW);

lav = lavTabXXX[Lavldx];
pgOffset = 0;

if ( (aDiffType[0] == DIFF_FREQ) || (aDiffType[1] == DIFF_FREQ)) {
aaHuffData2D[0][0] = 1Dhuff_dec(hcodFirstBand_XXX, bsCodeW);
aaHuffData2D[1][0] = 1Dhuff_dec(hcodFirstBand_XXX,-bsCodeW);
pgOffset = 1;

}

escapeCode = hcod2D_XXX_YY_TP_LL_escape;
/* specific escape code belonging to this Huffman table */

escCntr = 0;

if ( (aDiffType[0] == DIFF_TIMEY|| (aDiffType[1] == DIFF_TIME) ) {
diffType = DIFF_TIME;

}

else {
diffType = DIFEFREQ;

}
for (i=pgOffset; i<dataBands; i++ ) {

if (bsCodeW != escapeCode ) {
aTmpSym = SymmetryData( aTmp, dataType );
aaHuffData2D[0][i] = aTmpSym][0];

(aTmp[0], aTmp[1]) = 2Dhuff_dec(hcod2D_XXX_YY_TP_LL, bsCodeW);

1.3

1.x
1.x

viclbf

viclbf, ¢ f
viclbf, ¢ f

viclbf, ¢ def

FatuffData2 Dt Hi=atmpSymfit;
}
else {

aEscList[escCntr++] = i;

}
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}

if (escCntr>0){
aaEscData = 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 defined in Table 113.

b The escd
For som

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

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

e LL is to He replaced by the value of lav.

f 1Dhuff_d|

shown in Annex A.3.

pe 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 GLD, IQC.
e Huffman tables no escape code is needed since all possible values are covered by the Huffman table.

ec() and 2Dhuff_dec() are defined in ISO/IEC 23003-1:2007, A.1. IPD tables required.fordecoding shall be defined s
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Table 68 — Syntax of SymmetryData()

Syntax

No. of bits Mnemonic

SymimetryData(aDataPair, dataType)
{
sumVal = aDataPair[0] + aDataPair[1];
diffVal = aDataPair[0] - aDataPair[1];
if (sumVal >lav ) {

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

else {
aDataPair[0] = sumVal;
aDataPair[1] = diffVal;

if (aDataPair[0] + aDataRair[1] != 0 && dataType !=1PD) {
bsSymBit[0];
if ( bsSymBit[0])*{
aDataRair[0] = - aDataPair[0];
aDdtaPair[1] = - aDataPair[1];
}

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

1 uimsbf

1 uimsbf

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

}
return (aDataOut);
}
Table 70 — References to MPS syntactic elements
Syntax of Please see
EnvelopeReshapeHuff() ISO/IEC 23003-1:2007, 5.1, Table 21
GroupedPcmData() ISO/IEC 23003-1:2007, 5.1, Table'\25

5.3.5 Payload of extension elements

Table 71 — Syntax of AudioPreRoll()

Syntax No. of bits Mnemoniic
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) {
aulLen =€scapedValued(16,16,0) 16..32 uimsbf
AccessUnit() 8*auLen
}
}

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

UsacChamnnelPairElementConfig()

UsacLfeElementConfig()

UsacExtHlementConfig()

UsacCordConfig()

SbrConfig()

p

SbrDfltHeader()

Mps212(onfig()

escapedValue()

usacSamplingFrequencylndex

54

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

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

The LFE element configuration does not contajn‘cenfiguration data as an LFE
element has a static configuration.

This element configuration can be used.for configuring any kind of existing or
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 over
configuration extensions unknown to the decoder.

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

Contains default values for the configuration elements of eSBR that are typically
kept constant. Furthermore, static SBR configuration elements are also carried
in SbrConfig(). These static bits include flags for en- or disabling particular
features of the'¢nhanced SBR, like harmonic transposition or inter TES.

This elément 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 this
configuration.

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

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

0x07 22050

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

Ox1la 12800

0x1b 9600

Oxlc reserved

0x1d reserved

Oxle reserved

0x1f escape value

NOTE“\.The values of UsacSamplingFrequencylndex 0x00 up to OxOe 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 integer value in
case usacSamplingFrequencylndex is equal to the escape value.
channelConfigurationlndex  This index determines the channel configuration. If channelConfiguratiopIndex >
0 the index unambiguously defines the number of channels, channel 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.
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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 UsacSingleChannelElement(), | center front speaker, C 3/0,0
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 frontspeakers, L,R
UsacChannelPairElement(), left surround, rightsurround Ls, Rs
UsacLfeElement() speakers, LFE
center front LEE 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
UsacChannelPairElemént(), left, right front speakers, L,R
UsacChannelPairElement(), left surround, right surround Ls, Rs
UsacSingleChannelklement(), | speakers, Cs
UsacLfeElement() center rear speaker, LFE
center front LFE speaker
12 UsacSingleChannelElement(), | center front speaker C 3/4.1
Usac@hannelPairElement(), left, right front speakers, L,R
UsdcChannelPairElement(), left surround, right surround Ls, Rs
UsacChannelPairElement(), speakers, Lsr, Rsr
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
]]cnr‘(‘hanna]pairl:‘lamanf()’ Iaﬁ" righf back cpnnl{nrc’ 1 N Rsr
UsacSingleChannelElement(), | back center speaker, Cs
UsacLfeElement(), left front low freq. effects speaker, LFE
UsacLfeElement(), right front low freq. effects speaker, LFE2
UsacSingleChannelElement(), | top center front speaker, Cv
UsacChannelPairElement(), top left, right front speakers, kv, 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().

=

sOutputChannelPos

IEC 100/1706/CDV which are listed here for information.

Table 74 — bsOutputChannelPos

This index describes loudspeaker positions which are associated to a giyen
channel according to*Table 74. Figure 2 indicates the loudspeaker positi
3D environment ofithe listener. In order to ease the understanding of

loudspeaker positions Table 74 also contains loudspeaker positions acc

bsOutput- Loudspeaker position according to
Channel- Loudspeaker position IEC100/1706/CDV
Pos IEC 62574 (TC100)
Abbr. Name Abbr. Name
0 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 effects-1
4 Ls left surround LS left surround
| 15 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

© ISO/IEC 2020 - All rights reserved

bn in the

rding to

57


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

ISO/IEC 23003-3:2020(E)

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 Tight front vertical height TpFR TOp fTONt righnt
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 frequency effects-2
27 Lb left front vertical bottom BtFL bottom front left
28 Rb right front vertical bottom BtFR bottom 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

A ACA
pEolasa
==
LFE F\ F\LFEZ
L(KO ((0 Lo @ Res 0)) O}D Russ
N

[
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Figure 2 — Loudspeaker positions
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coreSbrFrameLengthIndex

020(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:

Table 75 — Values of coreCoderFrameLength, sbrRatio,
outputFrameLength and numSlots depending on coreSbrFrameLengthIndex

Index coreCoder- sbrRatio output- Mps212
FrameLength (sbrRatiolndex) FrameLength num>Slots

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

usacConfigExtensionPresent Indicates the presence of extensions to,the-Configuration.

numOutChannels If the value of channelConfigurationindex indicates that none of the pre
channel configurations is used then this element determines the numbe
channels for which a specificloudspeaker position shall be associated.

numElements This field contains the number of elements that will follow in the loop oy

element types in the:UsacDecoderConfig().

Defines the USACchannel element type of the element at position eleml
bitstream. Four‘element types exist, one for each of the four basic bitstrg
elements: UsacSingleChannelElement(), UsacChannelPairElement(),
UsacLfeElement(),UsacExtElement(). These elements provide the neces
level structure while maintaining all needed flexibility. The meaning of
usacElementType is defined in Table 76.

usacElementType[elemldx]

Table 76 — Value of usacElementType

defined
- of audio

fer

1x in the

am

ary top

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 UsacChannelPairEleme

nt(). It

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

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, core
coder.
harmonicSBR This flag signals the usage of the harmonic patching for the SBR.

bs_interTes

bs_pvc

dflt_start_freq

dflt_stop| freq

dflt_header_extral

dflt_headler_extra2

dflt_freq[ scale

dflt_alter_scale

dflt_noisee_bands

This flag signals the usage of the inter-TES tool in SBR.
This flag signals the usage of the PVC tool in SBR.

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

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.

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

This is the default value for the bitstream element bs_header_extra2, which is
applied in dase'the flag sbrUseDfltHeader indicates that default values for the
SbrHeader() elements shall be assumed.

1 ==}

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

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.

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

dflt_limiter_bands

dflt_limiter_gains

dflt_interpol_freq

60

ShrHeader(] elements shall he assumed

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.

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.

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.

this element allows to signal bitstream extensions types. The meaning of

usacExtElementType is defined in Table 78.

Table 78 — Value of usacExtElementType

(=]

usackxtilementlype value

ID_EXT_ELE_FILL

ID_EXT_ELE_MPEGS

ID_EXT_ELE_SAOC

ID_EXT_ELE_AUDIOPREROLL 3

ID_EXT_ELE_UNI_DRC 4

/* reserved for ISO use */ 5-127

/* reserved for use outside of ISO scope */ 128 and‘higher

NOTE Application-specific usacExtElementType values are mandated to\be'in the space reserved
for use outside of ISO scope. These are skipped by a decoder as‘a minimum of structure is
required by the decoder to skip these extensions.

sacExtElementConfigLength Signals the length of the extensien'configuration in bytes (octets).

sacExtElementDefaultLengthPresent This flag signals whether a usacExtElementDefaultLength is co

sacExtElementDefaultLength Signals the default length of the extension element in bytes. Only if the e

sacExtElementPayloadFrag

numConfigExtensions

pnfExtldx

sacConfigExtType

in the UsacExtElementConfig().

element in a givenaccess unit deviates from this value, an additional len|
needs to be trahsmitted in the bitstream. If this element is not explicitly
transmitted((usacExtElementDefaultLengthPresent==0) then the value
usacExtElementDefaultLength shall be set to zero.

This flag indicates whether the payload of this extension element may b¢

fragmented and send as several segments in consecutive USAC frames.

hveyed

Ktension
oth

f

If extensions to the configuration are present in the UsacConfig() this vajue

indicates the number of signalled configuration extensions.
Index to the configuration extensions.

This element allows to signal configuration extension types. The meanin
usacConfigExtType is defined in Table 79.

Table 79 — Value of usacConfigExtType

g of

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
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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

bsPseudoLr

Meaning

6.1.1.2

0 Core decoder output is DMX/RES

1 Core decoder output is Pseudo L/R

Helper Elements

coreCodgrFrameLength

bsSteredSbr

bsResidyalCoding

sbrRatiolndex

Frame length of core-coder, i.e., number of valid samples outpubby FD/LPD corsg
decoder. coreCoderFrameLength is determined as outputFrameLength/
sbrRatio.

This flag signals the usage of the stereo SBR in combination with MPEG Surround
decoding. The value of bsStereoSbr is defined hy stereoConfigindex (see

Table 77). Table 81 gives the allowed values and the corresponding meaning of
bsStereoSbr.

Table 81 — bsStereoSbr

bsStereoSbr

Meaning

0

Mono SBR

1

Stereo SBR

Indicates whether residual coding is applied according to Table 82. The value of]
bsResidual€oding 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

Indicates the ratio between the core sampling rate and the sampling rate after
eSBR processing. At the same time it indicates the number of QMF analysis and
synthesis bands used in SBR according to the Table 83.

Table 83 — Definition of sbrRatiolndex

sbrRatiolndex

QMF band ratio

sbrRatio (analysis:synthesis)

no SBR -

4:1

16:64

8:3

24:64

WIN([=|O

2:1

32:64

elemldx

62

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 samphng rate is not one of the rates listed in the right column in Table 84, the sampllng frequency

atefa aH H H ayload to
he parsed. Slnce a given sampllng frequency is assoc1ated Wlth only one sampling frequency table and since
aximum flexibility is desired in the range of possible sampling frequencies, Table 84 shall be usedto'dsgociate an
xplicitly signalled sampling frequency (i.e, via usacSamplingFrequencylndex) with the_ desired [sampling
equency dependent tables.

o 0@

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()

—

he channel configuration table-¢overs most common loudspeaker positions. For further flexibility chapnels can
e mapped to an overall selection of 32 loudspeaker positions found in modern loudspeaker setups ip various
applications (see Table 74).

o

or each channel ,eontained in the bitstream the UsacChannelConfig() specifies the associated loudspeaker
position to which™this particular channel shall be mapped. The loudspeaker positions which are inflexed by
hsOutputChannelPos are listed in Table 74. In case of multiple channel elements the index i of
hsOutputChannelPos[i] indicates the position in which the channel appears in the bitstream. Figure 2| gives an
gverview over the loudspeaker positions in relation to the listener.

hg with 0

lore prec1sely the channels are numbered in the sequence in which they appear in the bitstream startl

: case 2 C e he assigned to
that channel and the channel count is 1ncreased by one. In case of a UsacChannelPalrElement() the flI'St 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 lepgth- wing-the Rarti is-a Fer-a A in-the-prese itstream—FEor-ea

iteration [the type of element is signalled in usacElementType[], immediately followed by its correspondinyg
configurdtion structure. The order in which the various elements are present in the UsacDecoderConfig() shall be
identical to the order of the corresponding payload in the UsacFrame().

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

6.1.6 UsacSingleChannelElementConfig()

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

6.1.7 UsacChannelPairElementConfig()

=

The UsacdChannelPairElementConfig() contains core coder related cenfiguration data as well as SBR configuratio|
data depénding on the use of SBR. The exact type of stereo codingralgorithm is indicated by the stereoConfiginde
In USAC a channel pair can be encoded in various ways. Theseare:

[

a) Stereo core coder pair using traditional joint stereo.c0ding techniques, extended by the possibility of comple
prediction in the MDCT domain.

B

b) Monp core coder channel in combination with MPEG Surround based MPS212 for fully parametric sterep
codihg. Mono SBR processing is applied ©n the core signal.

—

c) Stereo core coder pair in combination with MPEG Surround based MPS212, where the first core codg
charjnel carries a downmix signal.and the second channel carries a residual signal. The residual may be banid
limited to realize partial residual coding. Mono SBR processing is applied only on the downmix signal befor
MPSR12 processing.

Q

d) Stereo core coder pair“in combination with MPEG Surround based MPS212, where the first core codg
charjnel carries a dlownmix signal and the second channel carries a residual signal. The residual may be band
limifed to realize partial residual coding. Stereo SBR is applied on the reconstructed stereo signal aftd
MPSP12 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.

@)

.1.11 SbrDfltHeader()

he SbrDfltHeader() is what may be called the basic SbrHeader() template and should contain-the values for the
redominantly used eSBR configuration. In the bitstream this configuration can be referred to by sgtting the
brUseDfltHeader flag to 1. The structure of the SbrDfltHeader() is identical to that of SbrHeader(). In o1lder to be
ple to distinguish between the values of the SbrDfltHeader() and SbrHeader(), the bit fields in the
brDfltHeader() are prefixed with "dflt_" instead of "bs_". If the use of the SbrDfltHeader() is indicated, then the
brHeader() bit fields shall assume the values of the corresponding SbrDfltHeader(), i.e.:

=

WL N v 0

s start freqg = dflt start freq;

s stop freq = dflt stop freqg;

tc.

continue for all elements in SbrHeader (), like:
S xxx yyy = dflt xxx yyy;

o ~0 OO

@)

.1.12 Mps212Config()

—

he Mps212Config() resembles the SpatialSpecificConfig() of MPEG Surround and was in large parts|deduced
'om that. It is however reduced in extent to contaifitonly information relevant for mono to stereo upmixjng in the
SAC context. Consequently MPS212 configures.only one OTT box.

— =

@)

.1.13 UsacExtElementConfig()

he UsacExtElementConfig() is a geheral container for configuration data of extension elements for UJAC. Each
SAC extension has a unique type identifier, usacExtElementType, which is defined in Table 78. [For each
sacExtElementConfig() the dength of the contained extension configuration is transmitted in the| variable
sacExtElementConfigLength;~and allows decoders to safely skip over extension elementy whose
sacExtElementType is unknown.

c c o

Hor USAC extensions ‘which typically have a constant payload length, the UsacExtElementConfig() allows the
tfansmission of a usacExtElementDefaultLength. Defining a default payload length in the configuration| allows a
highly efficient signalling of the usacExtElementPayloadLength inside the UsacExtElement(), where bit
cpnsumption, heeds to be kept low.

In case'of USAC extensions where a larger amount of data is accumulated and transmitted not on a per fragme basis
Hutenly every second frame or even more rarely, this data may be transmitted in fragments or segmenfs spread
overseverat USACTramesThistam be helpfulimorderto keep the bit Teservoi ore equatized. Theuse 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

streamlIdentifier 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 seamiess Switching between them. streamldentfier can take |

values from 0 to 65535.
When being part of an MPEG-DASH adaptation set as defined in ISO/IEC 23009,
all stream IDs of streams in that DASH adaptation set shall be pairwisg,distinct.

6.1.15.2| Stream identifier description

Configuration extensions of type ID_CONFIG_EXT STREAM_ID provide a container for signalling a stream
identifier] (short: "stream ID"). The stream ID config extension allows attaching a unigue’integer number to [a
configurdtion structure such that audio bitstream configurations of two streams can.be\distinguished even if the

rest of th

The usac

Any giyen audio bitstream shall not have more than one./ configuration extension of typ

ID_CONF

If a runhing decoder receives a new configuration structurey, for example by means of a Config() in a
ID_EXT_HLE_AUDIOPREROLL extension payload, it shall compare this new configuration structure with th
currently active configuration as defined in 7.18.3.3. Such.¢emparison may be conducted by means of a bit-wig
comparigon of the corresponding configuration structures:

If the configuration structures contain configuratien extensions then all configuration extensions up to and
including (with respect to the order in which-they appear in the bitstream) the configuration extension of type
e
e

ID_CONF

configurdtion extension of type ID_CONFIG_EXT_STREAM_ID are not required to be considered during th
comparigon.

NOTE

decoder re¢configuration or not.

6.2 UYAC payload

6.2.1 Definition of elements

6.2.1.1

e configuration structure is (bit-) identical.

ConfigExtLength of a config extension of type ID_CONFIG_EXT_STREAM\ID shall have the value 2 (two).

[¢)

G_EXT_STREAM_ID.

D © =

G_EXT_STREAM_ID shall be incldided in the comparison. Configuration extensions following th

The above rule allows an encoder to control whether changes in particular configuration extensions will cause

[

Top level and subsidiary data elements

UsacFrame() This block of data contains audio data for a time period of one USAC frame,

related information and other data. As signalled in UsacDecoderConfig(), the
UsacFrame() contains numElements elements. These elements can contain audio
data, for one or two channels, audio data for low frequency enhancement or
extension payload.

UsacSingleChannelElement() Abbreviation SCE. Syntactic element of the bitstream containing coded data for a

66

single audio channel. A single_channel_element() basically consists of the
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_channel_stream()
element.

el

sacExtElement()

usacIindependencyFlag

Syntactic element that contains extension payload. The length of an extejnsion
element is either signalled as a default length in the configuration
(USACExtElementConfig()) or signalled in the UsacExtElement()itself. If present,
the extension payload is of type usacExtElementType, as signalled in the
configuration.

12

indicates if the current UsacFrame() can be decoded entirely without the
knowledge of information from previous frames aecording to the Table 85.

Table 85 — Meaning of usacindependencyFlag

usacExtElementPayloadLength

usacExtElementStart
usacExtElementStop

usacExtElementSegmentData

usacExtElementUseDefaultLength

value of Mednin
usacIndependencyFlag g

Decoding of data‘eonveyed in UsacFrame()

0 might requite access to the previous
UsacFrame().
Decoding of data conveyed in UsacFrame() is

1 possible without access to the previous
UsacFrame().

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

Indicates whether the length of the extension element corresponds to
usacExtElementDefaultLength, which was defined in the sacExtElement{onfig().

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

Indicates if the present usacExtElementSegmentData begins a data blocK.

Indicates if the present usacExtElementSegmentData ends a data block.

The concatenation of all usacExtElementSegmentData from UsacExtElement() of

consecutive USAC frames, starting from the UsacExtElement() with
usacExtElementStart==1 up to and including the UsacExtElement() with
usacExtElementStop==1 forms one data block. In case a complete data block is
contained in one UsacExtElement(), usacExtElementStart and
usacExtElementStop shall both be set to 1. The data blocks are interpreted as a
byte aligned extension payload depending on usacExtElementType according to
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 o

information. The exact bit pattern used for fill_byte should be '101001071".

UsacCorgCoderData() This block of data contains the core-coder audio data. The payload element
contains data for one or two core-coder channels, for either FD’or LPD mode.
The specific mode is signalled per channel at the beginning.of the element.

StereoCofeToollnfo() All stereo related information is captured in this elément. It deals with the
numerous dependencies of bits fields in the stereg.coding modes.

Mps212Data() This block of data contains payload for thedMps212 stereo module. The presencg
of this data is dependent on the stereoConfigindex.

6.2.1.2 Helper elements

nrCoreCdderChannels In the context of a channel pair.element this variable indicates the number of
core coder channels whichiform the basis for stereo coding. Depending on the
value of stereoConfigindex this value shall be 1 or 2.

nrSbrChgnnels In the context of a ¢hannel pair element this variable indicates the number of

channels on which SBR processing is applied. Depending on the value of
stereoConfiglndex this value shall be 1 or 2.

6.2.2 UsacFrame()

One UsadFrame() forms one access unit of the USAC bitstream. Each UsacFrame decodes into 768, 1024, 2048 dr
4096 output samples according tethe outputFrameLength determined from Table 75.

[=¥

The first jbit in the UsacErante() is the usacIndependencyFlag, which determines if a given frame can be decode
without dny knowledge/of the previous frame. If the usacIndependencyFlag is set to 0, then dependencies to th
previous[frame may-be present in the payload of the current frame.

[¢)

[¢)

The UsadFramef)is further made up of one or more syntactic elements which shall appear in the bitstream in th
same order.as their corresponding configuration elements in the UsacDecoderConfig(). The position of ead
element -4 i A isH ~ - A ent-the e ing-config i

transmitted in the UsacDecoderConfig(), of that instance, ie. with the same elemldx, shall be used.

=3

e5-0 elemen dexed-by-elemldxtoreachele 6 perd 6 HFaHOR-dS

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_I JSA( _LFE

—

these bitstream payloads are to be transmitted over a constant rate channel then they may include’an ¢xtension
payload element with an usacExtElementType of ID_EXT_ELE_FILL to adjust the instantaneots bit|rate. An
fixkample 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 |(usacElementType[elemldk]
0 ID_USAC_CPE
ID_USAC_EXT
stereo output signal 2 1 with
usacExtElementType==
ID_EXT_ELE_FILL

6.2.3 UsacSingleChannelElement()

—3

he simple structure of the UsacSingleChannelElément() is made up of one instance of a UsacCoreCodlerData()
lement with nrCoreCoderChannels set to 1, Depending on the sbrRatiolndex of this element a Usac$brData()
lement follows with nrSbrChannels set to I*as well.

@D _0

6.2.4 UsacExtElement()

!

sacExtElement() structures ifiva bitstream can be decoded or skipped by a USAC decoder. Every extlension is
dlentified by a usacExtElementType, conveyed in the UsacExtElement()'s associated UsacExtElementCorjfig(). For
epch usacExtElementType a‘specific decoder can be present.

—

—_—

a decoder for the-exténsion is available to the USAC decoder then the payload of the extension is forwarded to
e extension decoder immediately after the UsacExtElement() has been parsed by the USAC decoder.

—

—_—

no decoderfor the extension is available to the USAC decoder, a minimum of structure is provided within the
bitstream,'se 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 orrachnarnding HeacButBlayanntCan o o d ool co o avapenlad 10 4o TTca Dot Dl o nnd ) br by an

TC—COTTCS POty uJu\.unu_u\.uu.u\.uulunB\) arrG—vw rirCr—Ca— o C— O v errarca—r—rt uqu\.unu.u\.uu.uu\),

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 UsacChannelPairElement()

6.2.5.1

Definition of elements

6.2.5.1.1

common

common

common

max_sfb

6.2.5.1.2

max_sfb_|

6.2.5.2

The stere
stereo co
coder ch
according

Similarly|
use of e

Data elements

|_max_sfb Signals the use of a common maximum scalefactor band for channels®-and 1.

Table 89 — common_max_sfb

common_max_sfb Meaning

max_sfb1 determines the maximum
scalefactor band for channel @
set max_sfb1 for channel 1 to the'same
1 maximum scalefactor band-as for
channel Q

| window Indicates if channel 0 and channel-l)of a CPE use identical window parameters.

| tw Indicates if channel 0 and channel 1 of a CPE use identical parameters for th
time warped MDCT.

| Defines the number-of Scalefactor bands transmitted per group for channel 1.

Help elements

Ste Maximum -scalefactor bands transmitted for channels 0 and 1: max(max_sfl
max-sfb1).

Decoding process

oConfiglndex, whieh is transmitted in the UsacChannelPairElementConfig(), determines the exact type

ding which is,applied in the given CPE. Depending on this type of stereo coding either one or two cor
hinnels are acthially transmitted in the bitstream and the variable nrCoreCoderChannels needs to be sg
bly. The syntax element UsacCoreCoderData() then provides the data for one or two core coder channels

the‘there may be data available for one or two channels depending on the type of stereo coding and th
BR)(ie. if sbrRatiolndex>0). The value of nrSbrChannels needs to be set accordingly and the synta

=

-+ @

I

element

Finally M

sacSbrData() provides the eSBR data for one or two channels.

ps212Data() 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

—+ No noise filling is applied.

4.2.7 UsacCoreCoderData()

q.2.7.1 Definition of elements
core_mode[ch] Indicates the core coding mode of the current frame for each channel :
to Table 90.

Table 90 — Definition of core_mode

value of core_mode Meaning
0 FD-core coder mode
1 EPD core coder mode

6.2.7.2 Decoding process

Tlhe UsacCoreCoderData() contains all informationfor decoding one or two core coder channels.
Thhe order of decoding is:

—+ get the core_mode[] for each channel;

-+ in case of two core coded-¢hannels (nrChannels==2), parse the StereoCoreToolInfo() and determine
related parameters;

—+ depending on the sighalled core_modes transmit an lpd_channel_stream() or an fd_channel_stream(
channel.

o~

s can be seen'from the above list, the decoding of one core coder channel (nrChannels==1) results in
he core_mode bit followed by one Ipd_channel_stream or fd_channel_stream, depending on the core_mod

ot

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

ccording

all stereo

for each

bbtaining
e.

In the two core coder channel case, some signalling redundancies between channels can be exploited in particular

6.2.8 StereoCoreToollnfo()

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 Ilag 1s not set then the data elements are transmitted individually Tor each core coder channg
either im StereoCoreToollnfo() (max_sfb, max_sfbl) or in the fd_channel_stream() which follows) the
StereoCofeToolInfo() in the the UsacCoreCoderData() element.

In case of common_window==1 the StereoCoreToollnfo() also contains the information about M/Ssstefeo codinlg
and complex prediction data in the MDCT domain (see 7.7).

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

6.2.9.1.1] Data elements
fd_channpl_stream()

fac_data|present

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 care‘coding 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

fac_data() data element as used for transitions

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

I between two different core coding modes present

in current frame

ics_info()

Contains side information necessary to decode an fd_channel_stream() for SCE

and CPE elements. The fd_channel_streams of a UsacChannelPairElement() may
share one common ics_info. If common_max_sfb == 0, max_sfb1 determines th¢
maximum scalefactor band per group for channel 1 instead of max_sfb in

window_sequence

72

ics_into(J.

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 '
. LONG_START_SEQUENCE wq || T ‘ BERVSE
= LONG_START_WINDOW ‘ oo P
EIGHT_SHORT_SEQUENCE i L IXOOOEXXN ]
2 - 8 * SHORT_ WINDOW 8%(ccfl/8) |1 L /i /VVVNMV VN \_L
X LONG_STOP_SEQUENCE et | W\J
= LONG_STOP_WINDOW ‘ D X o
| soesmsma: | | LS AT T N\
= STOP_START_WINDOW ! P oo
NOTE Dashed lines indicate window shape when the adjacent window sequence is LPD_SEQUENCE.
window_shape A 1 bit field that determines what window is used for the right-hand part of this
analysis windowg
max_sfb Number of scalefactor bands per group. If common_window == 1, max|sfb
refers to.channel 0 and max_sfb1 is the maximum scalefactor band for
channel.
scale_factor_grouping A bit field that contains information about grouping of short spectral data.
fac_data() Syntax element which contains all data for the forward aliasing cancellation
(FAC) tool, which is operated at transitions between ACELP and transfofm coder.
6.2.9.1.2 Help €lements
For the purpesé. of this clause, the definition of help elements given in ISO/IEC 14496-3:2019, 4.5.2.3.1.1, and the
following apply:
g Number of quantized spectral coefficients output by the arithmetic decolder.
last_Ipd_mode See definition of last_Ipd_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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—  Geti

cs_info (parse bitstream payload if common information is not present).

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

tool

is active.

— Getscale_factor_data, if present.

— Gettns_data, if present.

— Getac_spectral_data, if present

The proc
ics_info, 4

6.2.9.2.2

For Usac
fd_chann

In case
ics_info()
etc.). An

scalefactjr band per group for channel 1. Otherwise (i.e., common_window ji$ set to 0) there is an ics_info after th

global_g

The ics_info() carries the window information associated with an ECSiand thus permits channels in a channel_pa

to switch
transmitf
set of sha
is always
associate
short wir

6.2.9.2.3

Since thg
scalefact

section
for

1

}

ess of recovering tns_data is described in ISO/IEC 14496-3:2019, 4.6.9. An overview of how to decod
cale_factor_data, and ac_spectral_data is given in 6.2.9.2.2 through 6.2.9.2.4.

Recovering ics_info()

SingleChannelElement()’s ics_info is located after the global_gain and optional noisgFilling data in thj
bl_stream. For a channel pair element there are two possible locations for the ics. info.

f UsacChannelPairElement() if the common_window flag is set to 1 bath)'channels share the sam)
pxception to this occurs when common_max_sfb == 0. In this case max_sfb1 determines the maximu
in and optional noisefilling data for each of the two fd_channel_stream()s.

separately if desired. The variable max_sfb_ste determines the number of ms_used[] bits that shall b
ed. If the window_sequence is EIGHT_SHORT_SEQUENCE then scale_factor_grouping is transmitted. If
rt windows form a group then they share scalefactors'as well as M/S information. The first short windoy
a new group so no grouping bit is transmitted. Subsequent short windows are in the same group if th

d grouping bit is 1. A new group is started if the'associated grouping bit is 0. It is assumed that groupe|
dows have similar signal statistics.

scale_factor_data() parsing and decoding

re is no section_data() in the bitstream, a standard sectioning has to be defined to ensure corre
r decoding as describes in ISO/1EC 14496-3:2019, 4.4.2.7, Table 4.55:

| data () {
(g =20 7; g < nuwm“window groups; g++ ) {
(=0

or ( k=0 ;8K < max sfb ; k++ ) {
sfb_cb[g¥Tk] = 11;

For chan

hel.1, max sfb is set equal to max sfbl if common window == 1. For each scalefactor band a scalefacta

(i.e., both have same window_sequence, same window_shape, same scale-factor_grouping, same max_s:lrt:

e

e

80 < © 0 =

(i

r

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 function.

74
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6.2.9.2.4 ac_spectral_data() parsing and decoding

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:

_{swb_offset_short_window[max_sfb], in case of EIGHT_SHORT_SEQUENCE

swb_offset_long window[max_sfb], otherwise

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

@)

.2.9.3 Windows and window sequences

uantization and coding is done in the frequency domain. For this purpose, the time signal isymapped into the
requency domain in the encoder. The decoder performs the inverse mapping as described m 7.9. Depgnding on
he signal, the coder may change the time/frequency resolution by using two differefit'windows siz¢s of size
*coreCoderFrameLength and 2*coreCoderFrameLength/8. To switch between windews, the transition windows
ONG_START_WINDOW, LONG_STOP_WINDOW, and STOP_START_WINDOW are used.'Table 93 lists the windows,
pecifies the corresponding transform length and shows the shape of the windews Schematically. Two transform
engths are used: coreCoderFrameLength (referred to as long transform) and-coreCoderFrameLength/8 |(referred
b as short transform).

= =Nt h D

—

Vindow sequences are composed of windows in a way that a raw_data) block always contains data repfesenting
preCoderFrameLength output samples. The data element window_sequence indicates the window fequence
hat is actually used. Table 93 lists how the window sequencessare/composed of individual windows. Reffer to 7.9
br more detailed information about the transform and the windows.

-, o0 <

6.2.9.4 Scalefactor bands and grouping

w

ee ISO/IEC 14496-3:2019, 4.5.2.3.4.

s explained in ISO/IEC 14496-3:2019, 4.5.2.3.4, the width of the scalefactor bands is built in imitatipn of the
ritical bands of the human auditory systém. For that reason the number of scalefactor bands in a specfrum and
neir width depend on the transfortn’ length and the sampling frequency. ISO/IEC 14496-3:2009, 4.5.4,
ables 4.147 to 4.165 list the offset tothe beginning of each scalefactor band on the transform lengths 1024 and
28 and on the sampling frequeneies (window length of 2048 and 256).

U I = A e e

or a transform length of 768 samples, the same 1024-based scalefactor band tables are used, hut those
prresponding to 4/3~sampling frequency. In case a shorter transform length (depengdent on
preCoderFrameLength)is used, swb_offset_long_ window and swb_offset_short_window are limited to the size of
he transform length;*and num_swb_long window and num_swb_short_window is determined accordipg to the
llowing pseudd.code:

S0 o —o

flor (swbz0y\ swb<num swb long window+1l; swb++) {
if (swhYoffset long window[swb] > coreCoderFrameLength) {

swh-offset long window[swb] = coreCoderFrameLength;
break;
Y
}
num swb long window = swb;

for (swb=0; swb<num swb short window+1l; swb++) {
if (swb_offset short window[swb] > coreCoderFrameLength/8) {

swb offset short window[swb] = coreCoderFrameLength/8;
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

—

o

smaller units-efequal-sizereach-efwhichiscoded-eitherwith-ACELP-or FCX-codingscheme-

This progess is similar to the coding scheme described in 3GPP TS 26.290[1%, which is recommended/fq

background reading. Inherited from this document is a slightly different terminology, where one “superframg’

signifies p signal segment of coreCoderFrameLength samples, whereas a “frame” is exactly one fourth,of that, i.g.

coreCodgrFrameLength/4 samples. Each one of these frames is further subdivided into three or four*subframey’

of equal length. In case of a coreCoderFrameLength of 768 samples, each frame is subdivided into.three subframg

For every other coreCoderFrameLength, each frame is subdivided into four subframes. Note|that this subclaug

adopts this terminology.

6.2.10.2 Definition of elements

acelp_core_mode This bitfield indicates the exact bit allocation scheme in case ACELP is used as a
lpd coding mode.

Ipd_mode The bit-field Ipd_mode defines the coding modes for each of the four frames
within one superframe of the Ipd_channel_stream() (corresponds to one USAC
frame). The coding modes are stored in the array mod[] and can take values fro
0 to 3. The mapping from lpd:thode to mod[] can be determined from Table 94.

Table 94 — Mapping of coding medes for Ipd_channel_stream()
. WD 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
modl?21-3
L=1
mod[1]=3
mod[0]=3
26.31 reserved
76 © ISO/IEC 2020 - All rights reserved


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

bpf_control_info

ISO/IEC 23003-3:2020(E)

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

bpf_control_info

value of Bass-post filter operation

0 Bass-post filter disabled

1 Bass-postfilterenabled

core_mode_last

mod[0..3]

o)

celp_coding()

—

Ex_coding()

=)

rst’tcx flag

=+ POStTIIree—eriaor

Indicates the core coding mode of the previous frame as defined(in Tabl
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 coder mode

0 : .
used in preyvious frame

LPD core.6oder mode

used i prévious frame

The values in the array mod[] indicate the respective coding modes in e3
frame as defined in Table 97.

Table 97 —\Coding modes indicated by mod[]

value of coding mode in frame bitstream
mod[x] 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 ACELP e

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

Flag which indicates if the current processed TCX frame is the first in th

£ 96. This

ch

citation.

sed

superframe.

arith_reset_flag

Ipc_data()

first_lpd_flag

see 6.2.11.2.

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 seq

uence 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_gmode——————————tmdicates the vatue of rod{x}of the previousty decoded ACEEP frameor T€EX—

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 "static"
characteristic, meaning that it carries over its value to the next frame after
decoding of the current frame is finished.

short_fa¢_flag Flag which indicates the length of the FAC transform fac_length for transitions

between two different core coding modes. Table 99 definés the corresponding
fac_length for each value of 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\s:

— Get gcelp_core_mode.

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

— Get gcelp_coding or tcx_coding data, depending on the content of the helper variable mod[].

— Getlpc_data.
Decoding of acelp_coding is described in 7.14.

Decoding of tcx-Ceding is described in 7.15.

Decoding oflpc_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

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 plan

es m, and

the-remainingleast-significantbit-planes+The-value-m-is-coded-acecording-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 context that is determined by the significance of the upper bit planes. Significance here means thelinformation

wWhether the upper bit planes decoded so far are zero or not. By means of m and r the amplitude of the spectral

cpefficients can be reconstructed on the decoder-side. For all non-null symbols the signs s are.¢oded oytside the

cpntext adaptive arithmetic coder using 1 bit per sign.

Detailed arithmetic decoding procedure is described in 7.4.3.

6.2.11.2 Definition of elements

4.2.11.2.1 Data elements

arith_data() Data element to decode the spectral'noiseless coder data.

ith_reset_flag Flag which indicates if the spectral noiseless context shall be reset.
od _m[pki][m] Arithmetic codeword necessary for decoding of the 2 most significant bik planes

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

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

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

6.2.11.2.2 Helper elements

alb 2-tuple corresponding to quantized spectral coefficients.

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

r One of the least significant bit planes of the 2-tuple to decode.

g Number of quantized coefficients to decode.

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

i Index of 7-1'11p]9< to decode within the frame

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

arith_get_pk () Function that returns the index pki of cumulative frequencies table necessary to
decode the codeword acod _m|[pki][m].

c State of context.

Isbidx Index to the cumulative frequencies tables used by the arithmetic decoder for
decoding r, where 0<=Isbidx<=2.
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lev Number of least significant bit-planes to decode.

ARITH_ESCAPE 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_context() Initializes the contexts needed for decoding the present frame.
arith_get|context() Computes the context state for decoding the present 2-tuple m synibols.
arith_update_context() Updates the context for the next 2-tuple.

arith_finish () Finish the noiseless decoding.

6.2.12 Enhanced SBR

6.2.12.1| General
The description of the bitstream elements for the SBR payload can be-found in ISO/IEC 14496-3:2019, 4.5.2.8.

Deviations from these bitstream elements are listed below.

6.2.12.2 Definition of elements

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

UsacSbrljata() This block of data contains payload for the SBR bandwidth extension for one or
two channels. The presence of this data is dependent on the sbrRatiolndex.

Sbrinfo() This‘element contains SBR control parameters which do not require a decoder
reset when changed.

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

sbr_single_channel element() Syntactic element that contains data for an SBR single channel element.

sbr_chanpel_pair.element() Syntactic element that contains data for an SBR channel pair element.
sbr_grid( Syntactic element that contains the time frequency grid
bs_num_env 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.

bs_sbr_preprocessing Signals the use of the additional preprocessing during HF generation according
to Table 100.
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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
bs_treader—extra3 trdicatesif optiomattreader part3ispresent:
Hs_pvc_mode Indicates PVC mode according to Table 101.

Table 101 — bs_pvc_mode

one noise floor in the current SBR frame.

Hs_sinusoidal_position_flag Indicates if bs_sinusoidal_position is present.

bs_pvc_mode Meaning
0 no PVC data present
1 PVC mode 1
2 PVC mode 2
3 reserved
Hs_var_len Indicates the position of the trailing‘variable border according to Table 102.
Table 102 — bs war_len
bs*var_len_hf
Length (hexadecimal) bs_var_len
1 0x0 0
3 0x4 1
3 0x5 2
3 0x6
3 0x7 reserved
Hs_noise_position Indicates the time slot border for noise floors. A value of zero means thal there is

Hs_sinusoidal_position Indicates the position of the starting time slot for sinusoidals. A value of[31
means that there is no sinusoid starting in the current SBR frame.

divMode Indicates the coding mode of the prediction coefficient matrix indices, pycID.
AMad Lo £ 4+l iy +las pu | Tl 1. £ laota £, iy
SIVIUUT ITIUICAtlTS UIT LT DlllUULllllls ITTUUCT, TIIT ITUIITUTT UT UIIIT S51ULS TUT UIIIT

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 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]

pvclD

length

grid_infd

6.2.12.3

In USAC {

or channgl pair element. UsacSbrData() follows immediately after UsacCoreCoderData(). There is no SBR payloal
for LFE channels.

6.2.13 1

6.2.13.1

The basi

the existing bitstream syntax.ate listed below.

Indicates the prediction coefficient matrix index, pvelD . The pvcID[-1] dénotes
pvelD of the last time slot in the previous SBR frame.

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

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

Table 105 — grid_info

grid_info Meaning

0 pvclD[K] is copied from‘pvcID[k-1]
1 pvclD[K] is unpacked-from bitstream

SBR payload for USAC

(s

he SBR payload is transmitted in UsacSbrData()which is an integral part of each single channel eleme

o

Definition of MPEG Surround 2-1-2 payloads

General

bitstream syntax shall be based on ISO/IEC 23003-1:2007, 5.2. Any modifications and amendments to

6.2.13.2 Definition of'elements
bsTemp$hapeConfig Indicates operation mode of temporal shaping (STP or GES) or activation of TSD|
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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bsHighRateMode

bit rate mode

0

LOW

1

HIGH

bsPhaseCoding

Indicates whether IPD coding is applied in Mps212Config() according to

Table 108.

=

hsOttBandsPhase

bsResidualBands
numsSlots

hsPhaseMode

HsOPDSmoothingMode

sOttBandsPhasePresent

Table 108 — bsPhaseCoding

bsPhaseCoding

Meaning

0

no IPD data present

1

IPD data present

Indicates whether the number of IPD parameterdbands is initialized to dpfault
values using Table 109 or transmitted expliCitly by bsOttBandsPhase.

Defines the number of MPS parameter bands where phase coding i$ used. If
bsOttBandsPhasePresent==0, the value of bsOttBandsPhase is to be ipnitialized

according to Table 109.

Table 109 — Default value.of bsOttBandsPhase

numBands

bsOttBandsPhase

4

2

5

7

10

14

N|l|w (N

20

28

==
o|lo

Defines the number of MPS parameter bands where residual coding is uged.

The number of time slots in an Mps212Data frame.

Indicates whether IPD parameters are available for the current Mp$212Data

frame.

Indicates whether smoothing is applied to OPD parameters.

bsTsdEnable

numTempShapeChan

bsTsdNumTrSlots

nBitsTrSlots

Indicates that TSD is enabled in a frame.

Indicates the number of channels on which a temporal shaping tool is applied.
This value is 2 in the USAC context.

Defines the number of TSD transients slots in a frame according to:
number_of TSD_transient_slots = bsTsdNumTrSlots + 1.

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.

bsTsdTrPlaseBata—Phasedatafor thetranstent steering of FSBaccording to- Fabte tH—

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-dimensionalHuffman code (ISO/IEC 23003-1:2007, Table A.24) used for

coding of the\zavldx data. This determines the largest absolute value in one or
two data sets.coded with two-dimensional Huffman codes according to
Table 11.3.

Table 113 — lavTabXXX

Lavldx/| lavTabCLD | lavTabICC | lavTabCPC | lavTabIPD
[Lavidx] [Lavidx] [Lavidx] [Lavidx]

0 3 1 3 7
1 5 3 6 1
2 7 5 9 3
3 9 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).

Hor the quantization of the TCX spectral coefficients, a uniform quantizer is used. No inverse guiahtjzation is
nleeded at the decoder after the noiseless decoding of the spectral data.

7.1.2 Definition of elements

Help elements:

x| ac_quant[g][win][sfb][bin] Quantized FD spectral coefficient for group g, window win, scalefactor bpnd sfb,
coefficient bin.

¥ ac_invquant[g][win][sfb][bin] FD spectral coefficient for group g, window win, scalefactor band sfb, cogfficient

bin after inverse quantization.

x| tex_invquant[win][bin] TCX spectral coefficient for window win, and coefficient bin after noiselgss
decoding of the spectral data:

7.1.3 Decoding process

—

he inverse quantization of the FD spectral coefficients is described by the following formula:

4
X_ac_invquant = Sign(x_ac_quant)* |x_ac_quant 3

Thhe inverse quantization is applied.as-follows:

flor (g = 0; g < num window groups; g++) {
for (sfb = 0; sfb & max sfb; sfb++) {
width = (swbyoffset [sfb+l] - swb offset [sfb]);
for (win =¢@Q;-win < window group len[g]; win++) {
for (in*= 0; bin < width; bin++) {
x~a€¢ invquant[g] [win] [sfb] [bin] =
sign (x_ac quan¥lg] [win] [sfb] [bin]) *abs (x_ac_quant[g] [win] [sfb] [bin]) " (4/3);
5
}

1 1 s 1 a C - 3
FUI CIIdIIICT 1, MMIdX_STD IS STLEUCI LU ITIdX_S1 U]. II COIIIIIUIIL_WIIIUOW —— 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 th

e 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 Definition of elements

7.2.2.1 Data elements
noise_offset Additional offset to modify the scale factor of bands quantized to zero,
noise_leyel Integer representing the quantization noise to be added for every(spectral line
quantized to zero.
7.2.2.2 Help elements
x_ac_invquant[g][win][sfb][bin] FD spectral coefficient for group g, window win, sealefactor band sfb, coefficient
bin after inverse quantization.
noiseFillingStartOffset[win] A general offset or noise filling start frequéncy depending on
coreCoderFrameLength (ccfl) and window/sequence according to Table 114.
Table 114 — Value of noiseFillingStartOffset[] as a fanction of window_sequence and
coreCoderFrameLength
coreCoderFrameLength window_sequence == other
EIGHT_SHORT_SEQUENCE window_sequence
768 15 120
other 20 160
noiseVal The absolute noise Value that replaces every bin quantized to zero.
randomSjgn() Funetion which returns a (pseudo) random sign. The function is defined in 7.2.4
band_qugntized_to_zero Flag to signal whether a sfb is completely quantized to zero.
7.2.3 Decoding process
Noise filllng process;
if (noipehevel != 0) {
noislevVal = pow (2, (noise level-14)/3) ;
noise offset = noise Orifset - 16;
}
else {
noisevVal = 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) {

86

for (win = 0; win < window group len[g]; win++) {
for (bin = 0; bin < width; bin++) {
if (x_ac_invquant[g][win][sfb][bin] == 0) {
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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;
}
L L \L)dlluiqudllLJ_ cuit,ui L0 ) 1

scflg] [sfb] = scflg][sfb] + noise offset;

}

Hor 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

®

Tlhe random signs for the purpose of noise filling shall be produced accordingte\the following pseudo cod

flloat randomSign (unsigned int *seed)

float sign = 0.£f;

*seed = ((*seed) * 69069) + 5;
if ( ((*seed) & 0x10000) > 0) {
sign = -1.f;
} else {
sign = +1.f;

return sign;

he variable seed represents the "internal state" of the random sign generator. The seed shall be a 32 bif value. It

updated on every call to the function: For channel pair elements two seeds shall be employed, one| for each
hannel. The seed for each channel isupdated individually. Once at the beginning of the decoding procesg the seed
hall be initialized to 0x3039 for the left channel of a channel pair and for a single channel element. The s¢ed of the
ght channel of a channel pair shall be initialized to 0x10932.

= »n o =

7.3 Scale factors
Hor details on decoding of scale factor data, refer to ISO/IEC 14496-3:2019, 4.6.2 and 4.6.3.

For scale factordand tables, refer to ISO/IEC 14496-3:2019, 4.5.4, Table 4.147 to Table 4.165.

LN |

.4 Spectral noiseless coding

741 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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! 2-tuples decoded not
i considered for the context

,,,,,,,,

2-tuples not yet decoded
2-tuples already decoded
considered for the context

Q 2-tuples to decode

"

Frequen

Time

Figure 3 — Context for the state calculation

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

=~

The relatjon between 2-tuple, the individual spectral values a:and’b of a 2-tuple, the most significant bit planes 1
and the remaining least significant bit planes r are illustrated\in‘the example in Figure 4.

Aé 2-tuple b a
g ? ® L ] 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 their rfepresentation as m and r. In this example three ARITH_ESCAPE symbols are sent prior to
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-Afinex C.3).

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

q211] 2-tuple context elements of the previous and current frame)

x| ac_dec[] Array which holds the decoded quantized spectral coefficients.
arith_reset_flag Flag which indicates if the spectral noiseless contéxt shall be reset.
ARITH_STOP Stop symbol consisting of the succession.of ARITH_ESCAPE symbol and m=0.

When it occurs, the rest of the frame issdecoded with zero values.

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

previous_N Length of the previous window.

7.4.3 Decoding process

—

he quantized spectral coefficients x_ac_dec[}* are noiselessly decoded starting from the lowest-frequency
pefficient and progressing to the highest-frequency coefficient. They are decoded by groups of two spccessive
pefficients a and b gathering in a so-called:2-tuple {a,b}.

(el e}

he decoded coefficients x_ac_dec[] for FD are then stored in the array x_ac_quant[g][win][sfb][bin]. Th¢ order of
ransmission of the noiseless coding codewords is such that when they are decoded in the order recgived and
fored in the array, bin is the tnost rapidly incrementing index and g is the most slowly incrementing indgx. Within
codeword the order of decoding is a, and then b.

D v oo

Tihe decoded 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
received and stored in the array, bin is the most rapidly incrementing index and win is the mogt slowly
incrementing index. Within a codeword the order of decoding is a, and then b.

Hirst, theflag arith_reset_flag determines if the context shall be reset.

The.decoding process starts with an initialization phase where the context element vector g 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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c = arith map context (N,arith reset flag)
{
if (arith reset flag) {
for (§=0; F<N/4; F++) {
qal0][3]1=0;
}
} else {
ratio = ((float)previous N) / ((float) N);
for (3j=0; J<N/4; j++) {
k = (int) ((float) j * ratio);
gqioT i — otttk
}
prevlious N=N;
return (q[0] [0]<<12);
}
The noisgless decoder outputs 2-tuples of unsigned quantized spectral coefficients. At first, the state c of the
context ip calculated based on the previously decoded spectral coefficients surrounding’the 2-tuple to decodg.
Thereforg, the state is incrementally updated using the context state of the last decadéd 2-tuple considering only
two new 2-tuples. The state is coded on 17 bits and is returned by the function arith_get_context().

/*Input|variables*/

c
i
N

* o0ld state context */

* Window Length */

/*Outpuf value*/

c *updated state context*/
c = arifh get context(c,i,N) {
¢ = (c & OxXFFFF)>>4;
1f (i<N/4-1)
c=c + (q[0][i+1]<<12);
¢ = (c&OxFFFO);
If (i>0)
c =c+ (q[ll[i-11);
1f (14 > 3) {
if ((g[l1[1i-3]1 + qlll[f=2] + g[1][i-11)
return (c+0x10000) ;
Jeturn (c);
}
The cont
plane m.

function @rith_get_pk():

/*Input| variable*/

C

/*State, @fthe context*/

/*Outpuf “Caluex/
pki/*Index of the probability model */

* Index of the 2-tuple to decode in the vector */

bxt state ¢ determines the cumulative frequency table used for decoding the most significant 2-bits wis
The mapping ffonT c to the corresponding cumulative frequency table index pki is performed by th

@ @

pki = arith get pk(c) {

90

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.

/I*helper functions*/

ool arith first symbol (void);

/* Return TRUE if it is the first symbol of the sequence,
FALSE otherwise */

Ushort arith get next bit(void);

/* Get the next bit of the bitstream */

/I* global variables */
llow

hligh

vlalue

~

* input variables */
um freql]; /* cumulative frequencies table */
£1; /* length of cum_ freq[] */

Q Q

slymbol = arith decode (cum freq, cfl) ({
if (arith first symbol()) {
value = 0;
for (i=1; i<=16; 1i++) {
value = (value<<l) | arith get neXtrbit();
}
low = 0;
high 65535;

range = high-low+1l;

cum =((((int) (value-low+l))<<14)-((int) 1)) /range;
p = cum freg-1;
do {

g =p + (cfl>>1);

if ( *g > cum) { p=qg; cfl++; }

cfl>>=1;

}
while ( cfl=1));

symbol &=, p-cum freqg+l;
if (sgmbol)
hi¥gh = low +((range*cum freqg[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 apd-bounded-to7-

Once the value m is not the escape symbol ARITH_ESCAPE, the decoder checks if the successive m forms’ an
ARITH_STOP symbol. If the condition (m==0 && lev>0) is true, the ARITH_STOP symbol is detected and the
decoding process is ended. The condition indicates that the rest of the spectral data is composed of zero valuep.
The decoder proceeds directly to the sign decoding described below.

If the ARITH_STOP symbol is not met, the remaining bit planes are then decoded if any exists for the present 4
tuple. Thie remaining bit planes are decoded from the most significant to the lowest sighificant level by calling
arith_decpde() lev number of times with the cumulative frequencies table arith_cf r[Isbidx][]. Isbidx is derived froin
the information indicating whether a,b to be currently decoded are zero or not. The decoded bit planes r permit to
refine the previously decoded values a,b by the following way:

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

lsbildx = (a==0) 2 1 : ((b==0)20:2);

r = larith decode (arith cf r[lsbidx],4);
a = |(a<k1l) | (r&l);

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

}

At this ppint, the unsigned value of the 2-tuple {a,b} is\completely decoded. It is saved to the array holding th
spectral ¢oefficients:

¢

x_aq dec[2*1]
x aq dec[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 for thie
last 2-tuple. This context update is perfermed by the function arith_update_context():

/*input| variables*/
a,b/* Hecoded unsigned’gquantized spectralcoefficients of the 2-tuple */
i /* Index of the gudntized spectral coefficient to decode */

arith update context (i, a, b) {
qgll)|[i] = adbyil;
if (gll] [&}>0%F)

[1L[D~= 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(1g>0) arith rewind bitstream(14);
for (i=offset ;i<N/4;i++) {

x _ac_dec[2*1i] = 0;

x ac _dec[2*i+1] = 0;

alll[i] = 1;
}

7.5 enhanced SBR tool (eSBR)

7.5.1 Modifications to SBR tool

Thhe general description of the SBR tool can be found in ISO/IEC 14496-3:2019, 4.6.18.

=

he complex-exponential phase-shifting is outlined in ISO/IEE€*14496-3:2019, 4.6.18.4.4. In USAC it shall be fixed
b the default standard operation as defined in ISO/IEC 14496-3:2019, 4.6.18.4.1.

—

Tihe SBR tool shall be modified as described below.

oS

n optional tool for adaptive time/frequency post-processing is described in Annex E.

7.5.1.1 Definition of elements

Hor the purposes of this clause, the terms and definitions in ISO/IEC 14496-3:2019, 4.6.18, and the following
pply:

o]

(7]

prPatchingMode[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.

[7)]

brOversamplingFlag[ch] Indicates the use of signal adaptive frequency domain oversampling use¢d in
eSBR in combination with the DFT-based harmonic SBR patching as degcribed in
7.5.3. This flag controls the size of the DFTs that are utilized in the trangposer.

1 indicates signal adaptive frequency domain oversampling enabled as
described in 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 lowege Frnqnnnry hr\nhr‘]ary ofthe master Frnqnnhr‘y fah]n‘ ZCU’ is-defined-in ]Qﬁl/lpf 14.496-3:201 Q’ 4.618.3.2.1

as

k, = startMin + offset (bs_start _freq)

[W

where offset is a sampling frequency dependent table of QMF subband indices. This table has(been amende
to includg a row for an SBR sampling frequency of 40kHz by adding the following line to therdefinition of arraly
offset:

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

For all other sampling rates Fsg,, the mapping as defined in Table 115 shotild be applied to build the mastg

—

frequency table.
Table 115 — SBR 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>= 42000 44100
42000 > f>= 35777 40000
35777 > £>=27713 32000
27713 > f>=2300%4 24000
23004 > f>= 18783 22050

1878351 16000

7.5.1.3 Envelopes, Lg

In eSBR the requirements 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,
il
tp = (1){ absBordLead + ) relBordLead(i)  ,if I<I<nu,; .,
1=0
Lp-1-1
absBordTrail — Y relBordTrail(i) ,if np, ... <I<Lg
i=0
where 0</< L, and relBordLead(Z) and relBordTrail(Z) are vectors containing\.the relative

QO

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

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

<

there 0 </ < R o Trail

borders

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

alculated

If bs_pvc_mode is not zerg, the SBR envelope time border vector of the current SBR frame, t; is
according to:
7 1 ,if bs_noise_position =0
£ 2 ,otherwise
‘ [var_len' ,numTimeSlots + bs_var_len] ,L, =1
E [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
previous frame), it follows that var_len' is bs_var_len of the previous SBR frame.

active in

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:
~ [ s ,mumTimeSlots] Ly =1
EPVC[t;, .bs_noise_position ,humTimeSlots] Ly =2
where
. [var_len' .bs_pvc_mode' =0 and bs_pvc_mode # 0
firs 10 ,otherwise

and var| len'=t',[L', |—numTimeSlots and t', is the time border vector t, of the previous SBRframe and

L', is the number of envelopes of the previous frame respectively.

@

Where bfs_var bord 1'is the trailing border of the previous frame and bs _pvc _mode' s the PVC mode of th

-

previous(frame. Independent of bs_pvc_mode within one SBR frame there can be either©ne“or two noise floors.
bs_pvc_mnlode is zero, the noise floor time borders are derived from the SBR envelope time border vector according
to:

LQ +bs num _noise

I:tE (0)’tE (1)] L =1

[tE (O),tE (middleBorder),tE (LE )] L >1

where mjddleBorder = func(bs_frame_class, bs_pointer, LzJ"is calculated according to ISO/IEC 14496-3:2019,
Table 4.103.

If bs_pvd mode is not zero, the noise floor timé-borders vectors of the current SBR frame, tQ is calculateld
according to:

L, 7L

E

[t,(0)t,(1)] L,=1
C Ot M@ L2

7.5.1.5 HF adjustment

7.5.1.5.1] “General

Same as ISO/IEC 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<L,

QMapped (m _kx’l) = QOrig (Z’k(l))’

fTableNoise (l) sm< fTableNoise (i + 1)9
0<i<Ny,

0<I<Lg

(¢)

Ise, bs_pvc_mode is not zero,
EOrigMapped (m - kx > t) = E(ma t) ’

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

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

QPreMapped (m _kx’t) = QOrig (l’k(l))'

fTableNoise (l) sm< fTableNoise (Z + 1):
O£i<Ab,

t, () <P<ty(l+1),

0=/< Ly

Q'PreMapped (m - kx:t + numTimeSlOtS) ,0 <t< tE(O)

Qugipped (M =k, ,t) =
epped QPreMapped (m _kx’t) 9tE(O) st< tE (LE)

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 .

© ISO/IEC 2020 - All rights reserved 97


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

ISO/IEC 23003-3:2020(E)

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 z 0). The generated sinusoid is placed
in the middle of the high frequency resolution band, according to the following.

Let,
, bs_add_harmonic(i) ,bs add harmonic flag =1 .
S]ndvx(l)= ( ) . _ ’OSZ<NHigh
0 ,bs_add _harmonic_flag =0
If bs_pvc]mode is zero,
0 if m = INT( TableHigh (l )+ fTableHigh (Z)J

Sln,. exMapped (m - kx’l) =

S Index (l) ’ 5Step (m - kx,l) Af m = INT

)

2

{ TableHigh (l + 1) + fTableHigh (l)j
2

with fTa leHigh \! ( ) sm< fTablengh (Z + 1) 0<i< Nngh 0<l< LE

where

)

5Stq

(1) = L (121,)OR (Shaexmgugpen (m.L'p=1)=1)
, 0 ,otherwise

else, if bs| pvc_mode is not zero,

f o (I + 1) +1 o (0
0 ,lf m INT( Tablengh( ; TableHzgh( )]
S[n exPreMapped (m /= kx’ t) = ’
f o (I +1)+1 o (0
) im0 )
bt < < fe o (T41)
Tattettigh abtetfigh< 4
0<i< NHigh ,
tp(0)<t<tp(Lg)
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S lndexpremappea (M — k.t + numTimeSlots) | 0<t < t;(0)
SIndexMapped (m— kx 1) =

frapieriign (0) < m <frapieriion (N tigh )
0<t<ty(Lgp)

NOTE Remember that t (0) = t'. (L', ) — numTimeSlots .

SlndexPreMapped(m_kxat) SAp(0)<t<tp(Lg)

<

o

[/
L is the number of envelopes of the previous frame respectively and where

1 ,if (t 2 bs_sinusoidal_position) OR (S, jertappea (Mt (EE)—1)=1)
B s1ep (M, 1) =

0 ,otherwise

and where IA is defined according to Table 116,

Table 116 — Table for calculation of /,

!
rhere S’[ndexPreMapped is the SIndexPreMapped matrix of the previous SBR frame and tE is the time botdgr vector,

. 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_pointer-1

o)

—

$ larger for the current frame, the entries for the QMF subbands not covered by the previous S;, ..

assumed to be zero. tgl-and L', are t, and L, of the previous SBR frame, respectively.

It

bs_pvc_modeis\not zero, /; is defined as follows:
l,=<1

The frequency resolution of the transmitted information on additional sinusoids is constant, therefore th

nd S’lndexMapped is S judexmagped Of the previous SBR frame for the same frequency range. If the frequency range

apped A€

e varying

f nnnnnnnnnnnnnn Ipution Af tha anualana coalafactare mande +0 ha canaidarnd Qi tha Fraaiianey raca T4
oo +—te—enver Ter —oHIEe—+t1t

oty rE50TaT O P S tartateoTroTIC eGSO ot CooTatrea T T e quathCy T C50Totr

n 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

Is (i:1) =

U1 e{S honttappea (7=l F(ix (1)) < j<F(i+1r(1))]

0 ,otherwise

else, bs_pvc_mode is not zero,

For 0<1

S

where

o,(i,t)=

The 55* (

additiond
subbandy

7.5.1.5.3

In order

envelope|
regions, §

If interpg

E

e
estimatedl. This is done as shown below, and depends on'the value of the data element bs_interpol_freq. The SBR
y
V.

cu

(1, = F(i+1Lr()

q

opea M=K, 0)=0,(0,1), I; <m<u;, TZ_ZF(ir(l))

<n(r()), tpppe(D) <t <tgpye(I+1),0<1< Ly

1 A 1 {8 utertapped U = ko) - FGr(D) € j <FG+Lr(D), tgpye () St pphe ((+1),0<1< L |

0 , otherwise

,l) function returns 1 if any entry in the S[ndexMapped matrix is one within the given boundaries, i.e., if a|:

| sinusoid is present within the present frequency band. The SMapped matrix is hence one for all QM
in the scalefactor bands where an additional sinusoid shall be'added.

Estimation of current envelope
to adjust the envelope of the present SBR framej:the envelope of the current SBR signal needs to b

is estimated by averaging the squared complex subband samples over different time and frequeng
iven by the time/frequency grid represented by t; and r or tzpy-in case of bs_pvc_mode # 0 respectively.

lation (bs_interpol_freq = 1) is used:

RATE'tE(l+1)71+t11FAd/ 2
z ‘XHigh (m+kx’i)|

I=RATEt,(I)+ .
dj s OS M’OSI L ’
(RATE - t5 {0+ 1) - RATE -t (1)) " -

,(m,l)=

| pve_mode = 0

RATE1+1 314

> Xy (m+k, RATE -t +0)|

m, 1) = — e O0<m< M, t,, ()<t<tg,, (+1),0<I<|,,

D 47010

INAT IS

if bs_pvc_mode # 0

else, no interpolation (bs_interpol_freq = 0):

100

ECurr (k _kx’l) =

RATEt,(I41)-1+1,,,, &,

> X ()

I=RATE ()41, J=K,
(RATE -t (1+1)— RATE -t (1)) (k —k; +1)
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b<k<k, | ~Flpr(7)

W kh:F(erLr(l))_l,0£p<n(r(l)),0£l<LE,

if bs_pvc_mode =0

RATE-1+tppaq K,

3 Z\Xmgh(j,RATE-t+i)\2

EC (Iv )2 ,f) A
urr X RATE . (kh _kl + 1)
bxksh TP Ot (DS 1 <ty (41,0152,
»=F(p+Lr(l)-1

if bs pvc mode # 0.

[

o O

MF subbands covered by the SBR range).

7.5.1.5.4  Calculation of levels of additional HF signal components

—

floor scalefactor needs to be converted to a proper amplitude value, according to the following.

et

bs_pvc_mode is zero,

QMapped (m’ Z)
1+ QMapped (m’l)

QM(m,Z):\/EOrigMapped(m,l)‘ N OSm<M,O£l<LE

D

Ise, bs_pvc_mode is not zero,

QM d(mat)
QM (m’t) = EOrigMapped (m’t) ' e ,
1+QMapped (m,t)
0<m< M,
tepye (D) <t <tppyc(l+1),
0</<Ly,

interpolation is used, the energies are averaged over every QMF filterbank{subband, else the ene
[veraged over every frequency band. In either case, the energies are stored with the frequency resoluti
MF filterbank. Hence the E .. matrix has Lz columns (one for every SBRZenvelope) and M rows (the number of

he noise floor scalefactor is the ratio between the energ§y of the noise to be added to the envelope adj
generated signal X, and the energy of the same. Hengé, in order to add the correct amount of noise,

rgies are
on of the

usted HF
the noise

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| Calculation of gain

The gain|to be applied for the subband samples in order to retain the correct envelope is calculated as shown
below. The level of additional sinusoids, as well as the level of the additional added noise, are takern’into account.

If bs_pvc|mode is zero,

& +Eqy (m1)) (14 60 Quigppea (m.) Mappe
G(m,l)= ,0<m<M,0<I<Lg

\/EOrigMapped (m’l) QMapped (m’l)

\/ EOrigMapped (m’l)

' if S m,l) =0
(o Ecur (m0) {1+ Quigpes () a1

()20 =L ORI =Lips
1 ,otherwise '

and where

l _ O ,lf I'A = L 'E
APy 7 1 otherwise

is introdyced, derived from l'A and L'y, which are the I, and Ly values of the previous SBR frame.

else, bs_pvc_mode is notzero,

EOrigMapped (m,t) ,if SMapped (m, t) =0
(£+E gy (M)} (1+Qpgppeq (M)

G(r”:,r):

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:fTabIeLim (k )_kx L . . .
G paxy,, (k,l)= s () TE, limGain (bs_limiter_gains), 0<k<N;,0<I<Lg

&o + z ECurr (i’l)
i=frapterim (k ) —k.

G e (m,1) = min(GMapr (k(m).0), 105), 0<m<M,0<I<Ly

D

Ise, bs_pvc_mode is not zero,

frapterim (K+1)—1-k,
&0 + EOrigMapped (Z’ ZL)
— i=fTab/eLim (k)_kx I3 : N ¢ ;
G Maxy,, (k,t) = e limGain(bs_limiter gains)
g+ > Ec,., (i,1)

i:fTableLim (k )_kx

<

hith 0<k<N,tppc()<t<tp,(+1),0<I<L;
G, (mt)= min(GMapr (k(m),£),10°) ,0<m <Mt pppe (D) <t <tpppe(l+1),0< 1< L,
Where k(m) is defined by fr,/7im (k(m)) <m+ ko <fpeLim (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 lost dpie to the
limitation of the gain values, aceerding to the following.

If bs_pvc_mode is zero,

G o (m.1)

QMLim (m,l)zmin(QM (m,l),QM (m,l)- G(m,l)

] ,0<m<M,0<I< Ly

D

Ise, bs_pvcvimode is not zero,

O,.,, (m’t]=min(ou(m,t],OM(m,t).GMaX(m't)
e T “ G(m,)

Lim

}, 0<m<M.tpp (DN<St<tp, (+D.05/<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 )_1 _kx
&+ Z EOrigMapped (l Ny )
i:fTableLim (k)_kx

G sosty,, (K1) = Tpmorn (K+1) -1k,

a2 (Beur (60):Gli (i) + S5 (i) + 8(Sy (i).0)- Qi i)
=FapteLim (k )_kx

O ,SM(Z,Z)¢OORZZZAORIZIAPreV

for 0<kl|< N, ,0</< Ly where, 5(SM(i,1),Z)={1 vt
, otherwise

else, bs_pfvc_mode is not zero,

frapterim (K+D—1-k,

= 80 OrigMapped (l s t)
( t) =L rapterim (K) =k
’ frupterim (K+D) =1k,

g+ 2 (Eq, (0G0 +S,, G0 +5(S,,(,0,0)- Q) (i,1)

= rupterim (K)—k,

2

OS[Temp

for OSKH <N, tpppe (D)<t <tp,(+1),0</<L,

0.,S,,(i,t)=0

where §(SM (i,t),t)=
1 ,otherwise

The compensation, or boost factor, islimited in order not to get too high energy values, according to:

If bs_pvc|mode is zero,

G gl (m.1) = min(GBmw (k(m),1),1.584893 192) , 0<m<M,0<I<Ly

else, bs_pgvc_madeis not zero,

VA AL 4 LI ’“ 4+ L1 1O L L
»y I =0T lVl,lEPVckl}_L lEPVC\LTl}’U_L L/E

£ = man(C (o)1)
57 N 7

1 SR4802100)
uuu\uBom[Temp uauyn T

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

@D

Ise, bs_pvc_mode is not zero,

GLimBoost(m7t)=G (mﬂt)'GBoost(mﬂt)9 Ogm<MJtEPVC(I)St<tEPVC(Z+1)7OSZ<LE

Lim
Q.1,, Boos (m,t)= QM,_‘,” (m,1)- Gy, (m,t), 0<m<M,tpp,-()<t<tgp (+DSO<SI<L,
SMBDDSI (mﬂt) = SM (mﬂt) -GBODS[ (m7t)7 O Sm< MﬂtEPVC(I) <t< tEPVC (Z +1)7O < Z < LE

7.5.1.5.6  Assembling HF signals

gain values, representing a time-span of several QMF subsamples, are mapped to the highest time-r
[vailable for the envelope adjustment, i.e., to the individual QMFE.subsamples within the current SBR fram|

QO

—3

he gain values to be applied to the subband samples are smoothed using the filter hg,,, ,,,- The varia
used to control whether smoothing is applied or not, accarding to:

4, bs_smoothing mode =0
hSL =

0 ,bs_smoothing mode =1

and the filter used is defined as following;:

[0.33333333333333 |
0.30150283239582
B0 =| 0.21816949906249
0.11516383427084
| 0:03183050093751

—

he smoathed gain values Gy, are calculated with the help of the temporary matrix G, accordi

=

llowing'equation.

020(E)

Analogous to the mapping of SBR envelope data and noise floor data toahigher time and frequency resolption, the

esolution
e.

ble hg, is

hg to the

It 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(m9i +thy)=G

(m,(INT)(i | RATE)),

LimBoost

0<m<M,
RATE -t ppye (1) <t < RATE -t gy (I +1),
0<I<Lg
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IEC 14496-3:2019, 4.6.18.7.6.

24 band analysis QMF filterbank

pf coreCoderFrameLength=768, the 32 band analysis QMF as specified in ISO/IE€14496-3:2009
is replaced by a 24 band analysis filterbank in the SBR tool. This QMF bank is usedto split the timle
ignal output from the core decoder into 24 subband signals. The output from thefilterbank, i.e., the
samples, are complex-valued and thus oversampled by a factor two compared,to’a regular QMF bank.
chart of this operation is given in Figure 5. The filtering involves the following steps, where an array K
b of 240 time domain input samples is assumed. A higher index into the-array corresponds to oldgr

the samples in the array X by 24 positions. The oldest 24 samples-are discarded and 24 new samples aj
bd in positions 0 to 23.

[¢)

iply the samples of array X by the coefficients of window*Cy. The window coefficients c; are obtained by
r interpolation of the coefficients c, i.e., through the equation:

)= p(m)e(u(n) + D+ (1= p(n)c(u(n)), 0En <240

[¢)

ke £2(n) and p(n) are defined as thefinteger and fractional parts of 64-n/24, respectively. Th
low coefficients of ¢ can be found in ISQ/1EC 14496-3:2019, Table 4.A.89.

the samples according to the formula in the flowchart to create the 24-element array u.

24 new subband samples'by the matrix operation Mu, where:

48 0<n<64

[ T 35)-(2-n-0. <
f,n)=8/3-exp(l”(k+05)( n 0375)} ,{0<k<24

hation, exp() denotes the complex exponential function and i is the imaginary unit.

p.ih‘the flowchart produces 24 complex-valued subband samples, each representing the output from one

filterban

k subband. For every SBR frame the filterbank will prndnrp numTimeSlots - RATE subband camp]nc for

every su

bband, 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.

106
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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¥+){
WIK][I] = u[0]-£8/3 *exp(i*n /48 * (k+0.5)* (-0.375))
for( n = A \n/<=47; n++) {
WIK][1= WIK][I] + u[n] *8/3 *exp(i*n/48* (k+0.5)*(2*n-0.375))
}
}

y

) )

Figure 5 — Flowchart of the 24 band system decoder analysis QMF bank
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7.5.2

7.5.2.1

Additional pre-processing in the MPEG-4 SBR within USAC

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 addit
additiond

7.5.2.2

The SBR
HF gener

The abovi

where th

where /d

and wher

9]

b (k,l+tHFAdj) = XLOW(p,lJrtHFAdj)+bwArray(g(k))-a0(p)-XLUW(p,l—1+tHFAdj)+

ik (k»l + tHFAdj) = preGain(p)- (XLow (PJ +HEAd) ) +bwArcay(g(k))-ao(p) XLow (P»l — 14ty ) +

N

low]

1 pre-processing is described in 7.5.2.2.

Modifications and additions to the MPEG-4 SBR tool

fool used in USAC, is defined in MPEG-4 SBR but modified according to the following. In MPEG-4 SBR, the
hted signal is derived by the following formula (ISO/IEC 14496-3:2019, 4.6.18.6.3):

[bwArray(g(k))T a1 (p) Xy (p,l —2+1tyrag) ),

e shall be replaced by the following, for the instances where bs_sbr/préeprocessing = 1:

[bwArray(g(k))T a1 (p) Xpow (P»l =2+ thpag )j,

g preGain( ) curve is calculated accordingto the following.

meanNrg—lowEn vSlope(k))/ZO

Gain(k)le( ,0<k <k,

wEnvSlope is calculated by the pseudo code in Table 117, according to:
yfit(3, ky, x_lowbandlowEnv, polyCoeffs);

5 .
EnvSlope(k) = Z polyCoeffs(3—1i)-x_lowband (k)'
i=0

[
lowEnv(k)=10Tog;, L

$-0.-0)
numTimeSlots +3)- RATE

j,03k<k0

and where x_lowband(k) = [0 .. ky—1],and

108

ky-1
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; i <= deg; i++) {
b[i] = 0.0f;

£ (= N : a3 sy
Y- \J o J R S L 13
’

A[i][3] = 0.0f

}
}

for (k = 0; k < n; k++) {
v[0] = 1.0;
for (1 = 1; 1 <= 2*deg; i++) {
v[i] = x[k]*v[i-1];

}

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];
}
}
}
gaussSolve(deg + 1, A, b, p);

static void gaussSolve (int n, float A[] [MAXDEG+1], float b[], float yI[]) {
int i, 3j, k, imax;
float v;

for (i = 0; 1 < n; i++) {
imax = i;
for (k = i + 1; k < n; k+t#H\Y // find pivot
if (fabs(A[k][i]) > fabs«(A[imax][i])) |
imax = k;
}
}

if (imax != 1)~ // swap rows
v = b[imax]\
b[imax] ="DI[i];
bli] =~w
for (d5%= 1i; J < n; j++) {
v s Alimax] [J];
AfVimax] [j] = A[1][3];
A[i][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 Tool description

[72)

In case bitstream parameters sbrPatchingMode[ch] equals 1 or harmonicSBR equals 0, SBR patching 3
described in ISO/IEC 14496-3:2019, 4.6.18.6.3 is performed. When the harmonicSBR, flag” equals 1 an|
sbrPatchingMode[ch] equals 0, the above mentioned SBR standard QMF-patching algorithm is replaced by
phase-vofoder frequency spreading as shown in Figure 6.

[S =Y

Phase Vocoder Decimation Bandpass filter

Y Y

=
e
o
= Filtared
.i"J Dec
LF Time stretched a)
Bandpass filter Phase Vocoder Decimation
//’_‘\‘ //'_\\‘ //”—‘\‘ Generated
HF-Part
oy
=
c_u‘
g Dec
Lo LF Filtered Time stretched b}

e e e e
Time Time Time Time

Figure 6 — Steps of harmonic bandwidth extension

The cord coder time-domain-signal is bandwidth extended using a modified phase vocoder structure. The
bandwidth extensionsis:performed by time stretching followed by decimation, i.e., transposition, using several
transposition factérs (7= 2, 3, 4) in a common analysis/synthesis transform stage. For example, in the case ¢f
sbrRatioz"2:1" _the output signal of the transposer will have a sampling rate twice that of the input signal, which
means that forfa transposition factor of T=2, the signal will be time stretched but not decimated, efficiently
producing “a@)signal of equal time duration as the input signal but having twice the sampling frequency (fg
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:

coreCoderFrameLength,for sbrOversamplingFlag[ch] =0

[ftSize = .
1.5-coreCoderFrameLength,for sbrOversamplingFlag|[ch] =1

1024, for sbrOversamplingFlag[ch] = 0

fftSizeSyn =
1536, for sbrOversamplingFlag[ch] =1

o <

he transposer if critical sampling is deactivated, i.e., when Mg = 32 and M, = 64 (for a coreCoderFrame
68: M=24). The variables Mgand M, are defined in 7.5.3.3.2 and 7.5.3.3.3 respectively.

N

cpre coder samples), using a hop size (or stride) of 4-Mg samples (corresponding to coreCoderFrame
cpre coder samples) are transformed to the frequency domain by means\of a DFT of size
48-M¢=1.5-32-Mg depending on the signal adaptive frequency domain oversampling control signal. The

he complex-valued DFT coefficients are modified according to the three transposition factors used. For

O O & O &+ =+

utput samples).

et s(n) be the input time domain data provided by thé&Sub-sampled synthesis QMF bank and o(n) the ou|

o O Q-

sed by the transposer is determined by:

S, = fftSize- M -32/ coreCoderFrameLength
S, = fftSizeSyn-M , / 64

The variable transSamp spegifying the number of frequency domain transition samples is obtained from:

transSamp =3 -_fftSizeSyn / 256

Q-

bde of Figure 7, where {7, 10 frapierow Nrigh and Np,,, are defined in ISO/IEC 14496-3:2019, 4.6.1
ach transposition factor (7' = 2, 3, 4), a frequency domain window of ff#Size elements is created as:

D

f

'here sbrOversamplingFlag[ch] is signalled in the bitstream. This would be the transform size actually used in

Length of

As critical sampling is active, blocks of 32-M¢ windowed input samples (corresponding to ¢oreCoderFrameLength

Length/8

32-Mg or

phases of
pnd order

Fansposition the phases are doubled. For 3™ and 4th order transpesition the phases are either tripled or
uadrupled or interpolated from two consecutive DFT coefficients. The modified coefficients are subgequently
ransformed back to the time domain by means of a DFT of size\t6-M, or 24-M, = 1.5-16-M ,, windqwed and

pmbined by means of overlap-add using an output time stride/of 4-M, samples (corresponding to 25 decoder

kput time

omain signal subsequently provided to the sub-satpled analysis QMF bank at sample positions n (n¢Ng). For
ach frame (32-Mg time domain input samples), thé analysis transform size S, and the synthesis transfoym size S,

he variable numPatghes and the array xOverBin of maximum 4 elements are calculated according to the pseudo

B.3.2. For

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(T — 2) + transSamp / 2
transSamp
o) =41 xOverBin(T — 2) + transSamp / 2 < k < xOverBin(T — 1) — transSamp | 2
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:

a)s(w\zqin(

(w05 ] 052 16- M,
M, )

for the synthesis transform. The following variables are set:

Pa +(S,=32-Mg)/2

P F(S,—16-M 4)/2

O, 74-Mg

o, 34-M,

A, ¥k - fftSize-32 / coreCoderFrameLength
A, ¥ k- [ftSizeSyn | 64

where p |and p, are the analysis and synthesis zero pad sizes, 5(1 and 5s dre the input and output hop lengths i

=

samples, |and Aa and As are analysis and synthesis transform offsefrvariables respectively. The variables k; and

k, are d¢fined in 7.5.3.3.2 and 7.5.3.3.3 respectively. An inpuf frame consists of 8 granules (32'MS)/50. Th

[¢)

index u depicts the current granule (u € No ) One granule;},, is calculated from the input signal as:

0 ,0<ngp;
71,4(1): S(n+5a'u)'a)a(n_pa) > asn<pa+32'MS
0 , P +32-Mg<n<§,

The granple is time-domain shifted §,/2 samples as:

. 7,(n+8,/2)50<n<S§,/2
Vu() =

V(n—=8,42)y ,S,/2<n<8,

The shifted granul€ is then transformed to the frequency domain by an S, -size DFT:

PR AV

and the DFT coefficients are converted to polar coordinates as:
¢,(k)=r,(k)=0 ,0<k<A,

{qﬁu(k):z{ru(k—Aa)} NPT

ru(k) :|ru(k_Aa)|

¢, (k)=r,(k)=0 JA,+ S, <k < fftSize
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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))|
+Q(Czr) k), (M(T) (k))lfmm(k)/T - (/éT) (k))mm(k)/T .

exp| (=m0 - g, (" )+ 17 k) -4, (18" )|
for0< k < ffiSizeSyn /2

. . <k < fftSizeSyn
T (k) = conj{rff ) (ffiSizeSyn — k)} , ffiSizeSyn/2

here ,Ll(T)(k) and p(T)(k) are defined as the integer and fractional¢parts of 2k / T, respectively, and conj{x}

<

QL

. . . T . .
enotes complex conjugation of the argument x. The cross product gain Q(C )(k) is set to zero if the crosf product

itch parameter p <1. p is determined from the bitstream pardmeter sbrPitchInBins[ch] as:

o]

p = sbrPitchInBins[ch] - fftSizeSyn / 1536

p=>1,then Q(CT)(k) and the integer parameters ,u](T) (k), ugr) (k),and m(T)(k) are defined as follows.

—

Let M be the maximum of the at most 7.+ *values min {VM (m),r, (”2)} , for which

2k=mp 1

—  n, is the integer part of; + 5 and 1, 20;

— N, isthe integerypartof 7, + P, and OSnz SSA/Z;

Then

0, otherwise.

AP o) - {Q(”(k), if M >4, (/J(T)(k));}
(k) = |

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+8./2) ,0<n<S, /2

Vu(n)=4=
yu(n_Sq/z) ,SV/2£FZ<S‘,

The outppit granules are finally windowed and superimposed using overlap-add:

71,
o(0, 'u+m)=Z]7u_v+,7 Oy v+m+py)- o (0, -v+m),0<m<J,Vu,ueN,
v=0

where 17y =16-M 4 / 6, —1=3. The output time domain signal o(n) is subsequently, fed to the sub-sampled
analysis QMF bank.

sfbL=0, stbH=0
for patch=1to 4
while (sfbL <= Ny 5,) && (ETgpleLow(sfbL) <= patch * f1,1121 ow(0))
sfbL = sfbL+1
end
if (sfbL <= Ny o)
if ((patch * frgperow(0) - frapleLow(sfbhel)) <= 3)
xOverBin(patch-1) = NINT(fftSizeSyn* f1,pje1ow(sfbL-1)/128)

else
while (sfbH <= NHigh) && (fTableHigh(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 ):'
Nr = 1

—

bs_limiter_bands > 0 the limiter frequency resolution table is created according to the-flowchart of
b0/1EC 14496-3:2019, Figure 4.41, for which the variables numPatches and patchNumSubbands-are dalculated
s follows:

Q) ==

numPatches calculated from pseudo code of Figure 7, for sbrPatchingMode=0

pumPatches = numPatches calculated from ISO/IEC 14496-3:2019,

4.6.18.6.3, Figure 4.48 ,for sbrPatchjngMode=1

128

T E—— xOverBin , for sbrPatchingMode=0
JatchNumSubbands - fftSizeSyn

patchNumSubbands calculated from Figure 4.48 in ISO/IEC 14496-3:2009, 4.6.18.6  , for sbrPatchingMode=1

here the array xOverBin is calculated from the pseudo «code of Figure 7 and ffiSizeSyn is determiped from
brOversamplingFlag as outlined in 7.5.3.1.

L <

7.5.3.3 Sub-sampled filter banks for HQ critical.sampling processing

7.5.3.3.1 General

The strategy behind critical sampling—processing is to use the subband signals from the |32-band
(foreCoderFrameLength of 768: 24-band) analysis QMF bank already present in the SBR tool. A subget of the
spbbands, which cover the source range for the transposer, is synthesized in the time domain by a small sub-
spmpled real-valued QMF bank. Theé time domain output from this filter bank is then fed to the transppser. The
transposer time domain inputis'now a bandwidth limited segment of the original core decoded lowband} which is
frequency modulated to the baseband. Consequently, the transform sizes of the transposer need to be jadjusted.
After transposition, the(likewise modulated time domain output is processed by a sub-sampled complé¢x-valued
analysis QMF bank, arid the resulting QMF subbands are mapped back to the appropriate subbands in thg 64-band
QMF bulffer.

—

his approach.enables a substantial saving in computational complexity as only the relevant source| range is
rocessed<by 'the transposer. The small QMF banks are obtained by sub-sampling of the original 64-band QMF
ank, where the prototype filter coefficients are obtained by linear interpolation of the original prototypefilter.

o0

7.5:3.3.2  Real-valued sub-sampled M¢-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)

1(2/3|4|5(6|7|8|9(10/11/12|13(14|15|16(17(18(19|20(21|22|23|24(25|26|27(28(29|30|31(32

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

— Ase
accol

(

Pl

In th
aboy

—  Shif{

—  The
com

N(4

The
—  Extr

—  Mul{
lined

wher

wind

[ of Mg real-valued subband samples are calculated from the M¢new complex-valued subbandrsaniples
rding to the first step of Figure 8 as:

—k)= Re{XLOW(k)'eXp(i%(kL —wn}ah Sk <kp+Mg

e equation, exp() denotes the complex exponential function, i is the imaginary’unit and k; is defined as
e.

the samples in the array v by 2M¢ positions. The oldest 2M¢ samples are discarded.

V¢ real-valued subband samples are multiplied by the matrix'N, i.e., the matrix-vector product N-V is
buted, where:

1 7 (k+0.5)-2-n—-M 0<hksM
=g Zo 0.5 Con= M) ) s
putput from this operation is stored in the positions 0 to 2M-1 of array v.

hct samples from v according tosthe flowchart in Figure 8 to create the 10Mg-element array g.

iply the samples of array g by window c; to produce array w. The window coefficients c; are obtained by
r interpolation of the coefficients c, i.e., through:

:(n) = p(n) c(pep)+ 1) +(1- p(n)) ¢(u(n)), 0<n<10Mg

e u(n) and'p(n) are defined as the integer and fractional parts of 64-n/ Mg, respectively. The
ow coefficients of ¢ can be found in ISO/IEC 14496-3:2019, 4.A.62, Table 4.A.89.

— Calc

hlate Mo new output samples by summation of samples from array w according to the last step in thie

flow:

7.5.3.3.3

chart of in Figure 8.

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,

k4

116

=4. ﬂoor{(min{64, Erapteron (N Low) + 1} = 2+ 11001 { (Fryprer0(0) —1)/2} ~ 1) /4 +1}
= 211001 { (Frapter.on (0) = 1)/2} = max {0, 2 1001 { (Fryprero0(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(m)c(u(n) +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/Adf 7, respectiyely. 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-element arrpy u.

— Calculate M, new complex-valued subband samples by the matrix-vector multiplication M-u, where:

i-ﬂ-(k+o.5)-(2-n—MA/64)_i-ﬂ.kA] {OSk<MA

M(k,n) =exp
2M 32 0<n<2M,

In the equation, exp() denotes the complex exponential function, i is the imaginary unit and M, and A, is
defined as above.
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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 )}

}

|

for( n = 20*Ms-1; n >= 2*Ms; n--) {
v[n] = v[n — 2*Ms]

118

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¢\Ms'+ K]

}

}

for(n =0; n < 10*Ms; n++) {
win] = g[n] * ciln]

for(k = 0; k < Ms; k++) {
temp = wilk]
for( n =1; A <=9; n++) {
temp’'= temp + w[Ms*n + k]
}
nextOutputAudioSample = temp

}

< Done

)

Figure 8 — Flowchart of real-valued sub-sampled Mg-ch synthesis QMF bank
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Start
(for QMF subsample |)

) J
for( n = 10*Mgs-1; n >=Mjy; n--) {
X[n] = x[n - My]
}
) J
for(n = Mg1; n>=0; n--) {
x[n] = nextlnputAudioSample
}
Y
for(n=0; n < 10*My; n++) {
z[n] = x[n] * ci[n]
v
for(n=0; n < 2*Mj; n++) {
u[n] = z[n]
for(j=1;j<=4;j++){
ufn] = u[n] + z[n +j * 2*M4;
}
}
v
for( k = 0; k < My k++) {
BIK][I] =.u[0] * exp( - i*7128*(k+0.5) - i*7 k4/32)
for( n=33 n < 2* My, n++) {
BIKI[I = BIK][] +
uln] * exp( i*7(2*Ma)*(k+0.5)*(2*n-M4/64) - i*F k432 )
}
¥
) J
< Done >

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—sampline rate-twicethat-of the-input-sicnal (for-sbrRatio="8:3": 8/3 the sampline frequenc)—whie,
So—oor 5 TocetvvrceTtroe o e ptre ST o (1o ooty g OOt ST I P 5 I T Ty vy ThC

THpTITT

means that, for a transposition factor of T=2, the complex QMF subband signals resulting from the complex
transposer QMF analysis bank will be time stretched but not decimated and fed into a QMF synthesis bank ¢f
twice the¢ physical subband spacing as in the transposer QMF analysis bank. The combined system may be
interpretped as three parallel transposers using transposition factors of 2, 3 and 4 respectively., To redude
complexity, the factor 3 and 4 transposers (3" and 4th order transposers) are integrated inte-the factor P2
transpos¢r (2" order transposer) by means of interpolation. Hence, the only QMF analysis’ and synthesis
transformh stages are the stages required for a 2" order transposer. Since the QMF based harmonic transposqr
does not| feature signal adaptive frequency domain oversampling, the corresponding/flag in the bitstream {s
ignored.

In case of sbrPatchingMode[ch] == 1 or harmonicSBR == 0 SBR patching as described in ISO/IEC 14496-3:2019
4.6.18.6.3 is performed.

[©)

The varigdble numPatches and the array xOverQmf of maximum 4 elements are calculated according to the pseud
code of Fjgure 7, where fTableHigh’ frubleLow NHigh and N; ,, are defined indISO/IEC 14496-3 and according to:

xOyerQmf = & -xOverBin.

fitSizeSyn

A compléx output gain value is defined for all synthesis‘subbands by :

exp[— Jm 38 (ke + %)] XOverQmf (0) < k < xOverQmf (1)
Q(H)=410.7071- exp[—jﬂ%(k + %)il , xOverQmf(l) <k < xOverQmf(2)
2. exp[— Jm 38 (k + %)], xOverQmf (2) < k < xOverQmf (3)
The corecoder time-input-sighal is transformed to the QMF domain, using blocks of coreCoderFrameLength inpyt
samples.[ To save computational complexity, the transform is implemented by applying a critical sampling

processing (described in\7.5.4.2) on the subband signals from the 32-band (coreCoderFrameLength of 768: 24
band) anplysis QMF baiik that is already present in the SBR tool.

Let the 3R-band*(coreCoderFrameLength of 768: 24-band) QMF domain signal for the current frame be given by
the

X

Low

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
cpmmon feature is that analysis subbands with indices approximating 2k / 1" are chosen.

e o]

or xOverQmf(0) < k <xOverQmf(1), where 7=2

A block with time extent of ten subband samples is extracted from the analysis band n=2kJF =k,
X(m, k) =B(m,k), m=-5,..,4

The QMF samples are converted to polar coordinates as:

{¢(m. k) = £{X(m, k)}
r(m, k) = |X(m, k)|

—

he output is then defined for m = -5, ...,4 by:

Y@ (m,k)=2(k)-r(0,k)" " .r(m, k)" -exp[ j-(F=<1)-0(0,k)+p(m, k)],

and Y(z)(m,k) is extended by zeros for m € {—6,5} A\This latter operation is equivalent to a synthesis wjndowing

<

yith a rectangular window of length ten.

e o]

or xOverQmf(1) < k <xOverQmf(2), where 7=3

Define the analysis subband index #t as the integer part of 2k /T =2k /3 and define another analysis|subband
index n = i + k where:

where Z denotes the positive integer set.

{1 ke3Z, +1
K=

0 else

A block with timé extent of eight subband samples is extracted for v = n, 7,
X(m,v)s= B(3m/2,v), m=-4,..3.

Herethe hon-integer subband sample entries are obtained by a two tap interpolation of the form:

BT 05,7 = hy VBV F V) BUE T T,7)
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

P(m,v)=2L{X(m,v)}
r(m,v)=|X(m,v)

samples are converted to polar coordinates for v = n, i as:

The output is then defined for m = —4, ...,3 by:

Y®@m, k) = 0@k - {

Q2 =x) -0,V - r(m,n)YT - explj - (T — 1) - $(0,7) + p(m,n))] +1

and Y

windowipg with a rectangular window of length eight.

For x0v¢

Define th

index n fccording to:

nF

A block with time extent of six subband samples is extracted for v = n, i,

X(m,v) # B(2m,v), m=-3,..,2

The QMF

7

~

The outppit is then defined for m = -3, ...,2 by:

Y@

and Y(4)

windowipg with a rectangular-window of length six.

Next, the

unique tfanspositionfactor T = 2, 3, 4, is defined by the rule xOverQmf(7-2) < k < xOverQmf(7T-1). A crog

product
the bitsti]

{¢(w,v) = Z{X(m,v)}

k=T (O, =7, " —expi (T =130, T+ o, 1)) )

[72)

m,k) is extended by zeros for m € {—6, —5,4,5}. This latter operation is equivalent to a S§ynthes

rQmf(2) < k <xOverQmf(3), where 7 =4

[o9

e analysis subband index 7i as the integer part of 2k /T =k /2 and define another analysis subban

{ﬁ— 1, keven;
fi+1, kodd.

samples are converted to polar coordinates as:

n,v) = |X(m,v)

m, k) = Q(k) - (0, D)V - ramyn)V/T - exp[j - (T — 1) - 9(0,/) + p(m,n))],

[72)

m,k) is extended by zeros for m € {—6, —5,—4,3,4,5} . This latter operation is equivalent to a synthes

[«5)

addition of cress.products is considered. For each k with xOverQmf(0)< k < xOverQmf(numPatches),

[72)

bain (¢ (m,k) is set to zero if the cross product pitch parameter satisfies p < 1.p is determined from

eanyparameter sbrPitchInBins[ch] as:

L

p:

If p>1,

following procedure. Let M be the maximum of the at most 7' —1 values min {|B(O, ny)

122

sbrPitchdnBins{chi7 12

then Q¢ (m,k) and the intermediate integer parameters g (k), i, (k), and t(k) are defined by the
B(0, n2)|} , Where:

2k+1-tp

I, is the integer part of —7 and 1, 20;

1, is the integer partof 7, + P andn, <2M;

© ISO/IEC 2020 - All rights reserved


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

ISO/IEC 23003-3:2020(E)

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

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
abte1119.

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

et

1 the cases where p>1 and M > |B(O,,u(k))| the cross produtt gain is then defined by:

M(Dz(k)_q(k))m , m=-10.

Qc (m,k) =(7-T7)- Q(k)exp{—iﬁp
Tiwo blocks with time extent of two subband samples are extracted according to:

{Xl (m) = B(Dy(kym, 4 (k) } N

X (m)=B(Dy(kym, 1, (k))

Where the use of a downsampling factor equal to zero corresponds to repetition of a single subband samlple value
and the use of a non-integér’downsampling factor will require the computation of non-integer subband sample
entries. These are obtained as previously by a two tap interpolation of the form

B(u+0.5,9=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

i, (v) = 0.56342741195967 - exp| j(—1)° Z(v + 1) |.

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

. numPatches+1 (T) T
Y, (m,k) = (Y7 () + X () ) form = —6,=5, -5,
T=2
and ferxOverOmf0)}<<k xOvarOmflnumPatches) and \7’11 uec N
R VEIRCHE(V ) —T * M S W e Jy ST 7 VS

The combined QMF outputs are finally superimposed using overlap-add:

and

7.5.4.2

7.5.4.2.1

The stra
(coreCod|
subbandj
real-valu
bank of t
the relev
small QM
coefficier

The proc
outlined

The proc
the folloy

Mg
kp,

where M|

channel
synthesis

0(2 -u+m+6,k):%Zz_vwx(erZ-v,k),for ~6<m<-5,
v=0

s

for xOverQmf(0)< k < xOverQmf(numPatches), and 77, =12/2-1=5.

Sub-sampled filter banks for QMF critical sampling processing

General

tegy behind critical sampling processing is to use .thée subband signals from the 32-band
erFrameLength of 768: 24-band) analysis QMF bank already present in the SBR tool. A subset of the
covering the source range for the transposer is synthesized to the time domain by a small sub-sampled
ed QMF bank. The time domain output from this filtefbank is then fed to a complex-valued analysis QM|F
wice the filter bank size. This approach enables a substantial saving in computational complexity as only
hnt source range is transformed to the QMF subband domain having doubled frequency resolution. The
F banks are obtained by sub-sampling of the*original 64-band QMF bank, where the prototype filtgr
ts are obtained by linear interpolation of the-original prototype filter.

essing of the real-valued synthesis QMF bank is identical to the processing in the FFT based transpose
n 7.5.3.3, but is repeated here for completeness.

—

essing of the sub-sampled filter banks are described in the flowcharts of Figure 10 and Figure 11. Firs
ying variables are determined

Kni

= 4-floor { (fruprer0(0) +4)/8 +1]
= startSubbaid2KL (f7,/.7,,,(0))

(i

L is the_size' of the sub-sampled synthesis filter bank and k; represents the subband index of the firs

from ‘the 32-band (coreCoderFrameLength of 768: 24-band) QMF bank to enter the sub-sample
filter bank. The array startSubband2KL is listed in Table 120. The function floor{x} rounds th

£ £ IAL

[CI="]

argumen

1 £ o £ £ £ A £ A
7y tO e Targcst TIIeCECT TOT sreatct crrarr 7 9) T.Co5 rounarnyg cowaras o7 VVIT

coreCoderFrameLength = 768 samples and k, + M ¢ > 24, k; is calculated as k, =24 - M.

Table 120 — y = startSubband2KL(x)

1(2(3|4(5|/6|7(8|9(10111/12(13|14/15(16/17{18(19|20(21|22|23(24|25|26(27|28(29|30|31(32

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

124
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7.5.4.2.2 Real-valued sub-sampled MS-channel synthesis filter bank

020(E)

A set of M real-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

edin

.5.4.2.3 Complex-valued sub-sampled 2M-channel analysis filter bank

— Shift the samples in the array x by 2Mg positions according to the first step of Figure 11. The ol

Lo+l 43 A d s £l 1 1ol £ ey HEP A NP H i+ Al o dafs
e e uatroT, AP O Ot IO TE S HIC C O PICA CA POTIC T a T TU I C trOT T IS O Te T g AT y o e aITa RIS Ot

7.5.4.2.1.

Shift the samples in the array v by 2M¢ positions. The oldest 2M¢ samples are discarded.

The Mgreal-valued subband samples are multiplied by the matrix N, i.e., the matrix-vector product N

computed, where:

. (2 .n— 0<k<M
N(k.n) = 1 - cos - (k+05)-(2-n—My) ’ S
M 2M g 0<n<2My

S
The output from this operation is stored in the positions 0 to 2M¢-1-of array v.

Extract samples from v according to the flowchart in Figured0 to create the 10M¢-element array g.

Multiply the samples of array g by window c; to produce array w. The window coefficients ¢; are ob
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, respectiy
window coefficients of ¢ can be found in ISO/IEC 14496-3:2009, 4.A.62, Table 4.A.89.

flowchart in Figure 10¢

samples ate discarded and 2Mg new samples are stored in positions 0 to 2M¢-1.

Multiply the samples of array x by the coefficients of window c,;. The window coefficients c,; are ob

Vis

tained by

rely. The

— Calculate Mg new output-Samples by summation of samples from array w according to the last step in the

dest 2M

tained 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:

© ISO/IEC 2020 - All rights reserved
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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 3

( ( 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(n/ (2*Ms) * (k+05)*(2*n-Ms))

for(n=0; n<=4; n++) {
for( k = 0; k < Ms; k++) {
gl2* Ms ™ n +Kk]
g[2* Ms* n + Ms +k]

V[4* Ms*n +K]
V[4*Ms*n+3*Ms+Kk]

wm

}

126

}

for(n = 0ym<.10*Ms; n++) {
winl=gin] * cin]

for( k = 0; k < Ms; k++) {
temp = wlk]
for(n=1; n<=9; n++){
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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Start
( for QMF subsample I')

Y
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
}
Y
for(n=0; n <20*Ms; n++) {
z[n] = x[n] * cziln]
v
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;
}
) J
for( k = 0; k < 2%Ms; k++) {
BIK][I] =w[0] * exp( - i * 7#(k+0.5) )
for(n=1; n < 4*Ms, n++) {
BIKI(I] = BIK][] +
uln] * exp(i* 7(4* Ms)*(k+0.5)*(2*n-4*Ms) )
}
!
| /
< 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

When th
4.6.18.2.9

RATE = 4

The defin

Fsgpp

Modifications and additions to the MPEG-4 SBR tool

b SBR tool operates in 4:1 mode, the definition of the constant rate found in ISO/IEC 14496-3:2019,
is modified to the following:

A constant indicating the number of QMF subband samples pefitimeslot.

ition of the variable Fsgpp found in ISO/IEC 14496-3:2019, 4.6.18.2.6 is modified to’'the following:

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 mastler frequency band table for the 4:1 SBR system is calculatedaccording to the instructions given in 7.5.1.2
and ISOAIEC 14496-3:2019, 4.6.18.3.2. However, the boundari€s of the table are derived using half the SBR
sampling| frequency and half the number of QMF subbands> Therefore, the subband representing the lowqr
frequency boundary of the master frequency band table k is‘determined by:
k, = sta 'tMin+offset(bs_ start _ freq)
with
Fsopp
[-8,-7,-6,-5,-4,-3,42,-1,0,1,2,3,4,5,6,7], Tz 16000
FSSBR
[-5,-4,-3,-2,+1,0,1,2,3,4,5,6,7,9,11,13] , 5 =22050
FSSBR
[-5,-3,=2>1,0,1,2,3,4,5,6,7,9,11,13,16] ,T =24000
FSSBR
offset ={[-6,+4,-2,-1,0,1,2,3,4,5,6,7,9,11,13,16] , T =32000
FSopn
[-1,0,1,2,3,4,5,6,7,8,9,11,13,15,17,19] ,Tz 40000
Fsspp
[-4,-2,-1,0,1,2,3,4,5,6,7,9,11,13,16, 20] ,44100< T <64000
FSSBR

[-2,-1,0,1,2,3,4,5,6,7,9,11,13,16, 20, 24] ,T >64000
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NINT | 3000—2% ,FSSBR <32000
Fser 2
2
- 64 Fsopp
startMin=< NINT | 4000.——— 32000<—22% 64000
FSsr 2
2
NINT| 5000—°% ,640003F5~ﬂ
Fspr 2
2

—

he upper frequency boundary of the master frequency band table 4£57s determined according tol ISO/IEC
4496-3:2019, 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)

min(64, 3-k0)

,bs_ stop_ freq=14
,bs_ stop__ freq=15

but with the following modification to stopMin:

Fs
NINT | 6000.252% ,—3BR 32000
FSSBR 2
2
64 Fsgpp
dtopMin<ININT| 8000-—=— | ,32000<—B% <4000
Fs 2
SBR
2
Fs
NINT| 10000—8% | 64000<__SER
FSSBR 2
2
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stopDkSort = sort(stopDk)

ptl r

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.

(i

In case s freq scale >0 the master frequency band table, f,, ., is calculated according to the-flowcha

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
& pone /

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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k,—k, <56 ,Fsg,, < 64kHz.

Fs
— The start frequency border of the SBR range shall be within gBR e, k. <16,

X

— The largest interval from the fy;, ., 1-€., fyfasier ( NMaster ) - fMaster ( NMaster - 1) shall satisfy

fMaster( NMaster) - fMaster ( NMaster - 1) < kO -2.

020(E)

Vhen the SBR module is operated in 4:1 mode, the 32 band QMF analysis filterbank from ISO/IEG 1449
.6.18.4.1 is replaced by a 16 band QMF analysis filterbank. This QMF bank is used to split the‘time dom
utput from the core decoder into 16 subband signals. The resulting subband samples are*complex-v3
hus oversampled by a factor of two compared to a regular QMF bank. The flowchart of(this operation i
igure 14. The filtering involves the following steps, where an array x consisting~0f)160 time dom
hmples is assumed. A higher index into the array corresponds to older samples.

W OO b <

stored in positions 0 to 15.

—+ Multiply the samples of array X by every fourth coefficient of window ¢. The window coefficien
found in ISO/IEC 14496-3:2009, 4.A.62, Table 4.A.89.

-+ Sum the samples according to the formula in the flowchart'to create the 32-element array u.

- Calculate 16 new subband samples by the matrix:0peration Mu, where:

M(k,n) :4-exp[i'”'(k+0-5)'(2-n—0.25)}{0Sk<16

32 0<n<32

In the equation, exp() denotes the camplex exponential function and i is the imaginary unit.

very execution in the flowchart from “Start” to “Done” produces 16 complex-valued subband samy
epresenting the output froms.one filterbank subband. For every SBR frame, the filterbank will
umTimeSlots - RATE subband samples for every subband, corresponding to a time domain signal
umTimeSlots - RATE - 16'samples. In the flowchart W[k][]] corresponds to subband sample I in QMF su

S 3 5o

oyl

igure 13 (a) shows'the timing of the analysis windowing. The output from the analysis QMF bank i
brGen SUubband samples, before being fed to the synthesis QMF bank. To achieve synchronization tzg,,

~

psulting subbaid samples are shown in Figure 13 (b) as the upper dashed block. The HF generator
[ 11ign 81venthie matrix X, according to the scheme outlined in ISO/IEC 14496-3:2019, 4.6.18.6. The
uided by-the SBR data contained in the current SBR frame. The result is illustrated by the dashed
igure 13 (b).

T 09 e =

b-3:2019,
hin signal
lued and
given in
in input

—+ Shift the samples in the array X by 16 positions. The oldest 16 samples are discarded and 16 new samples are

[s can be

les, each
produce
of length
bband k.

delayed
= 14. The

alculates
rocess is

block in

ueto the maodified buffer management in the SBR 4:1 system, the calculation of the covariance matr
(=]

%, $(@.)),

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).

© ISO/IEC 2020 - All rights reserved
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160 samples
numTimeSlots - RATE - 1

N J

core coder samples 4 \] core coder signal

T T T Ll

512 1024 1168 (frame size 1024)

2

(a) 4:1 system core coder signal QMF analysis windowing

QMF analysis subband samples buffer, X ow

HiFGen

> / numTimeSlots - RATE — 1 + 14
0 14 *

| | QMF filtered samples |

op

| HF generated samples (FIX-FIX frame) | |

—»| |- \

tirhg numTimeSlots - RATE — 1 +2

HF generator subband samples buffer, XHigh

(b) 4:1 system subband samples buffers, X ,y@nd Xyign

Figure 13 — Synchronization and timing in.the 4:1 system
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Start
( 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++) {
uln] = z[n];
for(j=1;j<=4;j++){
u[n] = u[n] + z[n +j * 32];

}

}

v

for (k= 0; k <= 15; kK++) {
WIK][I] = u[0}-54 *exp(i*n/32*(k+0.5)*(-0.25))
for(n = A\n/<= 31; nt++) {
WIK][IT= WIK][I] + u[n] *4 *exp(i*n/32*(k+0.5)*(2*n-0.25))
}
}

v

i )

Figure 14 — Flowchart of 4:1 system decoder analysis QMF bank
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7.5.5.3 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 input 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:

2048, for sbrOversamplingFlag[ch] =0

tYizeSyn =2 - fftSize =
1 4 o {3 072, for sbrOverSamplingFlag[ch] =1

where sjrOversamplingFlag[ch] is signalled in the bitstream and fftSize is defined in 7.5.3.1. This would be th
transform size actually used in the transposer synthesis if critical sampling is deactivated, i.e..when M, = 16 an

M, = 64. The variables Mg and M, are defined in 7.5.3.3.2 and 7.5.3.3.3 respectively.

[=PlN¢)

As critical sampling is active, blocks of 64-M¢ windowed input samples (correspondirig to 1024 core code
samples)} using a hop size (or stride) of 8-M¢ samples (corresponding to 128 core ¢coder samples) are transforme|

domain gversampling control signal. The phases of the complex-valued DF T coefficients are modified as describe
in 7.5.3.1f The modified coefficients are subsequently transformed back to“the time domain by means of a DFT

r
d
to the frgquency domain by means of a DFT of size 64-Mg or 96-M¢ depending.onthe signal adaptive frequendy
d
f
size 32:M, or 48-M, = 1,5-32-M 4, windowed and combined by means of ¢vérlap-add using an output timestride ¢f

8-M, sanjples (corresponding to 512 decoder output samples).

For each|frame (64-M¢ time domain input samples), the analysis transform size S, and the synthesis transform
size S used by the transposer is determined by:

S, ¥ fftSize-M ¢ /16

a

and
S ¥ fftSizeSyn-M , /64

where fftfSize is defined in 7.5.3.T:

The varigble numPatches afidythe array xOverBin are calculated according to the pseudo code of Figure 15, for th
maximurh number of patches, where fTableHigh’ frubieLows NHigh and N, are defined in ISO/IEC 14496-3:2019

(¢

[o9

4.6.18.3.4. For each transposition factor (T = 2, 3, 4), a frequency domain window of fftSize elements is create,
according to the inStpuctions given in 7.5.3.1.
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sfbL=0, sfbH=0, numPatches=3

for patch=1to 6
while (Sbe <= NLow) && (fTabIeLow(Sbe) <= patch*frab,eLOW(O))

sfbL = sfbL+1
end
if (sfbL <= Nyow)

if (patCh*'l:TabIeLow(O)'fTableLow(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))
sfbH = sfbH+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

Tihe time domain transform windows are given by:

. V4
o (n)y=sin| —-(n+0.5) [0<n<64-M
a() [64MS ( )J N

r the analysis transform and

s

. Vs
w =sin| ———n1+0.5) |,0<n<32-M

A

r the synthesis transform.

s

he following yariables from 7.5.3.1 are set:

—

P, =5, —64-M)/2
Y= (S, —32-M,)/2
5 =8 M,

5, =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:

JO O0<n<p,
y,(mM=<s(n+o u)- o (n=p,) .p.,<n<p +64-M,
0 ,p,+64-M,<n<S§,

The granple is processed according to 7.5.3.1, i.e., time-domain shifted S,/2 samples, transformed to thefrequengy
domain and conversion of the DFT coefficients to polar coordinates.

[=

Subsequéntly, for each transposition factor 7' = 2,3,4 for which T' < numPatches + 1, a new,granule of spectr:

o

coefficienjts fE,T) is calculated according to the formula in 7.5.3.1 for 0 <k < ffiSizeSyn/2 an

I:E,T)(k) = conj I:E,T) (fftSizeSyn — k)}, fitSizeSyn /2 < k < fftSizeSyn .

The remdining processing steps are carried out according to the instruction§ given in 7.5.3.1.

If the SBR stop frequency exceeds the maximum output bandwidth. of-the harmonic transposer the remainin
bandwidth up to the SBR stop frequency is filled with copies of consecutive QMF subbands from the highest ordsg
harmoniq patch starting with the highest QMF band. If necessary this operation is repeated to fill the desire|
frequency range. These patches also need to be considered in the'calculation of the limiter frequency band table.

= 09

[oW)

7.5.5.4 Modifications and additions to sub-sampled filter banks for HQ critical sampling processing

=)

The criti¢al sampling processing as outlined in 7.5.3:3 in the SBR 4:1 system is adapted to synthesize a subset
the subband signals from the 16-band analysis @QMF bank to the time domain by a small sub-sampled real-value
QMF bank.

o

72

The varigbles M¢ and k; for the real-Valued sub-sampled M,-channel synthesis filter bank are determined 3
describeJd in 7.5.3.3.2, where M, is the'size of the sub-sampled synthesis filter bank and k; represents the subban|
he first channel from thie\16-band QMF bank to enter the sub-sampled synthesis filter bank.

o

index of

If k, + M ¢ >16, when Mgand k; are calculated to these formulas, k; is calculated as k, =16 — M.

Apart from that, the-processing of the real-valued sub-sampled synthesis filter bank is carried out as described in
7.5.3.3.2.

The procpssing of the complex-valued sub-sampled M,-channel analysis filter bank is performed according to tl1e

instructions giveminm 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 <= Now) && (Fraperow(sfbL) <= patch*fraperon(0))
sfbL = sfbL+1
end
if (sfbL <= Niow)
if (patCh*fTableLow(O) - 'I:TableLow(Sbe—"I )) <=3
xOverQmf(patch-1) = fraperow (STOL-1)

oy

holso Rl NN |

(%2 I

Aol

—3

8

(7]

[S11+]
while (sfbH <= Nyign) && (Frapierign(sfoH) <= 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

complex output gain value is defined for all synthesis stitbbands according to 7.5.4.1.

he core coder time-input-signal is transformed, te;the QMF domain, using blocks of coreCoderFrameLen|
hmples. To reduce computational complexity,\the transform is implemented by applying a critical
rocessing (described in 7.5.4.2) on the subband signals from the 16-band analysis QMF bank that i
resent when the SBR tool is operated as*4:1 system.

et the 16-band QMF domain signal fer the current frame be given by the matrix X, (m,k) with time
hmples m = 0,1,---,63 and subbands k = 0,1,-+-,15. The critical sampling processing transforms th
(Low(m,k) into new QMF/Submatrices '(4,7) with doubled frequency resolution, where the subband
=0,1,---,31 and subbdndsn =2 x k;, - ,2* k; + 2 * M, — 1 (see 7.5.4.2).

he given QMF submatrices ['(,7) are operated by the subband block processing according to the ins
iven in 7.5.4<)~wWhereupon the cross product pitch parameter is determined from the bitstream p

brPitchInBins[ch] as:

p'=sbrPitchInBins|ch]/ 24

oth input
sampling
5 already

subband
e matrix

samples

tructions
arameter

I

the SbK STop Irequency exceeds the maximum outpul bandwidin oI the harmonic transposer the

emaining

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.

© ISO/IEC 2020 - All rights reserved
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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

7.5.6 Predictive vector coding (PVC) decoding process

2N 1o = 45 o . 1
o dlltd 7.0.%.4.5 TESPECUVClyY.

7.5.6.1 Overview
In order|to improve the subjective quality of the eSBR tool, in particular for speech content at low bitratef,
predictive vector coding (PVC) is added to the eSBR tool. Generally, for speech signals, there"is a relatively high
correlatign between the spectral envelopes of low frequency bands and high frequency bands. In the PVC schemeg,
this is exploited by the prediction of the spectral envelope in high frequency bands from the spectral envelope in
low freqyency bands, where the coefficient matrices for the prediction are coded by:means of vector quantization|
The block diagram of the eSBR decoder including the PVC decoder is shoWh in Figure 17. The analysis and
synthesi§ QMF banks and HF generator remain unchanged, but the HF envélope adjuster is modified to procegs
the envelopes generated by the PVC decoder. The indices of the coeffici€nt'matrices for the prediction, pvc[D(t )
t=0,1,2,..]15 are transmitted in the bitstream.
The requjred tables for decoding PVC shall be defined as giveninAnnex D.
Coded Audio Stream
Bitstream
AN Payload ——
Deformatter .
AAC Core Bitstream
Decoder Unpacked Parser
Data for PVC Predicted
A 4 Envelope
»| PvC Decoder Scalefactors
QMF subband
samples below ’
SBR range Huffman
Decoding &
Dequantization
| , I
Analysis T oy R Envelope
QMF Bank Adjuster -
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

lHFAdj offset for the envelope adjuster module

17 Gen offset for the HF-generation module

Xlow complex input QMF bank subband matrix to the HF generator
ksg index of grouped QMF subband

pvelD(t) prediction coefficient matrix index corresponding to #

H (ksg,kb, pvcID(t))
E(k,t)
FEsg(ksg,t)
Isb(ksg)
leb(ksg)
hsb(ksg)
heb(ksg)
pw

hbw

»C

RS

SEsg(ksg,t)

prediction coefficient matrix corresponding to pyclD(t)

energy of QMF subband samples below the, SBR range

subband-grouped energy below the SBR range
index of the start QMF subband in the grouped QMF subband below the SBR ran

index of the stop QMF subband\in the grouped QMF subband below the SBR ran
index of the start QMF subband in the grouped QMF subband in the SBR range
index of the stop QME subband in the grouped QMF subband in the SBR range
number of QME subbands for a grouped QMF subband below the SBR range
number of QMF subbands for a grouped QMF subband in the SBR range
coefficients for time-smoothing of Esg(ksg,t)

number of time slots for time-smoothing of Esg(ksg,t)

time-smoothed subband-grouped energy below the SBR range

ge

o]

ksg(ksg,1) predicted subband-grouped energy in the SBR range
E(k:t) predicted SBR envelope scalefactors in the SBR range

7 hEow number of grr\npnr‘ Q]\/”:' subbands helaow the SBR range
nbHigh number of grouped QMF subbands in the SBR range

© ISO/IEC 2020 - All rights reserved
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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) = \b=hbtkse) i Ish(ksg) > 0
[hw
LO. 1 ,otherwise
for

0< ksg <nbLow-1

where:

RATEAHHFMJ_

S Xy (ib, RATE -t +1)- X"y, (ib, RATE -1 +1)

B(ib, 1) = —
RATE

Isb(ksg)=k, —Ibw-nbLow+Ibw-ksg,
legb(ksg)=Isb(ksg)+Ibw-1,
Iljw=8/RATE , and

npLow=3

Then, th¢ subband-grouped energy below the SBR range, Esg(ksg,t) is limited to a value not less than 0.1 gs
follows:

0.1 Jif Esg(ksg,t) <0.1

Esg(ksg,t) =
pg (kg 1) {Esg(ksg,t) ,otherwise

for

0 ksg < nbLow—1.

7.5.6.4 Time domain smoothing of subband-grouped energy

The subband-grouped energy below the SBR range, ESZ(ASZ,7) 15 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
. {tEPVC (0) ,if ¢ —ti <tgpyc(0) and ((bs_pve_mode' =0 and bs_pvc_mode # 0) or (k; # k)
.=

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)

b 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, pvclD(¢))

kb=0

0 < ksg <nbHigh—1
where
H (ksg, kb, pvclD(t)) is the prediction coefficient matrixas'shown in D.2.

Tlhen, the predicted subband-grouped energy in the SBR range\is converted to the linear domain as follow

4

Esg(lcvg,t)
E(k,t)=10 10

hsb(ksg) < k < heb(ksg), 0.<cksg < nbHigh —1

where

hsb(ksg) =k, + ksg-hbw,

)

heb(ksg) 63 ,if ksg > nbHigh —1
eb(ksg) =
& hsb(ksg)+hbw—1 otherwise

8/ RATE ,bs pvc_mode =1
hbw'= nd

12/ RATE ,bs_pvc_mode:2'a

. 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.

7.6.2

Coded Audio Stream

Bitstream
Payload
‘ Deformatter
AAC core Bitstream
Huffman
Decoding &
Dequantization
\ 4 A 4
Analysis . . Envelope
QMF Bank » HF Generator Adjuster
patched . .
components sinusoids
+
noise
inter-TES \ ot
A 4
LF inter-TE N intgr—TE N inter-TE
Calculator Adjuster Shaper
H: Signal
R |—¢ : Control
. Synthesis P
”  QMF Bank In/Out
Output
PCM samples

bs_temp|shape[ch][env]

bs_inter|

7.6.3

temp_shape.mode[ch][env]

Figure 18 — inter-TES block diagram

IDefinition of elements

This flag signals the usage of inter-TES.

Table 121.

Table 121 — bs_inter_temp_shape_mode

Indicates the values of the parameter y in inter-TES according to

Inter-TES

bs_inter_temp_shape_mode 14
0
1 1.0
2 2.0
3 4.0

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

€romw (i)=

k-1 . R

o 2o bittmal pine iy <i<razE. g, 0<i<1,

o E o (l)+ Emvr
trere
RATEt  (I+1) =1+t g ke —1 ( 5
X k,i
ELOW (l)_ iRATE‘tEZ(l)”/[FAd/ ;| o ll ) 0 < l < LE-

 (RATE -t,(I+1)— RATE -t (1))

(LOW is the complex QMF bank subband matrix that is input to the HF generatoy; "k, Is the first QMF sy

Ao

—t

he SBR range, 74r44; is the offset for the envelope adjuster module, &y, is the relaxation parameter (&

R

(/) is the start time border for /-th SBR envelope, and L is the number of SBR envelopes.

rom the temporal envelope of the lower frequency band ¢, (l) and the factor y), which is obtai

— s

able 121, the inter-TE Adjuster calculates the gains g;, (i) t0)shape the temporal envelope of th

=

equency band:

ginter(i) =1+ Y(Z) (eLOW(i) - l)a
with RATE - ti(l) < i < RATE - to(I+1),
0<I<Lp

and subject to the further constraint that 8., (1) > 0.2 .

Ih order to maintain the total energy within each SBR envelope, the gains g, (i) are scaled as following:

RATE -t (I+1)—-1 M -1

> W, (m, &)

'
N : E=RATE4 (1) m=0
Einter (l) = Einter (Z) " | RATEt, (I+1)—1 M1 ’

PIRD N I (5 B AN

E=RATEt; (1) m=0

RATE -t,(I)<i< RATE -t,(I+1),0<I< L,.

bband in
;= 1E-6),

ned from

e higher

Tlhednter-TE Shaper applies the scaled gains ¢ (i) to the QMF subband samples of the intermediate ou

pppppp

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 Jointstereo coding

7.7.1 M/S stereo
The M/S stereo tool is defined in ISO/IEC 14496-3:2019, 4.6.8.1, but with the following modifications,

The intefrpretation of the ms_mask_present syntax element (originally defined in ISO/EC 14496-3:2019
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 follows 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

v

Complex|stereo prediction is a toolfor efficient coding of channel pairs with level and/or phase differencd
between [the channels. Using a.complex-valued parameter ¢, the left and right channels are reconstructed via th

following matrix. dmx, denetes the MDST corresponding to the MDCT of the downmix channel dmx,, .

(¢

dmxg,
[ 1- ORe)' — O 1
= dmx,
r log. o, —1
res

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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7.7.2.2.1 Data elements

dmxy, /
0" * MDCT '}—
g R21
—| = XA
S dmx,
res N r
0" © © —>[ MpEBT
Figure 19 — Block diagram of the decoder with complex stereo prediction
7.7.2.2 Definition of elements

cplx_pred_all Indicates if all bands use complex sterée prediction according to Table 123.
Table 123 — cplx_pred_all
cplx_pred_all Meaning
0 some. bands use left/right coding, as
signalled by cplx_pred_used[][]
1 all’bands use complex stereo prediction
cplx_pred_used|[g][sfb] One-bit'flag per window group g and scalefactor band sfb (after mapping from
prediction bands). Table 124 gives the corresponding meaning for pach flag
value of cplx_pred_used.
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.
Tahla 12t prad-dir
Fable125—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.
145
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Table 126 — complex_coef

complex_coef

Meaning

0 a,,,, = 0 for all prediction bands

«,, is transmitted for all prediction
bands

1

Table 127 — use_prev_frame

use_prev_frame

Meaning

use only the current frame for MDST

0 Lo
estimation

use the current and previous frame for
MDST estimation

delta_co¢le_time

Indicates the coding scheme used for the prediction coefficients according t
Table 128.

[]

Table 128 — delta_code_time

delta_code_time

Meaning

frequency differential coding of
prediction coefficients

time differential coding of prediction
coefficients

hcod_algha_q_re

hcod_algha_q_im

7.7.2.2.2| Help elements

_spec|]
r_spec|]

dmx_re[]

Huffman code of Oy,

Huaffman code of &,

Array containing the left channel spectrum of the respective channel pair.
Array containing the right channel spectrum of the respective channel pair.

Array containing the current MDCT spectrum of the downmix channel.

dmx_re_pre¥t
dmx_im[]
SFB_PER_PRED_BAND

dpcm_alpha_qg_re[g][sfb]

dpcm_alpha_q_im[g][sfb]

146

A faini +h 3 MDCT ys firlo o Jd 3 N 1
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Array containing the MDST spectrum estimate of the downmix channel.
Number of scalefactor bands per complex prediction band, equal to 2.

Differentially coded real part of prediction coefficient of group g, scalefactor
band sfb.

Differentially coded imaginary part of prediction coefficient of group g,
scalefactor band sfb.

© ISO/IEC 2020 - All rights reserved


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

ISO/IEC 23003-3:2020(E)

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

af —— 1 o af tha ST cnacte

C manlasy oo N oackizaota datazanaiy M) a—aftha cripmant ool ot 3o g 3
HPTreX—€Oo€cr T o EStHa e o Tt GO WX Voo TSP et ottt e tahierpatt 65—t

left and right spectra and the current frame’s pred_dir indicator as follows:

flor (g = 0; g < num window _groups; g++) {
for (b = 0; b < window group length[g]; b++) {
for (sfb = 0; sfb < max sfb ste; sfb++) {
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]47
}
}
else {
for (i = 0; 1 < swb offset[sfb+l]-swb offsgtfsfb]; i++) |
dmx re prev([g] [b][sfb] [i] =
0.5*(1_speclgl[b][sfb] [i]-r_speclgl{b}Isfb][i]);

}

The current frame’s MDCT downmix dmx re{g][b] is derived from the left/downmix and right spectra
nverse L/R TNS filtering if tns_on_lr == 1);'the pred_dir indicator, and the cplx_pred_used[][] mask:

—-

flor (g = 0; g < num window_groups; g++) {
for (b = 0; b < window«gkeup length[g]; b++) {
for (sfb = 0; sfb <(max sfb ste; sfb++) {
if (cplx pred used[qg] [sfb] == 1) {
for (i = 0;(} < swb_offset[sfb+l]-swb offset[sfb]; i++) {
dmx_re[gd{b] [sfb] [1] = 1_speclg] [b] [sfb][1i];
/* &.spec contains downmix */
}
}
else '\t
3f) (pred dir == 0) {
for (i = 0; 1 < swb offset[sfb+l]-swb offset[sfb]; i++) |
dmx re[g] [b] [sfb] [i] =
0.5*(1_speclgl [b][sfb] [i]+r_speclg][b] [sfb][i]);

1

7

}
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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cpunterpart of the MDCT spectrum. The downmix MDST estimate is computed from the current frame’s MDCT
downmix and, in case of use_prev_frame == 1, the previous frame’s MDCT downmix. The previous framg’s MDCT
downmix dmx_re_prev[g][b] of window group g and group window b is obtained from that frame’s' reconstructed

(prior to
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The computation of the downmix MDST spectrum dmx_im[g][b] from the MDCT data depends on:

A dmx_i
coefficient a filtered version of the corresponding MDCT coefficient(s) depending on use_prev_frame:

filterAhdAdd (dmx re[g] [b], dmx length, filter coefs, dmx im{g] [b], 1, 1);
if (use|prev frame == 1) {
filtefAndAdd (dmx re prev([g] [b], dmx length, filter coefs prev,

dmx_
filter_coeffs_prev are arrays containing the filter kernelssand are derived according to Table 129 and Table 13().

Help

filt
{

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
w1ndow _sequence = = EIGHT_SHORT SEQUENCE use prev frame is evaluated only for the first of the eight

used in the MDST estimate, which 1mp11es use prev frame = 1. In case of transform length sw1tch1ng (1
ow_sequence == EIGHT_SHORT_SEQUENCE preceded by window_sequence =
T_SHORT_SEQUENCE, or vice versa), use_prev_frame shall be 0.

Winflow shapes: The MDST estimation parameters for the current window, which are filter-.coefficients 4
desgribed below, depend on the shapes of the left and right window halves. For single<long windoy
seqyences and the first window of an EIGHT_SHORT_SEQUENCE, this means that the filter-parameters are
function of the current and previous frames’ window_shape flags. The remaining seyen windows in a shol
seqUence are only affected by the current window_shape.

~ O < »n

|=xi

[g][b] estimate is obtained by initializing every coefficient of dmx_im~to zero and adding to ead

dmx_im[g] [b], -1, 1);

length is the even-valued MDCT transform length, which depends on window_sequence. filter_coefs and
er function filterAndadd () performs the actuakfiltering and addition and is defined as follows:

erAnpAdd (in, length, filter, out, factofEven, factor0Odd)

= fiflter[6]*in[2] + filter[5]1*inTl] filter[4]1*in[0] + filter[3]1*in[0] +
fiflter[2]*in[1l] + filter[l]pFdN2] + filter[0]*in[3];
t[i]| += s*factorEven;

+

= fiflter[6]*in[1l] + filterJ5]1*in[0] + filter[4]*in[0] + filter[3]1*in[l1l] +
fiflter[2]*in[2] + f£MNTer[1]*in[3] + filter[0]*in[4];
t[i]| += s*factorOdd;

= fiflter[6]*in[ON F filter[5]*in[0] + filter[4]*in[1l] + filter[3]1*in[2] +
fiflter[2]*im{8] + filter[l]*in[4] + filter[0]*in[5];

t[i]] += s*factorEven;

r (il = 3;¢4d< length-4; 1 += 2) {

s = [filter[6]*in[i-3] + filter[5]*in[i-2] + filter[4]*in[i-1] + filter[3]*in[i] +
f id¥Ber[2]*in[i+1] + filter[1l]*in[i+2] + filter[0]*in[i+3];

out [IT—F= Tactoroad;

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]1*in[i+3] + filter[0]*in[i+4];
out[i+l] += s*factorEven;

= length-3;

s = filter[6]1*in[i-3] + filter[5]*in[i-2] + filter[4]*in[i-1] + filter[3]*in[i] +

ou
i
s

ou
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filter[2]*in[i+1] + filter[1l]*in[i+2] + filter[O0]*in[i+2];

t[i] += s*factorOdd;

= length-2;

= filter[6]*in[i-3] + filter[5]1*in[i-2] + filter[4]*in[i-1] + filter[3]*in[i] +
filter[2]*in[i+1] + filter[1l]*in[i+1] + filter[O]*in[i];

t[i] += s*factorEven;
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i = length-1;
s = filter[6]*in[i-3] + filter[5]*in[i-2] + filter[4]*in[i-1] + filter[3]*in[i] +
filter([2]*in[1i] + filter[1l]*in[i-1] + filter[0]*in[i-2];

out[i] += s*factor0dd;

Table 129 — MDST filter parameters for current window (filter_coefs)

Current window sequence Left half: sine shape Left half: KBD shape
right half: sine shape right half: KBD shape
ONLY_LONG_SEQUENCE, [ 0.000000, 0.000000, 0.500000, [ 0.091497, 0.000000, 0.581477,
EIGHT_SHORT_SEQUENCE 0.000000, 0.000000,
- - -0.500000, 0.000000, 0.000000 ] -0.581427, 0.000000,-0,091497 |
[0.102658, 0.103791, 0.567149, [0.150512, 0.047969, 0.608574,
LONG_START_SEQUENCE 0.000000, 0.0000600,
-0.567149,-0.103791, -0.102658 ] -0.608574, -0:047969, -0.150512 ]
[0.102658,-0.103791, 0.567149, [0.150512,-0.047969, 0.608574,
LONG_STOP_SEQUENCE 0.000000, 0.000000,
-0.567149, 0.103791,-0.102658 ] -0.608574, 0.047969,-0.150512 ]
[0.205316, 0.000000, 0.634298, [ 0209526, 0.000000, 0.635722,
STOP_START_SEQUENCE 0.000000, 0.000000,
-0.634298, 0.000000,-0.205316 ] -0.635722, 0.000000,-0.209526 |
Current window sequence Left half: Sine shape Left half: KBD shape
right half: KBD shape right half: sine shape
ONLY_LONG_SEQUENCE, [ 0.045748, 0.057238;°0:540714, [ 0.045748,-0.057238, 0.540714,
EIGHT_SHORT_SEQUENCE 0.000949, 0.000000,
- - -0.540714, -0.057238, -0.045748 ] -0.540714, 0.057238,-0.045748 ]
[0.104763, 0105207, 0.567861, [ 0.148406, 0.046553, 0.607863,
LONG_START_SEQUENCE 02000000, 0.000000,
-0.567861,-0.105207,-0.104763 ] -0.607863, -0.046553, -0.1484(6 ]
[ 0,148406, -0.046553, 0.607863, [0.104763,-0.105207, 0.56784]1,
LONG_STOP_SEQUENCE 0.000000, 0.000000,
+0.607863, 0.046553,-0.148406 ] -0.567861, 0.105207,-0.104763 ]
[0.207421, 0.001416, 0.635010, [0.207421,-0.001416, 0.635010,
STOP_START_SEQUENCE 0.000000, 0.000000,
-0.635010, -0.001416,-0.207421 ] -0.635010, 0.001416,-0.20742(1 ]
Table.130 — MDST filter parameters for previous window (filter_coefs_prev)
. Left half of current window: sine Left half of current window:
Currenibwindow sequence
shape KBD shape
ONLY. LONG_SEQUENCE, [ 0.000000, 0.106103, 0.250000, [ 0.059509, 0.123714, 0.186579,
LONG_START_SEQUENCE, 0.318310, 0.213077,
EIGHT SHORT SEQUENCE 0.250000, 0.106103, 0.000000] 0.186579, 0.123714, 0.05950P ]
LONG_STOP_SEQUENCE, [ 0.038498, 0.039212, 0.039645, [0.026142, 0.026413, 0.026577,
STOP_START_SEQUENCE 0.039790, 0.026631,
- - 0.039645, 0.039212, 0.038498 ] 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 {

i

}

e

if

O 0.

els

j\)

/~k
/*

if

\))

alpha_qg_prev_frame[sfb] contains the decoded prediction coefficients of the last window group of the previoy

frame. If
frame, alj

Both the
complex|

7.7.2.3.3
The invel
alpha_re
alpha_im

7.7.2.3.4

tsto 07—

last alpha g = alpha gqlg][sfb-1];

lse {

last _alpha g = 0;

(cplx pred used[g] [sfb] == 1) {

pcm_alpha = -decode huffman() + 60; /* function returns dpcm alphajqglg] [sfb] */

lpha g[g] [sfb] = dpcm alpha + last alpha g;

e {
lpha glg] [sfb] = 0;

h\ssign a prediction coefficient to each scalefactor kand” */

[f max sfb is odd, last prediction band covers only{dne scalefactor
band */

((sfb+l) < max sfb ste) {

lpha_g[g] [sfb+1l] = alpha_glg] [sfb];

wn wn

no prediction was used for the previous‘frame or for the respective scalefactor band in the previoy
bha_qg_prev_frame[sfb] is set to zero.

real and imaginary coefficient histories are reset to zero upon a transform length change, and in case ¢f
coef == 0, all imaginary coefficients up to num_swb are set to zero.

Inverse quantization'of prediction coefficients
se quantized predictien coefficients alpha_re and alpha_im are given by:
= alpha_q_re ¥ 01
= alpha_gyim * 0.1

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_mask_present == 3) && (stereoConfigIndex == 0)){
for (g = 0; g < num _window_groups; g++) {

for

(b = 0; b < window _group length[g]; b++) {

for (sfb = 0; sfb < max sfb; sfb++) {

150

if (cplx pred used[g] [sfb]) {
if (pred dir == 0) {
for (i = 0; i < swb_offset[sfb+l]-swb offset[sfb]; i++) {
side = r spec[g] [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];
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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];

1.8 TNS

7.8.1 General

Tlhe TNS tool is defined in ISO/IEC 14496-3:2019, 4.6.9, but with the following modifications.

7.8.2 Definition of elements

el

h addition to ISO/IEC 14496-3:2019, 4.6.9.2, the followingidefinitions apply:

ths_active TNS is active on at least'one channel.
common_tns Use the same TNS filter for both channels.
ths_on_Ir Indicates the-mode of operation for TNS filtering according to Table 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
ths_data present[0] Indicates the presence of TNS data for channel 0 according to Table 132
Table 132 — fnc_dnfﬂ_prpcpnf[ﬂ]
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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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
tns_present_both Indicates if both channels have separate TNS data transmitted according to

11 a0 4
IdDIC 15%.

Table 134 — tns_present_both

tns_present_both Meaning
0 at least one channel has no individual
TNS data
1 separate TNS data transmitted for both

channel 0 and channel 1

7.8.3 Decoding process
The decoding process in ISO/IEC 14496-3:2019, 4.6.9.3 is extended as follows.
The specfral domain on which TNS is applied depends on the value efitns_on_lIr. If tns_on_Ir == 0, TNS is applied
after inverse quantization and prior to any mid/side or complex prédiction processing. If tns_on_lr ==1, TNS |s
applied tp the spectral coefficients of left and right channel aftertnid/side or complex prediction processing.
Dependinng on the FD window sequence the size ofgthe following data elements and the definition of
TNS_MAX_ORDER is adapted for each transform window:according to its window size according to Table 135.
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

sizeof ‘order’ 3

size of ‘length’ 4
7.8.4 Maximum'TNS bandwidth
Based on th® sampling rate in use the value for the constant TNS_MAX_BANDS is set according to Table 136. Fqr
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

Sampling Long window Short window

rate [Hz] sequences sequence
96000 31 9
88200 31 9
64000 34 10
48000 40 14
44100 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

odule. This module consists of an inverse modified‘discrete cosine transform (IMDCT), and a windo
%/erlap-add function. In order to adapt the time/frequency resolution of the filterbank to the characterist

input signal, a block switching tool is also adopted: N represents the window length, where N is a funct

i
W

time domain values x; , via the IMDCT. After applying the window function, for each channel, the first i
z , sequence is added to the second-half of the previous block windowed sequence Z(j.1),n O recon
o

utput samples for each channel out; -

7.9.2 Definition of elements

window_sequence 2 bit indicating which window sequence (i.e., block size) is used.
window_shape 1 bit indicating which window function is selected.
Tlable 93 shows the window_sequences based on the seven transform windows. (ONLY_LONG_SH

Ih the_following LPD_SEQUENCE refers to all allowed window/coding mode combinations inside the

LONG_START_SEQUENCE, EIGHT_SHORT_SEQUENCE, LONG_STOP_SEQUENCE, STOP_START_SEQUENCE].

Thhe time/frequency representation of the signal is mappeéd onto the time domain by feeding it into the filterbank

v and an
ics of the
on of the

rindow_sequence (see 6.2.9.3). For each channel, the N/2 time-frequency values X; , are transformed ipto the N

alf of the
truct the

QUENCE,

so called

linear prediction domain codec (see 6.2.10). In decoding a frequency domain coded frame it is only imp

ortant 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 Decoding process
7.9.3.1 IMDCT

The analytical expression of the IMDCT is:

N/_
X _l/zzlls eclillk]eos| 2 (n-+n )(k+l) for0<n<N
in N = 74 N 0 5 , <
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where:

n = sample index;

) = window index;

k = spectral coefficient index;

N  =window length based on the window_sequence value:

= (V4 +1)/2.

The synthesis window length N for the inverse transform is a function of the syntax element window’sequende
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_sequence coreCoderFrameLength | coreCoderFrameLength
== 768 ==1024

ONLY_LONG_SEQUENCE
LONG_START_SEQUENCE

1536 2048
LONG_STOP_SEQUENCE
STOP_START_SEQUENCE
EIGHT_SHORT_SEQUENCE 192 256

The meahingful block transitions are listed in the folltowing Table 138. A tick mark (M) in a given table ce]l
indicates|that a window sequence listed in that particular row may be followed by a window sequence listed in
that partjcular column.

Table 138— Allowed window sequences

25 25 = 2 2 2
o Q Q =] =] =]
4 4 4 Z Z Z
= = = = = =
_ =) =) =) 2 S S
Windowsequence 8 8‘ 8‘ 8 8 8
c’)I c’)I m| ml ml ml
O = = - = A
Z < =4 o -4 9
Q < =} = < -

- = = v:l [

From | To - S \, v o “»,

< S = Z ="

Z Z ) ) )

o o [T} - ;

= =
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:

27 (p.a)]

Wxsp, ., .n (1) = I;\,Z)— for 0<n< )
27 (p.a)]
p=0

N-n-1
Y. .

_ |Pr=0
WKBDRIGHT’N (n) = ,for ? <n<N

N
Z [7'(p,a)]

where:

W', Kaiser-Bessel kernel window function is defihed as follows:

2
N
n_

Na

Iy[7a]

W'n,a)=

4 for N =2048 (1536)

o = kernel window alpha factor, o =
6 ,for N =256 (192)

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_§hape_previous_block s equal to the Window_shape of the previous block (1 —1).

For the first raw_data_block() to be decoded the window_shape of the left and right half of the window arje
identical,

In the cage that the previous block was coded using LPD mode, window_shape previous block is setto 0.

a) ONLY[LONG_SEQUENCE:

—

The windlow_sequence == ONLY_LONG_SEQUENCE is equal to one LONG_WINDOW.with a total window lengt
N, of 2448 (1536).

For window_shape == 1 the window for ONLY_LONG_SEQUENCE is given as_follows:

N,
Wigrry,(n)  for  0<n< 71
W) =

N
Wisp e, (1) oI 71 <n<N,
If window_shape == 0 the window for ONLY_LONG_SEQUENCE can be described as follows:

N
Wigrry,(n)  Jfor  0<ms 7’
W) =

N
WS oo oN, (1) TOT 7’ <n<N,

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

Zi,n — W(n) ’ xi,n
b) LONG|START-SEQUENCE:

The LON|GCSTART_SEQUENCE can be used to obtain a correct overlap and add for a block transition from
ONLY_L(J;&&QHENWWWWM_ ; . Stope)—wird . he—tebt

(EIGHT_SHORT_SEQUENCE, LONG_STOP_SEQUENCE, STOP_START_SEQUENCE or LPD_SEQUENCE).

[«5)

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 Jgfor  lL<p<tL s
Wi = 3N, - N 32N N ! 3N, + N
s [ Vs [ Vs |+ Vg
WKBD gy, (M F N T) ,for Z n<—t
3N,
0.0 ,for —1+N5 <n<N,
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
Wim= 3N, - N 32N N X 3N, + N
s [ Vs [ Vs ;g
WSIN o .N, (M F - T) for 7 <=L
3N, +V,
0.0 ,for RA/BEA <n<N,

c) EIGHT_SHORT

ariable j = 0,.., M -1 (M =N,/ NyJ.

< -

N
Wipprn (n)  Jfor0<n< TS
WO (I’[) =

N
WKBD g N, (1) fOT 73 <n<N,

N

T1L S

The windowed time-domain values can be calculated with,the formula explained in a).

T
1
(L536). Each of the eight short blocks-are'windowed separately first. The short block number is indexed with the
V

he window_shape of the (previous block influences the first of the eight short blocks (W(n)]
rindow_shape == 1 the window functions can be given as follows:

he window_sequence == EIGHT_SHORT comprises eight overlapped and added SHORT_WINDOWSs with a length
NV, of 256 (192) each. The total length of the-window_sequence together with leading and following zerds is 2048

only. If

Lo O
SJIOTU=T7

Lo
" KBD, gy ,N,\"
Wj (n)=

WKBDRIGHT ’Nr (n)

Jfor £3n<NS
2

L0<j<M -1

Otherwise, if window_shape == 0, the window functions can be described as:
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N
,forOSn<Ts

N
,for = <n<N,
> :

Jfor OSn<£
,0<j<M -1

Wigrr v, (1),
Wo(n) =

WSIN g N, ()5

WS]NLEFT N, (n)
W;(n)=

WSINR[GHT ’NS (n)

The oveiflap and add between the EIGHT_SHORT window_sequence

values z}, is described as follows:

0
xO,n—% Wo(n= M ;N“)

Zip=1" )| ,7w Wiy (n— W) + xj’n_w W (n- W
x| eu-sn, Wi (- w)

4

d) LONG{STOP_SEQUENCE

This window_sequence is needed to switch from an EIGHT SHORT_SEQUENCE or LPD_SEQUENCE back to a

ONLY_LONG_SEQUENCE.

A
for —<n<N
b 2 S

In case the previous window sequence is not an LPDASEQUENCE:

Window

In case the previous window sequence.js-an LPD_SEQUENCE:

Window

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

N,

resulting in the windowed time.'domai

Jfor

Jfor

Jfor

Jfor

engths N, and N, are set to 2048 (1536) and 256 (192) respectively.

engths N, and N are sett0;2048 (1536) and 512 (384) respectively.

NZ_NS Sn<N1+NS

4 4

N, +(2j N

1< 55, ; s ¢ M@

4
N} +(2M -1)N| <p< N;+(2M +1)N,
4 h 4
N +(2M +1)N

<n<N,

0.0 for  0<n< M= Ns
N, —N, N; - N, N;+N,
Wiprr y, (n—— 2 =) for % <p<—L s
gl A+ AL
1.0 ,for /4 S << 2/
WBD gy N, (1) for  “L<n<n,
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If window_shape == 0 the window for LONG_START_SEQUENCE is determined by:

0.0 for OSn<%
W(m)= N ! N 4N N )
1.0 for %SM—I
[for %Sn<Nl

WSINR[GHT ’Nl (n)

(¢’]

) STOP_START_SEQUENCE:

w <

—

<

el

<

]

<

]

<

el

The windowed time domain values can be calculated with the formula explained in a).

h case the following window sequence is not an LPD_SEQUENCE:

Vindow lengths N, and N, are set to 2048 (1536) and 256 (192) respectively.

h case the following window sequence is an LPD_SEQUENCE;

Vindow lengths N, and N, are set to 2048 (1536) and 512 (384) respectively.

h case the previous window sequence is not an LPDtSEQUENCE:

Vindow lengths N, and N are set to 2048 (1536) and 256 (192) respectively.

N case the previous window sequence.is.an LPD_SEQUENCE:

Vindow lengths N, and N are set to-2048 (1536) and 512 (384) respectively.

window_shape == 1 the window for STOP_START_SEQUENCE is given as follows:

he STOP_START_SEQUENCE can be used to obtain a correct overlap and add for a blé¢k transition from any block
yith a low-overlap (short window slope) window half on the right to any block with a low-overlap (shorf window
ope) window half on the left and if a single long transform is desired for the current frame.

© ISO/IEC 2020 - All rights reserved
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N, — N N, — N N, + N
W, n— / sl ,fOI‘ / s/ <n< / sl
1erT N, ( a1 ) —a 2
W\(n)=<1.0 [for N+ Ny <n< 3N = Ny
4 4
IN for SN2V <n< SNV,
WKBDRIGHT 5Nyr (n + zsr h 1 4 - ) 4 4
0.0 for Nt Nw
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If window_shape == 0 the window for STOP_START_SEQUENCE looks like:

0.0 [for 0Sn<M

N, =N N, =N N, + N
114 n———5, J[for SL<n< 5

1eFTN,, ( 4 ) 4 4
W(n)=141.0, ,mrAG;Nﬂgn<3AG;N&
o 3N, =N, for SN, = Ny <n< SN+ Ny

Wsin riGar N (n+ 2 B 4 ) 4 4
0.0 for 2Nt Ne

The windowed time-domain values can be calculated with the formula explained in a).

7.9.3.3 Overlapping and adding with previous window sequence

Besides fthe overlap and add within the EIGHT_SHORT window_sequence, ‘the first (left) part of every
windowsequence is overlapped and added with the second (right) part ofthe previous window_sequend

resulting|in the final time domain values out; ,, . The mathematic expression‘for-this operation can be described 4

©v ®

follows.

In case of ONLY_LONG_SEQUENCE, LONG_START_SEQUENCE, EIGHT_SHORT_SEQUENCE, LONG_STOP_SEQUENCE,
STOP_START_SEQUENCE:

N
v V0<n<=t
1,n+7 2

outlliyy, +n]=z; , + z_

N, is the $ize of the window sequence. i, indexes;the output buffer out and is incremented by the number —L

=3

written samples.
In case of LPD_SEQUENCE:

If the pre¢vious decoded windowed signal was coded with ACELP, the tool FAC is applied as described in 7.1¢.
Otherwise, when the previods decoded windowed signal z; ;, was coded with the MDCT based TCX, Ja
conventipnal overlap and-add is performed for obtaining the final time signal out. The overlap and add operatigﬁ
can be ejpressed by the'following formula when FD mode window sequence is a LONG_START_SEQUENCE or

EIGHT_SHORT_SEQUENCE:

N
S
Z N-N, tZ 3N N Vis<n<—
i, S il e 2
outi,  Falj=
o N, N, + N,
Z NN V——S<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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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

7.10.1 Tools description

previous MDCT based TCX defined in Table 155.

7-10 Time-warped filterbank and blockswitching

Vhen the time-warped MDCT is enabled for the stream (the twMdct flag is set il the UsacConfig()), this tool
eplaces the standard filterbank and blockswitching (see 7.9). In addition to the, IMDCT the tool contairs a time-
omain to time-domain mapping from an arbitrarily spaced time grid to the normal linearly spaced tim¢g grid and
corresponding adaptation of the window shapes.

Contains the side information necessary to decode and apply the time-warped

MDCT on an fd_channelgstream() for SCE and CPE elements. The

fd_channel_streams of\a'UsacChannelPairElement() may share one common

tw_data().

1 bit indicating that a non-flat warp contour is transmitted in this frame
Codebookindex of the warp ratio for node i.
2 bitindicating which window sequence (i.e., block size) is used.

1 bit indicating which window function is selected.

V

r

d

al

7.10.2 Definition of elements
7.10.2.1 Data elements
tw_data()

tv_data_present
tw_ratio[]
window_sequence
window shape

7.10.2.2 Help elements

<

farp_node_valuesf]

<

rarp_value_tbif]

Decoded warp contour node values.

Quantization table for the warp node ratio values, shown in Table 139.

Table 139 — warp_value_tbl

new_warp_contour|]

maex

vdiue

0

0.982857168

0.988571405

0.994285703

1

1.0057143

1.01142859

1.01714289

N(O |G| D |WIN =

1.02285719

Decoded and interpolated warp contour for this frame (n_long samples).
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past_warp_contour|] past warp contour (2*n_long samples).

norm_fac Normalization factor for the past warp_contour.

warp_contour([] Complete warp contour (3*n_long samples).

last_warp_sum Sum of first part of the warp contour.

cur_warp_sum Sum of the middle part of the warp contour.

next_warjp_sum Sum of the last part of the warp contour.

time_confour([] Complete time contour (3*n_long+1_samples).

sample_gos|] Positions of the warped samples on a linear time scale (2*n_long samples +

2*IP_LEN_2S).
X[w]I] Output of the IMDCT for window w.

z[] Windowed and (optionally) internally overlapped timeVettor 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.¥esampling filter.

N Synthesis window Tength, 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 Constants

NUM_TW_NODES 16

OS_FACTPR_WIN 16

OS_FACTPR/RESAMP 128

[P_LEN_2S 12

IP_LEN_2 OS_FACTOR_RESAMP*IP_LEN_2S+1
IP_SIZE [P_LEN_2+0S_FACTOR_RESAMP
n_long coreCoderFramelLength

n_short coreCoderFrameLength/8
interp_dist n_long/NUM_TW_NODES

162 © ISO/IEC 2020 - All rights reserved


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

ISO/IEC 23003-3:2

NOTIME -100000
7.10.3 Decoding process

7.10.3.1 Warp contour

The codebook indices of the warp contour nodes are decoded as follows to warp values for the individual

020(E)

nodes:

£ L H—0 M
LLAULIW —ddild — prescerl —VJ, U =10 = INUFL LV

N

[u—

warp _node _values[i]= Jfortw data present=1, i=0

i—1

H warp _value _tbl[tw _ratiolk]] fortw_data _present =1{ 0<i <NUM TW
k=0

Tlo obtain the samplewise (n_long samples) new_warp_contour|[], the warp_node_ values[] are now int
linearly between the equally spaced (interp_dist apart) nodes:

flor (i =0 ; i < NUM TW NODES ; i++ ) {

d = (warp node values[i+l] - warp node values[i] ) / (Interp dist;
for ( J =0 ; j < interp dist; j++ ) {
new warp contour[i*interp dist + j] = warp ndde) values[i-1] + (Jj+1)*d;

}

wo]

efore obtaining the full warp contour for this frame, the buffered values from the past have to be rescale
he last warp value of the past_warp_contour[] equals 1:

-t

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
last _warp _sum = last _warp. sum- norm_fac

cur_warp _sum =cur (Wdrp _sum - norm_ fac

o

ew_warp_sum is calculated as sum over all new_warp_contour[] values:

=

n_long—1
new _wgikp _sum = Z new _warp _contour(i]
i=0

7.10.3,2 Sample position and window length adjustment

| NODES

| NODES

brpolated

d, so that

ow the full warp_contour([] is obtained by concatenating the past_warp_contour and the new_warp_contour, and

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 iny vec(time contour[],t start,n samples,sample pos[]) {
t_warp = t_start;
J =10;
whille (( i = floor(warp time inv(time contour,t warp-0.5))) == NOTIME) ({
1 warp += 1;
1++;
}
whille ( j < n_samples && (t warp + 0.5) < time contour[3*n long] ) {
ywhile ( t warp > time contour[i+1]) {
i++;

gample pos[j] =

i + (t_warp - time contour[i])/ (time contour[i+1]-
time contour[il]);

1++7 B

t warp += 1;

the samplle position vector and the transition lengths are computed:

t start|=n long-3*N f/4 - IP LEN 25 + 0.5

warp_inp_vec (time contour,

t start,

N f + 2*IP LEN 28,
sample pos[]);

if ( lapt warp sum > cur warp sum ) {
warged trans len left = n.long/2;

else {
warpged trans len leff # n long/2*last warp sum/cur_ warp sum;

}

if (new|warpSum > ‘eUr warp sum ) {
warpged trans~Ién right = n long/2;

}

else {
warged/trans len right = n long/2*new _warp sum/cur_warp sum;
}
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;
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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;

j

else {
warped trans_ len left /= 8;

}

if ( next window_sequence == LPD SEQUENCE ) {
warped trans_len right /= 4;

}

else {
warped trans len right /= 8;

}

break;

o

irst pos = ceil (N f/4-0.5-warped trans len left);
ast pos = floor (3*N_f/4-0.5+warped trans len right);

=

7.10.3.3 IMDCT

See 7.9.3.1.

7.10.3.4  Windowing and block switching

o]

epending on the window_shape element different oversampled transform window prototypes are used, the
¢ngth of the oversampled windows is:

—

Nos=2-n_long-0S FACTOR.WIN

Hor window_shape == 1, the window coefficients are given by the Kaiser-Bessel derived (KBD) window as
fpllows:
N —n—1
N, 7 ()] N,
_ oSN =0 Nos
WKBD [n 7 J— NOS/Z ,for ) Sn<NOS
W (p.o)]
p=0
Where:

', Kaiser-Besser kernel function is defined as follows:

n_Nos/4
N, /4

Iy[na]

Iy| ma 1.0—(

W’(n,a): Jor 0<n<—
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IO[X]:g7

)]

a =kernel window alpha factor, o =4

Otherwis

e, for window_shape == 0, a sine window is employed as follows:

Wi

For all ki
shape of

left

Likewise

righ

Since th
EIGHT_S]

a) EIGHT|

The following c-code like portion describes the windowing and internal overlap-add of |a

EIGHT_S]

tw wind
t,left

offse

tr sc
tr po
tr sc
tr po

for (
z[i

J(n_%j:Sin[Nn (n+%)j for %£n<NOS
oS

hds of window_sequences the used protoype for the left window part is the determinded by the windoy
the previous block. The following formula expresses this fact:

<

Wsp [n] , if window _shape _previous block&=1
| window _shape[n] = )
Won [n] , if window _shape _ previous cblock ==

the prototype for the right window shape is determinded by the following formula:

Wxsp [n] if window _shape ==1
t _window _shape[n]= _
We [1] if window _shape ==

e transition lengths are already determined, it only has to be differentiated between
HORT_SEQUENCES and all other:
SHORT SEQUENCE:

{ORT_SEQUENCE:

bwing short (X[][],z[],£first pos,last pos,warpe trans len left,warped trans len righ
vindow shape[], right window shape[]) {

= n long - 4*n(short - n short/2;

ple 1 = 0.5*rM _long/warped trans len left*0S FACTOR WIN;

5 1 = warped_trans_len_left+(first_pos—n_long/Z)+O.5)*tr_scale_l;

ble r = 8*0S FACTOR WIN;

5 r = tx\scale r/2;

i< 0 ; 1 < n short ; i++ ) |
=)X[0][i];

}

for (
z[1

for (
z[i

i=0;i<first pos;i++)

1 =0.;
i=n long-1-first pos;i>=first pos;i--) {
] *= left window_shape[floor(tr pos 1)];

tr pos 1 += tr scale 1;

}

for (
z[o

166

i=0;1i<n_short;i++) {
ffset+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 ; ktt ) {
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 =0 ; i < n_short ; i++ ) {
z[1 + offset] += X[k][i]*right window shape[floor (tr pos r)];
foffset—T strort—=1—

X[k] [n_short + i]*right window shape[floor (tr pos 1)];
tr pos 1 += tr scale 1;
tr pos r -= tr scale 1;
}
offset += n_short;

}

tr scale 1 = n short*0S FACTOR WIN;
tr pos 1 = tr scale 1/2;

for (i =n short -1 ; i >0 ; i--) {
z[1i + offset] += X[7][i]*right window shape[ (int) floorgftx/pos 1)1];
tr pos 1 += tr scale 1;

}

for (i =0 ; i < n short ; i++ ) {
z[offset + n short + i] = X[7][n_short + i];

}

tr scale r = 0.5*n long/warpedTransLenRightf0S FACTOR WIN;
tr pos r = 0.5*tr scale r+.5;

tr pos r = (1.5*n long-(float)wEnd-0. 5twarpedTransLenRight) *tr scale r;
for (i=3*n_long-l-last pos ;i<=wEnd;i++) {

z[1i] *= right window shape[floox{tr pos r)];

tr pos r += tr scale r;

}

for (i=lsat pos+1;i<2*n long7yi++)
z[1] = 0.;

o

) all others:

tw windowing long\XT[][],z[],first pos,last pos,warpe trans len left,warped trans len right
[Jleft window shape[],right window shape[]) {

for (i=0fisfirst pos;i++)

z[1]4=)0.;
for (&=last pos+l;i<N_f;i++)
z[\ Y = 0.;

Io scale = 0.5*n long/warped trans len left*0S FACTOR WIN:

tr pos = (warped:transilenilgft+fi;stigos—Nif/Z)+O.5);triscale;
for (i=N_f/2-1-first pos;i>=first pos;i--) {
z[1] = X[0][i]*left window shape[floor (tr pos)]);

tr pos += tr scale;

}

tr scale = 0.5*n long/warped trans len right*O0S FACTOR WIN;
tr pos = (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:

. TC
sSin "
1 n’ 0S_FACTOR RESAMP

binl=T[a] -Iy| o, [1- for0<n<IP SIZE~L

IP_LEN 2° mn
OS_FACTOR_RESAMP

a=8

Before resampling, the windowed block is padded with zeros on both ends:

0 Jfor 0<n<IP LEN 2S
zp[f]=qzln—1P_LEN_28] ,for IP_LEN_2S<n<N,+IP_LEN_2S
0 for2-N,+IP_LEN_2S<n<N,+2-IP~LEN_2S

The resainpling 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_centef = 0;
for (i=p;i<numSamplesOut;i++) {
whille (j center<num samples in && sample pos[]j center]-offset pos<=i)
j| center++;
j_center--;

y[i[ = 0;
if |(J_center<num samples in-% && j center>0) {
frac time = floor ((i- (sample pos[j center]-offset pos))

/~(sample pos[j center+l]-sample pos[j center])
*eos factor);
= IP LEN 2S*os_factor+frac time;

.

fpr (k=j center~TP LEN 2S;k<=j center+IP LEN 2S;k++) {
if (k>=0 &g ksnum samples in)

y[i] +=X5[abs (3)1*zp[k];
j -= os~factor;

}
if |(JZ¢enter<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

mqry states

are set as follows:

past _warp _contour[n]=1 [for 0<n<2-n_long
cur_warp sum=n_long

last _warp sum=n_long

7.11 MPEG Surround for mono to stereo upmixing

7.11.1 Tool description

MPEG Surround uses a compact parametric representation of the htiman’s auditory cues for spatial perdeption to
low for a bit-rate efficient representation of a multi-channel signal: Although the coding of stereo signpls based

a mono downmix is not explicitly specified in ISO/IEC23003-1:2007, it is evident that such| a 2-1-2
cpnfiguration may be realized in an efficient manner. In addition to CLD and ICC parameters, IPD paramfeters can

e transmitted. The OPD parameters are estimated, with given CLD and IPD parameters for| efficient
representation of phase information. IPD and OPD pdrameters are used to synthesize the phase diff¢rence to
fiirther improve stereo image.

A basic element of MPEG Surround coding is the OTT box, which performs exactly the required mono [to stereo
upmixing on the decoder side as shown in Figutre 20.

OTT box

MO » Left

mix matrix
[M2]
D » Righ

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

MO > Left

mix matrix
[M2]

*—Rigpit
FS z

CLD ICC IPD

Figure 21 — OTT decoding block for residual coding: two output signals are generated by mixing a monag
input signal MO and a residual signal res; using the CLD, ICC, and IPD parameters

Unlike the delay introduced by MPEG Surround decoder as defined in ISO/IEC 23003-1:2007, 4.5, only hig
quality decoding is supported in MPS212. It is noted that this implies thatthé delay of 5 QMF samples prior to th
Nyquist gnalysis filterbanks shall not be inserted.

[CBR=2

7.11.2 Decoding process

7.11.2.1| Lossless decoding of IPD parameters

The syntaix element bsPhaseCoding in Mps212Config(iindicates whether IPD coding is applied. In case that th
syntax element bsOttBandsPhasePresent is decoded as 1, the number of IPD parameter bands is transmitte,

Qo

explicitly] by bsOttBandsPhase. Otherwise, thenumber of IPD parameter bands is initialized to their default
values uging Table 109.
If residugl coding is employed (bsResidualCoding == 1), the number of IPD parameters transmitted is equal to

the largef of the two values bsOttBandsPhase and bsResidualBands.

In the following text numBandsIPD refers to the number of IPD parameter bands, i.e., the number of transmitted
[PD parameters.

(i

The syntax element, bsPhaseMode indicates whether the IPD parameters are available for the currery
Mps212Data frame. If-the value of bsPhaseMode is set to zero, the IPD parameters are set to zero. Otherwise, th
quantized IPD indices ‘are losslessly decoded from the bitstream.

[¢)

If decodiTg the IPD parameters, the syntax element, bsQuantCoarseXXX[][] means bsQuantCoarseIPD[][].

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 bsQuantCoarseIPD, 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 @
ps = parameter set having values in the range 0 .. numParamSets-1,

pb = parameter band having values for IPD parameter in the range 0 .. numBandsIPD-1 and for other parameters
in the range 0 .. numBands-1,

pg = parameter group having values in the range 0 .. dataBands-1.

—_—

W case of IPD parameters, the syntax element, bsXXXdataMode[][] in Table 62 means bsIPDdataMode[][].
ecode IPD parameter sets ps according to their bsIPDdataMode[][] as belew.

]

while (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]) {
DecodeDataPair();/* see ISO/IEC 23003-1, 6.1.2.3*/
}

break;

oy

irst, the previous data is pre-processed for time-differential decoding:

setIdxStaxf(= dataSetIdx[ps];
startBandv= startBandIPD[pi];
stopBand = stopBandIPD[pi];
fdoStxride = pbStrideTable[bsFregResStrideIPD[pi] [setIdx]]; /* see ISO/IEC 23003-1 Tlgble 70
X/
ataBands = (stopBand - startBand - l)/pbstride + I; /* ANSL 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);

elsq {
ecodeDeltaData (setIdxStart) ;

} else
idxIPDnotMapped|[pi] [setIdx] [pg] = bsIPDpcm|pi] [setIdx] [pgl:

where the decodeDeltaData(setldx) process is carried out as follows:

for (pgf 0; pg< dataBands; pg++) {
switlch (bsDiffTypeIPD[pi] [setIdx]) {
casg DIFF FREQ:
1f (pg > 0 ) {
idxIPDmsb[pi] [setIdx] [pg] =
(1idxIPDmsb[pi] [setIdx] [pg-1] + bsIPDmsbDiff\pi] [setIdx] [pg]) %8;

else {
1idxIPDmsb[pi] [setIdx] [pg] = bsIPDmsbDiff/[pd] [setIdx] [pg];
reak;
casg DIFF TIME:
1f ( (pg > 0) || (mixedTimePairIPD[piMsetIdx]) ) {

switch (bsDiffTimeDirectionIPD[pi] [setIdx]) {
case BACKWARDS:
1dxIPDmsb[pi] [setIdx] [pgi~=
(1dxIPDmsb[pi] [setlds-1] [pg] + bsIPDmsbDiff[pi] [setIdx] [pg]) %8 ;
break;
case FORWARDS:
/* assert that idxIPDmsb([pi] [setIdx+1] is already available */

1idxIPDmsb[pi] [setldx] [pg] =
(1idxIPDmgbipi] [setIdx+1] [pg]l + bsIPDmsbDiff[pi] [setIdx] [pg]) %8;

break;
}
else {
1dxIPDmsbApl] [setIdx] [pg] = bsIPDmsbDiff[pi] [setIdx] [pb];
t
if (bsQuantCoarseIPD==1) {
{dxEPBnotMapped|[pi] [setIdx] [pg] = idxIPDmsb[pi] [setIdx] [pg];

‘

else—t
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 parameters types are dequantized for all parameter bands 0 <m < Mpm, and all parameter sets

ccording to ISO/IEC 23003-1:2007, 6.1.8. For IPD parameters, the dequantization function uses” Tablg
ill return a dequantized value according to chosen index.

s D

<

Vhenever parameter interpolation is used as signalled by bsIPDdataMode(pi,/, m)=2 for the corre
ndices idxIPD(pi,/,m), the dequantization function will also use the parameter, time slot vector §

previous and next parameter indices idxIPD(i, /., m) and idxIPD(pi,/,4.:.91) , respectively, to calg
nterpolated IPD indices according to:

—

—

idXIPD(]?l, lbefb,.e,m) ,lf iXmPD(pl, laﬁer ,m) - iXmPD(]?l, lbefore,m) <8

idxIPD il,m)=
before (P ) {idXIPD(I?iylbg/fore’m)+16 ,else

idxIPD(pi. 4, .m) Af iAXIPDDL Ly ) — iAXIPD(DI, 5 1) <8

idxIPD, ., (pi,l,m) =
ater (P10 {idePD(pi,lqﬁe,,,m)+16 else

idxIPD(pi,l,m) = | idxIPDy . (pi.],m) + INT { P Daser (1) = 1AXIPDreore (P L) 1y ))j
t(lafter) - t(lbefore )

lbefore << lafter

where

and where

4, ¢er is the parametef-set with the smallest value larger than / for which bsIPDdataMode(pi,/,g...m
where

-t

me slotinthe current frame, hence equals zero.

0<I/<L
140 and

sponding
and the
ulate the

mod 16

8 core 1s the parameter set with'the largest value smaller than / for which bsIPDdataMode(pi,/, .z .. m) # 2

#72 and

idxIPD(pi,-f,m) refers to the last parameter set in the previous frame and t(—l) is set to the first pprameter

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)
OPPp-*—= ( T 0 gk
lef arctan "2 ; stn( ) ,otherwise
CLD"™
wf’m 10 20 4 wé’m cos(]PDl’m)

with

wil'=(2-VER!m ) wimJERI™,

cLDlm cLDlm
10 10 +1+2-oos(IPD1"")-ICC"m-10 20

cLpt:m cLplm
10 10 +1+2-Icclm.10 20

ERfm =

where ER represents the energy ratio between a phase aligned and:a non-phase aligned downmix.
7.11.2.3 Calculation of pre-matrix M1 and mix-matrix M2

7.11.2.3/1 General

The calctplation of pre-matrix M1 and mix-matrix- M2, which are interpolated versions of Ri’m G:’m H"™ an

Rlz’m, is|done according to ISO/IEC 23003£1:2007, 6.5, but with the modifications described in the followinlg
section. Ih case that IPD parameters are available, mix-matrix M2 is modified for phase synthesis.

[W

7.11.2.3.2 Upmix without IPD coding

For the 2}1-2 configuration Rl’m is defined according to:

RM —H
bl =
1

The Gi’m matrix is defined as for the 5-1-5 configuration according to ISO/IEC 23003-1:2007, e.g., if no extern
downmix compensation is applied:

[=

G" =l 0]

The matrix Hi’m for the 2-1-2 configuration defaults to the unity matrix.

174 © ISO/IEC 2020 - All rights reserved


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

ISO/IEC 23003-3:2

For the Rgm matrix, the elements are calculated from an equivalent model of one OTT box according to:

i e,

7.11.2.3.3 Upmix with IPD/OPD coding

HILg,  H12G,
H21yr  H22uw

I,m
2

et

f hsPhaseCoding == 1 and bsResidualCoding == 0 _then in the case that the IPD coding is enable

020(E)

for the

(@]

urrent frame, the phase correction angles from the IPD and estimated OPD for the two output channéls
r all parameter sets [ and processing bands m:

=2

,
= OPDIe}?

I /
= OPDyy — IPD™"

l,m
HI

l,m
(92

. . i 1, 1,
is noted that due to the wrapping property of phase values, the correction augles ¢, " and 0, " are d

—_—

sing a modulo 27 operation.

>

daptive smoothing is applied to the phase correction angles. The smoothed correction angles are cald

o7

da +(1-6)

s

_I-1m

6,0, ,5(1)

Alm

0. =smoothAngle

fhere x =1 or 2,

aprev - aprev <z
da + (= 5)(amv + 27z)

S(a+27)+(1-6)a

smoothAngle(a,a ., ,0) = A=y >7 pmod 27z

prev & T ppey

and

(¢(1)+1)/128
(1) —t(=1)) /128

5(0) = {

Smoothing can’be”disabled by the encoder using the bsOPDSmoothingMode flag or shall be disable
decoder if the”IPD resulting from the smoothed phase correction angles deviates from the transmitte
more than.a.defined threshold, as shown here:

6L™ (bsoPDSmoothingMode=0)II(|aIPDV™|>8)

are given

alculated

ulated as

d by the
d IPD by

oim = |

Ayl

11
O, eise

\

where

ﬂﬂ' bsQuantCoarselPD =1

180

27[ bsQuantCoarselPD =0

180
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and AIPD"™ is the difference between the transmitted IPD and the IPD resulting from the smoothed angles,

normalized to arange of £ 7 :

AIPD™ = (IPDl’m _(éll,m — éém) + 7;) mod 27 — 7

To obtain the phase correction angles for all time slots, a linear interpolation with unwrapping is performed:

({4 o A1 m f 3l m
(T, ~am1)o,; % Yx
" ={(1-a(n1)) [ gi-1.m_ o7 )+ a(n,@lm  gm_gl-lm
' I Tk ) VB TUx x

an.
X
(1-a(n, Ij) gI-1.m o g(n 1) ( gl.m 4 2:1') Glm_gi-im . _ o
} IS T x L ] 'x X
The phasg synthesis is applied by modifying the mix-matrix M2 as follows:
=nx(k)
A ! 0 ||My MY
Mn:c _ 11 12
2 =1, & K) n.k nk
8. J : :
0 e’?2 My My

7.11.2.34 Upmix with prediction-based IPD coding
If bsResidualCoding == 1, the matrix Ré’m is defined as follows (where, if bsPhaseCoding == 1, the transmitte|

Falues are used, and where, if bsPhaseCoding == 0, the-value /PD =0 is used for all parameter sets

|

{

IPD"™ 3
and processing bands 2 ):
1 [1=a/™"1 Bond
Hlll,m le[’m 2Cl’m " o 1 ,m<resbands
R = orTT OTT Q
21 = I, L =
HZIO?T H22O’;T 1 (e ol Bl,m .
,otherwise
28 14 ol —plm
where
CLD}™+1
- 1.2,

clm=min
CLDII.”” +1+2.1CCH™ .cos (IPD”’”)-JCLDI.""
in lin

1<€LD, ™ ~2 j-sin (IPD'™).1CCh™ .JcLD:™
_ in lin

CI n["m +142.7cCLM . cng (anhm).AVIN nll”"
n mn

2-\/CLDIII,’;" -(1—(166"’")2)

,Bl,m — ,
CLD™+1+2-cos (IPD[’”’)-ICCI"” JCLDL™

using
cLptm

CLD;™=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 used.

Incase CLD!™=1, ICC"" =1 and IPD"" = 1

1 |1 1
| ,m < resBands

Rl,rn — 2CCllp 1
2 + 1 ol
T T A N
,otherwise
chllp _1 0

Where ¢, = 1.2

7.11.2.4  Transient steering decorrelator (TSD)

©»_ -

fructures, and a signal combiner as shown in Figure 22.

decorrelator block D

Ve

where

]

ap - all-pass'decorrelator as defined in 7.11.2.5.

Drg: Fransient decorrelator.

vn,k
X, nonTr > DAP ﬂ
vyt | transient +
separation
sk
S » Drr 4T
A A
&
TsdSepData bsTsdTrPhaseData

Figure 22 — Transient steering decorrelator block D

he decorrelator block D in the OTT decoding block (Figure 20) consists of a:signal separator, two deg

nk
dX

orrelator

If the TSD tool is active in the current frame, i.e., if (bsTsdEnable==1), the input signal is separated into a transient

n,k

X nonTr according to:

k .
stream V;'( 7r and a non-transient stream v

nk _JVx
Vxrr=

. [v  if TsdSepData(n) =1, 7<k
0 , otherwise

VX,nonTr =

. {0 ,if TsdSepData(n)=1, 7<k

v;'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-Q’s-otherwise -is-defined-asfollows:
[s] T T

Position decoding function TsdTrPos_dec(bsTsdCodedPos):

bsTpdCodedPos;
bsTpdNumTrSlots+1;
numflots;

0]
Il

for (k=p; k<N; k++)

TsdpepData[k]=0;

if [(p > k) |
for (;k>=0; k--)

TsdSepDatal[k]=1;
break;

if |(s »>= (int)c) { /* ¢ is long long for<wp to 32 slots */
s -= c;
TsdSepDatalk]=1;
p-=;
if (p == 0)
break;

If the TYD tool is disabled in-the current frame, i.e., if (bsTsdEnable==0), the input signal is processed as

TsdSepData(n)=0 for all n.

Transient signal comp@netits are processed in a transient decorrelator structure Dpp as follows:

(e vk ifbsTsdEnable=1
d = _ )
0 , otherwise

if

where

¢rsp=70.25-bsTsdTrPhaseData(n).

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,

dk =D,, {v”'k }

X,nonTr X ,nonTr
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The decorrelator outputs are added to form the decorrelated signal containing both transient and non-

components,

nk _ jynk n,k
dX _dX,Tr +dX,nonTr :

7.11.2.5  All-pass decorrelator

7.11.2.5.1 General

transient

S described 1M ISO/TEC 23003-172007, 6.6, the de-correlation fiiters consist of a frequency-dependent pre-delay
followed by all-pass (IIR) sections.
Hor the 2-1-2 configuration, the frequency axis is divided into up to four different regions accdrding to
BsDecorrConfig but only one decorrelator is used, X = 0.
Ih each frequency region the length of the delay is defined as:
v}‘ll'k k ek,
nk v?{lo'k k ek,
X delay — -5 k
Y v;'( 5, ,k S kz
vk kek,
The delayed hybrid subband domain samples are then filtered according to ISO/IEC 23003-1:2007, 6.¢.2, using
the following lattice coefficients:
—+ For region ko, the length of the coefficient vector@s given by L =10, and the lattice coefficient l)"(,o are
defined according to Table 141.
k I
—+ For region ™1, the length of the coefficient vector is given by L= 8, and the lattice coefficienty *! are
defined according to Table 142.
k Iy
—+ For region "2, the length of the /coefficient vector is given by L= 3, and the lattice coefficienty **? are
defined according to Table _143.
—+ For region k3, the lefigth’ of the coefficient vector is given by L =2, and the lattice coefficients l)nm are
defined according-to_Table 144.
Table 141 — Lattice coefficients l)n(’o for region ko
lattice coefficients for region ko
0 -0.6135
1 -0.3819
2 -0.2331
3 -0.1467
4 -0.0074
5 0.0281
6 0.1061
7 -0.2914
8 0.1576
9 0.0898
© ISO/IEC 2020 - All rights reserved 179


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

ISO/IEC 23003-3:2020(E)

7.11.2.5,

The use
coefficier
decorrela

The lattig
in ISO/IE

Table 142 — Lattice coefficients l;’l for region f,

lattice coefficients for region

-0.2874

-0.0732

0.1000

-0.1121

0.0822

0.0202

-0.0521

N| O G B W N RO

-0.1221

Table 143 — Lattice coefficients l;’z for region £k,

lattice coefficients for region £,

0 0.1358
1 -0.0373
2 0.0357

Table 144 — Lattice coefficients l)n(,3 for region k3

lattice coefficients for region k3

0.0352

-0.0130

Table 145 — Calculation of lattice coefficients

2 Fractional delay decorrelator

of fractional delay in thel decorrelator is optional. The filter coefficients are derived from the lattig
ts in a different manner) depending on whether fractional delay is used or not. For a fractional dela
tor, a fractional delay-is applied by adding a frequency dependent phase-offset to the lattice coefficients

e coefficients ¢;k are calculated as shown in Table 145 with qk and phase coefficients (D; as define
C 23003-1:2007, Table 92 and Table A.30 respectively.

[¢)

[eN

180

k Normal decorrelator | Fractional delay decorretator #
ko ;k _ln X —eXp(J q);’( . j-l:\l,’o 0,...,9
n,k n n, k n n
k n,k ln n, /r _ .] n n
a k= =exp| @y Ay, 0,12
k n,k ln n, /r _ .] n n
3 X = =&Xp 5'(/’)( 'lX,S 01
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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 left 1 F 1 } CPE, of
=— X
CPE}‘ight \/5 1 - 1 CPEright
7.11.2.7  SBRdecoding

et

bsResidualCoding == 0, mono SBR decoding is invoked prior to MPS decoding (as shown in’ Figurg

DMX input of the MPS decoder is fed by the 64 QMF band output from the SBR decoder.
DMX | MonoSBR | | L
USAC decoder ld MPS ——
—»] core decoder
decoder R )

Figure 23 — bsResidualCoding ==

bsResidualCoding == 1 and bsStereoSbr == 0, mono SBR.decoding is invoked prior to MPS decoding (
Figure 24). The DMX input to the MPS decoder is fed bysthe 64 QMF band output from the SBR decoder
put to the MPS decoder is fed by the 32 (16, 24, depénding on sbrRatiolndex) QMF band analysis o

[ —

b

Figure 24 — bsResidualCoding == 1, bsStereoSbr ==

et

bsResidualCoding == 1 and bsStereoSbr == 1, MPS decoding is invoked prior to stereo SBR dec
hown in Figure 25), so that SBR is applied to the left/right stereo signal. It is noted that this implies a
ynchronization between the core signal and the SBR data as compared to the situation when bsStereo

(2%}

23). The

hs shown
The RES
[ the RES

output from the core decoder, with the upper 32 (resp. 48, 40) QMF bands set to zero (as described if ISO/IEC
23003-1:2007, 6.3.3 for downsampled MPS decodér operation).
DMX | MonoSBR | L
USAC decoder e MPS —>
—»] core decoder
decoder | RES . R,

bding (as
different
Sbr == 0,

ue tothe 384 samples delay of the hybrid analysis filterbank in the MPS decoder which cannot share the 6 QMF
spmple ‘look-ahead with the SBR decoder in this configuration. The MPS decoder is fed by the 32| (16, 24,
epending 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-dimensienat-bloeks-are Liuautibcd stnee-theEPEfiterhasorder+6-—-Atltet uat;vcl_y, whetr app}icd tO quautibc the
FAC corrgction, the number of 8-dimensional blocks of DCT coefficients quantized with AVQ depends on the sige
of the FAL window. Before looking 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 ¢f
points in|8 dimensions. The REglattice is defined as follows:

RE|=2D, U{2D +(1,1,1,1,1,1,1,1)}

where Dy is the 8-dimensional lattice with integer components whose sum is even (or équal to 0 modulo 2). Heng

o

2Dg is populated by 8-dimensional vectors with integer components whose sum is:0'modulo 4. Also, lattice 2Dg
(1,1,1,1,141,1,1) is simply 2Dg shifted by vector (1,1,1,1,1,1,1,1). So REgis the union of all points in 2Dg and in 2l
+(1,1,1,441,1,1,1). Two example vectors in REg are (1,1,-1,1,1,-1,-1,-1) and(052,0,0,0,0,0,2).

Points in|a lattice can be generated using the generator matrix for that lattice. For a lattice in n dimensions, thie
generato matrix is an nxn matrix. The generator matrix of lattice REg41s 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 OO O O O O
=D O O O O O O
Lo O O O O O O

If k is an [8-dimensional lifte-vector with integer components, then the matric product k G is a lattice point in RE},.
For exanmple, using 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 §
it is a pofnt 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 point in
lattice RHg. An se-on:

[=)

—_—

Any lattigelas the REg lattice has an infinite number of lattice points which theoretically extend to infinity in a|l

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

(bviously, all lattice points on one of those concentric spheres have the sameJlé€ngth. Since permutatidns of the
cpmponents of a given vector produce other vectors of same length, all permutations of some lattice pdint lie on
the same sphere. This gives rise to the notion of leader, a central coneept used for enumerating (and thus
transmitting) the lattice points in the base codebooks, and thus used inthe AVQ tool. A leader is defined as an 8-
(Imensional vector which is part of the lattice and whose components are sorted in descending |order of

agnitude. There will be two kinds of leaders: absolute leaders, with all components positive or zero, and signed
l¢aders, with components also taking positive and negative.sign. To take an example, (2,2,0,0,0,0}0,0) and
(L,1,1,1,1,1,1,1) are the two absolute leaders on the first sphere of the lattice. Furthermore, there are|3 signed
l¢aders corresponding to the absolute leader (2,2,0,0,0,0,0,0), namely (2,2,0,0,0,0,0,0), (2,0,0,0,0,0,0,0,-2) and
(p,0,0,0,0,0,0,-2,-2). And there are 5 signed leaders corresponding to the absolute leader (1,1,1,1,1,1,1,1), namely
L1,1,1,1,1,1,1), (1,1,1,1,1,1,-1,-1), (1,1,1,1,-1,-1,-1,-1),(1,1,-1,-1,-1,-1,-1,-1) and (-1,-1,-1,-1,-1,-1,-1,-1). [t can be
verified, with the definitions given above, that any permutation of these signed leaders is a point in the laftice RE.

Decoding a vector in one of the base codeboeks will thus require determining, from the received parametgrs in the
bitstream, the identity of the codebook (@,, Q3 or Q,) and then the absolute and signed leader and finally the

permutation of the signed leader compohents to provide the identity of the lattice point selected at the enjcoder.

Tlhrough adaptive bit allocation,.the encoder can select larger or smaller lattice codebooks to encode { given 8-
dimensional block of coefficiénts. The spherical enumeration and leader concept could be used to constfuct even
larger codebooks than the\base codebooks Q,, Q3 and Q4. However, beyond these base codebooks a technique
cplled the Voronoi extension is applied. Suppose that a vector x had to be quantized, and that x lied oytside the
largest base codeboek as shown here in red (in Figure 27, the Voronoi or nearest-neighbour regions around each
lattice point in th€ base codebook are shown):

Figure 27 — Vector x lies outside of the largest base codebook

© ISO/IEC 2020 - All rights reserved 183


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

ISO/IEC 23003-3:2020(E)

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.

Figure 28 — Scaled base codebook with vector x
falling within the codebook space

Now vector x lies “inside” the base codebook (actually inside the Voronoi region of one of the vectors of the scale]
base codgbook). However the Voronoi regions have been enlarged so the expanded. region will now cover mor
than onelattice point, in the case of REg the Voronoi region will cover 16™=256points and use 4m=8 bits for
scale factor of m = 2. Then, each time a base codebook is enlarged by a factor of two, the Voronoi region needs
additiongl bits in order to cover all REglattice points inside the codebook. Also;-because of the regular structure

SRS ="

the lattide, the Voronoi extension retains the lattice structure. That is(the extended codebook points and th
additiongl codebook points from the Voronoi extension are all lattice points in REg,

To decodg the lattice point nearest to vector x selected at the encoder, the decoder will require to determine, from
the receiyed parameters in the bitstream, the identity of the base codebook (Q,, Q3 or @), then the scaling factqr
m for thg base codebook (if the Voronoi extension is used)sthen the decoded point c in the base codebook (with
the lead¢r and permutation technique discussed abové); and finally the vector from the Voronoi extensiopn
codebook, v. The decoded lattice point will then be obtained as:

B=mc +v
Hence, the description of any lattice point using the Voronoi extension method uses two components, one from

the scaled base codebook and the other\from the Voronoi extension. Otherwise, when no Voronoi extension 1s
applied, 4 lattice point is simply described as vector ¢, an element in one of the (unscaled) based codebooks Q, @},

Q5 or Q, [with Q used only to indicate the all zero vector).

With thege definitions we canynow turn to the actual decoding steps for the AVQ tool.

For each|8-dimensional block of coefficients quantized with the AVQ tool, three parameters are received at the
decoder:

— acoglebdok number gn;

— avectorindex [,

— 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);

— ifgn >4, m = 2" with exponent r = 1 when gn is in {5,6}, r = 2 when gnis in {7,8}, r = 3 when gn is

and so on up to r= 16 when gn is in {35,36}.

Hence the scaling factors for the Voronoi extension, when applied, are integer powers of 2.

ext we describe how the indices I and k are decoded to prnr‘nr‘n' rncppr‘ﬁvnly' the 8-dimentional vector

in {9,10},

s ¢ (entry

=

S
e
0
d

—

om base codebook) and v (Voronoi extension).

irst, a base codebook index n and the level of the Voronoi extension are computed from the codebook in|
bllows:

- ifgn<4,thenn=gn and there is no Voronoi extension (k is not even present in the bitstream);

Voronoi extension).

ince gn is a positive integer (including 0 but excluding 1), the base codebook index n is in {0, 2, 3, 4}.
ach base codebook @, comprises 241 entries (lattice points). So Qp has-} entry, namely the origin [0,0,0

onsequently, index I comprises 4n bits and uniquely identifiesonedattice point in Q. Knowing the base

ndex n, the decoding of index I follows steps 1 to 6 below:

1) From the value of the received vector index<, determine the absolute leader. This absolu

has the closest and lesser or equal value to I. The cardinality offset table of base codebooks @,
13 = {0, 128, 240, 256, 1376, 2400,:3744, 3856, 4080} - Q, uses only a subset of these. The c
offset table of base codebook Qg is 14 = {0, 1792, 5376, 5632, 12800, 21760, 22784, 31744, 3891
52800, 53248, 57728, 60416,61440, 61552, 62896, 63120, 64144, 64368, 64480, 64704, 6472

value in the cardinalityioffset table I3 is 256. Select the absolute leader “number 3”, since the va
at position 3 (starting-counting at position 0) in the cardinality offset table.

dex gn as

- ifgn>4,thenn = 3 if gnis odd and n = 4 if qn is even (so only Q3 or Q, is(used as base codebodk for the

To recall,
0,0,0,0,0]

f the lattice. Q, has 256 entries (or 256 lattice points). Q; has 4096 entries and Q, has 65536 entries.

rodebook

ke leader

identification is done by comparing index ./ to the cardinality offset table for absolute leaderfs of base
codebook @,. The absolute leader will be'identified as the position in the cardinality offset talple which

and Q5 is
ardinality
2,45632,
0, 64944,

65056, 65280, 65504, 65520}. So, for example, if n = 3 and index I = 467, the closest and lesser or equal

ue 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

OO0 (N[N (OB (OO [ WU D W IN D (WP (S| W

[EN
o

(o¢]
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12
12
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20
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[EN
o

OO |ICCIC|IC|IQCIQIO|RIOCIN|ICIO(RININ(BCIRININIWIROCINIWININ(RIPIO(FRIN|O|(F-
OO |IC|IC|IC|IC|C|OCC|ORR(ICIQC|IQC|IO|IRIOIN(ICIOCRININIWIR|IOIN|RINOC|R IO |IRIN|IO
OO |ICC|IC|C OO |O|R|(OIDOC(O(R|IC|ICIC|IC|IRIOCIN|IFRIFRIOCIN|IFRINC|IR|IP(O|IR|OO
OO0 |C(C|IC|C(C(QC|O|R(C|IC|OOIR|ICICIC|IC|IRPIOCIN|IRP|IRIC|IC|IRINC|IR|IP(OC|IR OO
OO |ICC|IC|IC|CIC|IO|RICIC|IC|IOIHOIOCIC|IOC|IRIOCIN|IFR|IFRIC|IOCIRINIC|IR|PIO|IR OO
OO0 |CC|IC|IC|CIC|IO|RICICIC|IOIR|IC|ITIQMOC|IR|ICIOCIRIRPICICIPINIOCIR|IPIOC(R|IC|IO|(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 le
eader means selecting the third line o

ader “number 3” is selected, then reconstructing the absolut

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,

1,
326,
1888,
196,
2660,
2400,
5385,
5912,
11904,
17280,

29,
606,
1896,
616,
2688,
2568,
5413,
6472,
11960,
17560,

99,
1026,
2064,
1176,
3024,
2904,
5469,
6528,

12520,
18680,

127,
1306,
2344,
1596,
4144,
3072,
5539,
6696,

12800,
20360,

128,
1376,
240,
1764,
4480,
3240,
5595,
8376,
13080,
21480,

156,
1432,
248,
1792,
4508,
3576,
5623,
9216,
14200,
3744,

212,
1712,
0,
1820,
4928,
5376,
5631,
10056,
15880,
3772,

ISO/IEC 23003-3:2020(E)

S5020,
22776,
28524,
32136,
36560,
41432,
47424,
51008,
52856,
55768,
59408,
60936,
61552,
63008,
63968,
64452,
64776,
65168,
65520,

7607
22784,
28944,
32976,
37680,
43112,
47480,
51344,
53024,
56608,
59744,
61104,
61720,
63064,
64136,
64480,
64832,
65224,
655281} ;

76867
22854,
300064,
34096,
38520,
43952,
48320,
52464,
53192,
57448,
60080,
61384,
62056,
63120,
64144,
64536,
64888,
65280,

9565
23274,
31184,
34936,
38856,
44372,
49160,

3856,
53248,
57728,
60416,

4080,
62224,
63128,
64200,
64592,
64944,
65336,

65
23344,
31254,
35272,
38912,
45212,
49216,

3912,
53528,
58064,
60472,

4088,
62392,
63296,
64250,
64648,
64972,
65392,

24464,
31674,
35328,
39332,
45632,
49272,

3968,
54368,
58400,
60752,
61440,
62728,
63576,
64312,
64704,
65028,
65448,

5207
25584,
31744,
35384,
40172,
45968,
50112,

4024,
55208,
58736,
60920,
61468,
62896,
63632,
64368,
64722,
65056,
65504,

oU0,
26004,
31800,
35720,
40592,
47088,
50952,
52800,
55488,
59072,
60928,
61524
62952/,
63688,
©4396,
64720,
65112,
65512,

4)

So taking again the example in Step 1 where,cgdebook number n = 3 and vector index I = 467, the closest

and lesser or equal entry in table Is is 326.\This value of 326 is at position 9 in table Is. To kn
signed leader this corresponds to, it is _fequired to know which absolute leaders, in order, ar
populate codebook @,, and to look at beth Da and Is tables. Table A3 = {0,1,4,2,3,7,11,17,22} ind
position of the absolute leaders fronr'table Da to populate codebook Q5. And table A4 = {5, 6, 8,
13, 14, 15, 16, 18, 19, 20, 21,23, 24, 25, 26, 27, 28, 29, 30, 31, 32, 33, 34, 35, 36} indicates the p
the absolute leaders from table Da to populate codebook Q. So, to continue with the example u
and index I = 467, the«first absolute leader is [1,1,1,1,1,1,1,1], which has five signed leaders
above. These first fiye.signed leaders map to the values 1, 29, 99, 127 and 128 respectively in ta
continue in table {5 {1p to the 9th element (with value 326). So, according to table A3, the nexd]
leader in Q3 is {3y1,1,1,1,1,1,1], which has 8 signed leaders: [3,1,1,1,1,1,1,-1], [3,1,1,1,1,-1,-1,-1],
1,-1,-1,-1], [3;22,-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, -3
1,-1,-1,-1,%1;:1, -3]. These eight signed leaders map to the next 8 values in table Is, namely 156,
326, 606,/1026, 1306 and 1376. Advance to the ninth position in table Is and thus to the nin
leaderforming codebook @3, then pick the fourth of these signed leaders, that is vector [3,-1,-1

1,-1]. It is a specific permutation of the elements of this signed leader that will form the decod|
vector y (see Step 5).

w which
e used to
cates the
9,10, 12,
psition of
singn =3
as given
ble Is. We
absolute
[3;]-'11-1;_
| and [1,-
P12, 256,
th signed
1-1;_11_1;_
ed lattice

Calculate the rank of the permutation, obtained as the difference between the received vector i

dex I and

5)

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.

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
codebook. To do this, the elements of the signed leader are seen as forming an alphabet. So

the base
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 q =

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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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):

— Settarget=rank * B;

— Setfac B=1;

— Forigoing from 0 to 7 inclusively do the following:
— fac=fac_B* (7-)};
— j=-1;

— iteratively increment j by 1 and remove the value fac*w]j] from targetras-long as target
positive or 0;

[72)

— setelement c[i] = aj];
— increment target by fac*wl[j];
— multiply fac_B by w[j];

— decrement w[j] by 1.

o

At the end of this loop, the 8-dimensional vector ¢ contaift's the properly permuted elements of the signe|
leader to form the desired decoded base codebook vector.

6) [One last step is required if a Voronoi index-k'was also received (recall that this happens only if th
codebook index gn > 4). The Voronoi indéx k is actually a set of 8 integers (it can be seen as an §
dimensional vector of integers), all in the range 0.m-1 where m = 27 is the Voronoi extension scalin
factor. The exponent r = 1 when gnisin’{5,6}, r = 2 when gnis in {7,8}, r = 3 when gn is in {9,10}, and s
on up to r = 16 when gnis in {35,36}. Upon receiving the Voronoi index k, or actually the 8 integers i
vector k, and knowing the scaling factor m, decoding the Voronoi extension requires applying th
following four substeps:

[¢)

O 09

D =

[*D]

— Decode the latticepoint corresponding to k using the generator matrix, i.e., calculate vector v = k
where k is the (8=dimensional line vector containing the Voronoi extension indices and G is the
generator matric of the REg lattice.

—  Shift véctor v by a = (2,0,0,0,0,0,0,0) and divide this shifted vector by the scaling factor m to produd
vector,z = (v - a) / m. Note that z will have integer components.

(¢

—/\Find the nearest neighbour of vector z in the REg lattice. Call y this nearest neighbour. Because of the

construction of lattice RE,, this nearest neighbour is either in ZD8 orin ZD8 +(1111111.1)

— Remove my 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:

mc + v

recalling that the base codevector c was obtained in step 5.
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7.13 LPC-filter

7.13.1 Tool description

020(E)

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

quantization indices of MDCT coefficients. This subclause describes the decoding of the LPC filters.

7.13.2 Definition of elements

he actual number of LPC filters nb_lpc which are encoded, within the bitstream depends on the ACELP /]
pmbination of the USAC frame. The ACELP/TCX modé.combination is extracted from the field Ipd_mode
irn determines the coding modes, mod[k] for k=0%te 3, for each of the 4 subframes composing the US4
he mode value is 0 for ACELP, 1 for short TE€X (coreCoderFrameLength/4 samples), 2 for medium
oreCoderFrameLength/2 samples), 3 for long TCX (coreCoderFrameLength samples). See also the def]
Ppd_mode and mod[] in 6.2.10.2.

—— gt o =

[o—

h addition to the 1 to 4 LPC filters of the superframe, an optional LPCO is transmitted for the first super
ach segment encoded using the LPD core codec. This is indicated to the LPC decoding procedure
rst_lpd_flag set to 1. In case offirst_lpd_flag==0, LPCO shall be equal to LPC4 of the previous super frame

e B ¢°)

Thhe order in which the LPCfilters are normally found in the bitstream is: LPC4, the optional LPCO, LP
Ind LPC3. The conditien‘fer the presence of a given LPC filter within the bitstream is summarized in Tabl

QO

Table 147 — Condition for the presence of a given LPC filter in the bitstream

Ipc_set LPC coefficient set index which goes from 0 (LPCO) up to 4 (LPC4)
correspondingly.

mode_lpc Coding mode of the subsequent LPC parameters set.

qn[k] Binary code associated with the corresponding codebooknumbers n;.

Ipc_first_ approximation_index[lpc_set] A vector index for the first approximation.of LPC filter paramet
the LPC filter set Ipc_set.

1 The rank I of a selected lattice point.

Rv[lpc_set][K][8] The AVQ refinement voronoi exterision indices for LPC coefficient set Ip¢_

7.13.3 Number of LPC filters

ers of

set.

CX mode
which in
AC frame.
size TCX
nition of

Hframe of
by a flag

C2, LPC1,
e 147.

LPC filter Present if

LPCO first_lpd_flag=1
LPC1 mod[0]<2

LPC2 mod[2]<3

LPC3 mod[2]<Z

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

© ISO/IEC 2020 - All rights reserved
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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
' /777 approximation S
Vi E ) 4 quantized
' LSFs
_____ H Inverse fv\
Dlemultiplexer 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 vectorof LSP (line spectral pair) parameterf,
then intefpolated and converted again into LPC parameters.
7.13.5 Decoding of the LPC quantization mode
LPC4 is qlways quantized using an absolute quantizationiapproach. The other LPC filters can be quantized usinlg
either an|absolute quantization approach, or one of several relative quantization approaches. For these LPC filterg,
the first|information extracted from the bitstream’is the quantization mode. This information is denoted

mode_lpc and is signalled in the bitstream using avariable-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,

Pos)in ( . .. Binary n,
bitstream Present.if Filter Quantization mode mode_lpc code mode
1 always LPC4 Absolute 0 (none) 0
. _ Absolute 0 0 0
2 firstlpd_flag=1 | LPCO Relative to LPC4 1 1 3
Absolute 0 0 0
3 mod[2]<3 LPC2 Relative to LPC4 1 1 3
Absolute Q 10 Q
Relative to
4, mod[0]<2 LPC1 (LPCO+LPC2)/2 2 1 11 1
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

ilters, as indicated in the fourth column of Table 148. For example, for LPCO there is only on

relative

f

quantization mode for which the inverse-quantized LPC4 filter constitutes the first-stage approximatian,
there are two possible relative quantization modes, one where the inverse-quantized LPC2 constitutes
stage approximation, the other for which the average between the inverse-quantized LPCO ‘and LP
cpnstitutes the first-stage approximation. As all other operations related to LPC quantization,‘computat
first-stage approximation is done in the LSF domain.

7.13.7 AVQrefinement

7.13.7.1 General

—

he next information extracted from the bitstream is related to the AVQefinement needed to build the

[¢liNe]

ncoded relatively to (LPCO+LPC2)/2.

The AVQ is based on an 8-dimensional REj lattice vector quantizer. Decoding the LPC filters involves dec

two 8-dimensional sub-vectors ék , k=1 and 2, of the weighted residual LSF vector.

—

he AVQ information for these two subvectors is\ extracted from the bitstream. It comprises two
pdebook numbers qn1 and qn2, and the correspénding AVQ indices. These parameters are decoded as f

Q

7.13.7.2 Decoding of codebook numbers

Thhe first parameters extracted from(the bitstream in order to decode the AVQ refinement are the two

encoded depends on the LPC filter (LPCO to LPC4) and on its quantization mode (absolute or relative). 4

IFor LPC1,
the first-
02 filters
on of the

inverse-

uantized LSF vector. The only exception is for LPC1: the bitstream contains no AVQ refinement when thfs filter is

pding the

encoded
bllows.

rodebook

\s shown

vabers ny, k=1 and 2, for each of the two subvectors mentioned above. The way the codebook numbers are

in Table 148, there are four{different ways to encode 7. The details on the codes used for 7 are given bel

=

, modes 0 and 3:
The codebook 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

ow.

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:

nj mode P:

Th

7.13.7.3

Decoding the LPC filters(involves decoding the AVQ parameters describing each 8-dimensional quantized sulj

Qp — unary code for nj is 0

Q7 —> unary code for ny is 10
Q3 — unary code for nj is 110
Q4 — unary code for nj is 1110

etc.

e codebook number ny, is encoded as a variable length code qn[K], as fellows:

Qp — the code for ny is 00
Q3 — the code for nj is 01

Q4 — the code for ny is 10

Others: the code for nj is 11 followed by:
Qp—0
Q5 — 10
Qe — 110

etc.

Decoding of AVQindices

vector By of the weighted residual LSF vectors. AVQ decoding is described in detail in 7.12.
7.13.7.4 Computation of the LSF weights
At the enkederthe-weightsapplied-to-the-compeonentsoftheresidual -SEvector-before AVQ-quantizationare:

w(i )

with:

1, 400

W Jddy

d, = LSF1st[0]

d16

=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 quantizat
(Table 149).

Table 149 — Normalization factor W for AVQ quantization

ion mode

Filter Quantization mode w
LPC4 Absolute 60
LPCO Absolute 60
Retative EPC4 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

Tlhe corresponding inverse weighting shall be applied at the deeoder to retrieve the quantized residual LS

7.13.7.5 Reconstruction of the inverse-quantized LSF.vector

—

he inverse-quantized LSF vector is obtained by, first, concatenating the two AVQ refinement subvector

32 decoded as explained in 7.13.7.2 and 7.13.7Z.3'to form one single weighted residual LSF vector, then,
b this weighted residual LSF vector the inverse of the weights computed as explained in 7.13.7.4 to

[ T =

in 7.13.6.

—

7.13.8 Reordering of quantized LSFs

o =

efore they are used.

7.13.9 Conversioninto LSP parameters

—

he inverse quantization procedure described so far results in the set of LPC parameters in the LSF doy
SFs aresthen converted to the cosine domain (LSPs) using the relation g, = cos(w), i=1,...,16 with @; bein

L% I

pectral frequencies (LSF).

F vector.

S él and

applying
form the

esidual LSF vector, and then again, addjng-this residual LSF vector to the first-stage approximation computed as

herse-quantized LSFs are-reordered and a minimum distance between adjacent LSFs of 50 Hz is introduced

nain. The
g the line

© ISO/IEC 2020 - All rights reserved

193


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

ISO/IEC 23003-3:2020(E)

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
s —(——F 1 yysploi) . (— L, T yjgprew) for i=0,.,N, -1
"V 2N 2N Sfr
sfr sfr sfr sfr
The intefpolated LSP vectors are used to compute a different LP filter at each subframe using.the LSP to LPP
conversi¢gn method described in 7.13.11.
7.13.11 L.SP to LP conversion
For each subframe, the interpolated LSP coefficients are converted into LP filter coefficients ax, which are used fqr
synthesiging the reconstructed signal in the subframe. By definition, the LSPs of a 16 order LP filter are the roots

of the tw

'

F(

and

Fy(

which ca
Fi(
and
F(

with

and

p= [L.¢%2gz"+z7)

b polynomials:

)= A(z)+z " A(z™)
)= A(z)— z_”A(z_l)

h be expressed as:

)= (1+2")F(2)

)= (1-2")Fy(2)

i=1,35515

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=1 to 8
J1@)==2q,, /1G-D)+2f,(i-2)

for j=i—-1 down to 1

1D =129 010G -D+ /1 -2)
end
end

with initial values f1(0) = 1 and f7(-1) = 0. The coefficients of F(z) are computed similarly by replacing

020(E)

q2i-1 by

aj-

Q

nce the coefficients of F1(z) and Fy(z) are found, F{(z) and F(z) is multiplied by 1+z71 and 1-2014 res
b obtain F’1(z) and F'p(z); that is

[

fAO=1O+ fiG-D, i=1.8

fH@=fHLO-f0-D,  i=1..8

Hinally, the LP coefficients are computed from f{ (i) and f»(i) by
OS5/ +0.515(), i=1..8
T 05507-0)-057(17-0), i=9,.16

This is directly derived from the equation A(z) = (/{(z)+ F5(z))/2, and considering the fact that A

Fz' (z) are symmetric and asymmetric polynomials;respectively.

7.13.12 LPC initialization at decoder start-up
In frames where the first decoded franie is LPD and the initial filter LPCO is not transmitted within the H
i

n 7.14.3. Additionally, the LSE vector corresponding to the LPC filter LPCO is set to the value sp
Tlable 151 before inverse LPC guantization.

=

ight after inverse LPCquantization, the LSF vector corresponding to LPCO is reset as follows:

mean_lsf + LSF;
2

LSFy&

9

where mean_lsf is the mean LSF vector specified in Table 151 and LSF; is the LSF vector corresponding t

pectively,

((z) and

itstream,

the LPD core decoder is reset as for a regular start-up. In particular, the ACELP decoder is initialized as ¢lescribed

bcified in

b the LPC

f1lter 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
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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 AQELP

7.14.1 General

The folloWving describes the decoding of one ACELP framemwhich comprises coreCoderFrameLength/4 samples.

Table 151 — Mean LSF vector for initialization
j mean_Isf(j)
1 394,21
2 754,45
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 Definition of elements

mean_erergy

Quantized nrean 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_ind€gx[sfr]

For each subframe indicates the adaptive codebook index.

Itp_filtering_flag[sfr]
icb_index[sfr]

gains|[sfr]

sfr

196

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.

© ISO/IEC 2020 - All rights reserved


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

ISO/IEC 23003-3:2020(E)

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

IpcaseofatransitionrfromFB-to PP thepastexcitatiombuffer—++{#)—and-the-buffer-containing-the-past pre-
emphasized synthesis §(7n) are updated using the past FD synthesis (including FAC or the overlapped F({X-signal)
and LPCO prior to the decoding of the ACELP excitation. For this the FD synthesis is pre-emphasized by|applying
he pre-emphasis filter (1-0.68z71), and the result is copied to $(7). The resulting pre-emphasized synthesis

—

$ then filtered by the analysis filter A(z) using LPCO to obtain the excitation signal u'(n).

—-

7.14.5 Decoding of CELP excitation

—

the mode in a frame is a CELP mode, the excitation consists of the additien of scaled adaptive codepook and
xed codebook vectors. In each subframe, the excitation is constructed by répeating the following steps.

=)

7.14.5.1 Decoding of adaptive codebook excitation, acb_index][]
Thhe received 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 value‘is encoded on 9 bits for the first and third spbframes

and on 6 bits for the second and fourth subframes. Whenthe ACELP frame length is equal to 192, the pitch value is
encoded on 9 bits for the first subframe only and on 6 bits for the two other subframes.

—

he pitch value for a subframe is encoded using.a multi-segment scalar quantizer, each segment having a[different
actional resolution.

=2

When the pitch value is encoded on 9.bits, a fractional pitch delay is used with resolutions % in the range [TMIN,
TFR2-%4], resolutions % in the range\[TFR2, TFR1-%2], and integers only in the range [TFR1, TMAX]. TM|N, TFR2,
TFR1 and 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(3%4%Fs/12800)

TFR2 = 162-TMIN

TFR1-=160

TMAX = 27+6*TMIN

Whehn 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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7.14.5.2

Decoding 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:

where bl

codevect

The algebraic codebook structure and the pulse indexing procedures which will help understanding the decodin

of the alg

7.14.5.2,

The 64 p
positions
of signed
pulse pos

The track

Since the|
1 bit givi
with 9 bi
bits.

Dependiy

— 12-p

sele

Np—l
c(n)= Y b5(n-m,)
i=0
are the pulse amplitudes (1 or -1), m; are the pulse positions, and Np is the number of pulses)in
DT,

ebraic codebook excitation are given in 7.14.5.2.1.

1 Algebraic codebook structure

ositions in the codevector (subframe length) are divided into 4 tracks of interleaved positions, with 1
in each track. The different codebooks at the different rates are constructéd by placing a certain numbe
pulses in the tracks (from 1 to 4 pulses per track). The codebook index, or codeword, represents th
itions and signs in each track.

s and 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

re are 16 positions in a track, the pulse position is encoded with 4 bits and the pulse sign is encoded wif
hg 5 bits for a single pulse per track. As it will be shown below, two signed pulses per track are encode]
s, 3 signed pulses pertrack are encoded with 13 bits, and 4 signed pulses per track are encoded with 1

g on the coding mode, the following codebooks are used:

it codebook with 2 pulses ij and i;. Pulse i can be selected from either track 0 or 2, pulse i; can b

[Y)

D =

[oP=y

[=))

¢

ted.from either track 1 or 3 (5x2+2).

— 16-bit codebook with 3 pulses on three tracks. One pulse on track 0, one pulse on track 2 and one pulse on
either track 1 or 3 (selected track signalled by a 1 bit field), which amounts to (5x3+1) = 16 bits.

—  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.

b |

he pulse position index is encoded with 4 bits and the sign index with 1 bit. The position index(s, given by the
ulse position in the subframe divided by the pulse spacing (integer division). The division remainder |gives the
rack index. For example, a pulse at position 31 has a position index of 31/4 = 7 and it belong’to the track with
ndex 3.

— =

—3

he sign of the decoded pulse is positive if the value of the sign index is 0, otherwise the sign of the decogled pulse
$ negative.

—

Thhe index of the signed pulse is given by:

Iy,=p +sx2M

<

here p is the position index (m/4), s is the sign index, and M=4/is'the number of bits per track.

—

o decode the ACELP codevector, p and s are extracted from'the received index. The pulse position is|given by
1=px4+t where t is the track index (0 to 3). The pulse amplitude is given by b=1 if s=0 else b=-1.

S

7.14.5.2.3 Decoding 2 signed pulses per track

W case of two pulses per track of K=2M potefitial positions (here M=4), each pulse needs 1 bit for the sign and M
its for the position, which gives a total ofi2M+2 bits. However, some redundancy exists due to the uninjportance
f the pulse ordering. For example, placing the first pulse at position p and the second pulse at posjtion q is
quivalent to placing the first pulse.at position q and the second pulse at position p. One bit can be [saved by
ncoding only one sign and deducing the second sign from the ordering of the positions in the index.|Here the
ndex is given by:

O O o =

—

Iy = Py + pox2My 59x22M

<

there s, is the signindex of the pulse at position index p,. If the two signs are equal then the smaller position is

[%2)

et to py and the-larger position is set to p;. On the other hand, of the two signs are not equal then the larger
position is sefto p, and the smaller position is set to p;.

To decade the ACELP codevector, p. p;.and sj.are extracted from the received index IZp' The pulse positions are

given by m;= p; x4+t where t is the track index (0 to 3). The pulse amplitude b, is given by b,=1 if 5,=0 e]se 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:

Jo=L +kx22M-1, 1 22M
3 2D Ip

where I,] is the index of the two pulses in the same section, k is the section index (0 or 1), and I, is the index of
the third [pulse in the track.

To decode the ACELP codevector, the received index I3p is used to extract the values of 12p Ilp, and k) The values ¢f
mg, my, bjy and b.are found using the procedure for decoding 2 pulses in a track with length M/2which is 8 in this
case. Ngte that before computing m, and m; the section of the track containing the two, pulses is taken into
consideration by incrementing p, and p; by 8 if k=1 (which shifts the positions to the upper half). The third pulge
position and amplitude m, and b, are found by decoding I1p using the procedure for 1'pulse per track described
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 4M-bits. Similar to the case of 3 pulses, the K
positiong in the track are divided into 2 sections (two halves) whete-each section contains K/2=8 positions. Here
we denote the sections as Section A with positions 0 to K/2-1 and<Section B with positions K/2 to K-1. Each sectiopn
can contain from 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 () or 4, the4pulses in a section of length K/2=2M-1 can be encoded using 4(M-1)+1=4M-3 bits (this will be
explained belowy.

In cases ] 613, 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 i
the other i i = =3M=2bits-This i =2bi

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

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:

IAR_n’A = IAp_cnr‘Hnn +x24M-3

<

here j is a 1-bit index identifying the section with 4 pulses and 1410_5ection is the index of the 4~pulsg

(%)

ection (which requires 4M-3 bits).
Hor case 1, 1,5 is given by:

Ipp 1= I3p g+ I 4 x23M- 141

<

rhere 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 pulse in
[M-1)+1 bits).

~

Hor case 2, 1,5 is given by:

Ipp 2= Ipp g+ I p x22M- D41

<

rhere 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 two
ection A (2(M-1)+1 bits).

W

Hinally, for case 3, I, is given by:

_ M
Ia3=11p g +13p 4 %2

Where Ilp_B is the index of the pulse inf Section B ((M-1)+1 bits) and 1310_A is the index of the 3 pulses in
(B(M-1)+1 bits).

or cases 0 and 4, it was mentioned that the 4 pulses in one section are encoded using 4(M-1)+1 bits. Th
hat contains at least'2-pulses; coding the 2 pulses in that subsection using 2(M-2)+1=2M-3 bits; coding

f the subsection/that contains at least 2 pulses using 1 bit; and coding the remaining 2 pulses, assuming
hn be anywhete-in the section, using 2(M-1)+1=2M-1 bits. This gives a total of (2M-3)+(1)+(2M-1) = 4M-

—

o decode.the ACELP codevector, the value of k extracted from the received index I4p is used to detej

(@]

pse to'which belongs extracted value 1. Then from the definitions of I, , above, the procedures to de

Q

r 3-pulses in a track are used to find all pulse positions and signs.

H
by further dividing the section into 2 subsections of length K/4=2M-2 (=4 in this case); identifying a s@ibsection
t
o
c

bs in that

Section A

pulses in

Section A

s is done

the index
that they
3 bits.

mine the
rode 1, 2,

7.14.5.2.6 Pitch sharpening

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, 0.fr4

The adap
the humg

7.14.5.3

The rece

gain corr

estimatedl fixed codebook gain.

The estimated fixed-codebook gain g’ is found as follows. First, the average innovation energy is found by:

|
Il

Then the

GV

c

where [
is encode

The pred

’

9c T

The quantized fixed-codebook gain is given by:

. of the pitch lag and is given by:

. Ty +1 if T e > 2
B T, ,otherwise

tive pre-filter F p(z) colors the spectrum by damping inter-harmonic frequencies, which are annoying t

[=]

n ear in the case of voiced signals.

Decoding of the adaptive and innovative codebook gains, gains|]

=

ved 7-bit index per subframe directly provides the adaptive codebook*gain gp and the fixed-codeboo|

bction factor 7. The fixed codebook gain is then computed by multiplying the gain correction factor by an

1 N-1
10log| — > c* (i)
N i=0
estimated gain G', in dB is found by:

| is the decoded mean excitation energy per frame. The mean innovative excitation energy in a frame, H
d with 2 bits per frame (18, 30, 42 or 54 dB) as mean_energy.

ction gain in th€ linear domain is given by:

100.056’,: — 100.05(E—Ei)

A

7.14.5.4

. =18,

Computing the reconstructed excitation

The following steps are for n = 0, ..., 63. The total excitation is constructed by:

u'(n) = & ,v(n) + 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

202

© ISO/IEC 2020 - All rights reserved


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

ISO/IEC 23003-3:2020(E)

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

—

i ACELP frames a nonlinear gain smoothing technique is applied to the fixed-codebook gaim)g; in|order to
nhance excitation in noise. Based on the stability and voicing of the speech segment, thé ’gain of the fixed-
pdebook vector is smoothed in order to reduce fluctuation in the energy of the excitation’in case of stationary
gnals. This improves the performance in case of stationary background noise. The voiciag factor is giver by:

v o o

A=0.5(1-r,)
with
r,= (Ev - Ec)/(Ev + EC),

where Ev and Ec are the energies of the scaled pitch codevector,and’scaled innovation codevector, respegtively (r,
gives a measure of signal periodicity). Note that since the value of r, is between -1 and 1, the value of A igbetween
0

and 1. Note that the factor A is related to the amount of Ginvoicing with a value of 0 for purely voiced fegments
and a value of 1 for purely unvoiced segments.

oy

stability factor #is computed based on a distancé*measure between the adjacent LP filters. Here, the factor @is
blated to the LSF distance measure. The LSF distance is given by:

—

15
LSFyq =D (fi= 1)

i=0

<

there f; are the LSFs in the present frame, andflfp) are the LSFs in the past frame. The stability factor fis|given by:
0 =1.25-LSF;;/400000 , constrained by 0 < < 1.

The LSF distance measure is smaller in case of stable signals. As the value of @ is inversely related t¢ the LSF
distance measlite, then larger values of & correspond to more stable signals. The gain-smoothing factor S}, is given

by:
Sv=10.

m

The value of §,, 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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7.14.6.3

Pitch 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 ¥
above. T}

c'(

~

e filtered fixed-codebook codevector is given by:

C(O) - Cpec(l) ,lfl’l =0
)=1¢c(m)—cp(c(n+1)+c(n-1) if0<n<63
c(63) —c,,c(62) ;if n=63

and the updated post-processed excitation is given by:

u(n

The abovi

7.14.7 ¢
The LP sy

1/A(z). TH
subframse

S(n

The 3
1/(1-0.68

=g,v(n)+g,.c'(n)
e procedure can be done in one step by updating the excitation as follows:

épv( O) + gAscC( 0) - gsccpec(l) ,lf}’l =0
=18&,v(n) + g ;o dn) — &y Cpe(c(n+1) +c(n—1)) Jf0<n<63
8pv(63)+ g A63) — &,.Cpec(62) ifn =63

ynthesis

is given by:

16
= u(n) —Zdis?(n—i),n =0,...63
i=1

z-1) (inverse\of the pre-emphasis filter applied at the encoder input).

7.14.8 Writingin the output buffer

At the oltpat-efthevost-processine—the N=coreCoderEramelaenathld-sumtheasiza
Ut o+—th Tt eV —COFECOGEFFFaIHeECREH 1Syt

Vhere c,, = 0.1Z5(1 T 7,), With 7, Deing a periodicity factor given by r,= (&, - EJI(E, T E;) as described

rnthesis is performed by filtering the post-processed excitation signal u(#) through the LP synthesis filtg
e interpolated LP filter per subframe is used in the LP synthesis filtering. The reconstructed signal in

ynthesized signal is then de-emphasized by filtering through the filtdr

T~

d coafficionte from ACEID ~dn
CoOC ettt o ret i —arC

TCSTZC

T

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:

out[i

+ n] = Sgn]; V 0 < n < N=coreCoderFrameLength/4

out

i,,; indexes the output buffer out and is incremented by the number N of written samples
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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

t

1

n

8

r

Qo N P

b

~]

o © O O O ot = 3

p
4

oise_factor
oise level

oise[]

global_gain

ns

(]
1

ut(]

| tcx_invquant[win][bin]

]

.15.2 Decoding process

£ 43 4 £ 4 btoia +l o &2 2| 4 4+l H 4 1
dIISTOTITIAatTOIT IS PCTTOTHTIC U TU O U TAaiT tTCtTC U UTITATIT S y ITUTC S TS~ STEITAT:

Number of quantized spectral coefficients output by the arithmetic decol
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, rrf].

Output of the IMDCT.

Decoded windowed siggal in time domain.

Synthesized time demain signal.

TCX spectral coefficient for window win, and coefficient bin after noiselg
decoding ofithe spectral data. See also 7.1.

Recomstructed spectral coefficients vector including synthetic comfort n|

he MDCT-based TCX requests from the arithmetic decoder a number of quantized spectral coefficients,

determined by the mod[] value. This value also defines the window length and shape which will be 4
he inverse MDCT. The-window is composed of three parts, a left side overlap of L samples, a middle pa
f M samples and-a right overlap part of R samples. To obtain an MDCT window of length 2*Ig, ZL zeros 3
n the left andZRZeros on the right side. In case of a transition from or to a SHORT_WINDOW the corre
verlap region L or R needs to be reduced to coreCoderFrameLength/8 in order to adapt to the shortet
ope of the.SSHORT_WINDOW. Consequently the region M and the corresponding zero region ZL or ZR n|
xpanded by coreCoderFrameLength/16 samples each.

der.

pise.

lg, which
pplied in
't of ones
re added
sponding

window
eed to be

I'able 155 — Number of spectral coeificients as a fTunction 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 window is given by:

0 Jor 0<n<ZL
W, (n—ZL) for ZL<n<ZL+L
W(n)=+1 for ZL+L<n<ZL+L+M

W. (n—ZL-L-M) (or ZL+L+M<n<ZL+L+M+R
SINR]GHT’R
0 Jor ZL+L+M+R<n<2lg

The qua:}tized spectral coefficients, x_tcx_invquant[], delivered by the arithmetic decoder are completed by

comfort
nois
The x_tcy

r[], inav
of 8 non-

for (i=0§
[1]

rl
}

for (i=1
int k
float

for (k
tmp
}

if (tm
for
r

}
} els
for
r

One obta

r[i]

A spectry

[<9)

oise. The level of the injected noise is determined by the decoded noise_factor as follows:
b level = 0.0625*(8-noise_factor)
_invquant[] and the comfort noise are combined to form the reconstructed spectral ‘¢oefficients vecto

Fay that the runs of 8 consecutive zeros in x_tcx_invquant[] are replaced by the noiselcomponents. A rujn
veros are detected according to the following pseudo code:

AR

i<lg/6; i++) |
= 1;

j/6; i<lg; 1 += 8) {
maxK = min(lg, 1i+8);
tmp = 0.f;

=i; k<maxK; k++) {
+= x_tcx invquant[k] * x tcx invquant[k];

b != 0.f) {
(k=1i; k<maxK; k++) {
L (k] = 1;

~ -

(k=i; k<maxK; k++) {
L [k] = 0;

ns the reconstructed'spectrum as follows:

B {randomSign() -noise_level, Af rl[i]=0

X_texninvquant[i], ,otherwise

nm.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,.

3.1

if R, <R

fR,<0.1,then set R, =0.1.

'm-p thensetR, =R, ..

Each 8-dimensional 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 compute
weighted LPC spectrums are computed by applying an ODFT to the LPC filter coefficients. A complex mod
applied to the LPC coefficients before computing the ODFT so that the ODFT frequency bins are perfectl

d. These
ulation is
y 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 B jﬂn
X,[k]= ) x[nle M
n=0
with
x,[n]= W[n]eijmn ,if0<n<lIpc order+1
0 ,if Ipc_order +1<n<2M

<

there w[n], n = 0...Ipc_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]©f'the LPC coefficients according t
glk] : V ke{0,.,.M—-1}
= = 1V, -
X, [k1X,[k]

wWhere M=coreCoderFrameLength/16 is the number of‘bands in which the calculated gains are applied.

—

et g1[k] and g2[k], k=0...M-1, be the decimated“LPC spectrums corresponding respectively to the left
blding points computed as explained above( The inverse FDNS operation consists in filtering the reco
pectrum r[i] using the recursive filter:

=N

rrfi] = a[i] r[i]+b[i] rrfi-1], i=0.1g-1,

<

here a[i] and b[i] are derived{rom the left and right gains g1[k], g2[k] using the formulae:
a[i] = 2-gl[k]-g2fk{ / (g1[k]+g2[k]),

bli] = (22[K]-gl[k]) / (g1 [k]+g2[k]).

[o—

 the above;.the variable k is equal to i/(lg/M) to take into consideration the fact that the LPC spect
ecimateds

o

—3

he reconstructed spectrum rr[] is fed into an inverse MDCT. The non-windowed output signal, x[], is re-

and right
nstructed

rums are

scaled by

ot

hé.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 thg previous coding mode was either FD mode or MDCT based TCX, a conventional overlap and add
applied between the current decoded windowed signal z;,, and the previous decoded windowed signal z; ;

where the index i counts the number of already decoded MDCT windows. The final time domain synthesis out
obtained|by the following formulae.

7]

v

In case z;{; , comes from FD mode:

L
z ;VOSn<—l——
z—l,&+n 2
. N, L N, L
outll +n(=4z +z ;V——_§n<_+_
[ out ] i,¥+n i—l,—’+n 4 2 4 2
N, L N, N R
Z N-N 5v l+ Sn<—l+———
iS4 4 2.2

N_lis the size of the window sequence coming. from FD mode. i , indexes the output buffer out and Is

) N, N R \
incremerlted by the number T + ? - E ofwritten samples.

In case z; 1.n COMes from MDCT based ‘T€X:

zZ N +Z N L ;V0<n<L
1,——tAh 1]_'_11_4_”
4 4 2
outli_.+n]=
[0“’5 ] N+L-R
Z ;VL<n
I,——+n
4 2

—

N;_; is th¢ size of the previous MDCT window. i, , indexes the output buffer out and is incremented by the numbg
(N+L-R)/Z 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

cpncel 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 ED.mod¢) as well
as MDCT-based TCX (in LPD mode).
Higure 30 represents the different intermediate signals which are computed in order to ebtain the final ynthesis
signal 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 qases (for
ekample, an ACELP frame followed by more than one TC frame, or more than one, TC frame followed by §n ACELP
frame) only the required signals are computed. In Figure 30, the term “FAC\synthesis” is used to indicate the
decoded FAC signal, which is added at the boundary (beginning or end) of a‘'decoded TC frame when it i adjacent
tp an ACELP frame.
LPC1 LPC2
: 1MWz ZIR :
ictsy\ntr:z) FAC synthesis
— (a)
L L S B
+
GB + ACELP synthesis JC frame output (b)
I S N, A I O R el [ 1 |
+ : Windpwed ACELP ZIR :
GVB._+ Xvé"é’fﬁffn??d fo@% ACELP contribution (C)
[ 1 | + [ 1 1 | 1 | I
, Synthesisin the original domain (d)
(S N S [ S N [ S I
Figure 30 — FAC decoding operations for transitions from and to ACELP
7.16.2 Definition of elements
fac_gain 7 bit gain index.
n[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:

2. Apply a gain factor g to the FAC data:

3. In thp case of transitions between MDCT based TCX and ACELP, a spectrum de-shaping is applied to the fir
quarter of the FAC spectral data. The de-shaping gains are those computéd for the corresponding MDCT base

4. Compute the inverse DCT-IV to the gain-scaled FAC data to obtain the equivalent time-domain samples.

In the case of transitions between ACELP and FD mode, a multiplicative factor of (2/fac_length) is applied t
the output of the inverse DCT-1V.

5. In the case of transition to and from TC. frames, apply the weighted synthesis filter 1/W(Z) to get th

decofed FAC signal, termed “FAC synthesis” in Figure 30. The resulting signal is represented on line (a) i
Figure 30.

After decoding the AVQ parameters of the FAC spectral data, a vector FAC[i] (FAC data) fd

i
§
For other transitions (so, in the case of ACELP to FD mode TC frames and from/FD mode TC frames
.
(

The same LPC weighting factor is used as for ACELP operations:

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.

—

iF0,..,fac_length is therefore extracted from the bitstream.

[¢)

or transitions with MDCT-based TCX (so, in the case of ACELP to TCX or TCX to ACELP transitions), th
ain of the corresponding tcx_coding element is used.

-~ O

A\CELP), a gain information fac_gain has been retrieved from the bitstream (encoded using a 7-bits scal3
juantizer). The gain g is calculated as g=10/ac-9ain/28 ysing that gain inforuation.

Q.

is explained in 7.15.2 so that the quantization noise of FAC and’MDCT-based TCX have the same shape.

The FAC transform length, fac_length, is by default equalto coreCoderFrameLength/8.

for transitions with short blocks, this length is reduced to coreCoderFrameLength/16.

[«]

=HKe)

The weighted synthesis filter)is based on the LPC filter which corresponds to the folding point (i
Figure 30 it is identified as_.LPC1 for transitions from ACELP to the TC frame and LPC2 for transition
om the TC frame to ACELP; for transitions from TC frames in FD mode to ACELP, the weighted synthes
ilter is based on the'transmitted LPCO).

ZEZE=

WAZ)=A(z/y,) ,wherey;=0.92

In this filtering operation, the initial memory of the weighted synthesis filter 1/W(Z) issetto 0.

afle) oaf Digien 20 for £ronc aone froy ACEITD £0 o TC Lo tha ppandaonsad oaren 1oy

cdhotvan an 1 t
Assheownentine{e)-of Figure 30 fortransitionsfromACELP toaTCframethewindewed-zeroinpt
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.

020(E)

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);

in order to obtain the synthesis signal (which is represented as line (d) in Figure 30).

7.16.4 Writing in the output buffer

—

he output synthesis buffer is updated differently according to the type of transitiozis. In case of transit
HD mode to ACELP, the output buffer out is updated as follows:

N,

z oy, V0<n <—l—fac_length
1—1,7+n 4

outli,,, +n]=

[

FAC[fac_length—%+n]+z ;V%—fac_length£n<NT

i—l,&+n
2

N [ is the size of the previous window sequence. iy indexes the output buffer out and is increment
number N _//4 of written samples.
In case of transitions from ACELP to FD mode;the output buffer out is updated as follows:

N,
outliyy, +nl=z y  +FAC[n}f+ACELP[n];Y0<n < TI
i,—+n
4

=

(._; is the size of the previous.MDCT window. i, indexes the output buffer out and is incremented by th

=

(/4 of written samples.

el

h case of transitionsfrom MDCT-based TCX to ACELP, the output buffer out is updated as follows:

outli

+n]|=FAC[n]+z 5.y ;VO<n< fac _length
i-1, 4i‘1 —fac _length+n

ons from

.d by the

e number

b number

N; s the size of the previous MDCT window. i, indexes the output buffer out and is incremented by th

facTengriof WrTtten sampies.

In case of transitions from ACELP to MDCT-based TCX, the output buffer out is updated as follows:

N-R

outli , +n]=z , +FAC[n]+ACELP[n];V0<n<

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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7.17 Post-processing 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
received

synthesis, the reconstructed signal can be post-processed using low-frequency pitch enhancement. The
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-har

are commaonly of multi-pitch nature, the post filtering may suppress signal components that reside helaw the

monic noise in the decoded signal, which leads to an improved quality. However, for music signals, which

dominati
adaptive
at freque

To avoid
Therefor

In case of LPD:

— Fort

—  Fort

In case of

Where M|
With Lfac
FAC area
including

The signd
produce

pitch enh
The post

hg pitch frequency or between its harmonics. For the post filtering a two-band decomposition is used@nd
filtering is applied only to the lower band. This results in a total post-processing that is mostly targeted
hcies near the first harmonics of the synthesized signal.

additional delay due to bass-post filtering, bass-post filter operation is modified for highovalues of T.
P, T); ., is defined as follows.

M
he first > + 64 samples of a superframe:
Tlim :M_Lfac _NZ
M
he last 5" 64 samples of a superframe:

Tlim =2M - Lfac_next - NZ
FD (the FAC-area):

M
Tlim = 7 - Nz
=coreCoderFrameLength, Eraes the length of the FAC area from the last frame of the current superframe.
=0 for ACELP and L;,=96/128 for TCX (coreCoderFrameLength 768/1024). Ly, ,,,, is the length of the
from the last frame-of the next superframe. N, is the number of samples of the superframe up to and
the sample currently being bass post filtered.

1 is processed-in two branches. In the higher branch the decoded signal is filtered by a high-pass filter to
the higherband signal sy. In the lower branch, the decoded signal is first processed through an adaptiv

[¢)

ancefiyand then filtered through a low-pass filter to obtain the lower band post-processed signal s; 4

o

- processed decoded signal is obtained by adding the lower band post-processed signal and the highg

—

band sigr
achieved

v

1= loiaatof +] ik al 1 et | a) iaad 1 H H N ) | daod a3 1 ool
dl. 1T1IT UDJTLL UL UIT PILUIT CHIIAIILTT 15 LU TTUULT UIT HTILCTT1d T ITTUIITIC TTULIST T LT uTtituutu Dlslldl, VVIIIUII

here by a time-varying linear filter with a transfer function:

HE(Z):(I—a)+%ZT +%Z‘T

and described by the following equation:

sp(n) = (1 — @)3(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 o = 0.5, the gain of the filter is exactly 0 at frequencies 1/(27),3/(27), 5/

(27), 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.

n alternative procedure equivalent to that described above is used which eliminates the need of.]|
filtering. This is achieved by representing the post-processed signal sg(n) in the z-domain as:

Sg(2) = $(2) — aS(2)Pr (2)Hyp(2)

<

there P; 1(z) is the transfer function of the long-term predictor filter given by:

1-0.5z7 —0.5z77
-T

Af T < Ty,
AL T > T

1-z

PLT(Z):{

o)

nd H; p(z) is the transfer function of the low-pass filter.

—3

hus, the post-processing is equivalent to subtracting the scaledlow-pass filtered long-term error signal
ynthesis signal $(n).

%]

—3

he value T is given by the received closed-loop pitch lagin each subframe (the fractional pitch lag round
earest integer). A simple tracking for checking pitch doubling is performed. If the normalized pitch corr
elay T/2 is larger than 0.95 then the value T/2 is used as the new pitch lag for post-processing.

Qo

he factor o is given by:

a=0.5g,, constrained to 0 <.<05

<

there gpr-is a gain which is updated at every sub-frame and is computed from the synthesis signal x 4

using the decoded pitch lag Zp:
63
Z(Xi Xi_1p)
. i=0
Gpp =Ml : 63 9 pFmax

Z XI'Z—Tp
i=0

high-pass

from the

ed to the
elation at

s follows

Where gpr,,., 1S defined as:
min(T, -T,63)
2
X
i=0 .
<T.
—J | min(T,_-T,63) A T< T,
IPFmax 2
Xi+Tp
i=0

1 T T,

EpFmax 1S used to avoid problems on signal bursts.
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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 postflltered in their entlrety
using th o

postfilterfed for transitions from and to EIGHT_SHORT SEQUENCES and two entire subframes are postflltered il
all other fases.

A FAC arga is postfiltered if and only if the adjacent ACELP frame is also postfiltered. In particular, this' means that
the FAC Jrea is also postfiltered if the bpf_control_info for an ACELP frame is set to 1 and the bpf control_info fdr
an adjacegnt TCX frame is set to 0 (on superframe borders). In contrast, the FAC area is never postfiltered if the
bpf_control_info for the adjacent ACELP subframe is set to 0.

A linear phase FIR low-pass filter with 25 coefficients is used, with a cut-off frequency.at 5Fs/256 kHz (the filtqr
delay is 12 samples).

7.18 Audio pre-roll

7.18.1 General

The AudipPreRoll() syntax element is used to transmit audio information of previous frames along with the data ¢f

the presgnt frame. The additional audio data can be used to compensate the decoder startup delay (pre-roll), thy
enabling random access at stream access points (SAP) that make use of AudioPreRoll().

v

A UsacExtElement() with the usacExtElementType of ID.EXT_ELE_AUDIOPREROLL shall be used to transmit the
AudioPreRoll().

For carriage of USAC streams in ISO base media file format as specified in ISO/IEC 14496-12, further requirement
are applifable and shall be utilized in accordance with Annex H.

(72}

7.18.2 Semantics

Size ofthe-Ctonfiguration syntax element in bytes.

configlLen

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 able to
respond to changes in the audio configuration (e.g., switching of streams).

applyCr¢ssfade If this flag is set to 1, a linear crossfade shall be applied in case of configuration changg,
as defined in 7.18.3.3.

reserve RCDCL \4 Cd bit ahal} bC LCTU.

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 ncnrlndpppndnnt‘yr«'lng

— “1”:usacExtElementPresent (referring to audio pre-roll extension element).
— “0”:usacExtElementUseDefaultLength (referring to audio pre-roll extension element),
—+ Ifno AudioPreRoll() is transmitted, the extension payload shall not be present (usacExtElementPresent = 0).

—+ The pre-roll frames with index “0” shall be independently decodable, i.e., usaclndependencyFlag shiall be set
to “1”.

—+ In access units that are embedded as pre-roll in an AudioPreRoll() extefision the usacExtElementPresent field
for 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
usacExtElementDefaultLengthPresent 0
usacExtElementPayloadFrag 0

7.18.3 Decoding process

7.18.3.1 General

—

his subclause describes the decoding process for both random access/immediate play-out and bitrate [adoption
Cenarios.

[%2)

7.18.3.2 Random access and immediate play-out

Random.access and immediate play-out is possible at every frame that utilizes the AudioPreRoll() strficture as
specified+in this subclause. The following pseudo code describes the decoding process:

i-{: [ alondornaondonosz] o —— 1N [
£ osaetnd penden yElag e
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) {
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}

/* Internal decoder states are initialized at this point. Continue normal decoding */

7.18.3.3 |Bitrate adaption
Bitrate adaption may be utilized by switching between different encoded representdtions of the same audio
content. The AudioPreRoll() structure as specified in this subclause may be used for-that purpose. The decodinlg

process ih case of bitrate adaption is specified by the following pseudo code:

if (usa¢IndependencyFlag == 1) {
if (upacExtElementPresent == 1{

normal | */

216

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) ;
RecodelAU (nextAll)

/*|In this case usacExtElementUseDefaultLength\shall be 0! */
if[usacExtElementUseDefaultLength != 0) gotdalerror;

/*|Not used */
getUsacExtElementPayloadLength () ;

int configlen = getConfigLen();
if[configlLen > 0) {
onfig newConfig = getConfig(éonfiglLen) ;

* Configuration did not change, skip AudioPreRoll and continue decoding as$

1f (newConfig == curfentConfiqg) {
SkipAudioPreRolI¥) ;
goto finish;

* Configuration changed, prepare for bitstream switching */
utSampdesFlush = FlushDecoder () ;
ReConfigureDecoder (newConfiqg) ;

A~ 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)
}

} else {
for(i = 0; i < 128; i++) {
outSamples[i] = outSamplesFramel[i];

}

}
for(i = 128; i < outputFramelLength; i++) {
outSamples([i] = outSamplesFrame[i];

}

et

a configuration change is detected by the decoder the following steps shall be'applied:

—+ Flush the internal decoder states and buffers (FlushDecoder()), ¢, decode a hypothetical ac
composed of all zero samples. Store the resulting output samples (outSamplesFlush) in a temporary

—+ Re-initialize the decoder with the new configuration (ReConfigureDecoder()).
—+ Decode all contained pre-roll AUs and discard the resulting output.

—+ Decode the current AU (UsacFrame()). Store the resulting output samples (outSamplesFrame) in a tg
buffer.

—+ In case applyCrossfade is set to 1 and-operates in the time domain, a linear cross-fade of lengt
outSamplesFlush and outSamplesFrame'shall be applied to avoid switching artifacts.

8 Conformance testing

8.1 General

—

his clause specifies‘conformance criteria for both bitstreams and decoders compliant with the USAC stz
efined in this doeument. This is done to assist implementers and to ensure interoperability.

(o9

8.2 USAC conformance testing

8.2:1 ~ Profiles

cess unit
buffer.

mporary

h 128 on

ndard as

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 14496-2
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8.2.2 Conformance tools and test procedure

8.2.2.1

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

conforma
with mor

Measurements are carried out relative to full scale where the output signals of the decoders are normalized to be

in the rar
In ISO/IH
referencd

comparis

For elem|
conforma

8.2.2.2

All test s
each mod

NOTE
first editid

For all co
— whid
— whid
— whid
— whid
— whid

The file n

neanointicnriart+a cuch additianal anaratione 1o it ic narmittad to nea tha actnal dacadar antnnt (o o
Ree-poHRtisPprior+to-StenaaattonadoperatonS e iSpermitteato-use-theactharaecoaerottput1e-f,,

e than 16 bit) for conformance testing.
ge between -1.0 and +1.0.
C 14496-26 a set of test methods is defined to test the output of the decoder undekr test against th

output. RMS/LSB Measurement, Segmental SNR and PNS conformance criteria ;are used for th
on. A particular test method for a certain test sequence is specified in 8.5.

@ @

ents producing output that cannot be tested with the methods described inylSO/IEC 14496-26 specif
nce testing procedures are described in 8.5.

[g)

Conformance data

—

bquences and an MS Excel™ worksheet (“Usac_Conformance.Tables.xlsx”) that lists all test sequences fd
ule are accessible at https://standards.iso.org/iso-iec/23003Y/-3 /ed-2/en.

All conformance test sequences for ISO/IEC 23003-3 are accessible using this link. All electronic attachments to the
n of this document (and its Amendments) are replaced by\those at this link.

nformance test sequences, the file names are composed of several parts which convey information about:
h module of the decoder is tested;

h channelConfigurationIndex is employed;

h test conditions apply to the test sequence;

h coreSbrFrameLengthlndex applies to the test sequence;
h sampling frequeney is signalled in the test sequence.

aming convention given in Table 157 shall be used.
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Table 157 — File name conventions

Module

File File name

Frequency domain
coding (FD mode),
8.3.4

compressed mp4 Fd <cCI> c<cSFLI> <testCase> <uSFI>.mp4

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 compressed mp4 Cct_<cCI> c<cSFLI> <testCase> <uSFI>.mp4
coding tools, 8.3.6
reference wav Cct_<cCI> c<cSFLI> <testCase> <uSFI>.wav
Enhanced spectral compressed mp4 eSbr <cCI> c<cSFLI> <testCase> <uSFI>.mp4
band replication
(eSBR), 8.3.7 reference wav eSbr <cCI> c<cSFLI> <testCase> <uSFI>.way
MPEG Surround compressed mp4 | Mps <cCI> c<cSFLI> fr<bsFR> Sc<sCI> &testCase> <uSFI>.Imp4
2-1-2,8.3.10
reference wav Mps <cCI> c<cSFLI> fr<bsFR> Sc<slI>“<testCase> <uSFI>.wav
Bitstream compressed mp4 Ext_<cCI> c<cSFLI> <testCase¥ USFI>.mp4
extensions
reference wav Ext <cCI> c<cSFLI> <test€as€> <uSFI> <decoderSetting>.wav
<4cCI> channelConfigurationlndex as.described in Table 73.
dtestCase> Setup string. May consist.of a concatenation of one or more abbreviatipns as
listed in Table 158. If0 setup string is specified the basic test conditigns
apply. If no testCaseis added, only one single underline character shall occur
at that position.
<cSFLI> coreSbrFrameLengthIndex as described in 6.1.1.1.
<uSFI> usacSamplingFrequencylndex as described in Table 75. If the sampling 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 index value,
eg., “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.
4sCI> stereoConfigIndex as described in Table 77.
4decoderSetting> Setup string. May consist of a concatenation of one or more abbreviatipns as
listed in Table 159. If no decoderSetting is added, no underline character shall
occur after <uSFI>.
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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.¢endition Lpd
Bass-post filter test condition Bpf
AVQtest 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 conaition ST
Channel mode test condition Cm
interTes test condition Tes
PVC test condition Pvg
Harmonic transposition (QMF) test condition Htq
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.eoding test condition Pc
Decorrelator configuration. 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>

© ISO/IEC 2020 - All rights reserved
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8.3 USAC bitstreams

8.3.1 General

8.3.1.1

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

8.3.1.2

Each USA
subclaus
specified
payload.

For each
is correc
assumed
condition
can be ap

8.3.2 USAC configuration

8.3.2.1

Encoders
a) usad
b) usad
c) core
d) charn
e) pres
f) num

g) bsOutputChannelPos;

priori.

Test procedure

ot

C bitstream shall meet the syntactic and semantic requirements specified in this document-The preser
e defines the conformance criteria that shall be fulfilled by a compliant bitstream. These criteria are
for the syntactic elements of the bitstream and for some parameters decoded from-the USAC bitstream

tool a set of semantic tests to be performed on the bitstreams is described. To verify whether the syntax
is straightforward and therefore not defined herein after. In the descriptien of the semantic tests it {s
that the tested bitstreams contains no errors due to transmission or ‘ether causes. For each test the
or conditions that shall be satisfied are given, as well as the prerequiSites or conditions in which the tegt
plied.

Characteristics
may apply restrictions to the following parameters of the bitstream:
SamplingFrequencylndex;
SamplingFrequency;
SbrFrameLengthlndex;
nelConfigurationlndex;
ence of configurationextensions;

OutChannels;

h) num|Elements;

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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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()
usacSamplingFrequencylndex Shall be encoded with a non-reserved value specified in Table.72.F

usacSamplingFrequency

coreSbrFrameLengthIndex

channelConfigurationIndex

(=

sacConfigExtensionPresent
8.3.2.2.2 UsacChannelConfig()

numOutChannels

=

sOutputChannelPos

§.3.2.2.3 UsacDecoderConfig()

numElements

usacElementType

8.3.2.24

8.3.2.2.5

further profile and level dependent restrictions see 8.3.11.

No restrictions apply. For profile and level dependent restrictions s
8.3.11.

No restrictions apply.

Shall be encoded with a non-reserved value spécified in Table 73.
further profile and level dependent restrictiohs see 8.3.11. In the c4
channelConfigurationIndex==0 further restrictions apply as descril
8.3.2.2.2.

No restrictions apply.

No restrictions apply. For profile and level dependent restrictions s
8.3.11.

or

or
se of
ved in

A bsOutputChannelPos of value 3 or 26 (LFE speaker positions) shall be

associated\with an LFE channel. Any other value shall be associated
main audio channel.

The value of this data element shall be such that the accumulated sy
channels contained in the bitstream complies with the restrictions
in 8.3.2.2.1.

No restrictions apply. For profile and level dependent restrictions s
8.3.11.

UsacSingleChannelElementConfig()

No restrictions are applicable to this bitstream element.

with a

1m of all
utlined

UsacChannelPairElementConfig()

NOTE

than one output channel (see restrictions applying to UsacConfig() in 8.3.2.2.1).

stereoConfigindex

8.3.2.2.6

No restrictions apply.

UsacLfeElementConfig()

No restrictions are applicable to this bitstream element.

© ISO/IEC 2020 - All rights reserved
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8.3.2.2.7 UsacCoreConfig()

tw_mdct No restrictions apply. For profile and level dependent restrictions see
8.3.11.
noiseFilling No restrictions apply.

8.3.2.2.8  SbrConfig()

1eSRPR Naorackrictionc o Iiz
harmonieSBR Ne-restrictiensapply-
bs_interTes No restrictions apply.
bs_pvc No restrictions apply.

8.3.2.2.9 SbrDfltHeader()

dflt_start_freq No restrictions apply.
dfit_stopl freq No restrictions apply.
dflt_header_extral No restrictions apply.
dﬂt_heaIer_extraZ No restrictions apply.
dflt_freq[ scale No restrictions apply.
dflt_alter_scale No restrictions apply.
dftl_nos¢_bands No restrictions apply.
dfit_limiter_bands No restrictions apply.
dflt_limiter_gains No restrictions apply:
dflt_interpol_freq No restrictions apply.
dflt_smopthing_ mode No restrictions‘apply.

8.3.2.2.10 Mps212Config()

bsFreqRes Shall not be encoded with a value of 0.
bsFixedGainDMX No restrictions apply
bsTemp$hapeConfig No restrictions apply.
bsDecorrConfig Shall not be encoded with a value of 3.
bsHighRateMode No restrictions apply.
bsPhase{oding No restrictions apply.
bsOttBandsPhasePresent No restrictions apply.

bsOttBa hall-notbe-encededwith-avaluelarserthanthe valve ofnumBandss
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.

224 © ISO/IEC 2020 - All rights reserved


https://standardsiso.com/api/?name=033cb06cb47ed616a7b07f6f95cab4f8
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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()

numConfigExtensions No restrictions apply.
usacConfigExtType(] No restrictions apply.
usacConfigExtLength[] No restrictions apply.
fill_byte Should be 101001071,

§4.3.3.1

les]

8.3.3 Framework

Characteristics

ncoders may apply restrictions to the following parameters of the bitstream:
a) signalling of independently decodable frames;
b) presence of extension elements;

C core_mode;

d) presence of TNS.

8.3.3.2 Test procedure

8.3.3.2.1 UsacFrame()

usacIndependencyFlag No restrictions apply.
§.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.

8.3.3.24

UsacLfeElement

No restrictions are applicable to this bitstream element.

© ISO/IEC 2020 - All rights reserved
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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_mofde No restrictions apply.
tns_datal present No restrictions apply.

8.3.4 [Frequency domain coding (FD mode)

8.3.4.1 Characteristics

Encoderg may apply restrictions to the following parameters of the bitstream:
a) use ¢fnoise filling;

b) window_shape;

c) M/S|Stereo;

d) use pf TNS;

e) complex prediction stereo coding;

f) max|sfb;

g) use ¢of time warped MDCT;

h) use ¢flong blocks;

i)  use ¢f short blocks.

8.3.4.2 Test procedure

8.3.4.2.1] _fd.channel_stream

global_gain No restrictions apply.
noise_level No restrictions apply.
noise_offset No restrictions apply.

fac_data_present

226

Shall be 0, if the core_mode of the preceding frame of the same

channel was 0 or if mod[3] of the preceding frame of the same

channel was > 0.
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window_sequence

window_shape
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A conformant bitstream shall
window_sequence transitions. However, decoders are required

consist of only meaningful

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 next block

is encoded in LPD coding mode. However, decoders are required
handle both window_shapes for all transitions.

to

141ax_sfb

scale_factor_grouping

8.3.4.2.3 tw_data

(=4

w_data_present

(=4

v_ratio

8.3.4.2.4 scale_factor_data

hcod_sf

8.3.4.2.5 tns_data

n_filt

coef res

It

ength

arder
direction
cpoef_compress

cpef

8.3.4.2.6—~"ac_spectral_data

a|rith_reset_ﬂag

Shall be <= num_swb_long or num_swb_short as appropriate i
window_sequence and sampling frequency and core codeffran
length.

No restrictions apply.

No restrictions apply.

No restrictions apply.

Shall only be encoded with the values listed in the scalefact
Huffman table. Shall berencoded such that the decoded scalefacto
sf[g][sfb] are within thé range of zero to 255, both inclusive.

No restrictions apply.
No restrictions apply.

Shall be small enough such that the lower bound of the filter
region, does not exceed the start of the array containing the spectj
coefficients.

Shall not exceed the values listed in Table 135.
No restrictions apply.
No restrictions apply.

No restrictions apply.

e

pr
I's

bd
al

No restrictions apply.

8.3.4.2.7 StereoCoreToolInfo

tns_active
common_window
common_max_sfb

max_sfb1

ms_mask_present

© ISO/IEC 2020 - All rights reserved
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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
common_tw
common_tns
tns_on_Ir
tns_present_both

tns_data_present

No restrictions apply.
No restrictions apply.
No restrictions apply.
No restrictions apply.
No restrictions apply.

No restrictions apply.

8.3.4.2.8 cplx_pred_data

cplx_pred_all

cplx_pred_used
pred_din
complex| coef

use_prey_frame

delta_co¢le_time

hcod_sf

No restrictions apply.
No restrictions apply.
No restrictions apply.

No restrictions apply.

Shall be 0 if the core transform length of previous'frame is different from th
core transform length of the current frame(or'if the core_mode of th

previous frame is 1.
No restrictions apply.

No restrictions apply.

8.3.5 Linear predictive domain coding (LPD mode)

8.3.5.1 Characteristics

Encodery may apply restrictions to the following parameters of the bitstream:

a) acelp_core_mode;

b) lpd_mode (use of ACELP, short TCX, medium TCX, and long TCX);

c) activation of bass-post filter.
8.3.5.2 Test procedure

8.3.5.2.1] 1pd_channel-stream

acelp_cofre_mode

Ipd_mo
bpf_contrel.info

Shall be encoded with a value in the range of 0 to 5, both inclusive.
Shall be encoded with a non-reserved value listed in Table 94.

No restrictions apply.

D

core_mode_last

fac_data_present

short_fac_flag

228

Shall be encoded with the value of data element core_mode of the
previous frame.

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.

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

No restrictions apply.
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qn The codebook number shall be encoded as described in 7.13.7.2.
qn_base No restrictions apply.
n_ext No restrictions apply

8.3.5.2.4 get_mode_lpc

=

inary_code

8.3.5.2.5 code_book_indices

code_book_index

Kv

8.3.5.2.6 acelp_coding

lean_energy
b_index
Itp_filtering_flag
icb_index

gains

8.3.5.2.7 tcx_coding

noise_factor

iobal_gain
ith_reset_flag

g4.3.6.1 Characteristics

§.3.6 Common core coding tools

Shall be encoded with the values listed in Table 148 in/hecolumn

binary code.

No restrictions apply.

No restrictions apply.

No restrictions apply.

The adaptive codebookindex shall be encoded as described in 7.14/}5.1.

No restrictions apply.

The innovatiefir’codebook excitation shall be encoded as described in

7.14.5.2.

No restrictions apply.

No restrictions apply.
No restrictions apply.

No restrictions apply.

Hncoeders may apply restrictions to the following parameters of the bitstream:

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 ¢f the eSBR harmonic transposer;

b) use ¢f Crossproducts in eSBR harmonic transposer;
c) use ¢f the eSBR inter-TES tool;

d) choife of SBR ratio;

e) choife of amplitude resolution;

f)  choife of SBR crossover band;

g) use ¢of SBR preprocessing (prewhitening);

h) use ¢fthe eSBR PVC tool.
8.3.7.2 Test procedure

8.3.7.2.1] General

The present subclause defines the conformance criteria that shall be fulfilled by a compliant bitstream that utiliz

the enhafced SBR tool.

8.3.7.2.2| UsacSbrData

sbrinfoPresent NoO restrictions apply.
sereadErPresent No restrictions apply.
sbrUseDfltHeader No restrictions apply.

8.3.7.2.3| Sbrinfo

bs_amp_res No restrictions apply.

bs_xovern_band Shall define a value that does not exceed the limits defined in

IDU/IEC 14496-5:2U17, 4.6.16.5.0.

bs_sbr_preprocessing No restrictions apply.

bs_pvc_mode Shall be encoded with a non-reserved value specified in Table 101.

8.3.7.2.4 SbrHeader

bs_start_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.

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.
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bs_header_extral
bs_header_extra2
bs_freq_scale
bs_alter_scale

bs_noise_bands

bs_limiter_bands

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.

Hs_limiter_gains
bs_interpol_freq

Hs_smoothing_mode

(7]

rPatchingMode

(7]

rOversamplingFlag

(7]

rPitchInBinsFlag
rPitchInBins

oo »n

s_add_harmonic_flag

Hs_coupling

sbrPatchingMode
sbrOversamplingFlag
sprPitchInBinsFlag
rPitchInBins

oo »n

s_add_harmonic_flag
8.3.7.2.7 sbr_grid

bs_frame_class

tmp

Bs_freq._res

Hs¢pointer

No restrictions apply.
No restrictions apply.

No restrictions apply.

8.3.7.2.5 sbr_single_channel_element

No restrictions apply.
No restrictions apply.
No restrictions apply.
No restrictions apply.

No restrictions apply.

8.3.7.2.6  sbr_channel_pair_element

No restrictions\apply.
No restrictions apply.
No restrictions apply.
No(restrictions 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.

(Determines bs_num_env), no restrictions apply.

No restrictions apply.

Shall be encoded with a value listed in ISO/IEC 14496-3:2019, Tabl¢ 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
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Shall be encoded with a non-reserved value specified in Table 102.
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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| dtdf

bs_df_eny No restrictions apply.

bs_df _nojse No restrictions apply.

8.3.7.2.10 sbr_sinusoidal_coding

bs_add_harmonic No restrictions apply.
bs_sinuspidal_position_flag No restrictions apply.
bs_sinuspidal_position Shall be chosen so that the position of the.starting time slot for sinusoidals

fall within the SBR frame boundaries:
8.3.7.2.11 sbr_invf

No restrigtions are applicable to this bitstream element.

8.3.7.2.12 sbr_noise

The restifictions defined in ISO/IEC 14496-26:2010,%:17.1.2.1.6 sbr_noise() apply.
8.3.8 ¢SBR - Predictive vector coding (RVC)

8.3.8.1 Characteristics

Encodery may apply restrictionste the following parameters of the bitstream:

a) activation of PVC;

b) use ¢f IDs from theé‘previous 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_shape No restrictions apply.
Bs_inter_temp_shape_mode No restrictions apply.

8.3.10 MPEG Surround 2-1-2

4.3.10.1 Characteristics

es|

ncoders may apply restrictions to the following parameters of the bitstream:
a) use of phase coding;

h) use of residual coding;

c) use of pseudo LR;

d) use of transient steering decorrelator.
8.3.10.2 Test procedure

8.3.10.2.1 Mps212Data

jou

sIndependencyFlag No restrictions apply.

8.3.10.2.2 Framinginfo

hsFramingType No restrictions apply.

bBsNumParamSets Shall have a value not larger than (numSlots-1) /4, where the divisign shall
be interpreted as an ANSI C integer division.

HsParamSlot Shall be in the range 0.numSlots-1.

8.3.10:2.3 OttData

bsph_a Mad AL deaas b 1
SCIVIUUT INU TTOUNICLIUILS d}}}}l_y.

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

No restrictions apply.
No restrictions apply.

No restrictions apply.

bsTstl.tnTrSlots Shall be encoded with 4 or 5 bits depending on numSlots.
bsTsdCodedPos No restrictions apply.
bsTsdTrPhaseData No restrictions apply.

8.3.10.2.[7 EcData

bsXXXdd4taMode

bsDataPairXXX
bsQuantCoarseXXX
bsFreqResStrideXXX

8.3.10.2.8 EcDataPair
bsPcmCodingXXX

8.3.10.2.9 GroupedPcmData
bsPcmWord

8.3.10.2.10 DiffHuffData

bsDiffType
bsCodingScheme
bsPairin

bsDiffI‘iEeDirection

8.3.10.2.11 HuffPatalD

hcodFirdtband_XXX

Shall fulfil the requirements outlined in ISO/IEC 23003-1:2007, 6.1.13. Shall
not be encoded with a value of 2 if residual codingds’applied. Shall have the
value 0 or 3 if ps==0 and bsindependencyflag(is)set to 1.

Shall have the value 0 if setidx == datasets-1:\No further 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.

bsCodeW shall have a value out of a set of values as defined by column

hcod1D_XXX_YY

bsSign

234

'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
‘codeword’ of the applicable table in ISO/IEC 23003-1:20Q07%, Taples
A.11 to A.18, for CLD and ICC. For IPD, in Tables A.5 to A.8..Shall haye a
length as defined by the corresponding entry in column 'length’.

§.3.10.2.13 SymmetryData

HsSymBit No restrictions apply.
§.3.10.2.14 LsbData

HsLsb No restrictions apply.
8.3.11 Configuration Extensions

8.3.11.1 streamld()

streamldentifier No restrictionsapply.

§8.3.11.2 loudnessInfoSet()

Thhe loudnessinfoSet() bitstream structure shall be restricted as specified in ISO/IEC 23003-4.
8.3.12 AudioPreRoll

8.3.12.1.1 Recursive presence of AudioPreRoll extension payload

o~y

n access unit whichispart of an AudioPreRoll shall not have usacExtElementPresent equal to 1 for the ¢xtension
ayload type IDEXT_ELE_AUDIOPREROLL. That means there shall be no recursively embedded AudjoPreRoll
ktension payload:

[¢llse]

8.3.12.1x2~"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

uniDrcGain()

The uniDrcGain bitstream structure shall be restricted as specified in ISO/IEC 23003-4.

8.3.14 lLestrictions depending on profiles and levels

8.3.14.1
Dependi
8.3.14.2

8.3.14.2,

For Base

General

g on the profile and level associated with the USAC bitstream, further restrictions may dpply.
Baseline USAC profile
1 usacSamplingFrequencylndex

ine USAC 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

usdl

0x03...0x0c, |-0x03...0x0c, | 0x03...0x0c, | 0x00...0x0c,
cSamplingFrequencylndex/ 0x11...0x1b() 0x11...0x1b | 0x11...0x1b | 0xOf...0x1b

usacSamplingFrequency 0x1f¥. 0x1f/ 0x1f/ 0x1f/ N/A
< 48000 < 48000 < 48000 <96000
Furthernjore, for the baseline USAC prdfile the employed sampling rates shall be one out of those listed in Table 3.

8.3.14.2,

For baseline USAC profile channelConfigurationIndex shall be encoded with a value specified in Table 161.

2 channelConfigurationIndex

Table 161 — Specification of channelConfigurationlndex
in baseline USAC profile

8.3.14.2.

Level
1 2 3 4 5
' . 0,12, 0..6, 0.6,
channelConfigurationIndex 0,1 g 8.1 8.1 N/A

3 numOutChannels

For baseline USAC profile numOutChannels shall be encoded with a value specified in Table 162. Further

restrictio
channels

236

ns apply to the number of main audio channels (channels conveyed in UsacSCEs and UsacCPEs) and LFE
(conveyed in UsacLFEs) as shown in Table 162.
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Table 162 — Specification of numOutChannels
for baseline USAC profile

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

— =

FE channels comply with the restrictions outlined in 0.

8.3.14.2.5 tw_mdct
Hor baseline USAC profile tw_mdct shall be encoded with 0.

8.3.14.2.6 tw_data

v_data should not be present in baseline USAC profile complying bitstreams, due to restrictions of 1
lement tw_mdct.

@D

§8.3.14.3 Extended HE AAC profile

§8.3.14.3.1 usacSamplingFrequencylndex

Hor extended HE AAC profile usacSamplingFrequencylndex shall be encoded with a value specified in Talj

Table 163 — Specification of usacSamplingFrequencyIndex
and usacSaniplingFrequency in extended HE AAC profile

020(E)

or the baseline USAC profile usacElementType shall take values such that the number of mainaudio channels and

bitstream

le 163.

Level
1 2 3 4 5
0x03...0x0c, 0x03...0x0c, 0x03...0x0c, 0x03]..0x0c,
usacSamplingFrequeneylndex/ N/A 0x11...0x1b | 0x11..0x1b | 0x11..0x1b | 0x11{..0x1b
usacSamplingFreguerncy 0x1f/ Ox1f / 0x1f/ Ooxi1f /
< 48000 < 48000 < 48000 < 48000
8.3.14.3.25 _channelConfigurationIndex
Hor extended HE AAC profile channelConfigurationIlndex shall be encoded with a value specified 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 extern

8.3.14.3.

The bitst

restrictions of bitstream element tw_mdct.

8.4 USA

84.1 ¢
This doc
impleme

isolated,

However

that can pe composed of one or more test conditions.

Every lin
iec/2300

ded HE AAC profile tw_mdct shall be encoded with 0.

5 tw_data

ream element tw_data should not be present in extended HE AAC profile complying bitstreams, due

C decoders

heneral
lment describes a set of test conditions that shall be applied to verify that a given USAC decodsg
htation complies with this standard. Test conditions are designed such that each tool can be teste

thus setting the constraints for the corresponding conformancédtest sequences.

some tools show interactions and dependencies. To coverthat fact, conformance test cases are define

Q=

e in the electronic insert “Usac_Conformance:Tables.xlsx” (accessible at https://standards.iso.org/isd
3/-3/ed-2/en) represents a conformance test¢ase. For each conformance test case in the worksheet

set of co
sequence
conforma
correspo
endian) d
To claim
conforma

described in 8.3.14.

For each

test has o be tested against the reference by applying the appropriate test procedure. Test procedures as well g

constrain
(accessib

Some cor

hformance test sequences can also be found. Which tool or tool combination is tested by a given tes
can be deduced from its filename, as it follows the nomenclature defined in Table 157. In most cases
nce test sequence consists of an USAC encoded bitstream wrapped in the MP4 file format and th
hding decoded wave file. Decoded wave files are always supplied with 24 bit resolution (RIFF (little
ata, WAVE audio, Microsoft PCM24 bit).

conformance, every test sequence mandatory for a certain profile/level combination has to meet thi
nce criteria specified for-the given test. Bitstream restrictions depending on profile and level ar
conformance test\case varying conformance criteria may apply. The output of the implementation undd

ts for each \conformance test case are listed in the electronic insert “Usac_Conformance_Tables.xls
le at https://standards.iso.org/iso-iec/23003/-3/ed-2/en). All test procedures are defined in 8.3.2.

formance test sequences that are defined in the USAC Conformance testing clause are not present on th

wn =

&

conforma

nce rnpncifnry ﬂv\ring to the very unusual combination of tested parameters in certain conformance te

t

conditions these files exhibit digital clipping and have therefore been excluded from the collection of conformance
test sequences.

8.4.2 FD core mode tests

8.4.2.1

General

This subclause describes test conditions to test the transform based (FD: frequency domain) part of the decoder.

», «

A full list of all FD core related test cases is shown in the attachment “Usac_Conformance_Tables.xlsx”: “FD core
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 stated otherwise the following constraints apply to all USAC FD core mode test cases:

- tests are carried out with coreSbrFrameLengthlndex 0 (768) and 1 (1024), respectively;

- the value of max_sfb is set to the maximum allowed value depending on the given-sampling rate;

- sampling frequencies as defined in Table 166 are included in the tests;

- all test conditions apply to both UsacSingleChannelElement() and UsagChannelPairElement().

Table 166 — Subset of sampling ratesainder test (“SET”)

sampling rate / Hz samplingFrequencylndex
7350 0x0c
14400 0x19
22050 0x07
28800 0x14
44100 0x04
88200 0x01

—

he sampling frequencies in Table 166 are composed of a subset of values in Table 72 and were choser] to cover
1 available scale factor tables. This subset of sampling frequencies is also referred to as “SET” in this Jocument
d in the electronic insert\*Usac_Conformance_Tables.xlsx” (accessible at https://standards.isg.org/iso-
i¢c/23003/-3/ed-2/en).

—

8.4.2.2 Basic FDtest condition

8.4.2.2.1 General

—

he “basiC\ED test condition” represents a minimum setup of the FD core coder for both single channel and
hannel.pair element.

o

4222 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 ED-wandoewnw—cwitchinotoctecondition-ALnl
B ST T D wWwintaow SwitthnngtCoT CoOnarcaroTr vy Ity

8.4.2.3.1f General
This test| condition shall be applied to verify the proper decoder behaviour in case a meaningful FD windoyw
sequency transition is triggered by a bitstream. Meaningful window sequence transitions are listed)in Table 138.

Furthernjore, the test condition focuses on correct processing of all allowed short block groupings and windoyw
shapes.

8.4.2.3.2| Testsequences

Test seqyences 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_STOP_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

T bitstreams activate the noise filling tool in the USacCoreConfig. The values of NoiSe_level and NoiSe_o
'om frame to frame. All possible combinations of noise_filling and noise_offset are triggered at least ‘en
bitstream.

=)

8.4.2.5 TNS test condition [Tns]

8.4.2.5.1 General

—

his test condition shall be applied to verify the proper behaviour of the temporal noise shaping (TN
SAC and the correct signalling of its parameters.

[l

8.4.2.5.2 Testsequences

All bitstreams contain TNS data indicated by the bit tns_data_present. TNS parameters are applied as suf
n Table 168.

—-

NOTE TNS short block combination is covered by the test case’labelled “WinTns”.

sl

or both mono and stereo test sequences (channelConfigindex 1 and 2) supplied bitstreams contain at
alues 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.

fset vary
ce by the

5) tool of

nmarized

east TNS

Table 169 shows TNS values nn]y presentin stereo testcases (r‘hannp](‘nnﬁg]nr‘lnv '))

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
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8.4.2.6

8.4.2.6.1

This test
signalled

8.4.2.6.2

Varying max_sfb test condition [Sfb]

General

condition shall be applied to ensure the correct decoder behaviour in case varying values of max_sfb are
by the bitstream.

Test sequences

The valu
determin

NOTE

Addition
channel i

8.4.2.7

8.4.2.7.1

This test
USAC deg

A USAC d
embedde

8.4.2.7.2

Bitstreams contain extensions to both configuration and\payload. Extensions to the configuration are summarize

in Table

Extensions to the payload are transmitted by means of an USAC extension element. For each extension elemer]

one confi
the bitstr
0,1, 3 an

[72])

FOf Max_sSib transmitted in ICS_INfo() varies in the range from O T0 Maximum. The upper bound
ed by the given sampling rate.

Varying max_sfb short block combinations is covered by the combined test case labelled “WinSfb”.

] constraints apply to USAC channel pair element. Different values of max_sfb are transmitted for eac
h the channel pair element.

Handling of extensions test condition [Ex]

General

condition shall be applied to ensure the proper behaviour of the, extension payload mechanism of thle
oder.

ecoder shall at least be able to skip over all extensions - both'configuration and payload - and decode the
d USAC single channel element properly.

Test sequences

[ 70.

Table 170—Values of UsacConfigExtension

Bitstream ‘element Value
numConfigExtensions 4
usacConfigExtType 0 15 255 | 65805
UsacConfExtLength 1 1 1 1
tmp / fill_byte 165 49 50 51

-

guration\is.embedded in the USAC decoder configuration. Table 171 shows the decoder configuration
eam. The audio data is carried in element 2 (UsacSCE). The extension payload is transmitted via elemer]
] 4'(UsacEXT). The test is only carried out for USAC single channel element.

(s

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_1" “Ex_2" - “Ex_3” -

242
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The extension payload transmitted by means of and USAC extension element can vary from frame to frame.

T

able 172 shows the affected bitstream values.

Table 172— USAC extension payload

o =

B
i

h case of fragmented extension payload (element 1), the payload is divided into 9 frames (distance

n a few frames at startup.

Element index 0 1 3 4
usacExtElementPresent 0,1 0,1 0,1 0,1
usacExtElementUseDefaultLength 0,1 0 0 0,1

A S | LD 1 A1 4lo 1 1L 1 1L 1 1L Joid
USAULAULITITIITIIUL a_yluaul_.cusul 1..10 1..10 1..10 dl UILlI ou_y
usacExtElementStart - 0,1 - -
usacExtElementStop - 0,1 - -

sacExtElementStart and corresponding usacExtElementStop flag). The payload transmitted for element
consists of the string “+++ USAC Conformance Test Extension Element [0,1,2] +++”.

lement 4 is used to write fill bytes (10100101) to into the bitstream if needed.“Fhe payload may only b

.4.2.8 Context adaptive arithmetic coder test condition [Ac]

4.2.8.1 General

his test condition shall be applied to ensure the proper behayiour of the arithmetic decoder of USAC.

.4.2.8.2 Test sequences
itstreams are designed such that:

The window sequence repeatedly “cycles through the following values: ONLY_LONG_SE

LONG_START_SEQUENCE, EIGHT.SHORT_SEQUENCE, LONG_STOP_SEQUENCE;
Window shape is always set,to'0, i. e. sine window;
The reset of the arithmeticdecoder is triggered at least every 3 frames;

The bitstream is¢divided into at least 4 sections, each 100 frames long. The first 4 sections rep
bitstream consistsof more than 400 frames;

In section“d-quantized MDCT values are set to zero. The value of max_sfb is increased frame by fra
the maximum allowed value;

between
50,1 and

e present

QUENCE,

bat if the

me up to

In'section 2 the amplitude of quantized MDCT values is limited to 3, only positive values are transmifted;

re coded

1 e 2 &l 1 £l 43 | ££: 03 i AE sz £ C ol ££: o3 £
T SCCToToTCvaraC o ot uantaZCU COCITICICTICS TS I rCastaTT amC o y i armrCopettrar COCTITCIeTTes

both with and without STOP symbol;

In section 4 the amplitude of quantized MDCT values is limited to 3 while the sign is altered;

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

8.4.2.9.1

Non-meaningful FD window switching test condition [Nmf]

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

All non-lﬁeamngful FD Window transitions are Erlggered at teast once by the bitstream. It should be ensured that

er does not crash during decoding. This test is not mandatory but highly recommended.

the decoq

The decd
decoded

8.4.2.10

8.4.2.10,

This test

8.4.2.10.

Bitstreams make use of the M/S stereo tool. An overview of affected bitStream parameters is shown in Table 173.

All bitstr

8.4.2.11

8.4.2.11.

This test
decoder.

Test sequences

waveforms are provided.

1 General

2 Test sequences

M/S stereo test condition [Ms]

der behaviour at non-meaningful FD window transitions is not covered by this documeng; henhce nlo

condition shall be applied to verify the proper behaviour of the M/S stere¢:tool of the USAC decoder.

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 (N Indicates the use of M/S stereo per scale

factor band

1 General

8.4.2.11.

pams activating the M/S stereo tool shall cover the values as described above.

Complex prediction stereo test condition [Cp]

condition, shall be applied to ensure the functionality of the complex prediction stereo tool of the USAC

2—Test SequcIces

Bitstreams activate the complex prediction stereo tool of USAC. The affected bitstream values are listed in
Table 174.

244
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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 only coefficients(0)
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 togside’(0) or
from side to mid (1)

8.4.3 LPD core mode tests

84.3.1 General

S =

perated in LPD coding mode. A full list of all, bPD core coding mode related test cases is g
[Jsac_Conformance_Tables.xlsx”: “LPD core ~UsacSCE”, and “LPD core UsacCPE”, acces
tps://standards.iso.org/iso-iec/23003 /-3 /ed-2/en.

he decoded signals (reference and decoder-under-test) are always time-aligned, low-pass filts
ownsampled to twice the audio bandwidth of the LPD core before computing the conformance measure
resampling tool “ResampAudio” from_the AFsp package, which is also required by the USAC reference
cpn be used for this purpose. Unless‘specified otherwise, the audio bandwidth of the LPD core is equal tq
hen coreSbrFrameLengthindex=1 (frame length equal to 1024 samples) and 4800H
cpreSbrFrameLengthIndex#£0,(frame length equal to 768 samples).

he conformance medsure depends on the test case. For the LPC coding test, the RMS log LPC spectral
etween the referefieg'signal and the output of the decoder-under-test and the segmental SNR of the out
ecoder-under;test compared to the reference signal are used. For the other tests, the segmental S|
tput of the.decoder-under-test compared to the reference signal is used.

he computation of these measures is described in ISO/IEC 14496-26. Alternatively, an implementati
MSAog LPC spectral distance can be found in the free “libtsp” TSP signal processing library (functi
RlpcLSdist”), and the segmental SNR can be computed using the “CompAudio” tool from the AFsp packa

All bitstreams activating the complex prediction stereo tool shall cover all'values as described in Table 18,

his subclause describes test cases that have to be applied to verify the behaviour of the USAC decodler when

hown in
sible  at

red and
The free
software,
6400 Hz
7z when

distance
but of the
IR of the

bn of the
on called

ge.

The tests are carried out for both 768 and 1024 core coder frame length (coreSbrFrameLengthindex e
and 1).

qual to 0

For coreSbrFrameLengthindex=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
frequency.
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8.4.3.2

8.4.3.2.1

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 lpitstream 15 designed such that:

— allfy

— for 4
mod|

— each

Furthern
high reso

8.4.3.2.3

The conf
the refer

ames are encoded using MDCT-based TCX;

ach of the 4 LPC filters LPC1, LPC2, LPC3 and LPC4, every possible absolute and relative,quantizatio
e from Table 148 is used at least once;

of the 256 entries in the first stage approximation codebook (see 7.13.6) is used at least once.

ore, the test bitstream is designed to test the decoder on “extreme” LPC filters (in particular, exhibitin
nances that cover well the entire audio spectrum).

Conformance criteria

rmance criteria for the LPC coding test condition is based on the\RMS log LPC spectral distance betwee]
ence signal and the output of the decoder-under-test and.en‘the segmental SNR of the output of th

decoder yinder test compared to the reference signal.

The RMS
exceed 0
shall not

8.4.3.3

8.4.3.3.1

This test
scheme.

8.4.3.3.2

log LPC spectral distance between the reference signaland the output of the decoder under test shall ng
6 dB. Also, the segmental SNR of the output of thetdecoder under test compared to the reference signa
be less than 40 dB.

ACELP core mode test condition [Ace]

General

condition shall be applied(to, verify the correct decoding of frames encoded with the ACELP codin

Test sequences

The test bitstream is deSigned such that:

— Allf]

— Aco

rames areencoded using ACELP (no MDCT-based TCX);

mplete and balanced coverage of the algebraic codebooks listed in 7.14.5.2.1 is ensured. Specifically, th

=]

[CIl=]

—+

]

D

usag

e of the algebraic codehooks is as follows:

100

100

100

100

100
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frames encoded using the 20-bit codebook, followed by;
frames encoded using the 28-bit codebook, followed by;
frames encoded using the 36-bit codebook, followed by;
frames encoded using the 44-bit codebook, followed by;

frames 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;

— Every possible value of the bitfields mean_energy (4 possibilities, see Table 152), acb_index[-] (5

12 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).

8.4.3.3.3 Conformance criteria

—

he conformance criteria for the ACELP core mode test condition is based on the segmental SNR of the
he decoder under test compared to the reference signal.

ot

—3

he length of the segments is equal to 256 samples.

—

he segmental SNR of the output of the decoder under test compared tethe reference signal shall not be
0 dB.

[®x}

84.34 TCX and noise filling test condition [Tcx]

4.4.3.4.1 General

Thhis test condition shall be applied to verify the correct decoding of frames encoded with the TCX coding
Hurthermore, the TCX noise filling is covered.

8.4.3.4.2 Testsequences

Thhe test bitstream is designed such that:

—+ All frames are encoded using MDCT-based TCX (no ACELP);

—+ A complete and balanced coverage of all possible MDCT window lengths is ensured;

—+ Moreover, a,comiplete and balanced coverage of all possible intra-frame and inter-frame transitions
MDCT window lengths is ensured;

—+ Everypossible value of the bitfields noise_factor (8 possibilities) and global_gain (128 possibilitie
atleast once as long as the values do not result in clipping. To avoid clipping the highest global g4
may not be tested as long as at least 90% of all values are used;

putput of

less than

r scheme.

between

5) is used
in values

— 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
these, the usage of the various MDCT window lengths is as follows:

[111 1] for 150 frames;
[2 22 2] for 150 frames;

[3 3 3 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 confprmance criteria for the TCX and noise filling test condition is based on the segmental SNR of the outpy
of the de¢oder under test compared to the reference signal.

The length of the segments is equal to 256 samples.

The segnental SNR of the output of the decoder under test compared to the reference signal shall.not be less than
50 dB.

8.4.3.5 LPD mode coverage and FAC test condition [Lpd]

8.4.3.5.1 General

72}

This test|condition shall be applied to ensure the proper decoding of frames encoded in LPD mode. It also cover
all allowed transitions between LPD coding schemes (ACELP/TCX).

8.4.3.5.2| Testsequences
The test bitstream is designed such that:
— Everly possible combination of MDCT-based TCX and/or ACELP within a frame is used at least once;

— Moregover, a complete and balanced coveragelof all possible intra-frame and inter-frame transitions between
ACELP and the different MDCT window lengths is ensured;

— The test bitstream contains LPC filtets exhibiting weak resonances;
— The pass-post filter is always disabled (bpf_control_info=0).

The first fwo conditions are gabanteed by using a repetition of the following mode pattern:

[o9

A sequence comprising-the' LPD coding modes corresponding to each of the 26 unreserved values of the bitfiel
Ipd_modee from Table:94 followed by:

[0011][0014JfT100][1100][0022][0022][2200][2200][3333]

where [- | -“Prepresents the four LPD coding modes mod[0..3] for one frame and 0, 1, 2 and 3 are the mode valugs
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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8.4.3.7 Bass-post filter test condition [Bpf]

8.4.3.7.1 General

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

ne test bitstream 1s designed such that:

ACELP coding mode (25 consecutive frames);
—+ The bass-post filter is switched on (bpf_control_info=1) and off (bpf_control_info=0) évery 5 ACEL

—+ Every possible value of the acb_index parameter (512 or 64 possibilities, depending on the
position) is used at least once for the ACELP frames where the bass-post filter is.enabled;

—+ The test bitstream contains LPC filters exhibiting weak resonances;

tested in combination with bass-post filter activity. The Bpfa case occurs when the two channels eit
a different core coding mode (ACELP/TCX) or, when bothchannels use the ACELP core coding
make a reversed use of the bass-post filter (active/inactive)

8.4.3.7.3 Conformance criteria

—

he conformance criteria for the bass-post filter testcondition is based on the segmental SNR of the outj
ecoder under test compared to the reference sigial.

QL

—

he 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
0 dB.

[®x}

8.4.3.8 AV(Q test condition [Avq]

8.4.3.8.1 General

Thhis test condition.shall be applied to test the AVQ quantization tool of the USAC decoder.

8.4.3.8.2 \\ Test sequences

The-test bitstream is designed such that:

—+ The frames are encoded using alternately the MDCT-based TCX coding mode (5 consecutive-frames]) and the

P frames;

subframe

er use in
ode but

—+ For a USAC channel pair element both synchronous (Bpfs) and asynchronous (Bpfa) core coding r{des are

but of the

less than

— 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

once;
— The test bitstream contains LPC filters exhibiting weak resonances;

— The bass-post filter is always disabled (bpf_control_info=0).
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8.4.3.8.3 Conformance 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 (ombined core coding tests

8.4.4.1 General

This subg¢lause describes test conditions to be applied to the USAC decoder in the case both FD.and LPD codinig
mode ardg present in a bitstream.

If not stdted otherwise, the conformance measure is calculated using the segmental SNR/of the output of thle
decoder pinder 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 shall not be less than 5

dB. Also, [the RMS test method shall be applied to all mandatory test cases. The, RMS test method always includgs
the LSB tpst (RMS/LSB). The RMS/LSB measurement is defined in ISO/IEC 14496-26. The decoder under test shall
additiondlly satisfy the conformance criteria for at least 7 bit.

8.4.4.2 FD-LPD transition and FAC test condition (synchronous/asynchronous) [Flt<a|s>]

8.4.4.2.1 General

This test condition shall be applied to ensure the proper decoder behaviour when a given bitstream activates both
USAC corfe coding modes (FD/LPD).

8.4.4.2.2 Testsequences

Bitstreams trigger all allowed transitions between FD and LPD coding modes.

(i

— Bitsfreams shall trigger every allowed transition between FD and LPD coding modes as shown in Table 138 3
least once;

— All ajlowed combinations-of TCX modes and ACELP are triggered at least once;
— For USAC channel-pair element both synchronous (Flts) and asynchronous (Flta) transitions are triggeredl.
Asynchronous transitions occur when the two channels of the channel pair element use different codinyg

modges (FD/LRD);

— No Hass“post filter is used (bpf_contol_info == 0).

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 Testsequences

Bitstreams activate the noise filling tool in both FD and LPD path. The bitstreams are designed that:
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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

84.44 Bass-post filter test condition [Cbf]

84.4.4.1 General

—

his test condition shall be applied to ensure the correct behaviour of the bass-post filter at transitions| between
D and LPD core mode.

ool

8.4.4.4.2 Testsequences
Bitstreams are designed that:
—+ The bass-post filter is activated in every frame encoded using LRD coding mode;

—+ All valid transitions between FD core mode and LPD core.mode as shown in Table 138 are triggered at least
once;

—+ All allowed combinations of TCX modes and ACELP:are triggered at least once.
§.4.4.5 Context adaptive arithmetic coder'test condition [CAc]

8.4.4.5.1 General

Thhis test condition shall be applied to‘test the arithmetic decoder of USAC when both FD and LPD coding modes
are employed.

8.4.4.5.2 Testsequences

Bitstreams are desighed’such that:

- All valid transitions between FD core mode and LPD core mode as shown in Table 138 are triggereld at least
once;

- Arteset of the arithmetic decoder is triggered in a frame consisting of only ACELP at least once.

TlestSequences are provided for hoth 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 Testsequences

The sequence consists of a linear sine sweep from 0 to 8000 Hz (eSbr cross over frequency).
8.4.5.4 Envelope adjuster accuracy and SBR preprocessing test condition [Eaa]

8.4.5.4.1 General

This tesf condition shall be applied to cover the test of the eSbr envelope ‘adjuster as well as the eShr
preprocefsing (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_env 0.47
core_mode 0 (FD)
harmionicSBR 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 (ED)
harmonicSBR 0
bs_add_harmonic_flag[0] 0
bs_data_noise max. 31
bs_interTes 0
bs_pvc 0

Test sequences

Inverse filtering test condition [Ift]

his test condition shall be appliéd to verify the SBR inverse filtering.

he test sequence cycles through the available inverse filter options changing every 50 frames.

able 177 summarizes the bitstream values affected by the Ift test condition.

he inverse filter (bs™\invf mode) feature has 4 settings, described in ISO/IEC 14496-3:2019, 4.5.2.8.1, Table 4.124,
Fhich are triggered by the bitstream.
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Table 177 — Ift bitstream values

Bitstream element Value
core_mode 0 (FD)
harmonicSBR 0
bs_add_harmonic_flag[0] 0
bs_data_noise max. 31
bs—intertes 8
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

8.4.5.7 Additional sine test (missing harmonics) test condition [Ast]
8.4.5.7.1] General
This test condition shall be applied to verify the functionality of the missing harmonics insertion mechanism of thie
eSBR too| of the USAC decoder.
8.4.5.7.2 Testsequences
The encdder input consists of a mono music-signal with strong harmonics. For each available scale factor band
(nSfb) a qine tone is added (bs_add_harmonic == 1).
Table 178 summarizes the USAC features which have been disabled (or changed) in order to isolate the additional
sine toneg feature.
Table 178 — Ast bitstream values
Bitstream element Value
core_mode 0 (FD)
harmonicSBR 0
haoe add haowmaonios floglng 1
bs—add-harmenie—flagio] 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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.4.5.8 Channel mode test condition [Cm]

.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

020(E)

Test sequences are provided for both mono and stereo SBR channel mode. In stereo mode bs_coupling is toggled

€|

T

o »n =

- 3

ery oUIrames.

able 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

.4.5.9 Inter-TES test condition [Tes]

4.5.9.1 General

his test condition shall be applied to verify the proper behaviour of the inter-TES tool of USAC.

.4.5.9.2 Test sequences

br_envelope(). In thie'case of switching on inter-TES within a SBR envelope time segment, bs_temp_shapsg
et to shape _the) temporal envelope of the HF signal. The bitstream covers all available
s_temp_shapednode. Note that inter-TES is switched off when bs_temp_shape==1 and bs_temp_shape_m

able 180-stimmarizes the USAC features which have been disabled or restricted in order to isolate the
bature!

nter-TES is active (bsZinterTes==1). In the bitstream inter-TES is switched on and off by bs_temp_shape in the

_mode is
alues of
ode==0.

nter-TES

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
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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_sinu

8.4.5.11

8.4.5.111 General

This test condition shall be applied to verify theé.proper behaviour of the QMF based harmonic transposer of USA(.

8.4.5.112 Testsequences

Table 181 — PVC bi

oidal_coding(J, and pvC_envelope(J are appiied as summarized in 1abie 181.

tstream 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

N
~N

length

S

grid_info

olo|lo|lolo|lo|ocloiololm

RIRRRRN R, AR

Harmonic transposition (QMF) test condition‘[Htq]

A test sequence is generated for each sbrRatiolndex described in Table 75.

The test

Table 182 summarizes.the USAC bitstream values affected by the Htq test condition.

Table 182 — Htq bi

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.

tstream values

256

Bitstreamelement—————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

020(E)

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

test sequence 1s generated I0r each o the sbrratiolndex values (except U) described In [able 65.

—

he test sequences are generated from a mono music signal. Each of the three sequences- use€s
rossproduct values but applies a different sbrRatiolndex value (2, 3 and 1). In each case ¢rossprodu
Fhich vary over the entire range [0 - 127], are triggered in the bitstream.

< O

Tlable 183 summarizes the USAC bitstream values affected by this test condition.

Table 183 — Xp bitstream values

Bitstream element valué
core_mode 0(¥D)
sbrPatchingMode 0
harmonicSBR 1
bs_invf_mode[0] 0
bs_add_harmonic_flag[0] 0
bs_data_noise max. 31
bs_interTes 0
bs_pvc 0
noiseFilling 0

§.4.5.13 Transposer toggle.test condition [Ttt]

8.4.5.13.1 General

—

his test condition~shall be applied to verify the decoder behaviour in case the transposer type is
etween copy-up/and harmonic transposer by the bitstream.

o

8.4.5.13.2¢ Test sequences

Bitstreams contain all allowed transitions between different transposer types (copy-up and harmonic tra

he same
ct terms,

switched

hsposer).

Atestsequence Is generated Ior each sbrKatiolndex described In Table /5.

Test sequences are generated from a mono music signal. The transposer type is signalled by
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

Furthern
crossove
combine

LPD

The

The

8.4.5.14

8.4.5.14.

This test
switched

8.4.5.14.

All bitsty
sbr_sinug

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

ore, test sequences are provided which combine the “Transposer toggle test condition” and the “Varyin
" frequency test condition”. Those sequences can be identified by the filename-tag _TttXo_. Bitstream
the restrictions of both test conditions, exceptions are listed below.

(2R

core mode is used (core_mode = 1);
fransposer type is toggled every 100 frames (sbrPatchingMode: 0;1);

crossover frequency is varied through all available frequencies (bs_xover_band: 0..9).
Envelope shaping toggle (PVC on/off) test condition [Est]

1 General

condition shall be applied to ensure the proper decoder behaviour when the envelope shaping mode
between SBR and PVC.

%)

2 Test sequences

[eN

eams contain PVC data jindicated by the bit bs_pvc. PVC parameters in Sbrinfo(), sbr_grid(), anl
oidal_coding() are applied as summarized in Table 185.

Table 185 — Est bitstream values

Bitstream element value

bs_pvc_mode
bs_frame_class
bs_var_bord_1

8.4.5.15

8.4.5.15.

The test
alternate

258

bs_noise_position
bs_var_len_hf
bs_sinusoidal_position_flag
bs_sinusoidal_position

Varying crossover frequency test condition [Xo]

1 General

condition shall be applied to verify the decoder behaviour in case the SBR crossover frequency is
d 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

8.4.5.16  stereoConfigindex test condition [Mps]

8.4.5.16.1 General

Thhe stereoConfigindex test condition shall be applied to test the interaction of the eSBR and the MPS212 tool. All
possible combination of both tools as described inEigure 23 through Figure 25 are covered by the test.

§8.4.5.16.2 Test sequences

sl

or each allowed value of stereoConfigindex one bitstream is provided. The relation between stereoConfigindex,
sStereoSbr and bsResidualCoding is shown in Table 77. Bitstreams have been generated from a stereo music
gnal.

w_o

Tlable 187 summarizes the USAC bitstream values affected by the Mps test condition.

Table 187 — Mps bitstream values

Bitstream element value
core_mode 0 (FD)
coreSbrFrameLengthIndex 3
bs_invf_mode[0] 0
bs_add_rarmonic_ftagioi O
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 differellt test sequences are provided each of which employs a different integer value of bsFreqRes in the intérval
[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.décorrelator (TSD) tool ¢f
the USA( decoder.

8.4.6.2.2| Testsequences

Bitstreams contain bsTempShapeConfig set to 3 in order to activate the TSD)tool. Test sequences cover all allowed
values fof TsdSepData and bsTsdTrPhaseData.

8.4.6.3 Rate mode test condition [Rm]

8.4.6.3.1] General

This test condition shall be applied to test the high rateymode of MPEG Surround 212.

8.4.6.3.2] Testsequences

Test sequences are provided for each allewed value of stereoConfigindex (except for 0). To enable the high rate
mode thd bsHighRateMode flag is set to™1*

8.4.6.4 Phase coding test condition [Pc]

8.4.6.4.1| General

This test condition,shall be applied to verify the performance of the phase coding tool of the USAC decoder.

8.4.6.4.2| ,Testsequences

Bitstreants—Ttave bsPhaseCoding set—to T im order to_activate the piase coding toot. Pihase 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
e[Mploying phase parameters.

8.4.6.6.2 Testsequences

wol

itstreams contain values for bsOttBandsPhase that differ from the default values listed in(Table 109. Bjtstreams
pntain bsOttBandsPhasePresent set to 1 to indicate the number of IPD parameter bands.explicitly. Multiple test
pquences are provided covering all allowed values of bsOttBandsPhase in the range of.0’to numBands.

[ M e}

Hor 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

Thhis test condition shall be applied to verify the decoder behayieur for all allowed values of bsFixedGainDMX.

8.4.6.7.2 Testsequences

g different test sequences are provided each of which employs a different integer value of bsFixedGainDMX in the
interval [0..7].

8.4.6.8 Pseudo Ir test condition [Plr]

8.4.6.8.1 General

Thhis test condition shall be applied to test the pseudo Ir mechanism of the USAC decoder.
8.4.6.8.2 Testsequences

Tlest sequence are.available for both stereoConfigindex = 2 and 3.

All bitstreams-contain bsPseudoLr set to 1.

8.4.6.9 Residual bands test condition [Rb<X>]

4691 Geaeneaeral
LRS- ar e

THeTor

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 bslempshapeConiig shall be Set to [1.3]. Im 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 byl setting bsTempShapeEnable and bsTempShapeEnableChannel[ch]. These test sequences\ toggle
bsTempShapeEnable at least once. To handle as many conditions as possible all combinations ¢f
bsTempShapeEnableChannel[ch] related to the channels shall be triggered at least onces In” case ¢f
bsTempShapeConfig is set to 3 (TSD), the temporal shaping tool can be switched on and off on d frame basis by
setting b§TsdEnable. These test sequences toggle bsTsdEnable at least once.

8.4.6.11 Smoothing mode test condition [Smg]

8.4.6.111 General

This test condition shall be applied to verify the decoder behaviour for the smooathing mode.

8.4.6.112 Testsequences

=]

Bitstreams have bsHighRateMode set to 1 in order to activate the simoothing. The smoothing can be switched o
and off oh a frame basis by the bsSmoothMode[ps]. Every mode-shall be triggered at least once. Additional to tej
the modq “keep previous smoothing parameters unchanged” there shall be a transition from every mode to mod
1 at leastjonce.

D

To test all conditions all values in Table 188 shall beriggered 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.

4.7-2:2— IPFfrequency of occurrence [I-foo-<x>]

8.4.7.2.2.1 General

—3

his test condition shall be applied to verify the correct decoding behaviour upon (re-) initialization of 4 decoder
rhen AudioPreRoll() extension payload is present in the compressed bitstream andcwhen decoding streams
rhich carry regularly occurring stream access points in the form of immediate play-out frames (IPF).

< <

8.4.7.2.2.2 Test sequences
(Jonformance test bitstreams shall comply to the following constraints. The'stréams:

-+ shall contain one configuration extension of type ID_CONFIG_EXT{STREAM_ID, and one extension ppyload of
type ID_EXT_ELE_AUDIOPREROLL;

=+ shall start with an access unit with AudioPreRoll() present\(usacExtElementPresent==1);

<+ shall contain, in the AudioPreRoll() payload,'“a non-empty and correct config() (configlLen>0,
config() == usacConfig());

<+ shall contain, in the AudioPreRoll() payload,atleast one pre-roll frame (numPreRollFrames>0);
<+ shall contain access units with AudioPreRoll() present (usacExtElementPresent==1) in a regular frequency of
occurrence of once per <x> audio.frames. If <x> == 0, then only the first frame shall be an access unit with

AudioPreRoll() present;

-+ shall be encapsulated in ISO"Base Media file format in accordance with Annex H.
8.4.7.3 Dynamic range and loudness control

4.4.7.3.1 General

—

he followingtest conditions shall be applied to verify the proper integration and behaviour of the MPEG-D DRC
ecoder as'part of the USAC decoder. In addition to the test conditions in this subclause, the isolated MPEG-D DRC
ecoder;shall fulfil conformance according to ISO/IEC 23003-4.

QO

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.
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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:

8.4.7.3.2

If this
ID_CONF

8.4.7.3.3

8.4.7.3.3

This test
control o

8.4.7.3.3

This test

—

— UuniDrcConfig() shall‘be configured depending on the parameter <x> as defined in Table 189.

sacConfigExtension() shall include at least one extension of type ID_CONFIG_EXT_LOUDNESSANFO.

=)

sacExtElementConfig() shall include an extension of type ID_EXT_ELE_UNI_DRC if the)definition
ownmixId values is required for a test sequence.

pudnessinfoSet() shall define a loudnessInfo() structure with drcSetld=0 and downmixId=0 which shall

t least include one measure with methodDefinition set to 1 or 2. AdditionalNoudnessInfo() structurgs
nd loudness parameters may be present.

3 Default behaviour

test condition is not active, UsacConfigExtension shall)'wot include an extension of type

G_EXT_LOUDNESS_INFO.
Dynamic range control test condition [Drc<x>]

1 General

condition shall be applied to verify the transmission and application of DRC metadata for dynamic range
f the USAC decoder output. It shall also yerify the proper integration of the DRC modules.

2 Testsequences
condition shall fulfil following conditions:

IsacExtElementConfig().shall at least include one extension of type ID_EXT_ELE_UNI_DRC.

Table 189 — Configuration of uniDrcConfig() depending on <x>

8.4.7.3.3

<x> Requirement
T Omeorseveral PRCsetswithrdowmmixid=0
2 One or several DRC sets with downmixId=127
3 One or several DRC sets with downmixId!=0 &
downmixId!=127

.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.

5.2 Target loudness [Lou-<x>]

8.5.2.1 General

This test 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 medule.

§.5.2.2 Decoder settings description

The decoder shall be set up such that it normalizes the output to a given target'loudness as specified i ISO/IEC

I\S)

3003-4. The target loudness shall be given as an integer number <x> in LKFS that should not be larger than -10
KFS. Note that the requested target loudness may be passed via the uniDrelnterface() structure if available.

—

8.5.2.3 Default behaviour

—_—

this test condition is not active, no target loudness value shall be specified through a decoder interfacp and the
udness normalization module shall be disabled.

—_—

8.5.3 DRC effect type request [Eff-<x>]

8.5.3.1 General

—3

his test condition shall be applied to.Xerify the application of different DRC effect type requests by the USAC
ecoder. This condition shall verify thejproper behaviour of DRC modules.

[oh

§.5.3.2 Decoder settings-description

—

he decoder shall be setup-such that a DRC effect type request is passed to the MPEG-D DRC decoder as|specified
n ISO/IEC 23003-4. The,DRC effect type request shall be given as an integer number <x> and should be nmapped to

fall-back DRC effect type sequence as recommended in ISO/IEC 23003-4:2015, Annex E.2.2. Note| that the
bquested DRC effect type sequence may be passed via the uniDrcInterface() structure if available.

-y =

8.5.3.3 Default behaviour

—_—

this.tést condition is not active, no DRC effect type request shall be passed to the internal MPEG-D DRC ¢lecoder.

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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version = 0

entry count =1

segment duration = <N1>
media time = <N2>

media rate integer =1

media rate function = 0

where:

<N1> fsaminteger thatspetifies the duratiom of the desiredaudio segment, measured ir Movietteader

<N2> is an integer that specifies time of first sample in the desired audio segment, measured in MedidHeader

The timepcale values in the MPEG-4 file format MediaHeaderBox shall be set to the audio signal\sampling rate, i
units of Hz. If possible, the timescale values in the MPEG-4 File Format MovieHeaderBox shall be set to the audi
signal sampling rate, in units of Hz, otherwise the timescale values shall be set to the apprépriate media timescal
value, e.g, 60 for video at 60 frames per second.

9

9.1 Reference software structure

9.1.1 General

This clause contains simulation software for MPEG-D USAC as-defined in this document. This software has beejn
derived ffom reference models used in the process of developing this document.

Referencg software is normative in the sense that it ¢orrectly implements the USAC decoding processes describe|
in this dpcument. Complying implementations are not expected to follow the algorithms or the programmin
techniques used by the reference software. Although the decoding software is considered normative, it cannot ad
anything|to the textual technical description of USAC included in this document.

The software contained in this clauseandin Annex G is divided into several categories:

a)

b)

timescale units;

timescale units.

© O =5

Reference software

.09 .

]

Bitstream decoding software is catalogued in 9.2. This software accepts bitstreams encoded according t
the normative specification,in this document and decodes the streams into the audio signals associated wif]
each bitstream. While €his software appears in the normative part of this document, attention is drawn to th
fact [that the implementation techniques used in this software are not considered normative - severgl
diffgrent implementations could produce the same result - but the software is considered normative in that jt
corrgctly implements the USAC decoding processes described in this document.

o =

Bitsfreamm(encoding software is catalogued in H.1. The software creates compressed bitstreams fro
assogiated audio signals. The techniques used for encoding are not specified by this document. Two encodgr
software  implementations are provided as an electronic attachment accessible at
https://standards.iso.org/iso-iec/23003/-3 /ed-2 /en.

Utility software is catalogued in G.2. This software was found useful by the developers of this document, but
may not conform to the normative specifications it contains.

9.1.2 Copyright disclaimer for software modules

Each source code module in this specification contains copyright disclaimer which shall not be removed from the
source code module.
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The generic version of this disclaimer is provided below:

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
optimized. 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-conformanee-eriteria-ifany)-
Tlhose intending to use this software module in products are advised that its use may infringe existing patents. ISQ/4EC have no
linbility for use of this software module or modifications thereof.

Copyright is not released for products that do not conform to audio visual and image-coding related ITU
Recommendations and/or ISO/IEC International Standards.
A
El

ssurance that the originally developed software module can be used (1) in the <standard> onee)the <standards has been

dopted; and (2) to develop the <standard>:

CN1> Erants ISO/IEC all rights nececcarv to_include the originally developed software module or mo ifications

tare included in the <standard>.

Tlo the extent that <CN1> owns patent rights that would be required to make, use, or sell the originally developed software
module or portions thereof included in the <standard> in a conforming product, <CN1> will assure the ISO/IEC that ik is willing
td negotiate licenses under reasonable and non-discriminatory terms and conditions with applicants throughout the world.

|t

b0 /IEC gives You a free license to this software module or modifications thereof for the sole purpose of developing
he <standard>.

CN1> retains full right to modify and use the code for its own'purpose, assign or donate the code to a third party and to inhibit
pird parties from using the code for products that do-not conform to MPEG-related ITU Recommendations and/¢r 1SO/IEC
iternational Standards.

=+

~ = A

his copyright notice must be included in all copies or derivative works. Copyright (c) ISO/IEC 2015.

isclaimer: The software module is provided*'as’is". In no event shall ISO, IEC or companies that originally submitted the parts
f the software module be liable for any damages whatsoever (including, but not limited to, damages for loss |of profits,
usiness interruption, loss of information;-or any other pecuniary loss) arising out of or related to the use of or inab}lity to use
he software module. All warranties)\express or implied, including but not limited to warranties of merchantability dnd fitness
r a particular purpose are disclaimed.

I~ lsilonlicllwll|

— In the textxstandard> should be replaced with the appropriate International Standprd, e.g.,
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 not wish to be
identified.

—Semtences i bold-are ot Tequired-im the statement if the origimat developerattows unrestricted use of

this software.
— Sentences underlined should be removed when the <standard> is published.

— Reference to "ITU Recommendation" may be omitted when the module is deemed not to be relevant for
ITU Recommendations.
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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 [usac\usacEncDec\

Unified Speech and Audio Decoder

mpegD _[usac\mp#4spatialdec\

MPEG Surround 2-1-2 Decoding Module

268

© ISO/IEC 2020 - All rights reserved


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

(normative)

Annex A

Tables

ISO/IEC 23003-3:2020(E)

.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.A1,-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

1.3 MPEG Surround IPD tables

Table A.2 =hcodFirstBand_IPD

Please refer to ISO/IEC 14496-3:2019, 4.A.6, Table 4.A.78 to Table4:A.89 and Table 4.A.91.

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 | _length | codeword
0 0 1 0x0 1 0x0 1 0x0 1 0x0
0 1 3 0x7 3 0x7 3 0x7 3 0x7
1 0 3 0x6 3 0x6 3 0x6 3 0x6
1 1 2 0x2 2 0x2 2 0x2 2 0x2
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 | codeworgd
0 0 1 0x000 1 0x000 1 0x000 1 0x000
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 0x016
1 1 3 0x006 3 0x006 3 0x006 3 0x006
1 2 8 0x0ff 8 0x0ff 8 0x0bf 8 0x0bf
1 3 8 0x0fe 8 0x0fe 7 0x05e 7 0x05e
2 0 7 0x0%c 7 0x07c 6 0x02e 6 0x02e
2 1 7 0x07e 7 0x07e 4 0x00e 4 0x00e
2 2 4 0x00e 4 0x00e 4 0x00a 4 0x00a
2 3 2 0x002 2 0x002 4 0x00f 4 0x00f
3 0 7 0x07d 7 0x07d 8 0x0be 8 0x0be
3 1 8 0x0ff 8 0xOff 8 0x0bf 8 0x0bf
3 2 8 0xOff 8 0xOff 8 0x0bf 8 0x0bf
3 3 5 0x01e 5 0x01e 3 0x004 3 0x004
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