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hmittee SC 29, Coding offaudio, picture, multimedia and hypermedia information.
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ally revised. (t)“also incorporates ISO/IEC 23008-3:2015/Amd.1:2016, ISO/IEC 230(8-
Amd.2:2016;1S0/IEC 23008-3:2015/Amd.3:2017 and ISO/IEC 23008-3:2015/Amd.4:2016.

in changeg compared to the previous edition are as follows:

Feddable equations have been corrected;

— profiles have been defined;

— transport of MPEG-H 3D audio in MPEG-4 ISO Base Media File Format has been defined;

— coding efficiency, especially for low bitrate coding modes, has been improved

(fo

r scene-based as well as for object-based and for multichannel-based content);

— descriptive metadata has been added;

— MHAS description has been updated;
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— usage of MPEG-H 3D audio in broadcasting applications has been greatly improved;
— atool for Advanced Loudness Control has been added;

— alayered coding mode for coding of scene-based content has been added;

— carriage of systems metadata has been defined.

Alist of all parts in the ISO/IEC 23008 series can be found on the ISO website.
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Introduction

3D sound systems are able to realize a significantly enhanced sound experience relative to current
widespread 5.1 channel audio programs and playback systems. These systems demand high quality
audio coding and error-free transmission in order to keep the timbre, sound localization and sound
envelopment of the original andi 5 Ati . A . : itahle spatialization

are alsq

This d¢cument provides means for all scenarios where there is a need to compress a multiiechannel

audio f
In ordg
loudsp
access
media.

This dg
immer
placed
multi-g
system|
At the

b considered.

rogram (e.g. 22.2 channel program) and to render it to the native target number ofloudspeakg
r to reach a wide market, a 3D audio program is able to be downmixed to a lower-hierarchy
pakers, for example 10.1 or 8.1 channels. In addition, all scenarios supportfaslevel of randd

cument focuses on applications such as audio for home theatres where the audio presentation

Is.
of
m

fo facilitate broadcast break-in, and “trick modes” such as fast forward when playing from stored

is

five, involving many loudspeakers (e.g. from 10 to more than 20)\surrounding the listener and
below, at and above ear-level. Moreover, applications as persénal TV, TV for smartphones apd
hannel audio-only programs are envisioned. These require“that 3D audio encoding/decoding
s are able to operate at low bitrates appropriate for efficient'transmission over a cellular channpel.
same time, the sense of envelopment and accurate sonie localization even for systems having a

NDS

tablet-gized visual displays with loudspeakers built into“the device and headphone listening dqre
maintajned.

The International Organization for Standardization (ISO) and International Electrotechni¢al
Commission (IEC) draw attention to the fact that it is claimed that compliance with this document mhpy
involvd the use of patents. ISO and IEC take no-position concerning the evidence, validity and scope|of
these platent rights.

The holders of these patent rights have assured ISO and IEC that they are willing to negotiate licendes
under reasonable and non-discriminatory terms and conditions with applicants throughout the world.
In this|respect, the statements of the holders of these patent rights are registered with ISO and IHC.
Informption may be obtained from:

Electronics and Telecommiunications 218 Gajeong-ro, Yuseong-gu, Daejeon, 34129, KOREA
Researfth Institute (ETRI)

KoninKlijke Philips'N.V. High Tech Campus 5, 5656AE Eindhoven, THE NETHERLA
Thomsprnlicensing Suite 303, 4 Research Way, Princeton, N] 08540, USA

Wilus Inc. 48 Mabang-ro, Seocho-gu, Seoul, 137-894, KOREA

Fraunhofer Gesellschaft zur Foerderung  Am Wolfsmantel 33, 90158 Erlangen, GERMANY
der angewandten Forschunge.V.

Qualco

mm Incorporated 5775 Morehouse Drive, San Diego, CA 92021, USA

Dolby Laboratories Licensing Corporation 100 Potrero Avenue, San Francisco, CA 94103-4938, USA

Dolby International AB 999 Brannan Street, San Francisco, CA 94103-4938, USA
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Information technology — High efficiency coding and
media delivery in heterogeneous environments —
Part 3: 3D audio

Scope

his document specifies technology that supports the efficient transmission of immersiye audi

nd flexible rendering for the playback of immersive audio in a wide variety of listening s¢

hese include home theatre setups with 3D loudspeaker configurations, 22.2.loudspeaker
tomotive entertainment systems and playback over headphones connected‘toa tablet or sma

2 Normative references

o

he following documents are referred to in the text in such a way’that some or all of their

Q

undated references, the latest edition of the referenced documént (including any amendments)

—

50/1EC 13818-1, Information technology — Generic coding of moving pictures and associated au
nformation — Part 1: Systems

~.

[

50/IEC 14496-3:2009, Information technology ~—Coding of audio-visual objects — Part 3: Audid

—

5O/1EC 14496-11, Information technology —="Coding of audio-visual objects — Part 11: Scene de{
nd application engine

S

[

50/IEC 23001-8, Information technology — MPEG systems technologies — Part 8: Coding-indepa
pde-points!

Q

[

50/IEC 23003-1:2007, Information technology — MPEG audio technologies — Part 1: MPEG Sur

[

50/1EC 23003-2, Information technology — MPEG audio technologies — Part 2: Spatial Audio O}
oding (SAOC)

o

—

50/1EC 23003-3:2012, Information technology — MPEG audio technologies — Part 3: Unified sp
udio coding

S

[l

5O /AEC 23003-4:2015, Information technology — MPEG audio technologies — Part 4: Dynamic 1

b signals
enarios.
systems,
rtphone.

content

onstitutes requirements of this document. For dated references, only the edition cited applies. For

hpplies.

dio

cription

ndent

round

ject

ech and

ange

dontrol

IETF RFC 4122, July 2005, A Universally Unique IDentifier (UUID) URN Namespace

TISO/IEC 23001-8 has been superseded by ISO/IEC 23091 (all parts).
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3 Terms, definitions, symbols, abbreviated terms and mnemonics

3.1 Terms, definitions, symbols and abbreviated terms

For the purposes of this document, the terms, definitions, symbols and abbreviations in ISO/IEC 14496-

3:2009, 1.3 and 1.4 and in ISO/IEC 23003-3:2012, 3.1 apply.

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

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

— IE( Electropedia: available at http://www.electropedia.org/
3.2 Mnemonics

The following mnemonics are defined to describe the different data types used in the)coded bitstrez
payloagl.

bslbf Bit string, left bit first, where “left” is the order in which bit strings are writt
in ISO/IEC 14496 (all parts). Bit strings are writfen as a string of 1s and Os

within single quote marks, for example '1000-0001". Blanks within a bit strif
are for ease of reading and have no significance.

uimsbf Unsigned integer, most significant bit first.

viclbf Variable length code, left bit first, where “left” refers to the order in which th
variable length codes are written.

tcimsbf Two’s complement integery most significant (sign) bit first.

4 Technical overview
4.1 Decoder block diagram

The 3D|audio codec system consists.of an MPEG-H 3D audio core codec for coding of channel, object a
higher prder ambisonics (HOA] signals. The core codec is based on the MPEG-D USAC codec. To incred
the efficiency for coding a large amount of objects, MPEG SAOC technology has been adopted. Seve
types df renderers performthe tasks of rendering objects to channels, rendering channels to a differe
loudspgaker setup, rendering HOA signals to the loudspeaker setup or rendering virtual loudspeak
channdls or HOA components to headphones.

When [object \signals are explicitly transmitted or parametrically encoded using SAOC, 4

m

correspondifngobject metadata information is compressed and multiplexed into the 3D audio bitstrea
Figure Y-shews-thedifferentalgorithmic bleeksof the 3Daudiesystem
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Figure 1 — 3D audio decoder
4.2 Overview over the codec building blocks

The MPEG-H 3D audioscore codec for loudspeaker-channel signals, discrete object signal$, object
downmix signals and pre-rendered signals is based on MPEG-D USAC technology. It handles the coding
df the multitude of signals by creating channel- and object-mapping information based on the g¢ometric
and semantic infepmation of the input’s channel and object assignment. This mapping infqrmation
describes how)input channels and objects are mapped to channel elements (CPEs, SCEs, LFEs)| and the
dorresponding'information is transmitted to the decoder.
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Figure 2 — Simplified typical MPEG-H core decoder configuration

Figure 2 shows a simplified block diagram of the typical MPEG-H core decoder building blocks. The
major differences compared to MPEG-D USAC technology are highlighted in yellow. The highlighted
tools are described in detail in Clause 5.

The coding of objects is possible in different ways, depending on the rate/distortion requirements and
the interactivity requirements for the renderer. The following object coding variants are possible.
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— Prerendered objects: Object signals are pre-rendered and mixed to multi-channel or HOA signals
before encoding, as appropriate. The subsequent coding chain then operates on multi-channel or

HOA signals.

— Discrete object waveforms: Objects are supplied as monophonic waveforms to the encoder. The
encoder uses single channel elements SCEs to transmit the objects in addition to the channel signals.
The decoded objects are rendered and mixed at the receiver side. Compressed object metadata

information is transmitted to the receiver/renderer alongside.

— Parametric object waveforms: Object properties and their relation to each other are desc

ribed by

means of SAOC parameters. The downmix of the object signals is coded with the MPEG-H, ]
core codec. The parametric information is transmitted alongside. The number of downmix
is chosen depending on the number of objects and the overall data rate. Conipresse
metadata information is transmitted to the SAOC renderer.

—

he SAOC encoder and decoder for object signals are based on MPEG SAOC technology. The s
apable of recreating, modifying and rendering a number of audio objects based’on a smaller nt
Fansmitted channels and additional parametric data (OLDs, I0Cs, DMGs).

[l @)

The SAOC decoder reconstructs the object/channel signals from the decoded SAOC transport
and parametric information, and generates the output audio scené-based on the reproductio

—

gosition and volume of each object in 3D space by quantization of the object properties in t
pace. The compressed object metadata is transmitted to'the receiver as side information.

wn

—

he object renderer utilizes the compressed object.metadata to generate object waveforms accg
he given reproduction format. Each object isirendered to certain output channels accordii
hetadata. The output of this block results from’ the sum of the partial results.

=

he loudspeaker renderer converts between the transmitted channel configuration and the
eproduction format. It is thus called ‘format converter’. In case of conversions to lower nut
utput channels it creates downmmixes. The system automatically generates optimized d
hatrices for the given combination of input and output formats and applies these matri
ownmix process. The format converter allows for standard loudspeaker configurations as ws¢
hndom configurations with non-standard loudspeaker positions.

S Qo .0 O =

—

dn the HOA transport channels decoded by the 3D audio core decoder and the HOA speq
ihformation. The’coding principle is based on a separate transmission of so-called predominan
and ambient sound scene components. Subsequently the HOA renderer generates the loug
dhannelfeeds based on the reproduction layout.

D audio
thannels
d object

ystem is
imber of

thannels
h layout,

the decompressed object metadata information and optionally on‘the user interaction information.

he object metadata codec efficiently codes the associatéd)metadata that specifies the geometrical

ime and

rding to
ng to its

desired
nbers of
ownmix
ces in a
]l as for

he higher order ambisonics (HOA) decoder/renderer reconstructs the HOA coefficient signals based

ific side
[ sounds
speaker

tent are

If tvo'or more groups of channel based content, dlscrete/parametrlc ob]ects or HOA based cof

nixer before

prov1d1ng the resulting waveforms (or before feedlng them to a postprocessor module such as the
binaural renderer, DRC-2, DRC-3, the peak limiter PL, or the loudspeaker distance compensation).

The sample rate converter block converts between the core decoder sampling rate and the

decoder

output sampling rate. It enables a constant output sampling rate in case of varying core coding sampling

rates and allows for resampling of audio scenes, which may be coded in multiple sub-strea
different core sampling rates, to a common output sampling rate.
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Note that in case DRC-2/3 gains need to be applied in the post-processing context (see Figure 2), the
DRC-2/3 gains should be resampled similar to the audio samples.

The MPEG surround decoder takes the downmix signals coming from the MPEG-H 3D audio decoder
and performs the guided MPEG surround upmix using the MPEG surround side information to
reproduce the multichannel signal for the transmitted loudspeaker layout.

The binaural renderer module produces a binaural downmix of the multichannel audio material, such
that each input channel is represented by a virtual sound source. The processing is conducted frame-
wise i\]nthe QMF domain or in the time domain. The binauralization is based on measured binautal
room impulse responses (BRIRs).

Virtual|layout information fed from an application shall be consistent with the corresponding BRIR get
provided (expressed with MeasurementSetup, see Table 249), in the sense that the setDof positions
corresponding to the virtual layout is a subset of the set of positions corresponding tothe BRIRs.

4.3 Hfficient combination of decoder processing blocks in the time domain and QMF
domain

There are numerous processing blocks in the MPEG-H 3D audio decoding, rendering and processihg
framework. In general these blocks can be classified into different classes:

1) |Block operates in the time domain (TD)

2) |Block operates in frequency domain (FD) - also calledQMF domain

3) |Block is “neutral” and can operate in FD or TD.

Signal-processing-wise the same operation is carried out in either FD or TD. Operation in a
different domain may cause no difference or.oily a small but perceptually negligible difference
to the output signal.

12

Table 1 lists all blocks with their correspondiing processing domain. For the sake of clarification, the
functiopal blocks are grouped into semantically differentiable contexts, which follow the MPEG-H 3D
audio dignal processing as shown in Figure 3.

6 © ISO/IEC 2019 - All rights reserved
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Table 1 — MPEG-H 3D audio functional blocks and internal processing domain

Delay Contribution Contrlb.utlon
. to maximum
samples to maximum delay low
Processing Functional block Process.ing [1/fscore] . delay . complexity
context domain or high profile .
profile
[1/fs0ut] samples
[1/f.ou] samples
[1/fs0ut]
TD, Core 0
frame length
=1024
SBR / MPS212 FD, Core 0
frame length
=2048 or
4096
SBR/MPS212, FD, Core 384 384 X' RSRmax
stereoConfigindex==3 frame length
Audio core =2048 or
4096
MPEG-H 3D audio core coder FD or TD
MPEG surround FD 640 640 x RSRmax
HREP TD, Core 64
frame length
=1024
HREP, QMF-synthesis and FD TD FD 64 + 257 + (64 + 257 +
QMF-analysis pair and 320 +63 320 +63) x
alignment to 64 sample grid RSRmax
QMF-analysis TD, ED 320 320 x RSRax
QMF-synthesis FD, TD 257 257 x RSRmax
Hybrid filter/SBR FD 384 384 x RSRpax
DRC-1 if multiband: | 0
TD (STFT)
or FD
else: neutral
Format converter, FD 3072 3072 x RSRmax
core frame length'= 1024
Format converter, core frame FD 2048
length = 2048 or 4096
STFT fotmat converter TD (STFT) 256 256 § RSRmax
Object'renderer Neutral 0
SAOC 3D decoder, FD 0
Rendering-. \’bsDoubleFrameLengthFlag=0
SAOC 3D decoder, FD 1024
bsDoubleFrameLengthFlag=1
Core frame length = 1024
SAQC 3D decoder, ED 2048
bsDoubleFrameLengthFlag=1
Core frame length = 2048
HOA decoder TD, (FD) ¢ 0577
HOA decoder with multiband TD, FD or 577|256
DRC-1 TD (STFT),
TD
Sample rate converter FD, TD 256 256 256
Mixing Mixer FD, TD 0
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Delay Contribution Contrllfutlon
. to maximum
samples to maximum delay low
Processing Functional block Processing [1/fscore] _ delay complexity
context domain or high profile .
profile
[1/fs0ut] samples 1
[1/f ou] samples
>t [1/fs0ut]
. Lo 5761 x RSRmax | 256 x RSRpax +
Maximum accumulated delay to mixer: +256 256
QI\/IF‘ ana]ycic 'rn’ ED 320 320 320
QMF-synthesis FD, TD 257 257 257
p DRC-2 if multiband: | 0
05 t-. FD
processing else: neutral
FD binauralizer FD 0
TD binauralizer TD 0
DRC-3 (only singleband) TD 0
Loudness normalization TD 0
End ofchain | Peak limiter 2 TD 240 240 240
LS distance compensation TD 0

Maximym accumulated delay to decoder output 2 b:

5761 x RSRmax
+ 1073
= 18356

256 x RSRmak +
1073
=1841

a  Thelgiven values are valid for fs .. =48 kHz. The peak limiter shalkintroduce a delay of 5ms, i.e. the limiter dejay

in sgmples shall be determined as floor(fsou: - 5/kHz). The maximmum accumulated delay to the decoder output

has fo be adapted accordingly for output

b The[maximum resampling factor RSRnqx of the sampling rate converter is 3.
¢ HOA Decoder: FD in case subband directional prediction or PAR is used (only high profile), low complexity

proffile only operates in TD.

sampling rates the differ from f; o, = 48 kHz.
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Figure 3 — MPEG-H 3D audio decoder overview with signal processing context
(perating blocks that are directly connected in the signal chain and which operate in the samdg domain

can interface in that common domain.

(perating blocks that are directly connected in the signal chain and which operate in different Homains
require a transformation block which turns one signal representation into another, i.e. a QMF|analysis
(I'D to FD) or a QMF synthesis (FD.te:TD). This transform causes additional delay and hence ne¢ds to be
thken into account when determining the overall signal processing delay.

The following subclause describes formal generic rules which determine how the various fynctional

Hlocks can be connected.

4.4 Rule set fordetermining processing domains

a

4.1 Audiocore codec processing domain

—

he incoming bitstream configuration determines which core decoder tools are active and whet
parts ofith€ core codec operate in QMF domain / FD.

d) “Iflast decoding stage is in QMF domain (SBR and/or MPS212 active)

her

(typical for mid to low bit rate coding)
1) formal audio core codec processing domain is FD

b) Iflast decoding stage is not in QMF domain (neither SBR nor MPS212 active)
(typical for high rate coding)
1) formal audio core codec processing domain is TD

4.4.2 Mixing
— The mixer may operate in TD or in FD
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4.4.3 DRC-1 Operation domains (DRC in rendering context)

— If multiband DRC-1 data is present in the bitstream for a DRC-1 module,

— the corresponding DRC-1 processing block should operate in FD or TD (STFT)

4.4.4 Audio core codec interface domain to rendering

— Ifthe audio core codec processing domain is TD

— Ifthe rendering block requires operation in FD

—| else
— output TD

— Ifthe audio core codec processing domain is FD

—| Ifthe subsequent rendering block requires operation in TD

—| else

— output FD

4.4.5 | Rendering context
Rendeiling paths are considered individually:

— Ifthe rendering block operates in FD and mixer operatés in TD
—| apply QMF synthesis after renderer and output TD

— Ifthe rendering block operates in TD and mixer operates in FD
— | apply QMF analysis after renderer and output FD

— else

— | keep processing domain

— apply QMF analysis and output FD for this rendering block

— apply QMF synthesis and output TD for this rendering block

In case|the core decoder operates-in the time domain (TD), i.e. if the core decoder does not apply QMF
domairn processing like SBR~or"MPS-212, the low-complexity STFT domain downmix as specified [in

clauseq 24 and 25 shall be@applied for format conversion if format conversion is requested.

4.4.6 Post-processing context

— Ifrpixer opérates TD

— | If afiy-block in post-processing context requires operation in FD

= convert to FD immediately after mixer;

— after the FD operation convert to TD, i.e. prior to end-of-chain context

— else
— stayin TD

— If Mixer operates in FD

— Ifno block in post-processing context requires operation in FD

— convert to TD prior to DRC-2

10
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— else

— convert to TD prior to end-of-chain context

4.4.7 End-of-chain context
All blocks shall operate in TD.

4.5 Sample rate converter

rate and

hU oaluylc latc CUIIVTI tCl lJCl fUl 1115 OClllllJ}C latC CUIIVTCI DiUll thVVCCll thU CUIT \,UdCl oaulyhus
he output sampling rate of the decoder. The signal delay introduced by the sample rate convel
ot exceed 256 samples, measured in samples at the output sampling rate of the decoder.)Thg
hte converter shall be able to perform sampling rate conversions with resampling ratios (dé
ecoder output sampling rate divided by core decoder output sampling rate) of)37/2, 2, an
hmple rate converter block shall further be able to pass through the signal(s)-if the core
pmpling rate matches the decoder output sampling rate.

7N T o Vil Tl B e S

N

.6 Decoder delay

F a constant decoder delay application is signalled in the bitstream{receiverDelayCompensa
s defined in subclause 5.2.2) then the decoding and rendering délay from the IMDCT output of
ecoder to the mixing block of the MPEG-H 3D audio decoder shall be kept constant by inti
elay lines where required. Similarly, the overall delay from)the IMDCT output to the decode
hall be kept constant by introducing delay lines where required. The constant delay values that
iifilled are determined by the maximum accumulated-delay numbers in Table 1.

- W O O QO =

nforcing a constant delay from the IMDCT output to the mixer implies that all signals at th
utput shall be aligned. Accordingly, the decoder shall compensate for different delays that m
n the processing of the IMDCT output signals, e.g. different SBR/MPS processing delays for §
PEs in case of stereoConfigindex==3.

O = O mr

dligned to the IMDCT output waveforms independent of the value of receiverDelayCompensat
endering and DRC side infofimation shall be applied delayed in the rendering/DRC blocks.
hformation delays are detesmined by the delays the waveforms encounter in the processing
rom the IMDCT output until reaching the corresponding rendering/DRC blocks. The following
ide information shall be aligned to the IMDCT output waveforms and shall be applied de
efined above:

Q. »n ==

—+ OAM objéct-metadata;
—+ DRCside information;

—+C-SAOC side information;

ter shall
e sample
fined as
1 3. The
decoder

fion==1,
the core
oducing
r output
shall be

b [IMDCT
hy occur
CEs and

Hurther, all side information utilized'in the rendering blocks as well as for DRC processing shall be sent

ion. The
[he side
pipeline
kinds of
ayed as

— HOA side information.

In case a bitstream contains multiple signal groups with different signalGroupTypes, the b
element receiverDelayCompensation shall be set to 1.
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4.7 Contribution mode of MPEG-H 3D audio

The contribution mode of MPEG-H 3D audio specifies a generic transport mechanism for audio signals
with accompanying metadata and it is designed to be unaware of the signal type and of the content and
structure of the associated metadata.

A value of speakerLayoutType == 3 as defined in Table 66 in the signalling of the referenceLayout in
the mpegh3daConfig() indicates that MPEG-H 3D audio shall operate in contribution mode. In
contribution mode the rendering context shall operate in a pass-through mode, i.e. the format converter

shall apply an identity matrix to the signal. contribution mode bitstreams shall have the followi

additio

—  Dbsl

al restrictions:

NumSignalGroups == 0 (one single signal group);

— SignalGroupType == 0 (channel signal group);

— diff

—

— Col

— Co
an

fersFromReferenceLayout[0] == 0 (no audioChannelLayout in the signal group);
e coder delay lines for compensation of SBR, MPS212, shall be applied;

htent of extension elements shall not be processed in the decoder but shall be made available
external framework.

4.8 MPEG-H 3D audio profiles and levels

4.8.1

General

This subclause defines profiles and their levels for MPEG-H 3D audio.

Complg
power
complg

4.8.2
The fo

1)

2)

required for the decoding process. The approximated processing power is given in process
xity units (PCU), specified in millions operations per second (MOPS).

Profiles
lowing audio profiles are defined:
The main profile of MPEG-H 3D audio provides a complete set of features for low-bitrate a
high-quality codingand rendering for all playback scenarios.
process description was captured in ISO/IEC 23008-3:2015 (the first edition of this document).
The high profile of MPEG-H 3D audio provides a complete set of features for low-bitrate and

high-quality coding, and rendering for all playback scenarios. The high profile is a superset of
thelow-complexity profile.

ng

xity units are defined to give an approximationiof the decoder complexity in terms of processing

or

nd

NOTE The définition of the main profile, its associated bitstream syntax, semantics, and decoding

3)

12

The low complexity profile provides features for broadcasting and streaming with reduc
decoder complexity.

ed
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Table 2 — Summary of the location of and normative reference to the definitions of
MPEG-H 3D audio profiles

MPEG-H | MPEG-H 3D
: 3D audio audio
Tool/Module Defil:ed Sub- Usac ;
clause | 23003-3 High Low-
ISO/IEC profile complexity
profile
block
o1 14496-5 | 4.6.11 X X X
switching
window AAC based 14496-3 | 4.6.11 X X X
shapes additional windows 23003-3 | 6.2.9.3 X X X
filter bank AAC based 14496-3 | 4.6.11 X X X
additional USAC 23003-3 7.9 X X X
TNS 14496-3 | 4.6.9 X X X
intensity 14496-3 | 4.6.8.2
coupling 14496-3 | 4.6.8.3
perceptual PNS 14496-3 | 4.6.13
noise noise filling 23003-3 | 7.2 % X X
synthesis
basic mid/side coding | 14496-3 | 4.6.8.1 X X X
MS MDCT based complex | »3503.3 | 7.7.2 X X X
prediction
uantization non-uniform 14496-3 4:6.1 X X X
q uniform 23003-3 [«w7.1 X X X
entropy Huffman coding 14496-3( 4.6.3
coding context adaptive
(spectral arithmetic coding 23003-3 | 74 X X X
coef.)
SBR base 14496-3 | 4.6.18 X X
enhanced 23003-3 7.5 X X
parametric steree 14496-3 8.6.4/
parametric 8.A
stereo- MPEG su.rround 2T1_2 23003-3 | 6.2.13 X X
extension (incl. residual coding)
quadchannel element | 23008-3 5.5 X
ACELP 23003-3 7.14 X X X
frequency scale factor based 14496-3 | 4.6.2 X X X
domz.aln noise”) LPC based 23003-3 X X
shaping
1ntell.1glent IGF for FD 23008-3 X X
gap-filling
IGF for TCX and
improved | rpE 2 ACELP. 23008-3
LU Cods LPD stereo 23008-3
. frequency-domain
predictors for prediction and time- 23008-3 X X
FD and TCX : o
domain post-filtering
discrete MCT
multi- 23008-3 X X
channel
coding
format generic downmix 23008-3 | 10,24 X X d
converter

© ISO/IEC 2019 - All rights reserved
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MPEG-H | MPEG-H 3D
Defined Sub USAC 3D audio audio
] ub-
Tool/Module | Clause | 23003-3 | High Low-
ISO/IEC profile complexity
profile
immersive immersive rendering
renderin within format 23008-3 | 11,25 X Xd
5 converter
metadata audio
static elements (MAE) and
nletadata audio scene 23008-3 15 X X
information (ASI)
decoder and renderer
dynamic object audio metadata
object (0AM) 23008-3 7,8 X X
metadata decoder and renderer
Mps MPEG surround 23003-1 | 10 X
extension
SAOC-3D decoder and renderer | 23008-3 9 X
decoder and renderer | 23008-3 12 X Xe
near field 23008-3 X Xa
compensation
subband directional
HPA prediction 23008-3 X
parametric ambiance )
replication (PAR) 23008-3 X
phase-based 23008-3 X
decorrelation
FD-binaural, TD- b
blnaural binaural 23008-3 13 X X
HOA2Binaural H2B 23008-3 X Xb
DRC-1 23003-4 X Xc
ke DRC-2 (single band) 23003-4 X X
DRC-2 (multi band) 23003-4
DRC-3 (single.band) 23003-4 X
sgmple rate 23008-3 X X
converter
T unguideéd clipping 23008-3
pyak limiter préyeéntion 23003-4 b X X
loudness r.netadata 23003-4 6 X X
Idudness and handling
loudness 23008-3 X X
compensation
MPEG-H 3D audio 23008-3 14 X X
SLITAIII
MHAS truncation message
and CRC packet type, 23008-3 X X
ASI packet type
carriage of MPEG-H
file format 3D audio in ISO base 23008-3 f
media file format

14 © ISO/IEC 2019 - All rights reserved
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a o

MPEG-H | MPEG-H 3D
: 3D audio audio
Tool/Module Defil:ed Sub- e ;
clause | 23003-3 High Low-
ISO/IEC profile complexity
profile

: interfaces and
interfaces rocessing for
and p e 23008-3 | 17,18 X X
eeaccing interaction data and
i ° local setup info

carriage of system
carriage of data for the i
system data interaction with 23008-3 X X

system engine
TCC tonz.al component 23008-3

coding
IC internal channel 23008-3
HREP high resolution - 23008-3 X

envelope processing
a  Restrictions apply dependent on the levels.
b

Implementation of binaural rendering is only mandated if headphone reproduction is supported.
Multi-band DRC-1 shall be applied in the STFT domain of the TD format converter.
The TD format converter downmix shall be applied for dewnmixing.

e Inorder to achieve target complexity for the LC profile’at'd given level, study Annex G.
f File format encapsulation is independent of the profile that is used for the bitstream. A profile leyel
indicator is part of the file format specification (see subclause 20.4).

4.8.2.1 Levels of the low complexity profile

Table 3 — Levels and their corresponding restrictions for the low complexity profile

Max. no. Max. no
of core "~ | Max. no. | Example of
Max. . of Max. no.
ch.in ofloud | max.loud Example of a Max. Example of
samp decoder of
Level . compre speaker speaker max. config HOA max. HDA order
ling process - .| decoded
ssed output | configurati . C+0 order 10
rate ed.core objects
data ch ch. on
stream ’
. nd .
1 48000 |10 5 2 20 5 2 c.h. + 3 static 2 2 .ordel + 3 static
obj.a obj.a
. N .
2 48000 118 9 8 71 9 6 c.h. + 3 static 4 4d .order + 3 static
obj.a obj.a
3 48000 |32 16 12 111 16 12ch.+4o0bj. |6 6t order|+ 4 obj.
4 48000 [56 28 24 22.2 28 24 ch. + 4 obj 6 6th order]+ 4 obj.
96000 |56 28 24 22.2 28 24 ch.+4 0bj. |6 6th order + 4 obj.

a  In this context “static objects” are understood as channel-based signals without accompanying OAM data which are not also

associated to a channel bed.

— The use of switch groups determines the subset of core channels from the core channels in the
bitstream that shall be decoded.

— Ifthe mae_AudioScenelnfo() contains switch groups (mae_numSwitchGroups>0), then the

elementLengthPresent flag shall be 1.

© ISO/IEC 2019 - All rights reserved
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loudspeaker output channels as defined in the levels Table 3.

The number of channels of the signalled referenceLayout shall not exceed the maximum number of

Table 4 — Approximated worst case processing power (PCU) of decoder modules and the whole

decoder for the different levels of the low complexity profile given in MOPS

Level | Core | Format Object | HOA?2 | Objects | DRC | Limiter |Binaural *| Worst case
LC | converter | renderer only PCU
renderer

1 33 3 0 3 9 6 4 7 58
2 59 10 0 17 16 18 5 19 118
3 106 36 7 36 29 24 6 27 206
4 186 113 7 93 50 30 9 46 392
5 373 226 14 186 50 34 19 92 758
a| The complexity numbers for the HOA spatial decoding and rendering are based on the low
cgmplexity combined HOA spatial decoding and rendering described in AnnexG.

b1 The complexity numbers for binaural processing are calculated on the’ basis of BRIR filters of
1fsecond length measured in a BS.1116 compliant room.

4.8.2.2

In the lpw complexity profile the core decoder, format convérter, object renderer, HOA renderer and

Restrictions for the low complexity profile and levels

DRC arld peak limiter operate in the time domain, MDCT-démain or STFT-domain.

The fol

Table

owing restrictions apply for HOA renderer and decoder.

low complexity profile

5 — Restrictions for the HOA spatial decoding and rendering according to the level of thie

Resfriction applies to

Maximum allowed value depending on
Mpegh3daProfileLevellndication

Lvl1l Lvl 2 Lvl 3 Lvl 4 Lvl5
HOA|order (max) 2 4 6 6 6
Number of predominafitsounds (max) 3 5 7 8 8
Numer of directional signals used in prediction no restric no restric no restric
(may): MaxNoOfBifSigsForPrediction 2 3 tions apply | tionsapply | tions apply
The hear fieldcompensation (NFC) processing N/A
may |be applied to HOA content of an order (NFC not 1 2 3 3
whidh is‘smaller or equal to: allowed)

L

NFCm

4 ] q3 4 £l 5 ] £4 s iVal T IOA
y T c1ul.uu_ycu 11T TTUU IITIUT T L11dll UIIT Dlsllal 51 Uul} Ul LleC olsucu\,u Uul} lleCl TUnN.

The following restrictions apply to MPEG-D DRC (ISO/IEC 23003-4) when employed as part of MPEG-H

3D audio.

16

gainlnterpolationType shall be set to 1.

drcFrameSizePresent and timeDeltaMinPresent shall be set to 0.

dependsOnDrcSetPresent shall be set to 0 for drcInstructionsUniDrc() with downmixId == 0.
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HOA signal groups shall be restricted to one drcChannelGroup and DRC gains shall be applied to the

HOA core channels (HOATransportChannels).

The values of bsSequencelndex within drcInstructionsUniDrc() shall be unique in simultaneously

applied DRC sets except for bsSequencelndex == 0.

Multiband DRC shall be restricted to drclnstructionsUniDrc() with downmixId == 0. If the bitstream
should contain multiband DRC, the number of multiband DRC core channels shall be restricted as

follows:

(numAudioChannels +

numAudioObjects + numAudioObjectsMB +
numHOATransportChannels + numHOATransportChannelsMB)

< (numCoreChannelsMax(Lvl) - dependsOnDrcSetPresentFlag — 1),

where

— numAudioChannels, numAudioObjects and numHOATransportCliahnels are the numbd
and HOA core channels as specified in Table 14;

— numAudioObjectsMB and numHOATransportChannelsMB are the number of O and H

rofC, 0

OA core

channels out of numAudioObjects and numHOATransportChannels that contain mjultiband

DRC;

— numCoreChannelsMax is the maximum numbey of decoder processed core channels de
on the Mpegh3daProfileLevellndication field ‘as‘defined in Table 3;

— dependsOnDrcSetPresentFlag is set to one if the bitstream contains any configurat
dependsOnDrcSetPresent==1 (otherwise zero).

nNodes shall be restricted to a maximwm value of 32, where nNodes is the number of enco
values in the current DRC frame.

loudnessInfoSetPresent within mpegh3daUniDrcConfig() shall be set to 0.
nDrcChannelGroups shall.be restricted to 1 for drcInstructionsUniDrc() with downmixId !=

Table 6 — Restrictions applying to DRC processing according to the levels of the
low complexity profile

pending

on with

ded gain

Maximum allowed value depending

Restrictiofvapplies to on Mpegh3daProfileLevellndidation

Lvil | Lvl2 | Lvl3 | Lvl4 || Lvl5
nDrcChannelGroupsTotal 2 5 9 16 28 28
dl LCUCffiLiClltDUlliDl \,Cuuut 4‘ 4‘ 4‘ 4‘ 4
bandCount b 2 4 4 4 4
sequenceCountTotal ¢ 24 28 32 48 63
drclnstructionsUniDrcCount 16 16 32 32 32
a2 Maximum allowed number of simultaneously active DRC channel groups in all applied DRC sets.
b Maximum allowed number of DRC bands for multiband DRC.
¢ Sum of all nDrcBands in drcGainSequence() structures plus number of sequences with
gainCodingProfile=3.
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The following tool specific restrictions apply:

— If the independent noise filling (INF) of the intelligent gap filling (IGF) is activated (i.e. if
igfUseEnf==1), then the complex prediction tool shall be restricted to real-only prediction, i.e.
complex_coef shall be 0.

— If stereo filling is activated (i.e. if stereo_filling==1), then the complex prediction tool shall be
restricted to real-only prediction, i.e. complex_coef shall be 0.

— Th independent noise filling of the intelligent gap filling shall not be employed in cases whdre
igfBgn corresponds to an audio frequency higher than 8 kHz.

— The LPD mode shall only be employed at 3D audio core coder sampling rates (as’defined [in
Taple 12) <32 000 Hz.

EXAMPLE For a 48 kHz input signal, the encoder resamples the signal to a 32 kHz core cader sampling rate
and the LPD decoder operates at this lower sampling rate. After the core decoding th€ signal is resampled|to
48 kHz.

— Thp multi-channel coding tool (MCT) shall not employ more stereo boxesthan specified in Table 7.

Table 7 — Restrictions applying to MCT processing according to the levels of the
low complexity profile

Maximum allowed value depending

Resttliction applies to on Mpegh3daProfileLevellndication

Lvil | Lvl2 | Lvl3 Lvl4 | Lvl5

Numbper of stereo boxes in MCT 5 9 16 28 28

The following restrictions apply to coding of audio objects and the associated OAM data.

Table 8 — Restrictions applying to object processing according to the levels of the
low complexity profile

Maximum allowed value n depending

Restiliction applies to on Mpegh3daProfileLevellndication

Lvlil | Lvli2 | Lvl3 | Lvl4 | Lvl5

(nunpber of objects without divergence) +

3-(nymber of©bjects with divergence > 0) <n > i 16 28 28

— Efficient,object metadata decoding is not permitted, i.e. lowDelayMetadataCoding shall be 1.

1 1 O-ANL L 1 1 1 11 1
—_— Fu LIIETIIIONT 1€ UANM ITdIIC ICTIZUL STIdIT COIIPLy tO.

OAMFrameLength = outputFrameLength / n,
with n being a positive integer in the range of {1,...,4}

— Objects shall not employ divergence and spread at the same time.

— If an object is defined with a spatial extent (spread a > 0,0° for uniform spread, spread_width
Qwidath > 0,0° for non-uniform spread) it shall have a divergence value equal to zero.

18 © ISO/IEC 2019 - All rights reserved
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— If an object is defined with a divergence value > 0, it shall not have a spatial extent (spread o

shall be equal to 0,0° for uniform spread, spread_width awiqtn shall be equal to 0,0°
uniform spread).

The following restrictions apply to binaural rendering:

for non-

The value of bsBinauralDataFormatID in BinauralRendering() should be set to 1 (if the FD Binaural
renderer is implemented) or to 2 (if the TD Binaural renderer is implemented). The value of
bsBinauralDataFormatID can be set to 0 if the parameterization of binaural room impulse responses

co otacubeolaycac 12 92 2 A 12 2 2
ST OO

ardin ala icdmanlaraaniad
CoOTaTTs oS otraast OO O TS T PTCTITCTIe O

The number of BRIR sets is restricted to a maximum number of 3.

et

h case of H2B filters, the number of BRIR filter pairs to be provided shall correspond to’‘Maximni
Iter order’ column in Table 9. In the other cases, the following applies.

s

he number of BRIR pairs in each BRIR set shall correspond to the number indicated in the
bvel-dependent row of Table 9. The measured BRIR positions shall ‘eorrespond to all

eometric positions corresponding to the list of LoudspeakerGepmetry indices in Table
orrespondence between LoudspeakerGeometry index and nominal;geometric position is d¢g
50/1IEC 23001-8. Thereby, it is ensured that one BRIR pair is available for each possible regu
hannel configuration that can be used within the indicated leyel:

Q _— 0o 09 ‘=

o>y

n input channel configuration is regular if it is_defined by means of an ISO/IEC
hannelConfiguration or a list of ISO/IEC 23001-8 LoudspeakerGeometry (CICPspeakerldx).

fan)

binaural rendering is activated, the measured BRIR positions shall be passed
hpegh3daLocalSetupInformation(). Thus, all renderer stages are set to the target layout that is
he transmitted channel configuration. As one BRIR is available per regular input channel, th
onverter can be passed through in case regular input channel positions are used.

Q ot =5 =
T

Table 9 — The binaural restrictions for the low complexity profile

um H2B

relevant
nominal

9. The
fined in
ar input

23001-8

to the
equal to
b format

Maximum
H2B filter
order

Number
of BRIR
pairs

BRIR positions by means of
loudspeaker position
abbreviation

BRIR positions by mea
Ilevel
ISO/IEC 23001-8

ns of

loudspeakergeometry accgrding to

LR,C 0,1,2

L, R, G, LS, Rs, Lc, R, Lsr, Rsr, Cs 0,1,2,4,5,8,9,10,15,16

L, R, C, Ls, Rs, Lc, Rc, Lsr, Rsr, Cs,
Lss, Rss, Lv, Rc, Cv, Lvr, Rvr, Cvr,
Rs, Lvs, Rvs

0,1,245,8,9,10, 13, 14,1
18, 19, 20, 21, 22, 25,30, 31

5, 16, 17,

L, K, G, Ls, Ks, Lc, Rc, Lsr, Rsr, Cs,

28

Lss, Rss, Lv, Rc, Cv, Lvr, Rvr, Cvr,
Lvss, Rvss, Ts, Lb, Rb, Cb, Lvs, Rvs,
Lbs, Rbs,

0,1,245,8,9,10,13, 14, 15,16, 17,
18, 19, 20, 21, 22, 23, 24, 25, 27, 28,
29, 30,31, 37,38

28

L, R, C, Ls, Rs, Lc, Rc, Lsr, Rsr, Cs,
Lss, Rss, Lv, Rc, Cv, Lvr, Rvr, Cvr,
Lvss, Rvss, Ts, Lb, Rb, Cb, Lvs, Ryvs,
Lbs, Rbs,

0,124,5,8,9,10, 13, 14,15, 16,17,
18, 19, 20, 21, 22, 23, 24, 25, 27, 28,
29,30, 31, 37,38
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The following additional parameter values restrictions apply.

— The value of kMax in FdBinauralRendererParam() shall be equal to or less than 48 (bands).
— The value of kConv in FdBinauralRendererParam() shall be equal to 32.

— The values of rt60[K] in SfrBrirParam() shall be less than or equal to 1,0 (sec).

— The average of the values of nFilter[k] shall be less than or equal to 64.

— ThL values of nFilter[K] in VoffBrirParam() should be less than or equal to 256.
The following coding tools, modules, or features shall not be employed:

— Time warped filterbank;

— 76B sample outputFrameLength, i.e. coreSbrFrameLengthIndex shall not be Q

The following text describes restrictions dependent on the length of the arithmetic coder codeword,
arith_dpta(). For this text the following definitions apply.

Fsout core coder sampling rate as indicated by meansof
usacSamplingFrequencylndex or usacSamplingFrequency in
mpegh3daConfig()

FsMax maximum allowed sampling rate of‘a‘given level in this profile

NchMax maximum number of decoderprocessed core channels of a given level in this

profile according to Table.3:

Nehieps nun;be(; of core coder channels in which the long term post filter (LTPF) is
applie

Nchinf number.of-eore coder channels in which the independent noise filling (INF)
is applied

Nbitsarltn_data)(ch) <0umber of bits used for arithmetic coding of spectral data, arith_data(), for
core coder channel ch for a given frame

Nbitsar{th_alh= X1l channels NDitSarith dataq)(ch), i.e. the sum of all bits used for the arithmetic
coding pf'spectral data of all core coder channel

— In any given audio frame NbitSarimn_an Shall comply with the following restriction:

(3072'NchMax_204'8'Ncthpf_2048'Nchlnf)'FsMax

Nbitsarith_all <
FsOut

The following restrictions apply to the AudioPreRoll() extension.
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— Decoders conforming to this profile shall support the full decoding and correct handling of the
AudioPreRoll() extension.

— The number of pre-roll frames, numPreRollFrames, in an AudioPreRoll() extension payload shall
not exceed 1 (one).

— In access units that are embedded as pre-roll in an AudioPreRoll() extension the
usacExtElementPresent field for extensions of type ID_EXT_ELE_AUDIOPREROLL shall be 0.

he following restrictions apply to the employed sampling rate and the resampler block.
—+ The sampling rate that is signalled by means of usacSamplingFrequencylndexas defined in
ISO/IEC 23003-3:2012, Table 67 or usacSamplingFrequency shall be one of the Values in [the first

column of Table 10.

—+ Depending on the above mentioned sampling rate and the profile level the-fesampler may employ
one of the resampling ratios indicated in Table 10.

Table 10 — Allowed sampling rates and resampling ratios

Allowed resampling ratie depending on
Allowed Mpegh3daProfileLevellndication
sampling rate

Lvlil | Lvli2 |.Lvl3 | Lvl4 Lvl 5

96000 | N/A | N/A™[ N/A | N/A 1
88200 | N/A | "NJA | N/A | N/A 1
64000 | N/AZ| N/A | N/A | N/A 1.5
58800 | (N/JA | N/A | N/A | N/A 1.5
480005 1 1 1 1 lor2
44100 | 1 1 1 1 lor2
32000 15 | 15 | 1.5 | 1.5 | 1.50r3
29400 | 15 | 15 | 1.5 | 1.5 | 1.50r3

24000 2 2 2 2 2
22050 2 2 2 2 2
16 000 3 3 3 3 3
14 700 3 3 3 3 3

—

hefollowing restrictions apply to the coding of the audio scene information structure.

Table 11 — ProfileLevel dependent restrictions to selected fields of the mae_AudioScenelnfo()

Allowed maximum value depending on

Restriction applies to Mpegh3daProfileLevellndication

Lvil | Lvl2 | Lvl3 | Lvl4 Lvl 5

mae_numGroups 5 9 16 28 28

mae_numSwitchGroups 2 4 8 14 14
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Restriction applies to

Allowed maximum value depending on
Mpegh3daProfileLevellndication

Lvil | Lvl2 | Lvi3 | Lvl4 Lvl5
mae_numGroupPresets 4 4 8 16 31
(mae_bsGroupPresetNumConditions +1) 5 9 16 16 16
mae_numDownmixIdGroupPresetExtensions per 4 4 o 1c 21
mag_groupPresetID
(mafe_bsNumDescLanguages +1) 4 4 4 8 16
(mafe_bsDescriptionDataLength +1) 256 256 256 256 256

— Ifthae_numSwitchGroups > 0, then elementLengthPresent shall be set to 1.

The fol

— Fo
no

4.8.2.3

ISO/IE
its assd

owing restriction applies to the usage of the contribution mode.

- end user devices the contribution mode of MPEG-H 3D audio as défined in subclause 4.7 sh
F be supported.

Levels of the main profile

all

C 23008-3:2015 (the first edition of this document) captured the definition of the main profile,

ciated bitstream syntax, semantics, and decoding progess description.

4.8.2.4 Levels of the high profile

Currenfly blank — Placeholder for high profile.

5 M
51 [
5.1.1

The MI
defined

PEG-H 3D audio core decoder
efinitions
joint stereo

CT domain-based joint stereo coding tool with the possibility of complex stereo prediction is
in ISO/IEC 23003:322012, subclause 7.7.

5.1.2 MPEG surround based stereo (MPS 212)

The M
ISO/IE
specifig

PEG surpound 2-1-2 based stereo tool working in QMF domain is as defined
[ 23003-3:2012, subclause 7.11, with the possibility of using residual coding (unified stereo)
bd-nISO/IEC 23003-3:2012, B.21.

5.2 Syntax

5.2.1 General

The bitstream syntax is based on ISO/IEC 23003-3:2012, Clause 5.

Modifications and amendments to the existing bitstream syntax are listed below.

22
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In environments that require byte alignment, MPEG-H 3D audio configuration elements or payload
elements that are not an integer number of bytes in length are padded at the end to achieve an integer
byte count.

5.2.2 Decoder configuration
5.2.2.1 General configuration syntax

Table 12 — Syntax of mpegh3daConfig()

Syntax No. of bits Mnemeonic
mpegh3daConfig()
{
mpegh3daProfileLevellndication 8 uimsbf
usacSamplingFrequencylndex; 5 bslbf
if (usacSamplingFrequencylndex == 0x1f) {
usacSamplingFrequency; 24 uimsbf
}
coreSbrFrameLengthIndex; 3 uimsbf
cfg_reserved; 1 uimsbf
receiverDelayCompensation; 1 uimsbf
referenceLayout = SpeakerConfig3d();
FrameworkConfig3d();
mpegh3daDecoderConfig();
if (usacConfigExtensionPresent) { 1 uimsbf
mpegh3daConfigExtension();
}
}
Table 13 — Syntax of FrameworkConfig3d()
Syntax No. of bits  Mnemonic
FrameworkConfig3d()
{
Signals3d();
}
Table 14 — Syntax of Signals3d()
Syntax No. of bits Mnemonic
Signals3d()
{
numAudioChannels =0;
numAudioObjects =0;
numSAOCTransportChannels =0;
numHOATransportChannels =0;
bsNumSignalGroups; 5 uimsbf

for ( grp = 0; grp < bsNumSignalGroups + 1 ; grp++ ) {
signal_groupID[grp] = grp;
differsFromReferenceLayout[grp] = 0;
signalGroupType|[grp]; 3 bslbf
bsNumberOfSignals[grp] = escapedValue(5, 8, 16);
if ( SignalGroupType[grp] == SignalGroupTypeChannels ) {
numAudioChannels += bsNumberOfSignals[grp] + 1;
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Syntax No. of bits Mnemonic
differsFromReferenceLayout|grp]; 1 bslbf
if(differsFromReferenceLayout[grp]) {

audioChannelLayout[grp] = SpeakerConfig3d();

}
else {

audioChannelLayout[grp] = referenceLayout;
}

1
if ( SignalGroupType[grp] == SignalGroupTypeObject ) {
numAudioObjects += bsNumberOfSignals[grp] + 1;

}

if ( SignalGroupType[grp] == SignalGroupTypeSAOC ) {
numSAOCTransportChannels += bsNumberOfSignals[grp] + 1;
saocDmxLayoutPresent; 1 bslbf
if (saocDmxLayoutPresent==1) {

saocDmxChannelLayout = SpeakerConfig3d();

}

}

if ( SignalGroupType[grp] == SignalGroupTypeHOA ) {
numHOATransportChannels += bsNumberOfSignals[grp]+ 1

}

5.2.2.2 Loudspeaker configuration syntax

Table 15 — Syntax of SpeakerConfig3d()

Syntax No. of bits Mnemonic
SpeakerConfig3d()
{ speakerLayoutType; 2 uimsbf
if (speakerLayoutType == Oy {
CICPspeakerLayoutldx; 6 uimsbf
}
else {

numSpeakers = escapedValue(5, 8, 16) + 1;
if (speakerLayoutType ==1) {
for{i-=="0; i < numSpeakers; i++) {
CICPspeakerldx; 7 uimsbf
Y
¥
if (speakerLayoutType == 2 ) {
mpegh3dariexibieSpeakerContig{ MUMSpearersJ;

}
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Table 16 — Syntax of mpegh3daFlexibleSpeakerConfig()

Syntax No. of bits Mnemonic
mpegh3daFlexibleSpeakerConfig(numSpeakers)
{
angularPrecision; 1 uimsbf
for (i = 0; i < numSpeakers; i++) {
mpegh3daSpeakerDescription();
if ((AzimuthAngle != 0°) && (AzimuthAngle != 180°)) { a
alseAddSymmetricPair 1 uimshf
if (alsoAddSymmetricPair) {
(also add the loudspeaker with the opposite
AzimuthDirection);
i++;
}
}
}
}
a  The value of AzimuthAngle can be calculated using Table 17.
Table 17 — Syntax of mpegh3daSpeakerDescription()
Syntax No. of bits Mnemonic
mpegh3daSpeakerDescription()
{
isCICPspeakerldx 1 uimsbf
if (isCICPspeakerldx) {
CICPspeakerldx; 7 uimsbf
}
else {
ElevationClass; 2 uimsbf
if (ElevationClass == 3) {
ElevationAngleldx; 57 uimsbf
if (ElevationAngle != 0°) { a
ElevationDirection; 1 uimsbf
}
}
AzimuthAngleldx; 6,8 uimsbf
if ((AzithuthAngle != 0°) && (AzimuthAngle != 180°)) { a
AzimuthDirection; 1 uimsbf
)
ISLFE; 1 uimsbf
¥
}

a  The number of bits for ElevationAngleldx and AzimuthAngleldx depends on the value of
angularPrecision according to Table 67. The value of ElevationAngle and AzimuthAngle can be derived
from Table 69 and Table 71, respectively. In case isCICPspeakerldx is one, ElevationAngle and
AzimuthAngle shall be signalled by means of a LoudspeakerGeometry as defined in ISO/IEC 23001-8.

© ISO/IEC 2019 - All rights reserved
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5.2.2.3 Core decoder configuration

26

Table 18 — Syntax of mpegh3daDecoderConfig()

Syntax No. of bits Mnemonic

mpegh3daDecoderConfig()

{

}

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

for (elemldx=0; elemldx<numElements; ++elemldx) {

usacElementType[elemIdx] 2 uimsbf

switch (usacElementType[elemldx]) {

case ID_USAC_SCE:
mpegh3daSingleChannelElementConfig(sbrRatiolndex);
break;

case ID_USAC_CPE:
mpegh3daChannelPairElementConfig(sbrRatiolndex);
break;

case ID_USAC_LFE:
mpegh3daLfeElementConfig();
break;

case ID_USAC_EXT:
mpegh3daExtElementConfig();
break;

NQTE mpegh3daSingleChannelElementConfig(), mpegh3daChannelPairElementConfig(),
mpegh3daLfeElementConfig() and mpegh3daExtElenientConfig() signalled at position elemldx refer to
th¢ corresponding elements in mpegh3daFrame()iatthe respective position elemldx.

Table 19 — Syntax of mpegh3daSingleChannelElementConfig()

Syntax No. of bits Mnemonic
mpegh3daSingleChannelElementConfig{sbrRatiolndex)
{

mpegh3daCoreConfig();

if (sbrRatiolndex > 0) {

SbrConfig();

}

}
Fable 20 — Syntax of mpegh3daChannelPairElementConfig()

Syhtax No. of bits Mnemonic

mpegh3daChannelPairElementConfig(sbrRatiolndex)
(|

mpegh3daCoreConfig();
if (enhancedNoiseFilling) {
igfindependentTiling; 1 bslbf
}
if (sbrRatiolndex > 0) {
SbrConfig();

stereoConfigIndex; 2 uimsbf
}else {

stereoConfiglndex = 0;
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Syntax No. of bits Mnemonic

}
if (stereoConfigindex > 0) {

Mps212Config(stereoConfigilndex);

}
gcelndex; 2 Uimsbf
if (qcelndex > 0) {
shiftindexO0; 1 uimsbf
if(shiftindex0 > 0) {
shiftChannelO; nBits?
}
}
shiftindex1; 1 uimsbf
if (shiftindex1 > 0) {
shiftChannel1; nBits?
}
if (sbrRatiolndex == 0 && qcelndex == 0) {
IpdStereolndex; 1 bslbf
}else {
lpdStereolndex = 0
}

}

a  nBits = floor(log2(numAudioChannels + numAudioObjects ¥ numHOATransportChannels +
numSAOCTransportChannels - 1)) + 1.

Table 21 — Syntax of mpegh3daCoreConfig()

Syntax No. of bits Mnemonic
mpegh3daCoreConfig()
{
tw_mdct; 1 bslbf
fullbandLpd; 1 bslbf
noiseFilling; 1 bslbf
if (enhancedNoiseFilling){ 1 bslbf
igfUseEnf; 1 bslbf
igfUseHighRes; 1 bslbf
igfUseWhitening; 1 bslbf
igfAfterTnsSynth; 1 bslbf
igfStartindex; 5 uimsbf
igfStopIndex; 4 uimsbf
}
}
Table 22 — Syntax of mpegh3daLfeElementConfig()
Syntax No. of bits  Mnemonic
mpegh3daLfeElementConfig()
{
tw_mdct = 0;
fullbandLpd = 0;
noiseFilling = 0;
enhancedNoiseFilling = 0;
}

© ISO/IEC 2019 - All rights reserved
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Table 23 — Syntax of mpegh3daExtElementConfig()

Syntax

No. of bits Mnemonic

mpegh3daExtElementConfig()

{

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

if (usacExtElementDefaultLengthPresent) {

1 uimsbf

..........................

}else {
usacExtElementDefaultLength = 0;

}
usacExtElementPayloadFrag;

switch (usacExtElementType) {

case ID_EXT_ELE_FILL:
/* No configuration element */
break;

case ID_EXT_ELE_MPEGS:
SpatialSpecificConfig();
break;

case ID_EXT_ELE_SAOC:
SAOCSpecificConfig();
break;

case ID_EXT_ELE_AUDIOPREROLL:
/* No configuration element */
break;

case ID_EXT_ELE_UNI_DRC:
mpegh3daUniDrcConfig();
break;

case ID_EXT_ELE_OBJ_METADATA:
ObjectMetadataConfig();
break;

case ID_EXT_ELE_SAOC_3D:
SAOC3DSpecificConfig();
break;

case ID_EXT_ELE HOA:
HOAConfig();
break;

case ID-EXT_ELE_FMT_CNVRTR
/* No configuration element */
break;

1 uimsbf

case ID_EXT_ELE_MCT:
MCTConfig();
break;

case ID_EXT_ELE_TCC:
TccConfig();
break;

case ID_EXT_ELE_HOA_ENH_LAYER:
HOAEnhConfig();
break;
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Syntax No. of bits Mnemonic
case ID_EXT_ELE_HREP:
HREPConfig(current_signal_group);
break;
case ID_EXT_ELE_ENHANCED_OB]J_METADATA:
EnhancedObjectMetadataConfig();

break;
default: a
while (usacExtElementConfigLength--) {
tmp; 8 uimsbf
}
break;

}

a  The default entry for the usacExtElementType is used for unknown extElementTypes so that legacy
decoders can cope with future extensions.

Table 24 — Syntax of mpegh3daConfigExtension()

Syntax No. of bits Mnemonic
mpegh3daConfigExtension()
{

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

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

switch (usacConfigExtType[confExtldx]) {

case ID_CONFIG_EXT_FILL:
while (usacConfigExtLengthfconfExtldx]--) {

fill_byte[i]; /* should be '10100101" */ 8 uimsbf

}
break;

case ID_CONFIG_EXT_DOWNMIX:
downmixConfig();
break;

case ID_CONFIG_EXT_LOUDNESS_INFO:
nmpegh3daLoudnessinfoSet();
break;

ease ID_CONFIG_EXT_AUDIOSCENE_INFO:
mae_AudioScenelnfo();
break;

case ID_CONFIG_EXT_HOA_MATRIX:
HoaRenderingMatrixSet();
break;

case ID_CONFIG_EXT_ICG:
ICGConfig();
break;

case ID_CONFIG_EXT_SIG_GROUP_INFO:
SignalGroupInformation();
break;

default:
while (usacConfigExtLength[confExtldx]--) {
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Syntax No. of bits Mnemonic
tmp; 8 uimsbf
}
break;
}
}
}
Table 25 — References to USAC configuration syntactic elements
Syntax of shall be as defined in
eqcapedValue() ISO/IEC 23003-3
ShrConfig() ISO/IEC 23003-3
s212Config() ISO/IEC 23003-3
SAOCSpecificConfig() ISO/IEC 23003-2
SpatialSpecificConfig() ISO/IEC 23003-1

5.2.2.4] Syntax of downmix matrix elements

Table 26 — Syntax of downmixConfig()

Syhtax No. of bits Mnemonic
dovnmixConfig ()
{
downmixConfigType; 2 uimsbf
if (downmixConfigType == 0 || downmixConfigType == 2) {
passiveDownmixFlag 1 uimsbf
if (passiveDownmixFlag ==0) {
phaseAlignStrength 3 uimsbf
}
immersiveDownmixFlag 1 uimsbf
}
if (downmixConfigType == 1 || downmixConfigType == 2) {
DownmixMatrixSet()
}
}
Table 27 — Syntax of DownmixMatrixSet()
Syptax No. of bits Mnemonic
DownmixMatrixSet(J
{
downmixIdCount; 5 uimsbf
for (k=0;'K< downmixIdCount; ++k) {
downmixlId; 7 uimsbf
downmixType; 2 uimsbf
£ 33T oL
1T uUVVllllllAl-leC - Uj 1
CICPspeakerLayoutldx; 6 uimsbf
} else if (downmixType == 1) {
CICPspeakerLayoutldx; 6 uimsbf
bsDownmixMatrixCount[Kk] = escapedValue(1,3,0); 1.4
for (1=0; 1< bsDownmixMatrixCount[k]+1; ++]) {
bsNumAssignedGroupIDs[k][l] = escapedValue(1,4,4); 1.9
for (m=0; m<bsNumAssignedGroupIDs[k][1]+1; ++m) {
signal_groupID[K][l][m]; 5 uimsbf
}
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Syntax No. of bits Mnemonic
DmxMatrixLenBits = escapedValue(8,8,12); 8..28
DownmixMatrix(inputConfig(audioChannelConfig), DmxMatrixLenBits

inputCount(audioChannelConfig),
outputConfig(CICPspeakerLayoutldx),
outputCount(CICPspeakerLayoutldx) );

}
}
}
S
Table 28 — Syntax of DownmixMatrix()

Syntax No. of bits Mnemgnic
DownmixMatrix(inputConfig, inputCount, outputConfig, outputCount)

{

equalizerPresent; 1 uimsbf

if (equalizerPresent) {
EqualizerConfig (inputConfig, inputCount);

}

precisionLevel; 2 uimsbf]
maxGain = escapedValue(3, 4, 0);
minGain = (-1) - (escapedValue(4, 5, 0) + 1);

(compactinputConfig, compactinputCount) = ConvertToCompactConfig(inputConfig, inputCount);
(compactOutputConfig, compactOutputCount) = ConvertToCompactConfig(outputConfig,
outputCount);

isAllSeparable; 1 uimsbf
if (lisAllSeparable) {
for (i = 0; i < compactOutputCount; i++) {
if (compactOutputConfig[i]:pairType == SYMMETRIC) {
isSeparable[i]; 1 uimsbf|
}

}
}else {

for (i = 0; i < compactOutputCount; i++) {
if (compactOutputConfig[i].pairType == SYMMETRIC) {
isSeparable[i] = 1;
}
}
}

isAllISymmetric; 1 uimsbf
if (lisAllSymmetric) {
tor (1 = 0; 1 < compactOutputCount; 1++) {
isSymmetric[i]; 1 uimsbf
}
}else {
for (i = 0; i < compactOutputCount; i++) {
isSymmetric[i] = 1;
}
}
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Syntax No. of bits Mnemonic
mixLFEOnlyToLFE; 1 uimsbf
rawCodingCompactMatrix; 1 uimsbf

if (rawCodingCompactMatrix) {
for (i = 0; i < compactlnputCount; i++) {
for (j = 0; j < compactOutputCount; j++) {
if (!mixLFEOnlyToLFE || (compactinputConfig[i].isLFE ==
compactOutputConfig|[j].isLFE)) {

compactDownmixMatrix|[i][j]; 1 uimsbf
1alca
o

compactDownmixMatrix[i][j] = 0;
}
}
}
1 else {
totalCount = CalculateTotalCount();
useCompactTemplate; 1 uimsbf
nBits = 3; if (totalCount >= 256) nBits = 4;
runLGRParam; nBits uimsbf
count = 0;
while (count < totalCount) {
zeroRunLength; varies bslbf
/* limited Golomb-Rice using p = runLGRparam and N = totalCount+1*/
flatCompactMatrix[count .. count + zeroRunLength] = {0, ..., 041};
count += zeroRunLength + 1;

}

count = 0;
compactTemplate =
FindCompactTemplate(inputCenfig, inputCount, outputConfig, outputCount);
for (i = 0; i < compactlnputCount; i++) {
for (j = 0; j < compactOutputCount; j++) {
if (mixLFEOnlyToLFE && compactinputConfig[i].isLFE &&
compactOutputConfig[j].isLFE)P{
compactDownmixMatrix[i][j]; 1 uimsbf
} else if (mixLFEOnlyToLFE &&
(compactinputConfig[i].isLFE || compactOutputConfig[j].isLFE)) {
compactDownmixMatrix[i][j] = 0;
}else {
compactDownmixMatrix[i][j] = flatCompactMatrix[count++];
if (useCempactTemplate) {
compactDownmixMatrix[i][j] *= compactTemplate[i][j];
}

}
}
}

uHForAsymmetricinputs; uimsbf
rawCodingNonzeros; 1 uimsbf
if ('rawCodingNonzeros) {

gainLGRParam; 3 uimsbf
gainTableSize = generateGainTable(maxGain, minGain,

precisionLevel);

b

}
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Syntax

No. of bits

Mnemonic

for (i = 0; i < compactlnputCount; i++) {
iType = compactinputConfig[i].pairType;
for (j = 0; j < compactOutputCount; j++) {
oType = compactOutputConfig[j].pairType;
i1 = compactInputConfig[i].originalPosition;
01 = compactOutputConfig[j].originalPosition;

if ((iType != SYMMETRIC) && (oType != SYMMETRIC)) {

devwmmiscMatreixkbidHoll =0.0-
A s R | )

if (lcompactDownmixMatrix[i][j]) continue;

downmixMatrix[i1][o1] = DecodeGainValue();
} else if (iType != SYMMETRIC) {
02 = compactOutputConfig[j].SymmetricPair.originalPosition;
downmixMatrix[i1l][o1] = 0.0;
downmixMatrix[i1l][02] = 0.0;
if (lcompactDownmixMatrix[i][j]) continue;

downmixMatrix[il][o1] = DecodeGainValue();
useFull = (iType == ASYMMETRIC) &&
fullForAsymmetriclnputs;
if (isSymmetric[j] && 'useFull) {
downmixMatrix[i1][02] = downmixMatrix[i1][o1];
}else {
downmixMatrix[i1][02] = DecodeGainValue();
}
} else if (o Type != SYMMETRIC) {
i2 = compactIinputConfig[i].SymmetricPairoriginalPosition;
downmixMatrix[i1][o1] = 0.0;
downmixMatrix[i2][o1] = 0.0;
if (lcompactDownmixMatrix[i][j]) continue;

downmixMatrix[i1][o1] =.DecodeGainValue();

if (isSymmetric[j]) {
downmixMatrix[i2][e1] = downmixMatrix[i1l][o1];
}else {
downmixMatrix{i2][o1] = DecodeGainValue();
}
}else{

i2 = cgmpactinputConfig[i].SymmetricPair.originalPosition;
02 = compactOutputConfig[j].SymmetricPair.originalPosition;
dewnmixMatrix[il][o1] = 0.0;

downmixMatrix[i1][02] = 0.0;

downmixMatrix[i2][o1] = 0.0;

downmixMatrix[i2][02] = 0.0;

if (lcompactDownmixMatrix[i][j]) continue;

downmixMatrix[i1][o1] = DecodeGainValue();

if (isSeparable[j] && isSymmetric[j]) {
downmixMatrix[i2][02] = downmixMatrix[i1][o1];

} else if (lisSeparable[j] && isSymmetric][j]) {
downmixMatrix[i1][02] = DecodeGainValue();
downmixMatrix[i2][01] = downmixMatrix[i1][02];
downmixMatrix[i2][02] = downmixMatrix[il][o1];

} else if (isSeparable[j] && lisSymmetric[j]) {
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Syntax No. of bits Mnemonic
downmixMatrix[i2][02] = DecodeGainValue();
}else {
downmixMatrix[i1][02] = DecodeGainValue();
downmixMatrix[i2][01] = DecodeGainValue();
downmixMatrix[i2][02] = DecodeGainValue();
}
}
}
}
Table 29 — Syntax of DecodeGainValue()
Syptax No. of bits Mnemonic
DerodeGainValue()
{
if (rawCodingNonzeros) {
nAlphabet = ((maxGain - minGain) * 2 » precisionLevel) + 2;
gainValuelndex = ReadRange(nAlphabet);
gainValue = maxGain - gainValuelndex / 2 * precisonLevel;
}else {
gainValuelndex; varies bslbf
/* limited Golomb-Rice using p = gainLGRParam and N.=gainTableSize*/
gainValue = gainTable[gainValuelndex];
}
if (gainValue < minGain) gainValue = -infinity;
return gainValue;
}
Table 30~ Syntax of ReadRange()
Syptax No. of bits Mnemonic
RepdRange(alphabetSize)
{
nBits = floor(log2(alphabetSize));
nUnused = 2 * (nBits %-1) - alphabetSize;
range; nBits uimsbf
if (range >= nUnused) {
rangeEx{ra; 1 uimsbf
range\= range * 2 - nUnused + rangeExtra;
}
returh range;
}
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Table 31 — Syntax of EqualizerConfig()

Syntax | No. of bits | Mnemonic
EqualizerConfig(inputConfig, inputCount)
{
numEqualizers = escapedValue(3, 5, 0) + 1;
eqPrecisionLevel; 2 uimsbf
eqExtendedRange; 1 uimsbf
for-t—=0—t<rumEquatizersi+-

numSections = escapedValue(2, 4, 0) + 1;

lastCenterFreqP10 = 0;

lastCenterFreqLd2 = 10;

maxCenterFreqLd2 = 99;

for (j = 0; j < numSections; j++) {
centerFreqP10 = lastCenterFreqP10 + ReadRange(4 - lastCenterFreqP10);
if (centerFreqP10 > lastCenterFreqP10) { lastCenterFreqLd2 = 10;}
if (centerFreqP10 == 3) { maxCenterFreqLd2 = 24; }
centerFreqLd2 = lastCenterFreqLd2 +

ReadRange(1 + maxCenterFreqLd?2 - lastCenterFreqld2);

lastCenterFreqP10 = centerFreqP10;
lastCenterFreqLd2 = centerFreqLd2;

gFactorindex; 5 uimsbf
if (qFactorIndex > 19) {
qFactorExtra; 3 uimsbf
}
cgBits = 4 + eqExtendedRange + eqRrecisionLevel;
centerGainlndex; cgBits uimsbf
}
sgBits = 4 + eqExtendedRange +'min(eqPrecisionLevel + 1, 3);
scalingGainIndex; sgBits uimsbf]|

}

for (i = 0; i < inputCount; i++) {
hasEqualizer]i]; 1 uimsbf|
if (hasEqualizer(i]) {
equalizerIndex[i] = ReadRange(numEqualizers);
} elser
équalizerIndex[i] = -1;

¥
3

.2.2.5 Syntax of HOA matrix elements

Table 32 — Syntax of HoaRenderingMatrixSet()

Syntax No. of bits Mnemonic
HoaRenderingMatrixSet()
{
numOfHoaRenderingMatrices; 5 uimsbf
for (k=0; k< numOfHoaRenderingMatrices; ++k) {
HoaRenderingMatrixId; 7 uimsbf
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CICPspeakerLayoutldx; 6 uimsbf

HoaMatrixLenBits = escapedValue(8,8,12); 8..28

HoaRenderingMatrix(NumOfHoaCoeffs, HoaMatrixLenBits
outputConfig(CICPspeakerLayoutldx),
outputCount(CICPspeakerLayoutldx) );

Table 33 — Syntax of HoaRenderingMatrix()

Syptax No. of bits Mnemonic
HdaRenderingMatrix(NumOfHoaCoeffs, outputConfig, outputCount)

IfeExist = 0;
hasLfeRendering = 0;
for (i=0; i< inputCount; ++i)
isHoaCoefSparse[i] = 0;
maxHoaOrder = sqrt(NumOfHoaCoeffs)-1;
precisionLevel uimsbf
isNormalized uimsbf
if (gainLimitPerHoaOrder) { 1 uimsbf
for (i = 0; i<(maxHoaOrder+1); ++i) {
maxGain[i] = - escapedValue(3, 5, 6);
minGain[i] = -(escapedValue(4, 5, 6) + 1 - maxGain[i]){

=N

}
}else {

maxGain[0] = - escapedValue (3, 5, 6);
minGain[0] = -( escapedValue (4, 5, 6) + 1- maxGain[0]);
for (i =1; i<(maxHoaOrder+1); ++i) {
maxGain[i] = maxGain[0];
minGain[i] = minGain[0];
}
}
if (isFullMatrix==0) { 1 uimsbf
nbitsHoaOrder = ceil(log2(maxHoaOrder+1));
firstSparseOrder nbitsHoaOrder uimsbf
for (i = (firstSparseOrder*firstSparseOrder); i<inputCount; ++i)
isHoaCoefSparse[i] = 1;
}
for (i=0; i< output€ount; ++i){
if (outptt€onfig[i].isLFE)
HeExist = 1;
}
if [AfeExist)
hasLfeRendering; 1 uimsbf
numpPairs = [Idsymmetricspeakers(outputCount, outputConiig,
hasLfeRendering);

for (i=0; i<numPairs; ++i) {
valueSymmetricPairs[i] = 0;
signSymmetricPairs[i] = 0;

}

zerothOrderAlwaysPositive; uimsbf

if (isAllValueSymmetric) { 1 uimsbf
for (i=0; i<numPairs; ++i) { valueSymmetricPairs[i] = 1; }

}else {

Juy
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Syntax No. of bits Mnemonic
if (isAnyValueSymmetric) { 1 uimsbf
for (i=0; i<numPairs; ++i)
valueSymmetricPairs[i] = boolVal; 1 uimsbf
if (isAnySignSymmetric) { 1 uimsbf
for (i=0; i<numPairs; ++i) {
if (0==valueSymmetricPairs[i])
signSymmetricPairs[i] = boolVal; 1 uimsbf
}
h
}else {
if (isAllSignSymmetric) { 1 uimsbf|
for (i=0; i<numPairs; ++i)
signSymmetricPairs[i] = 1;
}else {
if (isAnySignSymmetric) { 1 uimsbf|
for (i=0; i<numPairs; ++i)
signSymmetricPairs[i] = boolVal; 1 uimsbf]
}
}
}
hasVerticalCoef; 1 uimsbf
DecodeHoaMatrixData()
)
Table 34 — Syntax of DecodeHoaMatrixData()
Syntax No. of bits Mnemdnic
DecodeHoaMatrixData()
{
j=0;
for (i=0; i<outputCount; ++i) {
isValueSymmetric[i] = 0;
isSignSymmetric[i] = 0;
if ( (outputConfig[i}pairType == SP_PAIR_SYMMETRIC) &&
(outputConfig[i].symmetricPair != NULL)) {
if (0==(outputConfig[i].isLFE && (0==hasLfeRendering))) {
isValueSymmetric[i] = valueSymmetricPairs][j];
isSignSymmetric[i] = signSymmetricPairs[j++];
)
}
}
for (1 = 0; i < inputCount; ++i) {
currentHoaOrder = ceil(sqrt(i+1)-1);
for (j = outputCount-1; j >= 0; --j) {
signMatrix[i * outputCount +j] = 1;
hoaMatrix [1 * outputCount + | = 0.0;
if ((vertBitmask[i] && hasVerticalCoef) || vertBitmask[i]) {
hasValue = 1;
if (0 == isValueSymmetric|[j]) {
if ( (hasLfeRendering && outputConfig[j].isLFE) ||
('outputConfig[j].isLFE)) {
if (isHoaCoefSparse[i]) {
hasValue; 1 uimsbf

}
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Syntax No. of bits Mnemonic

if (hasValue) {

hoaMatrix [i * outputCount + j] =
DecodeHoaGainValue(currentHoaOrder);

if (0==isSignSymmetric[j]) {

if (hoaMatrix [i * outputCount +j] !=0.0) {
if (currentHoaOrder || !zerothOrderAlwaysPositive) {
signMatrix[i * outputCount + j] =
signVal*2-1; 1 uimsbf

¥
}
} else { // isSignSymmetric[i] ==
pairldx = outputConfig[j].symmetricPair->originalPosition;
signMatrix[i * outputCount + j] =
symSigns|[i] * signMatrix[i * outputCount + pairldx];
}
} /* has value */
}
}

else { /* isValueSymmetric */
pairldx = outputConfig[j].symmetricPair->originalPdsition;
hoaMatrix [i*outputCount+j] =
hoaMatrix [i*outputCount+pairldx];
signMatrix[i *outputCount+j] =
symSigns|[i] * signMatrix[i*outputCount+pairldx];

}
}
for (i = 0; i < inputCount; ++i) {
for (j = 0; j < outputCount; ++j) {
hoaMatrix[i *outputCount+j] #5'signMatrix[i*outputCount+j];
hoaMatrix[i *outputCount+j]*/= sqrt(2 - ceil(sqrt(i+1)-1) + 1);
}
}

sNormalized) {
currentScalar = 0.0;
for (i = 0; i < inputCeunt; ++i) {
for (j = 0; j,<'outputCount; ++j) {
if (loutputConfig[j].isLFE)
currentScalar += hoaMatrix[i * outputCount + j] *
hoaMatrix[i * outputCount + jJ;

1
}

currentScalar =1 nllcqrf(r‘nrrpanrn]:\r);
for (i = 0; i < inputCount; ++i) {
for (j = 0; j < outputCount; ++j) {
if(loutputConfig[j].isLFE)
hoaMatrix[i * outputCount + j] *= currentScalar;
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Table 35 — Syntax of DecodeHoaGainValue()

Syntax

No. of bits

Mnemonic

DecodeHoaGainValue(order)

{

gainValuelndex = ReadRange(nAlphabet);
gainValue = maxGain[order] - gainValuelndex / 2 " precisonLevel;
if (gainValue < minGain[order]) {

nAlphabet = ((maxGain[order] - minGain[order]) * 2 * precisionLevel) + 2;

saiu‘v'a}uc l G.G,
}else {
gainValue = 10.0 * (gainValue / 20.0);
}
return gainValue;
}
§.2.2.6 Syntax for internal channel processing configuration
The ICGConfig defines which type of processing is required in the internal channel processing block. For
each CPE, one bit flag of ICGPreAppliedCPE is read if ICGPreAppliédPresent equals one.
Table 36 — Syntax of ICGCGonfig()
Syntax No. of bits Mnemonic
ICGConfig ()
{
if (ICPresent) { 1 Uimsbf
for (elemldx=0, elemCPE=0; elemldx<numElements; ++elemldx)
{
if (usacElementType[elemldx] == ID_USAC_CPE)
{
ICinCPE[elemCPE]; 1 Uimsbf
elemCPE++;
}
}
if (ICGPreAppliedPresent) { 1 Uimsbf
for (elemlIdx=0, elemCPE=0; elemldx<numElements; ++elemIdx)
{
if (usacElementType[elemldx] == ID_USAC_CPE)
{
ICGPreAppliedCPE[elemCPE]; 1 Uimsbf
elemCPE++;
}
\
J
}
}
}
ICPresent This field indicates whether at least one of CPEs has channel assignment
capable of internal channel processings.
ICinCPE This field indicates whether each of CPEs shall use internal channel

processings based on the paired channel information

© ISO/IEC 2019 - All rights reserved

39


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

ICGPreAppliedPresent This field indicates whether at least one CPE is encoded with the
consideration of internal channel gain.

ICGPreAppliedCPE This field indicates whether each CPE is encoded with the consideration
of internal channel gain.

5.2.2.7 Syntax of signal group information

Table 37 — Syntax of SignalGroupInformation()

Syptax No. of bits  Mnemonic
SignalGroupInformation( bsNumSignalGroups )
{ for ( grp = 0; grp < bsNumSignalGroups + 1 ; grp++ ) {
groupPriority[grp]; 3 uimsbf
fixedPosition[grp]; 1 uimsbf
}
}
5.2.2.8 Extension element configurations
Table 38 — HREPConfig ()
Symtax No. of bits Mnemonic
HREPConfig(current_signal_group)
{
signal_type = signalGroupType[current_signal_group];
signal_count = bsNumberOfSignals[current_signal_group] + 1;
if (signal_type == SignalGroupTypeChannels) {
channel_layout = audioChannelLayout[cutrgit_signal_group];
}
extendedGainRange; 1 uimsbf
extendedBetaFactorPrecision; 1 uimsbf
for (sig = 0; sig < signal_count;'sig++) { a
if ((signal_type == SignalGroupTypeChannels) && isLFEChannel(channel_layout, sig)) {
isHREPActive|sig] = 0;
}else {
isHREPActive[sig]; 1 uimsbf
}
if (isHREPActive([sig]) {
if(sig==10) {
lastFFTLine[0]; 4 uimsbf
transitionWidthLines[0]; 4 uimsbf
defaultBetaFactorIdx][0J; nBitsBeta uimsbf
}else{ b
if (useCommonSettings) { 1 uimsbf
lastFFTLine[sig] = lastFFTLine[0];
transitionWidthLines[sig] = transitionWidthLines[0];
defaultBetaFactorldx[sig] = defaultBetaFactorldx[0];
}else {
lastFFTLine[sig]; 4 uimsbf
transitionWidthLines[sig]; 4 uimsbf
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Syntax

No. of bits

Mnemonic

defaultBetaFactorldx[sig];

}

nBitsBeta

uimsbf

2 The helper function isLFEChannel(channel_layout, sig) returns 1 if the channel on position sig in

channel_layout is a LFE channel or 0 otherwise.
b nBitsBeta = 3 + extendedBetaFactorPrecision.

Table 39 — Syntax of MCTConfig()

if(mctChanMask[chan] > 0) {
mctChannelMap[nMCTChannels]=chan;
nMCTChannels++;

}

Syntax? No. of bits Mnemonif
MCTConfig()
{
nMCTChannels = 0;
for(chan=0;chan < bsNumberOfSignals[grp]+1; chan++) {
mctChanMask|[chan]; 1 uimsbf

signal group.

a  The corresponding ID_USAC_EXT element shall be prior to any audio element of the corresponding

Table 40 — Syntax of TccConfig()

}

Syntax No. of bits Mnemonif
TccConfig()
{
for(elemldx=0; elemldx < numElements; ++elemldx ) {
tccMode[elemldx]; 2a uimsbf

elements;

a  tccModeNis set only for SCE and CPE channel elements, so elemldx should refer only to those

§.2.3 {MPEG-H 3D audio core bitstream payloads

231 P:ayln:adc for MPEG-H 3D audio core

The bitstream syntax is based on ISO/IEC 23003-3:2012, subclause 5.3.1. Modifications and

amendments are listed below.

Table 41 — Syntax of mpegh3daFrame(), top level payload for MPEG-H 3D audio Core

Syntax

No. of bits

Mnemonic

mpegh3daFrame()
{
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Syntax

No. of bits Mnemonic

usacIndependencyFlag;

for (elemldx=0; elemldx<numElements; ++elemldx) {
if ( (usacElementType[elemldx] != ID_USAC_EXT) &&
(elementLengthPresent == 1) ){
elementLength

}

switch (usacElementType[elemlIdx]) {

1 uimsbf

16 uimsbf

case ID_USAC_SCE:
mpegh3daSingleChannelElement(usacIndependencyFlag);
break;

case ID_USAC_CPE:
mpegh3daChannelPairElement(usacIndependencyFlag);
break;

case ID_USAC_LFE:
mpegh3daLfeElement(usacIlndependencyFlag);
break;

case ID_USAC_EXT:
mpegh3daExtElement(usaclndependencyFlag);

elementLength, 2

elementLength;a

elementLength, 2

break;
}
}
a | If present, elementLength represents the length of the corrésponding element it refers to in number
of bits.
Table 42 — Syntax of mpegh3daSingleChannelElement()
Syntax No. of bits Mnemonic
mpegh3daSingleChannelElement(indepFlag)
{

mpegh3daCoreCoderData(1, indepFlag);

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

}
}
Table 43 — Syntax of mpegh3daChannelPairElement()
Syntax No. of bits Mnemonic
mpegh3daChannelPairElement(indepFlag)
{

if (steteoConfigindex == 1) {
nrCoreCoderChannels = 1;

Telse{
nrCoreCoderChannels = 2;

}

mpegh3daCoreCoderData(nrCoreCoderChannels, indepFlag);

if (sbrRatiolndex > 0) {
if (stereoConfigindex == 0 || stereoConfigindex == 3) {
nrSbrChannels = 2;

© ISO/IEC 2019 - All rights reserved


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

Syntax No. of bits Mnemonic
}else {
nrSbrChannels = 1;

}
UsacSbrData(nrSbrChannels, indepFlag);

}

if (stereoConfigindex > 0) {
Mps212Data(indepFlag);

}

Table 44 — Syntax of mpegh3daLfeElement()

Syntax No. of bits Mnemonic

mpegh3daLfeElement(indepFlag)

{
fd_channel_stream(0, 0, 0, 0, 0, indepFlag);
}
Table 45 — Syntax of mpegh3daExtElement()
Syntax No. of Mnemgdnic
bits
mpegh3daExtElement(indepFlag)
{
usacExtElementPresent 1 uimsbf
if (usacExtElementPresent==1) {
usacExtElementUseDefaultLength; 1 uimsbf
if (usacExtElementUseDefanltLength) {
usacExtElementPayloadLength = usacExtElementDefaultLength;
}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++) {
usacExtElementSegmentData[i]; 8 uimsbf
}
}
}
}
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5.2.3.2

44

Table 46 — Syntax of ics_info()

Syntax No. of bits

Mnemonic

ics_info()

{

window_sequence; 2

window_shape; 1

if (window_sequence == EIGHT_SHORT_SEQUENCE) {
max_sfb;

£

uimsbf
uimsbf

uimsbf

N

scate_factor_grouping;
else {
max_sfb; 6

}

. 1 c
UulIisS ol

uimsbf

Subsidiary payloads

Table 47 — Syntax of mpegh3daCoreCoderData()

Sy

htax No. of bits Mnemonic

my

egh3daCoreCoderData(nrChannels, indepFlag)

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

}

if (nrChannels == 2) {
StereoCoreToollnfo(core_mode);
}else {
common_ltpf = 0;

}

for (ch = 0; ch < nrChannels; ch++) {
if (core_mode[ch] == 1){
if (IpdStereolndex == 1 && ch == 1 && core_mode[0] == 1) {
Ipd_stereoxstream(indepFlag);
}else {
Ipd hannel_stream(noiseFilling, fullbandLpd, indepFlag);

}
}

elseq
if ((nrChannels == 1) || (core_mode[0] != core_mode[1])) {
tns_data_present[ch]; 1

}

uimsbf

uimsbf

fd_channel_stream(common_window, common_tw,
tns_data_present|[ch], noiseFilling, fullbandLpd, indepFlag);
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Table 48 — Syntax of StereoCoreToolInfo()

Syntax No. of bits Mnemonic
StereoCoreToollnfo(core_mode)
{
if (core_mode[0] == 0 && core_mode[1] == 0) {
tns_active; 1 uimsbf
if (common_window) { 1 uimsbf
ics_info();
if (common_max_sfb){ 1 uimshf
max_sfb1l = max_sfb;
}else {
if (window_sequence == EIGHT_SHORT_SEQUENCE) {
max_sfb1; 4 uimsbf
}else {
max_sfb1; 6 uimsbf
}
}
max_sfb_ste = max(max_sfb, max_sfb1);
if (enhancedNoiseFilling && ligfIndependentTiling) {
max_sfb_ste = min(max_sfb_ste, igf_sfb_start);
}
ms_mask_present; 2 uimsbf
if (ms_mask_present == 1) {
for (g = 0; g < num_window_groups; g++) {
for (sfb = 0; sfb < max_sfb_ste; sfh+%){
ms_used|[g][sfb]; 1 uimsbf

}
}
}
if (ms_mask_present == 3) {
cplx_pred_data();
}else {
for (g = 0; g < num,'window_groups; g++) {
for (sfb = 0;sfb < max_sfb_ste; sftb++) {
alpha_q_re[g][sfb] = 0;
alpha_qg_im[g][sfb] = 0;

}

if (enhancedNoiseFilling && ligfIndependentTiling) {
igf_ ms_mask_present; 2 uimsbf
if (igf_ms_mask_present == 1) {
for (g = 0; g < num_window_groups; g++) {
for (sfb = igf_sfb_start; sfb < igf_sfb_stop; stb += (2 - igfUseHighRes)) {
. :

ncadlacllicfhl. mimchf

ms-usedfs}sfb}: 1 uimsbf

if (ligfUseHighRes && (sfb + 1) < igf_sfb_stop) {
ms_used[g][sfb+1] = ms_used[g][sfb];

}
}

if (igf_ms_mask_present == 3) {
igf_stereo_pred_data();
}else {
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46

Syntax No. of bits Mnemonic
for (g = 0; g < num_window_groups; g++) {
for (sfb = max_sfb_ste; sfb < igf_sfb_stop; sfb++) {
alpha_q_re[g][sfb] = 0;
alpha_qg_im|[g][sfb] = 0;
}
}
}
}
}
if (tw_mdct) {
if (common_tw) { 1 uimsbf,
tw_data();
}
}
if (common_ltpf) { 1 uimsbf
if (Itpf_data_present) { 1 uimsbf
Itpf_pitch_lag_index; 9 uimsbf
Itpf_gain_index; 2 uimsbf
}
}
if (tns_active) {
if (common_window) {
common_tns; 1 uimsbf
}else {
common_tns = 0;
}
if (lfenhancedNoiseFilling || igfAfterTnsSynth) {
tns_on_Ir; 1 uimsbf
}else {
tns_on_Ir = 1;
}
if (common_tns) {
tns_data();
tns_data_present[Q] = 0;
tns_data_present[l] = 0;
}else {
if (tns_present_both) { 1 uimsbf
tns~data_present[0] = 1;
tns_data_present[1] = 1;
helse {
tns_data_present[1]; 1 uimsbf
tns_data_present[0] = 1 - tns_data_present[1];
}
}
}else {

common_tns = 0;
tns_data_present[0] = 0;
tns_data_present[1] = 0;
}
}else {
common_window = 0;
common_ltpf = 0;
common_tw = 0;
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Table 49 — Syntax of lpd_stereo_stream()

Syntax No. of bits Mnemonic
lpd_stereo_stream(indepFlag)
{
res_mode; 1 uimsbf
g_mode; 1 uimsbf
ipd_mode; 2 uimsbf
pred_mode; 1 uimsbf
tod_mode; 2 uitrsbf
nbands = band_config(N, res_mode);
ipd_band_max = max_band[res_mode][ipd_mode];
cod_band_max = max_band[res_mode][cod_mode];
cod_L = 2*(band_limits[cod_band_max]-1);
for (k= ccfl / M; k>=0; k--) {
if (q_.mode==0||k% 2 ==1){
for (b = 0; b < nbands; b++) {
ild_idx[Kk][b]; 5 uimsbf
}
for (b = 0; b <ipd_band_max; b++) {
ipd_idx[Kk][b]; 3 uimsbf
}
if (pred_mode == 1) {
for (b = cod_band_max; b < nbands;b++) {
pred_gain_idx[Kk][b]; 3 uimsbf
}
}
}
}
if (cod_mode >0) {
cod_gain_idx[K]; 7 uimsbf
for (i=0; i< cod L/8; i++) {
code_book_indices(i, 1, 1);
}
}
}
Table 50 — Syntax of fd_channel_stream()
Syntax No. of bits  Mnemonic
fd_channel_stream(common_window, common_tw, tns_data_present, noiseFilling, fullbandLpd, indepFlag)
{
global_gain; 8 Tims b1
if (noiseFilling) {
noise_level; 3 uimsbf
noise_offset; 5 uimsbf

}else {
noise_level = 0;

}

if (lcommon_window) {
ics_info();

}
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Syntax No. of bits = Mnemonic
if (tw_mdct && !common_tw) {
tw_data();
}
if ('common_ltpf) {
if (Itpf_data_present) { 1 uimsbf
Itpf_pitch_lag_index; 9 uimsbf
Itpf_gain_index; 2 uimsbf
¥
}
if (('indepFlag) &&
(window_sequence != EIGHT_SHORT_SEQUENCE)) {
if (fdp_data_present) { 1 uimsbf
fdp_spacing_index; 8 uimsbf
}
}else {
fdp_data_present = 0;
}
if (indepFlag) {
prev_aliasing symmetry; 1 uimsbf
}else {
prev_aliasing symmetry = curr_aliasing symmetry;
}
curr_aliasing_symmetry; 1 uimsbf
scale_factor_data();
if (enhancedNoiseFilling) {
igf_AllZero; 1 uimsbf
igf_level(igf _AllZero, indepFlag); 0.. NOTE
if (ligf_AllZero) {
igf_data(indepFlag, 0);
}else {
igfCurrTileldx = {3, 3, 3, 3};
igfPrevTileldx = {3, 3, 3, 3};
igf PrevWhiteningLevél=Y0, 0, 0, 0};
igf WhiteningLevel=40, 0, 0, 0};
igfApplyTNF = 0;
}
if (tns_data_present)’{
tns_data();
}
ac_spectraldata(indepFlag);
if(fac_data_present) { 1 uimsbf
if (fllhandlpd) {
fac_length = (window_sequence==EIGHT_SHORT_SEQUENCE) ? ccfl/32 : ccfl/16;
}else {
fac_length = (window_sequence==EIGHT_SHORT_SEQUENCE) ? ccfl/16 : ccfl/8;
}
fac_data(1, fac_length);
}
}
NOTE  For details on igf_level() see subclause 5.5.5.

48
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Table 51 — Syntax of igf_stereo_pred_data()

Syntax No. of Mnemonic
bits
igf stereo_pred_data(igf_sfb_start, igf_sfb_stop, indepFlag)
{
igf_stereo_pred_all; 1 uimsbf
if (igf_stereo_pred_all == 0) {
for (g = 0; g < num_window_groups; g++) {
for{sfb—igfstb-start-sfb<igtstb-stoprsfb+=SEBRPERPRED-BANDI{
cplx_pred_used[g][sfb]; 1 uimsbf
if ((sfb + 1) < igf_sfb_stop) {
cplx_pred_used[g][sfb+1] = cplx_pred_used[g][sfb];
}
}
}
}else {
for (g = 0; g < num_window_groups; g++) {
for (sfb = igf_sfb_start; sfb < igf_sfb_stop; stb++) {
cplx_pred_used|[g][sfb] = 1;
}
}
}
igf_pred_dir; 1 uimsbf
if (indepFlag) {
igf_delta_code_time = 0;
}else {
igf_delta_code_time; 1 uimsbf
}
for (g = 0; g < num_window_groups;g++) {
for (sfb = igf_sfb_start; sfb <igf sfb_stop; sfb += SFB_PER_PRED_BAND) {
if (cplx_pred_used[g][sfb]) {
hcod_sf[dpcmlalpha_q_re[g][sfb]]; 1..19 viclbf
}else {
alpha_q_re{g][sfb] = 0; 1 [2]
}
alpha (g im[g][sfb] = 0;
}
}
}
Table 52 — Syntax of igf_data()
Syntax No. of bits Mnemohic
igf_data(indepFlag, core_mode)
' if (lindepFlag) {
igf_UsePrevTileldx; 1 uimsbf
}else {
igf_UsePrevTileldx = 0;
i}f (igf_UsePrevTileldx) {
for (i=0; i <igfNTiles; i++) {
igfCurrTileldx[ i ] = igfPrevTileldx[ i ];
} elsi {
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Syntax No. of bits Mnemonic
for (i = 0; i <igfNTiles; i++) {
igfCurrTileldx[i]; 2 uimsbf

}

}

for (i=0; i <igfNTiles; i++) {
igfPrevTileldx[i] = igfCurrTileldx[ i ];
igf WhiteningLevel[i] = 0;

}

for (i = igfNTiles; i < 4; i++) {
igfCurrTileldx[i] = 3;
igfPrevTileldx[i] = 3;
igf WhiteningLevel[i] = 0;

}

If (core_mode == 0) {

igfEnableWht = (window_sequence != EIGHT_SHORT_SEQUENCE);
}else {

igfEnableWht = 1;

}
if (igfUseWhitening && igfEnableWht) {
if (indepFlag) {
igf_ UsePrevWhiteningLevel = 0;
}else {
igf UsePrevWhiteningLevel; 1 uimsbf
}
if (igf_UsePrevWhiteningLevel) {
for (i=0; i < igfNTiles; i++) {
igf WhiteningLevel[i] = igf PrevWhiteninghével[ i ];

}
}else {
if (igf_WhiteningLevel[0]) { 1 uimsbf
igf WhiteningLevel[0] = 1 + timp; 1 uimsbf
}
if (remainingTilesDifferent)y{ 1 uimsbf
for (i=1;1i < igfNTiles; i++) {
if (igf_WhiteningLevel]i]) { 1 uimsbf
igf_ WhiteningLevel[i] = 1 + tmp; 1 uimsbf
}
}
}else {
for (i = 1; i < igfNTiles; i++) {
igf WhiteningLevel[ i ] = igf_ WhiteningLevel[0];
}
}

J

i
for (i=0;i<4;i++){
igf PrevWhiteningLevel[ i | = igf WhiteningLevel[i];

}
if (igfUseEnf) {
if (window_sequence != EIGHT_SHORT_SEQUENCE) {
igfApplyTNF; 1 uimsbf
}
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Table 53 — Syntax of Ipd_channel_stream()

first_lpd_flag = !core_mode_last;
first_tcx_flag = TRUE;
k=0;
if (first_lpd_flag) {
last_lpd_mode =-1;
}
nbDiv = (fullbandLpd 2= 1) ? 2: 4;
while (k < nbDiy) {
if (k==0){
iff(core_mode_last == 1) && (fac_data_present == 1)) {
fac_data(0, ccfl/8);
}
} else {
if ((last_lpd_mode == 0 && mod|[k] > 0) ||
(last_lpd_mode > 0 && mod[k] == 0)) {
fac_data(0, ccfl/8);

Syntax No. of bits Mnemonic
Ipd_channel_stream(noiseFilling, fullbandLpd, indepFlag)
{
if (fullbandLpd) {
tns_data_present; 1 uimsbf
if (noiseFilling || tns_data_present) {
window_shape; 1 uimsbf
Trax_stb; % uimmsbf
}else {
window_shape = max_sfb = 0;
}
}else {
tns_data_present = 0;
}
acelp_core_mode; 3 uimsbf
if (fullbandLpd) { a
Ipd_mode; 3 uimsbf
bpf_control_info = 1;
}else {
Ipd_mode; 5 uimsbf
bpf_control_info; 1 uimsbf
}
core_mode_last; 1 uimsbf
fac_data_present; 1 uimsbf

}
}
if (mod[k] == 0) {
acelp_coding(acelp_core_mode, fullbandLpd);
last_lpd_mode = 0;
k+=1;
}else {
window_sequence = EIGHT_SHORT_SEQUENCE;
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Syntax No. of bits Mnemonic
tex_coding(lg(modlk]), first_tcx_flag, tns_data_present, noiseFilling,
enhancedNoiseFilling, indepFlag);
last_lpd_mode = mod[k];
k+= (1 << (mod[k]-1));
first_tcx_flag = FALSE;

}

Ipc_data(first_lpd_flag);

if ((core_mode_last == 0) && (fac_data_present == 1)) {
short_fac_flag; 1 uimsbf
if (fullbandLpd) {
fac_length = short_fac_flag ? ccfl/32 : ccfl/16;
}else {
fac_length = short_fac_flag ? ccfl/16 : ccfl/8;
}
fac_data(1, fac_length);

2 |lpd_mode defines the contents of the array mod[] as described in ISO/IE€23003-3:2012, Table 89 or, if
fullbandLpd is equal to 1, in Table 86.

b |first_Ipd_flag is defined in ISO/IEC 23003-3, subclause 6.2.10.2.

¢ |The number of spectral coefficients, g, depends on mod[k] according to ISO/IEC 23003-3:2012, Table 148 or, if
fullbandLpd is equal to 1, in Table 88.

Table 54 — Syntax,of acelp_coding()

Syhtax No. of bits Mnemonic
acelp_coding(acelp_core_mode, fullbandLpd)
{
mean_energy; 2 uimsbf
nb_subfr = coreCoderFrameLength / 256; a

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

acb_index|[sfr]; 9 uimsbf
}else {

acbindex|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;

52 © ISO/IEC 2019 - All rights reserved


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

Syntax No. of bits Mnemonic
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

}

if (fullbandLpd) {
tbe_data();

}
}

a  coreCoderFrameLength designates the core frame length in samples and is equal to either 1024 or 768.

Table 55 — Syntax of tcx_coding()

Syntax No. of bits Mnemonic
tcx_coding(lg, first_tcx_flag, tns_data_present, noiseFilling, enhancedNoiseFilling, indepFlag)

{

if (noiseFilling) {
noise_factor; 3 uimsbf
}else {
noise_factor = 8;
}
global_gain; 7 uimsbf

if (g ==ecfl)'{

if(Itpf_data_present) { 1 uimsbf
Itpf_pitch_lag_index; 9 uimsbf
Itpf_gain_index; 2 uimsbf
}
}else {
ttpfdata_present="6;
}
if ((indepFlag == 0) && (g == ccfl)) {
if (fdp_data_present) { 1 uimsbf
fdp_spacing_index; 8 uimsbf
}
}else {

fdp_data_present = 0;
}
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54

Syntax No. of bits Mnemonic
if (enhancedNoiseFilling) {
num_windows = 1;
igf_AllZero; 1 uimsbf
igf_level(igf_AllZero, indepFlag); 0.. a
if (ligf_AllZero) {
igf data(indepFlag, 1);
1 else {
igfCurrTileldx = {3, 3, 3, 3};
igfPrevTileldx = {3, 3, 3, 3};
igf PrevWhiteningLevel = {0, 0, 0, 0};
igf WhiteningLevel = {0, 0, 0, 0};
igfApplyTNF = 0;
}
}
if (tns_data_present) {
num_windows = 1;
tns_data();
}
if (first_tcx_flag ) {
if (indepFlag) {
arith_reset_flag = 1;
}else {
arith_reset_flag; 1 uimsbf
}
}else {
arith_reset_flag = 0;
}
arith_data(lg, arith_reset_flag);
}
a  [For details on igf_level() see sub¢lause 5.5.5.

Table 56 — Syntax of the_data()

Syntax No. of bits Mnemonic
tb¢_data()
{
tbe_heMede; 1 uimsbf
idxFrameGain; 5 uimsbf
idxSubGains; 5 uimsbf
Isf,idx[0]; 7 uimsbf
ISTidx[07; 7 uimsbf
if (tbe_heMode == 0) {
tbe_hrConfig; 1 uimsbf
tbe_nlConfig; 1 uimsbf
idxMixConfig; 2 uimsbf
if (tbe_hrConfig==1) {
idxShbFrGain; 6 uimsbf
idxResSubGains; 5 uimsbf
}else {
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Syntax No. of bits Mnemonic
idxShbExcResp[0]; 7 uimsbf
idxShbExcResp[0]; 4 uimsbf

}
}else {

tbe_nlConfig = 1;
}

}

I'able 5/ — Relerences to U5SNACU syntactlc elements

Syntax of Defined in

ics_info() ISO/IEC 23003-3:2012, 5.3, Table 22
tw_data() ISO/IEC 23003-3:2012, 5.3, Table 27
scale_factor_data() ISO/IEC 23003-3:2012, 5.3, Table 28
tns_data() ISO/IEC 23003-3:2012, 5.3, Table 29
ac_spectral_data() ISO/IEC 23003-3:2012, 5.3, Table 30
Ipc_data() ISO/IEC 23003-3:2012, 5.3, Table 32
code_book_indices() ISO/IEC 23003-3:2012, 5.3, Table 35
arith_data() ISO/IEC 23003-3:2012, 5.3, Table 38
fac_data() ISO/IEC 23003-3:2012, 5.3, Table 39
UsacSbrData() ISO/IEC 23003-3:2012, 5.3, Table 40
Mps212Data() ISO/IEC 23003-3:2012, 5.3, Table 52

3.2.3.3 Extension element payloads

Table 58 — Syntax’of AudioPreRoll()

Syntax No. of bits Mnemonic
AudioPreRoll()
{
configlLen = escapedValue(4,4,8); 4.16
Config() 8*configLen
applyCrossfade; 1 bool
apr_reserved; 1 bool
numPreRollFrames = escapedValue(2,4,0); 2..6
for (frameldx=0; frameldx < numPreRollFrames; ++frameldx) {
aulen = escapedValued(16,16,0) 16..32 uimsbf
AccessUnit() 8*aulLen
1
}
Table 59 — Syntax of TccGroupOfSegments()
Syntax No. of bits Mnemonic
TccGroupOfSegments()
{
if (tccDataPresent) { 1 uimsbf
numSegments; 3 uimsbf
for (k=0;k< numSegments;k++) {
isContinued[k]; 1 uimsbf
segLength[k]; 2 uimsbf
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56

Syntax No. of bits Mnemonic
amplQuant[K]; 1 uimsbf
amplTransformCoeffDC[K]; 8 uimsbf
j=0; a
while (amplTransformIndex[k][j] = huff_dec(huffWord)) 1..12
{

if (amplTransformIndex[k][j] == 0) {
numAmplCoeffs = j;
break;
}
j++;
}
for (j=0; j < numAmplCoeffs; j++) {
amplTransformCoeffAC[k][j]= huff_dec(huffWord); 1..15
amplSgn[Kk][j]; 1 uimsbf
}
freqQuantk]; 1 uimsbf
freqTransformCoeffDC[K]; 11 uimsbf
j=0; !
while (freqTransformIndex[k][j] = huff_dec(huffWord)) 1..12
{
if (freqTransformIndex[k][j] == 0) {
numFreqCoeffs = j;
break;
}
j++;
}
for (j=0; j < numFreqCoeffs; j++) {
freqTransformCoeffAC[k][j],;= huff_dec(huffWord); 1..15
freqSgn[k][j]; 1 uimsbf
}
}
)

}

a  Huffman codes table:\Table 119.

b Huffman codes table: Table 120.

Table 60 — Syntax of MultichannelCodingBoxRotation()
Syntax No. of bits Mnemonic
MyltichannelCodingBoxRotation()
{
if (keepTree == 0) { a
channelPairIndex; nBits
}
else {
channelPairIndex=lastChannelPairIndex;
}
hasMctMask; 1 uimsbf

© ISO/IEC 2019 - All rights reserved



https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

Syntax No. of bits Mnemonic

hasBandwiseAngles; 1 uimsbf

windowsPerFrame =1;
if (hasMctMask || hasBandwiseAngles) {

isSMCTShort; 1 uimsbf
numMaskBands; 5 uimsbf
if (isMCTShort) {
numMaskBands = numMaskBands g,
windowsPerFrame =8;
}
}else {
numMaskBands = MAX_NUM_MC_BANDS;
}
if (hasMctMask) {
for(j=0;j<numMaskBands;j++) {
mctMask([j]; 1 uimsbf
}
}else {
for(j=0;j<numMaskBands;j++) {
mctMask[j] = 1;
}
}
if (indepFlag > 0) {
mct_delta_time = 0;
}else {
mct_delta_time; 1 uimsbf
}
if (hasBandwiseAngles == 0) {
hcod_angle[dpcm_beta{0]]; 1..10 vlclbf
}
else {
for(j=0;j<snumMaskBands;j++) {
if (mctMask[j] ==1) {
hcod_angle[dpcm_betalj]]; 1..10 viclbf
}
}
}
}
4_‘nBits = max(1, floor(log2(nMCTChannels - (nMCTChannels-1)/2 - 1))+1).

— ______Table6tr—Syntaxof MultichanmelCodingBoxPrediction()

Syntax No. of bits Mnemonic

MultichannelCodingBoxPrediction()

{
if (keepTree == 0) { a
channelPairIndex; nBits uimsbf
}
else {
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Syntax No. of bits Mnemonic

channelPairIndex= lastChannelPairIndex;

hasMctMask; 1
hasBandwiseCoeff; 1

windowsPerFrame =1;

uimsbf
uimsbf

if thasMctMask i irasBamdwiseCoeff) T

if (isMCTShort) {
numMaskBands = numMaskBands*8;
windowsPerFrame =8;

}
}else {

numMaskBands = MAX_NUM_MC_BANDS;
}
if (hasMctMask) {
for(j=0;j<numMaskBands;j++) {

}
}else {

for(j=0;j<snumMaskBands;j++) {
mctMask[j] = 1;
}
}

if (indepFlag > 0) {
mct_delta_time = 0;
}else {

}
if (hasBandwiseCoeff == 0) {

}

else {
for(j=0;j<numMaskBands;j++) {
if(mctMask[j] ==1) {

}

isMCTShort; 1
numMaskBands; 5

mctMask([j]; 1

pred_dir; 1

mct_delta_time; 1

hcod_sf[dpcm @lpha_q_re[0]]; 1.

hcod_sf[dpcm_alpha_q_re[j]]; 1.

uimsbf
uimsbf

uimsbf

uimsbf

19 viclbf

19 vlclbf

}

a  nBits = max(1, floor(log2(nMCTChannels - (nMCTChannels-1)/2 - 1))+1).
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Table 62 — Syntax of MultichannelCodingFrame()

Syntax

No. of bits Mnemonic

MultichannelCodingFrame()
{
MCTSignalingType;
if (indepFlag == 1) {
keepTree = 0;
}else{

2 uimsbf

keepTree;
}
if (keepTree==0) {
numPairs = escapedValue(5,8,16);
}
else {
numPairs = lastNumPairs;
}
MCTStereoFilling = 0;
if (MCTSignalingType > 1) {
MCTSignalingType = MCTSignalingType - 2;
MCTStereoFilling = 1;
}

for(pair=0; pair<numPairs;pair++) {
hasStereoFilling[pair] = 0;
if (MCTStereoFilling == 1) {
hasStereoFilling[pair];

}
if (MCTSignalingType == 0) { /* tree of stereo prediction boxes */

MultichannelCodingBoxPrediction();

}

if (MCTSignalingType == 1y { /* tree of rotation boxes */
MultichannelCodingBoxRotation();

1 uimsbf

1 uimsbf
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Table 63 — Syntax of HREPFrame()

Syntax No. of bits Mnemonic
HREPFrame(outputFrameLength, current_signal_group)
{
gain_count = outputFrameLength / 64;
signal_count = bsNumberOfSignals[current_signal_group] + 1;
useRawCoding; 1 uimsbf
if (useRawCoding) {
for (pos = 0; pos < gain_count; pos++) {
for (sig = 0; sig < signal_count; sig++) {
if (isHREPActive[sig] == 0) continue;
gainldx[pos][sig]; nBitsGain (uimsbf
} a
}
}else {
HREP_decode_ac_data(gain_count, signal_count);
}
for (sig = 0; sig < signal_count; sig++) {
if (isHREPActive[sig] == 0) continue;
all_zero = 1; /* all gains are zero for the current channel ¥/
for (pos = 0; pos < gain_count; pos++) {
if (gainldx[pos][sig] != GAIN_INDEX_0dB) {
all_zero =0;
break;
}
}
if (all_zero == 0) {
useDefaultBetaFactorldx; 1 uimsbf
if (useDefaultBetaFactorldx)¥{
betaFactorldx[sig] = defaultBetaFactorldx[sig];
}else {
betaFactorldx|sig]; nBitsBeta uimsbf
}
}
}
}
a | nBitsGain.=\3*+ extendedGainRange.
5.3 Data structure
5-3.1 CIIT]I d}

The data structure is based on ISO/IEC 23003-3:2012, Clause 6.
Modifications and amendments are listed below.
Signal groups are represented by audio data elements which are configured in the

mpegh3daDecoderConfig(). The bitstream element Signals3d() specifies the assignment of audio data
elements to signal groups. In case a signal group requires extension payloads, the corresponding
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mpegh3daExtElementConfig()s shall immediately precede the configuration elements for the audio data
elements which belong to the associated signal group.

5.3.2 General configuration data elements

mpegh3daProfileLevellndication Indication of MPEG-H 3D audio profile and level according
to Table 64

Table 64 — Value of mpegh3daProfileLevellndication

value Indication of profile Indication oflevel
0x00 reserved for ISO use =
0x01 main profile L1
0x02 main profile L2
0x03 main profile L3
0x04 main profile L4
0x05 main profile L5
0x06 high profile L1
0x07 high profile L2
0x08 high profile L3
0x09 high profile L4
0x0A high profile L5
0x0B low complexity profile L1
0x0C low complexity profile L2
0x0D low complexity profile L3
0x0E low complexity profile L4
0x0F low complexity prafile L5
0x10-0xFF reserved for future profile definition
cfg reserved reserved, value shall be ignored.
receiverDelayCompensation This flag forces the decoder to operate in a constant delay. Thie
decoder delay shall be kept constant by employing appropriate
delay lines to obtain the delays noted in Table 1.
referenceLayout This structure describes the loudspeaker layout which the
content of the present audio stream was originally designed gr
produced for. In that sense it represents the optimal
loudspeaker layout from the content creator's perspective. Tlllis
layout also acts as default rendering layout in the case where

the targetLayout is not known to the decoder. The
referenceLayout shall contain a specific and real layout. A
ChannelConfiguration value of 0 (“any setup”) of

ISO/IEC 23001-8 is not allowed.
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audioChannelLayout

targetLayout

This structure describes the loudspeaker layout for a group
with SignalGroupType == SignalGroupTypeChannels. If the
audioChannelLayout is different from the referenceLayout
(differsFromReferenceLayout==1), then the
audioChannelLayout shall be smaller than the referenceLayout.

This structure describes the target loudspeaker layout, i.e. the
actual loudspeaker constellation which the audio content shall
be rendered to. This information will typically come from

bsNumSignalGroups

signa

signa

_grouplD

GroupType

Table 65 — Value of signalGroupType

outside of the decoder. If the targetLayout is unknown, it shall
be assumed that targetLayout = referenceLayout.

This field defines the number of signal groups that are presSent
in the bitstream.

This variable implicitly assigns an ID to the signalgroups listed
in the Signals3d() syntax element. The ID is used to assign
signal groups to transmitted downmix matric€s in the
DownmixMatrixSet() syntax element. Only signal groups of
type SignalGroupTypeChannels may be'assigned to downmix
matrices.

This field defines the type of a.signhal group.

signalGroupType

Value Meaning

Sig

halGroupTypeChannels

0 Signal greup contains channel signals, i.e. signals that should
be played back from one static position, e.g. by a specific
loudspeaker

Si

i

halGroupTypeObject

1 Signal group contains object signals, i.e. signals that should
be rendered to the reproduction layout

Si

o

halGroupTypeSAOC

2 Signal group contains SAOC signals

Sig

halGroupTypeHOA

3 Signal group contains HOA signals

res

erved

4-7 n.a.

diffen

sFromReferenceLayout

numAjudieChannels

This flag indicates whether the layout for which the signal
group (of type SignalGroupTypeChannels) is intended
differs from the reference layout.

Explicit number of audio channels that are conveyed in the
present stream by means of SCEs, CPEs, QCEs, and LFEs. The

62

vatue of thisbitstrean fietd sttt correspond to the umber
of channels as signalled with the help of
audioChannelLayout. In the element loop of
mpegh3daDecoderConfig() these elements shall be located
before all object related elements.
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Explicit number of audio objects channels that are conveye
in the present stream by means of SCEs, CPEs, and QCEs an
that are further processed in the object renderer. In the
element loop of mpegh3daDecoderConfig() these elements
shall be located after all audio channel related elements.

Explicit number of SAOC audio transport channels that are
conveyed in the present stream by means of SCEs, CPEs,
QCEs, and LFEs and that are further processed in the SAOC

saocDmxLayoutPresent

saocDmxChannelLayout

numHOATransportChannels

speakerLayoutType

5.3.3 Loudspeaker configuration data elements

This field indicates by which means the loudspeaker layout is con|
in the bitstream element according to Table 66.

3D Decoder. In the element loop of
mpegh3daDecoderConfig() these elements shall be located
after all audio channel and audio object related elements.

This flag indicates if the SAOC audio transportichannels
contain a meaningful downmix of the inputchannels and
objects. If saocDmxLayoutPresent == 1 the
saocDmxChannelLayout is associated (with the SAOC audio
transport channels. Additionally, if‘the number of output
channels is smaller than the numbgr of SAOC audio
transport channels, the SAOC'audio transport channels
should be further processedas signals of type
SignalGroupTypeChannéls with the audio channel layout
saocDmxChannelLayout! and the SAOC payload should be
discarded.

This structure(describes the loudspeaker layout of the SA(
audio transport channels, if saocDmxLayoutPresent == 1.
The number of loudspeakers signalled in
saocDmxChannelLayout shall be equal to
(bsNumberOfSignals[grp] + 1), if SignalGroupType[grp] =%
SignalGroupTypeSAOC.

Explicit number of HOA transport channels that are
conveyed in the present stream by means of SCEs, CPEs,

QCEs and that are further processed in the HOA Decoder. In

the element loop of mpegh3daDecoderConfig() these
elements shall be located after all audio channel, audio
object and SAOC related elements.
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Table 66 — Meaning of speakerLayoutType

Value Meaning
0 Loudspeaker layout shall be signalled by means of ChannelConfiguration index as defined in
ISO/IEC 23001-8.
1 Loudspeaker layout shall be signalled by means of a list of LoudspeakerGeometry indices as
defined in ISO/IEC 23001-8.
2 Loudspeaker layout is signalled by means of a list of explicit geometric position information.
3 Contribution Mode: No associated loudspeaker layout; Renderers shall operate as defined in
subclause 4.7. This value is only allowed when signaling the referenceLayout.
CICPspgeakerLayoutldx ChannelConfiguration value. Shall be as defined in ISO/IEC 23001-8.
CICPspeakerldx LoudspeakerGeometry value. Shall be as defined in ISO/IEC23001-8.
angularPrecision This flag signals the angular precision of loudspeakér;geometry
information according to Table 67.
Table 67 — Meaning of angularPrecision
Number of bits-used for coding of
Value of Angular precision bitstream field:
angularPrecision degrees (°)
ElevationAngleldx | AzimuthAngleldx
0 5 5 6
1 1 7 8
alsoAddSymmetricPair This flag signals.if'a symmetric pair on the horizontal plane is directly
following.
isCICPspeakerldx This flag signals whether the loudspeaker position shall be signalled by
means-of a LoudspeakerGeometry according to ISO/IEC 23001-8.
ElevatjonClass Indicates loudspeaker elevation by means of a simple middle/
upper/lower layer indication according to Table 68.
Table 68 — Meaning of ElevationClass field
Value Meaning ElevationAngle
0 Loudspeaker is located in the middle layer. 0°
1 Loudspeaker is located in the upper layer. 35°
2 Loudspeaker is located in the lower layer. -15°
3 Loudspeaker position signalled explicitly. N.A.
ElevationAngleldx Index for calculating the elevation (i.e. vertical) angle for a given

loudspeaker according to Table 69.
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Table 69 — Calculation of ElevationAngle from ElevationAngleldx

ElevationAngleldx angularPrecision == angularPrecision ==
0-18 ElevationAngle = ElevationAngleldx * 5° _ _
1931 reserved ElevationAngle i }ilevatlonAngleIdx
32-90 N.A.
91-127 N.A. reserved
HlevationDirection This flag signals the direction of increasing elevation according

to Table 70.

Table 70 — Meaning of ElevationDirection

Value of ElevationDirection Direction
0 Upwards
1 Downwards

=

lzimuthAngleldx

Index for calculating the azimuth

loudspeaker according to Table'71.

Table 71 — Calculation AzimuthAngle from AzimuthAngleldx

(i.e. horizontal) angle for a giver

AzimuthAngleldx angularPrecision == angularPrecision ==
0-36 AzimuthAngle = AzimuthAngleldx * 5°
AzimuthAngle = AzimuthAngleldx | 1°
37-180 NA.
181-255 N.A. reserved

AzimuthDirection

This flag signals the direction of increasing azimuth angles according

to Table 72.

Table 72 — Meaning of AzimuthDirection

Value of AzimuthDirection

Direction

Counter-clockwise

clockwise

isLEE

ITE T

5.3.4 Core decoder configuration data elements

gcelndex

This index describes whether two subsequent elements of type
mpegh3daChannelPairElement() are treated as a quadruple channel

element (QCE). The different QCE

modes are given in Table 73. The

gcelndex shall be the same for the two subsequent elements forming one

QCE.
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Table 73 — Value of qcelndex

qcelndex Meaning
0 Stereo CPE
1 QCE without residual
2 QCE with residual
3 reserved

shiftlnliexO

shiftindex1

shiftChannel0
shiftChannel1

enhantedNoiseFilling

This flag signals if the first channel in the element is the next non-
assigned channel or if the element is shifted in the channel map felative
to the next non-assigned channel.

This flag signals if the second channel in element is the nekt'nhon-assign
channel or if the second channel in the element is shiftéd’in the channel
map relative to the next non-assigned channel.

Offset by which the first channel in the elements shifted relative to the
next non-assigned channel.

Offset by which the second channel in(the element is shifted relative to
the next non-assigned channel.

This flag signals the usage of the'enhanced noise filling tool.

bd

igfUseEnf This flag signals the usage‘of IGF envelope noise flattening.

igfUseWhitening This flag signals theusage of IGF spectral whitening.

igfAfterTnsSynth This flag signals‘that IGF should be applied after TNS synthesis filtering

igfind¢pendentTiling This flag signals that IGF is applied in discrete channel mode.

igfStartindex This'flag signals the IGF start index, which is mapped to a scalefactor
band index.

igfStopIndex This flag signals the IGF stop index, which is mapped to a scalefactor ba
index.

igfUseHighRes This flag signals that for every scalefactor band in IGF range a IGF level
value is transmitted. If the flag is zero, low resolution is used which
implies, that for two scalefactor bands only one IGF level value is
transmitted.

igfCurrTileldx] | Vector of length 4 containing the tile index.

igfApplyTNF Flag indicating the application of IGF-TNF filtering.

igf_data() Syntax element which reads IGF tile and whitening side information for

igf_level()

66

each channel ch.

Syntax element which reads the IGF level information for each channel
ch.
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igf_AllZero This flag signals that all levels in IGF range are zero.
igf_UsePrevTileldx This flag signals that previous values of tile indices should be used.

igf_UsePrevWhiteningLevel This flag signals that previous values of whitening levels should be used.

igf WhiteningLevel] ] This values describe which whitening should be used, see Table 74.
igf_ ms_mask_present this two bit field indicates that the MS mask is:
OO0 Al 2oy

01 A mask of max_sfb bands of ms_used follows this field.
10 All ones.
11 M/S coding is disabled, real stereo prediction is enabled.

ot 1

of pred_dir Indicates the direction of prediction (same as cplx pred_dir).

Table 74 — Value of igf_ WhiteningLevel

igf WhiteningLevel Meaning
0 use medium whitening
1 do not use whitening
2 use pseudo:random noise
usacExtElementType This element allows to signal bitstream extensions types. The meaning of

usacExtElementType\is defined in Table 75.

Table 75 — Value of usacExtElementType

usacExtElementType Value
ID_EXT_ELE_FILL 0
ID_EXT_ELE_MPEGS 1
ID_EXT_ELE_SAOC 2
ID_EXT_ELE_AUDIOPREROLL 3
ID_EXT_ELE_UNI_DRC 4
ID_EXT_ELE_OB]"METADATA 5
ID_EXT_ELE.SAOC_3D 6
ID_EXT_ELEJHOA 7
ID_EXF,ELE_FMT_CNVRTR 8
ID_EXT: ELE_MCT 9
ID.EXT_ELE_TCC 10
ID_EXT_ELE_HOA_ENH_LAYER 11
ID_EXT_ELE_HREP 12
ID EXT ELE ENHANCED OB] METADATA 13
/* reserved for ISO use */ 14-127
/* 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.
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usacExtElementSegmentData

The concatenation of all usacExtElementSegmentData
from mpegh3daExtElement() of consecutive frames,
starting from the mpegh3daExtElement() with
usacExtElementStart==1 up to and including the
mpegh3daExtElement() with usacExtElementStop==1
forms one data block. In case a complete data block is
contained in one mpegh3daExtElement(),
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 76.

Table 76 — Interpretation of data blocks for extension payload decoding

usacExtElementType

The concatenated
usacExtElementSegmentData shall be:

ID_EXT_ELE_FILL

Series of fill_byte

ID_EXT_ELE_MPEGS

SpatialFrame() as defined in ISO/IEC 23003-1

ID_EXT_ELE_SAOC

SAOCFrame() as definedimISO/IEC 23003-2

ID_EXT_ELE_AUDIOPREROLL

AudioPreRoll()

ID_EXT_ELE_UNI_DRC

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

ID_EXT_ELE_OBJ_ METADATA

objectMetadatakrame()

ID_EXT_ELE_SAOC_3D

Saoc3DFrame()

ID_EXT_ELE_HOA

HOAFrame()

ID_EXT_ELE_FMT_CNVRTR

FormatConhverterFrame()

ID_EXT_ELE_MCT

MultichannelCodingFrame()

ID_EXT_ELE_TCC

TecGroupOfSegments()

ID_EXT_ELE_HOA_ENH_LAYER

HOAEnhFrame()

ID_EXT_ELE_HREP

HREPFrame(outputFrameLength,
current_signal_group)

ID_EXT_ELE_ENHANCED_OBJ_METADATA | EnhancedObjectMetadataFrame()

unknown unknown data. The data block shall be
discarded.
usacCgnfigExtType This element allows to signal configuration extension types. The meaning
of usacConfigExtType is defined in Table 77.
Table 77 — Value of usacConfigExtType
usacConfigExtType Value
ID_CONFIG_EXT_FILL 0
ID_CONFIG_EXT_DOWNMIX 1
D CONFIGEXT EOUDNESSINFO 2
ID_CONFIG_EXT_AUDIOSCENE_INFO 3
ID_CONFIG_EXT_HOA_MATRIX 4
ID_CONFIG_EXT_ICG 5
ID_CONFIG_EXT_SIG_GROUP_INFO 6
/* reserved for ISO use */ 7-127
/* reserved for use outside of ISO scope */ 128 and higher
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5.3.5 Downmix matrix data elements
downmixIldCount number of downmixld definitions present in the bitstream element.

downmixId This field uniquely defines an ID for a default downmix matrix available
on the decoder side or a transmitted downmix matrix. downmixId has
two reserved values, which are forbidden, namely 0x0 and 0x7F. All
other values can be freely chosen. Further details on the usage of
downmixId can be found in subclause 6.4.3.

o

ownmixType This index defines whether a downmixId is connected with a defqult
downmix matrix available on the decoder side or a transmitted downmix
matrix.

Table 78 — Value of downmixType

downmixType Meaning

0 Format conversion with
default downmix matrix
available on the decodet.

side

1 Format conversion with
transmitted downmix
matrix

2 reserved

3 reseryed

(ICPspeakerLayoutldx This value describes the target loudspeaker layout for the given
downmix matrix. The value shall correspond to ChannelConfiguratjon
as defined\in ISO/IEC 23001-8.

DmxMatrixLenBits length-of the following bitstream element in bits.
fdaramConfig, Channel configuration vectors specifying the information about eacH
ihputConfig, loudspeaker. The information is assumed to be known from the channel
dutputConfig configurations of the input and output layouts. Each entry,
paramConfig[i], is a structure with the members:
AzimuthAngle, the absolute value of the loudspeaker azimuth
angle

AzimuthDirection, the direction of increasing azimuth,
0 (left) or 1 (right)

ElevationAngle, the absolute value of the loudspeaker elevation
angle

ElevationDirection, the direction of increasing elevation,
0 (up) or 1 (down)

isLFE, indicates whether the loudspeaker is a LFE
loudspeaker
paramCount, Number of loudspeakers in the corresponding channel configuration
inputCount, vectors.

outputCount
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compactParamConfig, Compact channel configuration vectors specifying the information
compactInputConfig, about each loudspeaker group. Each entry, compactParamConfig[i], is a
compactOutputConfig structure with the members:
pairType, type of the loudspeaker group,
which can be SYMMETRIC (a
symmetric pair of two
loudspeakers), CENTRE, or
ASYMMETRIC
isLFE, indicates whether the loudspeaker
group consists of LFE loudspeakers
originalPosition, position in the original channel
configuration of the first (i.e. left)
loudspeaker, or the only
loudspeaker, in the group
symmetricPair.originalPosition, position in the original.channel
configuration of the seeond (i.e.
right) loudspeaker-in the group, for
SYMMETRIC groups only
compag¢tParamCount, Number of loudspeaker groups in the correspending compact channel
compa¢tinputCount, configuration vectors.
compag¢tOutputCount
equaligerPresent Boolean indicating whether equalizer‘information that is to be applied
to the input channels is present.
precisipnLevel Precision used for uniform quantization of the gains according to Table

Table 79 — Uniform quantization ‘step size of gain depending on precisionLevel

79.

recisionlevel smallest quantization step
P size [dB]
0 1
1 0,5
2 0,25
3 reserved

maxGaln Maximum actual gain in the matrix, expressed in dB:
possible values from 0 to 22.
minGain Minimum actual gain in the matrix, expressed in dB:
possible values from -1 to -47.
isAllSeparable Boolean indicating whether all the output loudspeaker groups
satisfy the separability property.
isSeparable[i] Boolean indicating whether the output loudspeaker group with
index i satisfies the separability property.
70 © ISO/IEC 2019 - All rights reserved


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

isAllSymmetric

isSymmetricl[i]

mixLFEOnlyToLFE

ISO/IEC 23008-3:2019(E)

Boolean indicating whether all the output loudspeaker groups
satisfy the symmetry property.

Boolean indicating whether the output loudspeaker group with
index i satisfies the symmetry property.

Boolean indicating whether the LFE loudspeakers are mixed only to
LFE loudspeakers and, at the same time, the non-LFE loudspeakers
are mixed only to non-LFE loudspeakers.

—

hwCodingCompactMatrix

dompactDownmixMatrix[i][j]

o

seCompactTemplate

runLGRParam

flatCompactMatrix

dompactTemplate

ZeroRunLength

-

1l1ForAsymmetriclnputs

Boolean indicating whether compactDownmixMatrix is coded-raw
(using one bit per entry) or it is coded using run-length ceding
followed by limited Golomb-Rice.

An entry in compactDownmixMatrix corresponding to input
loudspeaker group i and output loudspeaker group j, indicating
whether any of the associated gains is nonzero:

0 = all gains are zero, 1 = at least one gaindis fionzero.

Boolean indicating whether to apply an-element-wise XOR to
compactDownmixMatrix with a ptedefined compact template
matrix, to improve the efficiency‘ef the run-length coding.

Limited Golomb-Rice parameter p used to code the zero run-
lengths in the linearized flatCompactMatrix.

Linearized versionref’compactDownmixMatrix with the predefined
compact template matrix already applied;
When mixLFEOnlyToLFE is enabled, it does not include the entrjes
known to be‘zero (due to mixing between non-LFE and LFE) or
those used for LFE to LFE mixing.

Predefined compact template matrix, having “typical” entries,
which is XORed element-wise to compactDownmixMatrix, in order
to improve coding efficiency by creating mostly zero value entrips.

The length of a zero run always followed by a one, in the
flatCompactMatrix, which is coded with limited Golomb-Rice
coding, using the parameter runLGRParam.

3

Boolean indicating whether to ignore the symmetry property fo
every asymmetric input loudspeaker group;

When enabled, every asymmetric input loudspeaker group will
have two gain values decoded for each symmetric output
loudspeaker group with index i, regardless of isSymmetric[i].

gainTable

rawCodingNonzeros

© ISO/IEC 2019 - All rights reserved

Dynamically generated gain table which contains the list of all
possible gains between minGain and maxGain with precision
precisionLevel.

Boolean indicating whether the nonzero gain values are coded raw
(uniform coding, using the ReadRange function) or their indexes in
the gainTable list are coded using limited Golomb-Rice coding.
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gainLGRParam Limited Golomb-Rice parameter p used to code the nonzero gain
indexes, computed by searching each gain in the gainTable list.

5.3.6 HOA rendering matrix data elements

numOfHoaRenderingMatrices Number of HoaRenderingMatrixId definitions present in the
bitstream element.

HoaRenderingMatrixId This field references a downmixId for which the HOA rendering
matrix is available.

CICPspeakerLayoutldx This value describes the output loudspeaker layout for the given
HOA rendering matrix. The value shall correspond to
ChannelConfiguration as defined in ISO/IEC 23001-8 @nd shall
be consistent with the CICPspeakerLayoutldx value as,defined in
the DownmixMatrixSet() for the same dowmnixId:

HoaRenderingMatrixLenBits  Length of the following bitstream element in‘bits.

outputfonfig Channel configuration vectors specifyingthe information about
each loudspeaker. The information is<assumed to be known from
the channel configurations of the.output layout. Each entry,
outputConfig[i], is a structure with the members:
AzimuthAngle, the absoldte value of the loudspeaker
azimuth angle;
AzimuthDirection, digection of increasing azimuth,
0\(left) or 1 (right);
ElevationAngle, the absolute value of the loudspeaker
elevation angle;
ElevationDirection, direction of increasing elevation,
0 (up) or 1 (down);
isLFE, indicates whether the loudspeaker is a LFE
loudspeaker.

The helper function findSymmetricSpeakers further specifies the

following specifications.

pairType, can be SYMMETRIC (a symmetric pair of
two loudspeakers), CENTRE, or
ASYMMETRIC;

symmetricPair->originalPosition, position in the original

channel configuration of the second (i.e. right) loudspeaker in

the group, for SYMMETRIC groups only.

output{éunt Number of loudspeakers the HOA rendering matrix is defined
for.
numPairs Number of symmetric loudspeaker pairs identified in the output

loudspeaker setup which can be considered for efficient
symmetry coding.

maxHoaOrder HOA Order of the transmitted matrix.
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isNormalized Indicates if the HOA rendering matrix D is energy normalized, so
that || D||f = >k ZS\SDZ D}, = 1 with I being the non-LFE

loudspeakers in the outputConfig.

precisionLevel Precision used for uniform quantization of the gains according
to Table 80.

Table 80 — Uniform quantization step size for HOA rendering matrices
as a function of the precisionLevel

Smallest quantization step

precisionLevel size [dB]

1.0
0.5
0.25
0.125

WIN|=|O

gainLimitPerHoaOrder This flag indicates if the maxGain and minGain are individually
specified for each order orfor the entire HOA matrix.

maxGain[i] Maximum actual gain‘in the matrix for coefficients for the HOA
order i, expresseddn-dB.

minGain([i] Minimum actual gain in the matrix for coefficients of the HOA ofder
i, expressediin dB.

isFullMatrix This flag indicates if the HOA matrix is sparse or full.
nbitsHoaOrder Number of bits reading firstSparseOrder.
firstSparseOrder In case the HOA matrix was specified as sparse, this field definef

the first HOA order which is sparsely coded.

—n

sHoaCoefSparse Bitmask vector derived from firstSparseOrder.

durrentHoaOrder Variable which indicates the current HOA order during the
decoding process.

hasValue A flag used in case the matrix element is sparsely coded.

IfeExist This flag indicates if one or more LFE channels exist in
outputConfig.

hasLfeRendering This flag indicates if the rendering matrix contains non-zero

elements for the LFE channels. The signals for the LFE channels are
rendered without additional spectral filtering.

zerothOrderAlwaysPositive This flag indicates if the 0th HOA order has only positive values.
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isAllValueSymmetric This flag indicates if all symmetric loudspeaker pairs have equal
absolute values in the HOA rendering matrix.

isAnyValueSymmetric if isAllValueSymmetric is false, this flag indicates if some of the
symmetric loudspeaker pairs have equal absolute values in the
HOA rendering matrix.

valueSymmetricPairs Bitmask of length numPairs indicating the loudspeaker pairs with
value-symmetry.

isValugSymmetric Bitmask derived from valueSymmetricPairs.

isAllSignSymmetric If there are no value symmetries in the matrix, this flag indicates’if
all symmetric loudspeaker pairs have at least number sign
symmetries.

isAnySignSymmetric This flag indicates if there are at least some symmetric loudspeaker

pairs with number sign symmetries.

signSymmetricPairs Bitmask of length numPairs indicating thedoudspeaker pairs with
sign-symmetry.

signVall Number sign value.

isSignSymmetric Bitmask derived from signSynumetricPairs.

hasVerticalCoef This flag indicates if this i§a horizontal-only HOA rendering matrix.
boolV3l A variable used in thé'decoding loop.

signMatrix Matrix with the-sign values of the HOA rendering matrix in
linearized vector-form.

hoaMatrix Final HOA rendering matrix values in linearized vector-form.
5.3.7 Bignal group informatiomelements

groupPriority This field defines the priority of the group. It can take integer values
between 0 and 7. The group may be discarded from rendering and
decoding if the priority is lower than 7. If groups are discarded, the
groups with lowest priority should be discarded first.

fixedPpsition This field defines if the positions of the members of a group shall be
updated in the context of processing of tracking data (scene displacement
data). In case the flag is equal to zero, the position of the corresponding

groupS-Hembers-are-tpdated-during-the-processing-ofseene

displacement angles. In case the flag is equal to one, the positions of the
corresponding group’s members are not updated during the processing
of scene displacement angles. The default value for fixedPosition is zero

for all groups.
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5.3.8 Low frequency enhancement (LFE) channel element, mpegh3daLfeElement()

In order to maintain a regular structure in the decoder, the mpegh3daLfeElement() is defined as a
standard fd_channel_stream(0,0,0,0,0,x) element, i.e. equal to a mpegh3daCoreCoderData() using the
frequency domain coder (core_mode[ch] equals 0). Thus, decoding can be done using the standard
procedure for decoding a mpegh3daCoreCoderData()-element.

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

—+ The window_sequence field shall always be set to 0 (ONLY_LONG_SEQUENCE);

1+ The prev_aliasing_symmetry field and curr_aliasing_ symmetry field shall always béset to 0;
—+ Only the lowest 24 spectral coefficients of any LFE may be non-zero;

—+ No temporal noise shaping is to be used, i.e. tns_data_present shall be set to 0;

1+ Time warping shall not be active, i.e. tw_mdct shall be set to 0;

-+ No noise filling shall be applied, i.e. noiseFilling shall be set to<0;

1+ No enhanced noise filling shall be applied, i.e. enhancedNoiseFilling shall be set to 0;

-+ No long term prediction filter shall be used, i.e. ltpf data_present and common_ltpf shall be $et to 0;
—+ No frequency domain predictor shall be used;i.e. fdp_data_present shall be set to 0.
5.4 Configuration element descriptions

3.4.1 General

—

he configuration elements are based on ISO/IEC 23003-3:2012, subclause 6.1. Additional infgrmation
b given in the following subclause.

—-

The mapping of core audioelements to audio channels is applied according to the following ruld.
1) Obtain the number of audio channels (numAudioChannels) from Signals3d().

2) Determine the already decoded successive elements until the currently processed element
from mpegh3daDecoderConfig().

3) Decode shiftChannel0 and shiftChannell from corresponding CPE elements. The default
value for shiftChannelO and shiftChannel1 shall be zero.

The decoding procedure is specified as follows.
a) Create an array with the size of the number of all loudspeaker signals and initialize it with -1.
b) Determine the smallest non-assigned channel ch that is missing in the array starting with ch=0.

c) Proceed to the next position pos in the array that equals -1. i.e. find the smallest pos such that
array[pos] =-1.
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d) if shiftindexX is zero: write the channel index ch into the array at the position pos. i.e. array[pos] =

ch.

e) if shiftindexX is greater than zero: increment ch by (shiftindexX+1) and write it into the array at the
position pos. i.e. array[pos] = ch + shiftIndexX + 1.

f) Repeatb) - e) for all channels in an element.

g) Repeatb) - f) for all successive elements.

Apply the same algorithm to audio objects for mapping the core audio elements to audio_lebjg

channdls.

5.4.2 Downmix configuration

5.4.2.1 General

encod
by me

The transmission of a unique downmixld allows referencing to a default downmix matrix available on
the dedoder side, or to a transmitted downmix matrix from outside of the audio stream, e.g. from
dynamj|c range compression related information in higher systems layers.

5.4.2.2] Data elements and variables

downmixConfigType

passiveDownmixFlag

immersiveDownmixFlag

to enable control over the format conversion process at the decoder~Transmission is facilitatg
ns of a mpegh3daConfigExtension of Type ID_CONFIG_EXT_DOWNMIX for downmixType == 1.
The mpegh3daConfigExtension may contain downmix matrices as well as an active downmix setting
paraméter. If downmix matrices are transmitted, each downmix matrix-signals its associated target
loudspgaker layout that determines the matrix dimensions and idérntifies which kind of downmix
matrixjoperation the transmitted coefficients are suitable for.

Downa;ix matrix coefficients and/or active downmix setting parameters may bé transmitted by the

et

D

This parameter defines whether an active downmix control parameter
(value 0).or downmix matrices (value 1) or both (value 2) are
transmitted. Value 3 is reserved.

Signals that a passive downmix shall be applied in the format converter
downmix if value=1. If not transmitted, passiveDownmixFlag shall be
set to 0, resulting in the application of the active downmix processing of
the format converter downmix.

Signals whether the immersive rendering format converter or the
generic format converter shall be applied in the decoder to convert
channel signals to the target loudspeaker configuration as defined

in Table 81. If not transmitted, immersiveDownmixFlag shall be set tc
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Table 81 — Meaning of immersiveDownmixFlag

o

of o e

L

W o 0o o

@)

—

then immersive rendering format converter shall be applied as defined
Clauses 11 and 25 according to subclause 4.4.5.

Clauses 10 and 24 according to subclause 4.4.5.

immersiveDownmixFlag Meaning
0 Generic format converter shall be applied as defined in Clauses 10 and 24
according to subclause 4.4.5.
If the target layout, signalled by LoudspeakerRendering(), is signalled as
(speakerLayoutType==0,CICPspeakerLayoutldx==5)
oras
L 1 L £ o.clch 1 L £1d L)
LD}JCQ[\CI uayuu\, X yl_lc__\l,\.al\al DPCGI\CI I.AQ)’UMLIUA__U),
1 independently of potentially signalled loudspeaker displacement anglgs,

n

In all other case the generic format converter shall be applied-as defindd in

4.2.3 Golomb-Rice coding

y a terminating zero bit; then code the number 1 = n — h - 2P uniformly using p bits.

compactParamConfig[idx] .isLFE = paramConfig[i].isLFE;

if ((paramConfig[i].AzimuthAngle == 0) ||

(paramConfig[i] .AzimuthAngle == 180°) {
compactParamConfig[idx] .pairType = CENTER;
compactParamConfig[idx].originalPosition = 1i;

} else {
j = SearchForSymmetricSpeaker (paramConfig, paramCount, 1i);
if (3 !'= -1) |

compactParamConfig[idx] .pairType = SYMMETRIC;

© ISO/IEC 2019 - All rights reserved

olomb-Rice coding is used to code any non-negative integer n > 0,-using a given non-negative integer
arameter p > 0 as follows: first code the number h = [n/2P| usingunary coding, as h one bits followed

imited Golomb-Rice coding is a trivial variant used whenit\is known in advance that n < N, fof a given
hteger N > 1. It does not include the terminating zero bit when coding the maximum possible|value of
, which is hy,,« = (N — 1)/2P]. More exactly, to encode h = h,,,, we write only h one bits, but not the
brminating zero bit, which is not needed because the' decoder can implicitly detect this conditidn.

4.2.4 Helper functions
he function ConvertToCompactConfiyg () specified below is used to convert the given parqmConfig
onfiguration consisting of param€ount loudspeakers into the compact compactParqmConfig
onfiguration consisting of compactParamCount loudspeaker groups. The
ompactParamConfig[i].pairType field can be SYMMETRIC (S), when the group represents g pair of
ymmetric loudspeakers, EENTRE (C), when the group represents a centre loudspeaker, or
SYMMETRIC (A), when the group represents a loudspeaker without a symmetric pair.
onvertToCompact€onfig (paramConfig, paramCount)
for (i =031 < paramCount; ++1i) {
al¥eadyUsed[i] = 0;
}
idx = 0;
f£or (1 = 0; i < paramCount; ++1i) {
if (alreadyUsed[i]) continue;
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if (paramConfig.AzimuthDirection == 0) {
compactParamConfig[idx] .originalPosition = 1i;
compactParamConfig[idx] .symmetricPair.originalPosition = 7j;
} else {
compactParamConfig[idx].originalPosition = j;
compactParamConfig[idx] .symmetricPair.originalPosition = 1i;
}
alreadyUsed[j] = 1;
} else {
compactParamConfig[idx] .pairType = ASYMMETRIC;
compactParamConiig|[1dx].originalPosition = 1;
}
}
idx++;
}
compactParamCount = idx;

return (compactParamConfig, compactParamCount) ;

CalculateTotalCount ()

if (mixLFEOnlyToLFE) {
compactInputLFECount = 0;
compactOutputLFECount = 0;
for (i = 0; i < compactInputCount; i++kN
if (compactInputConfig[i].isLFE) @GompactInputLFECount++;
}
for (i = 0; i < compactOutputCountipr i++) {
if (compactOutputConfig[i].dSLFE) compactOutputLFECount++;
}
totalCount = (compactInputCoulit - compactInputLFECount) *
(compactOutputCount = (compactOutputLFECount);
else {
totalCount = compactInputCount * compactOutputCount;

—

r¢turn totalCount;

The [function Find€ompactTemplate (inputConfig, inputCount, outputConfi
outpuftCount) is<used to find a compact template matrix matching the input channel configurati
repres¢nted by inputConfig and inputCount, and the output channel configuration represented

outputConfig and outputCount.

The copipact template matrix shall be found by searching in the predefined list of compact temple

te

matrices defined in Annex E, available at both the encoder and decoder, for the one with the same Iist
input loudspeakers as inputConfig and the same list of output loudspeakers as outputConfig.

of

Use of template matrices for efficient coding of downmix matrices is only allowed when both the input

and output channel configurations exactly correspond to a codepoint ChannelConfiguration as defin

ed

in ISO/IEC 23001-8 and if an exactly matching template matrix is defined in this standard. This ensures
that the correct order of channels is obeyed at the decoder as well as at the encoder. Template matrices
are defined in this standard only for pairs of ChannelConfiguration codepoints. For matching of a
template matrix, if an input or output configuration is given, instead of a ChannelConfiguration
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codepoint, as a list of predefined loudspeakers indexes or geometry description according to
subclause 5.2.2.2, an additional check shall be made to verify whether this provided description exactly
matches a ChannelConfiguration codepoint. In case of an exact match, the corresponding
ChannelConfiguration codepoint will therefore be used in the selection procedure of a matching
template matrix.

The function SearchForSymmetricSpeaker (paramConfig, paramCount, i) is used to
search the channel configuration represented by paramConfig and paramCount for the symmetric
loudspeaker corresponding to the loudspeaker paramConfig[i]. This symmetric loudspeaker,
HaramConfig[j], shall be situated after the loudspeaker paramConfig[i], therefore j can be in-the range
it1 to paramCount - 1, inclusive.

5.4.2.5 Gain value quantization

The function readRange () is used to read a uniformly distributed integer in the range [0
IphabetSize-1] inclusive.

S

he function generateGainTable (maxGain, minGain, prec¥SionLevel) is fised to
ynamically generate the gain table gainTable which contains the. list of all possible gains petween
ninGain and maxGain with precision precisionLevel. The table, is.terminated by adding an |element
ignalling minus infinity dB gain having the placeholder value(minGain-1. The order of the values is
hosen so that the most frequently used values and also more{“round” values would be typicalJy closer
b the beginning of the list. The gain table of length gainTableSize with the list of all possible gain values
b generated as follows:

0 W 3 O

- add integer multiples of 3 dB, going down from@’dB to minGain;

—+ add integer multiples of 3 dB, going up from'3 dB to maxGain;

—+ add remaining integer multiples of 1 dB,going down from 0 dB to minGain;

-+ add remaining integer multiples of 1'dB, going up from 1 dB to maxGain;

-+ stop here if precisionLevel is 0-(corresponding to 1 dB) and add minGain-1;

+ add remaining integer multiples of 0,5 dB, going down from 0 dB to minGain;
+ add remaining integer‘multiples of 0,5 dB, going up from 0,5 dB to maxGain;
- stop here if precisionLevel is 1 (corresponding to 0,5 dB) and add minGain-1;
+ add remaining-integer multiples of 0,25 dB, going down from 0 dB to minGain;
+ add remaining integer multiples of 0,25 dB, going up from 0,25 dB to maxGain;
+ add minGain-1.

HXAMRLE When maxGain is 2 dB and minGain is -6 dB, and precisionLevel is 0,5 dB, the following lidt is
created:
0,-3-6-1-2-4-512-05-15-25-35 45 -550515_-7
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5.4.2.6 Equalizer Config
numEqualizers Number of different equalizer filters present

eqPrecisionLevel Precision used for uniform quantization of the gains:
0=1dB,1=0,5dB,2=0,25dB,3=0,1dB

eqExtendedRange Boolean indicating whether to use an extended range for the gains; if
enabled, the available range is doubled

numSeftions Number of sections of an equalizer filter, each one being a peak filter

centerffreqLd2 The leading two decimal digits of the centre frequency for a peak
filter; the maximum range is 10 .. 99

centerfreqP10 Number of zeros to be appended to centerFreqLd2; the maximum
rangeis0.. 3

gFactorIndex Quality factor index for a peak filter

gFactorExtra Extra bits for decoding a quality factor larger’than 1.0
center(rainlndex Gain at the centre frequency for a peadk filter

scalingGainIndex Scaling gain for an equalizer filter

hasEqyalizer[i] Boolean indicating whether, the input channel with index i has an

equalizer associated to it

equaligerIndex([i] The index of the equalizer associated with the input channel with
index i

5.4.2.7) Decoding of downmix coefficients

The syntax element DownmixMatrixSet() contains one or more downmix matrices that may be applied
to achieve a format conversion te a desired loudspeaker layout. A given bitstream shall not contgin
more than one instance of DownniixMatrixSet().

The syntax element DownmixMatrix() contains the downmix matrix information. The decoder first
reads the equalizer infofmation represented by the syntax element EqualizerConfig(), if enabled. The
fields precisionLevel) maxGain, and minGain are then read. The input and output configurations dre
converfed to compact configurations using the function ConvertToCompactConfig(). Then, the flags
indicat|ng if the'separability and symmetry properties are satisfied for each output loudspeaker gropp
are read.

The signifies 5 ompaetDevwrrmibdMa hepread heraraw-asins-one bitperentry—o
using the limited Golomb-Rice coding of the run lengths, and then copying the decoded bits from

flatCompactMatrix to compactDownmixMatrix and applying the compactTemplate matrix.

I

Finally, the nonzero gains are read. For each nonzero entry of compactDownmixMatrix, depending on
the field pairType of the corresponding input group and the field pairType of the corresponding output
group, a sub-matrix of size up to 2 by 2 has to be reconstructed. Using the associated separability and
symmetry properties, a number of gain values are read using the function DecodeGainValue(). A gain
value can be decoded uniformly, by using the function ReadRange(), or using the limited Golomb-Rice
decoding of the index of the gain in the gainTable table, which contains all the possible gain values.
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5.4.2.8 Decoding of equalizer config

The syntax element EqualizerConfig() contains the equalizer information that is to be applied to the
input channels. A number of numEqualizers equalizer filters is first decoded and thereafter selected for
specific input channels using equalizerindex[i]. The fields eqPrecisionLevel and eqExtendedRange
indicate the quantization precision and the available range of the scaling gains and of the peak filter
gains.

Each equalizer filter is a serial cascade consisting in a number of numSections of peak filters and one
spalingGain. kEach peak filter 1s tully defined by its centerFreq, qualityFactor, and centerGain.

The centerFreq parameters of the peak filters which belong to a given equalizer filter shall be|given in
scending order. The parameter is limited to 10 .. 24000 Hz inclusive, and it is calculatéd as

QD

centerFreq = centerFreqlLd?2 - 10¢énterfreqP10

—

he qualityFactor parameter of the peak filter can represent values between 0.05 and 1.0 inclugive with
precision of 0.05 and from 1.1 to 10.6 inclusive with a precision of 0.1 ahd/it is calculated as

Q

0.05 - (qFactorIndex + 1), if gFactérindex < 19

qualityFactor = {1.0 + 0.1 - [(qFactorIndex — 20) - 8 + qFactorExtra + 1], otherwise

—

he vector eqPrecisions gives the precision in dB corresponding to a given eqPrecisionLevel,|and the
qMinRanges and eqMaxRanges matrices give the minimum and maximum values in dB for the gains
orresponding to a given eqExtendedRange and eqPrecisionLevel.

Q _Q

eqPrecisions[4] = {1.0, 0.5, 0.25, 0.1};
eqMinRanges[2][4] = {{-8.0, -8.0, -8.0, 64}, {-16.0, -16.0,-16.0, -12.8}};

eqMaxRanges[2][4] ={{7.0, 7.5,:4.75, 6.3}, {15.0, 15.5, 15.75, 12.7}};

—]

he parameter scalingGain uses-the precision level min(eqPrecisionLevel 4+ 1,3), which is the next
etter precision level if not already the last one. The mappings from the fields centerGainindex and
ralingGainlndex to the gaif parameters centerGain and scalingGain are calculated as:

e

centerGain
= eqMinRanges|eqExtendedRange][eqPrecisionLevel|
+ eqPrecisions[eqPrecisionLevel] - centerGainindex

scalingGain
=¢qMinRanges[eqExtendedRange][min(eqPrecisionLevel + 1,3)]
¥ eqPrecisions[min(eqPrecisionLevel + 1,3)] - scalingGainIndex

§.4.3 " HOA rendering matrix configuration

5.4.3.1 General

Higher Order Ambisonics (HOA) rendering matrices may be transmitted by the encoder to enable
control over the HOA rendering process at the decoder. Transmission is facilitated by means of a
mpegh3daConfigExtension of Type ID_CONFIG_EXT_HOA_MATRIX. The mpegh3daConfigExtension may
contain several HOA rendering matrices for different loudspeaker reproduction configurations. If HOA
rendering matrices are transmitted, each HOA rendering matrix signals its associated target
loudspeaker layout that, together with the HoaOrder (see Table 187), determines the dimensions of the
rendering matrix.
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The transmission of a unique HoaRenderingMatrixIld allows referencing to a default HOA rendering
matrix available on the decoder side, or to a transmitted HOA rendering matrix from outside of the
audio stream.

A signalled HOA rendering matrix shall expect full 3D normalised (N3D) HOA coefficients as its input.
Further, a rendering matrix shall adhere to the ordering of the HOA coefficients
cyt that is used by the HOA decoder, where n is the order, m is the degree,and N is the maximum HOA
order. (see also Annex F):

— — — — 1
c= cd et & ol c3? ot e o 2 ot N

5.4.3.2| Helper functions

The funiction findSymmetricSpeakers (not displayed here) indicates the total number and positipn
of all lpudspeaker pairs within the provided loudspeaker setup which are left-right’symmetric fof a
listener at the sweet spot.

int ffindSymmetricSpeakers (int outputCount, SpeakerInfdrmation*
outputConfig, int hasLfeRendering);

The function createSymSigns is used to compute a vector of 1 and -1<values which is used to generate
the mafrix elements associated with symmetric loudspeakers.

void |createSymSigns (int* symSigns, int hoa@xder)
{
inft n, m, k = 0;
for (n = 0; n<=hoaOrder; ++n) {
for (m = -n; m<=n; ++m)
symSigns[k++] = ((m>=0)%2)-1;

The funiction createZ2dBitmask generates a bitmask to identify the HOA coefficients that are only used|in
the hoifizontal plane.

void fcreate2dBitmask(int* bitmask, int hoaOrder)
{
inft n, m, k £\0%
biftmask[k+#&)Y== 0;
folr (n =-1% n<=hoaOrder; ++n) {
for<m’ = -n; m<=n; ++m)
Pitmask[k++] = abs (m) !=n;

5.4.3.3 Decoding of HOA rendering matrix coefficients
The syntax element HoaRenderingMatrixSet() contains one or more HOA rendering matrices that may

be applied to achieve HOA rendering to a desired loudspeaker layout. A given bitstream shall not
contain more than one instance of HoaRenderingMatrixSet().
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The syntax element HoaRenderingMatrix() contains the HOA rendering matrix information. The decoder
first reads the config information that guides the reading and matrix decoding process. After that the
matrix elements are read from the bitstream accordingly.

At the beginning the fields precisionLevel and gainLimitPerOrder are read. If the flag
gainLimitPerOrder is set, then the following fields maxGain, and minGain are read and decoded
for each HOA order separately. If the flag gainLimitPerOrder is not set, then the fields maxGain
and minGain are only read and decoded once and applied to all HOA orders during the decoding
process The minGain value shall he hetween 0 db and -101 dB The maxGain value shall he between
1 dB and 111 dB lower than the minGain value.

: —+—max gain value
ook ,ﬁ -+ min gain value | 7
ol 5 1

4
¥
401 X 1
x
x

g 0| % : |

£ P ;

s 60r ' i ]

x
70 - |
) * E
&l L x % # T
. X [ z i
%0 ¥ N ¢ X 8 1
N : D § .........
00— - . 3 ; ; ;
0 1 2 3 4 5 6

HOA order

Figure 4 — Example for HOA order dependent min and max gains within an
HOA rendering matrix

he next field to read is the flag isFullMatrix which signals if a matrix is defined as fyll or as
artially sparse. In case theimatrix is defined as partially sparse, the next field firstSparsgOrder
pecifies the starting HOA order, after which the HOA rendering matrix is sparsely coded. For ¢xample,
 firstSparseOrder -signals 4, then all matrix elements associated with the HOA order 4 and above
are sparsely coded,“HOA rendering matrices are dense for low order and often become sparsge in the
Higher orders, depending on the loudspeaker reproduction setup. As an example Figure 5 depicts a
gartially sparse 6t order HOA rendering matrix for 22 loudspeakers.

= n T
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Figure 5 — Example for an HOA rendering matrix with sparsity starting at the 26th HOA
coefficient (HOA order 5)

Depending whether LFE channels exist within the loudspeaker reproduction setup, the figld
hasLfeRenderingis read. If hasLfeRendering is not setjthen the matrix elements related to the
LFE cHannels are assumed to be digital zeroes. The next field read by the decoder is the flag
zerothOrderAlwaysPositive and signals if the matrik elements associated with the coefficient|of
the Ot prder are positive. In this case no number signs\are coded.

In the following, properties of the HOA rendering-matrix are signalled for loudspeaker pairs symmetfic
with rdgards to the median plane. There are two symmetry properties: a) value symmetry and b) sign
symmsdtry. In the case of value symmetry, th€ matrix elements of the left loudspeaker of the symmettic
loudspgaker pair are not coded, but derived from the decoded matrix elements of the right loudspeaker
by employing the helper function cxeateSymSigns:

pairIdx = outputConfigfid.symmetricPair->originalPosition;

hoaMajtrix[i1i * output€ount + Jj] = hoaMatrix[i * outputCount + pairIdx];
signMatrix[i * outputCount + j] = symSigns[i] * signMatrix[i * outputCouht
+ paifrIdx];

If a loudspeaker pair is not value symmetric, then the matrix elements may be symmetric with regarlds
to theif number signs. If a loudspeaker pair is sign symmetric, the number signs of the matrix elements
of the left loudspeaker of the symmetric loudspeaker pair are not coded, but derived from the number
signs df the ‘matrix elements associated to the right loudspeaker by employing the helper functipn
createSymSigns:

pairIdx = outputConfig[j].symmetricPair->originalPosition;
signMatrix[i * outputCount + j] = symSigns[i] * signMatrix[i * outputCount
+ pairIdx];

The signalling of the symmetry properties is visualised in Figure 6. A loudspeaker pair cannot be

defined as value symmetric and sign symmetric at the same time. The final decoding flag
hasVerticalCoef specifies if only the matrix elements associated with circular (i.e, 2D) HOA
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coefficients are coded. If hasVerticalCoef is not set the matrix elements associated with the HOA

coefficients defined with the helper function create2dBitmask are set to digital zero.

: I TS TS PN

/ . .
read flag \: e </ read flag alse </ read flag s </ read flag \>
'sAllValueSymmetr‘i/c isAnyvalueSymmetric i\sAllsignSymmetric i\sAnySignSymmetr*i/c
true true true true
| | | |
A 4 v A 4 v
or (i=0; i<numPairs; ++i) for (i=0; i<numPairs; ++i) for (i=0; i<numPairs; ++i) for (i=0; i<numPairs; ++if}
valueSymmetricPairs[i] = 1; valueSymmetricPairs[i] = read 1 bit signSymmetricPairs[i] = 1; signSymmetricPairs[i] = read 1 bit

7 /\\
</ read flag
isAnysignSymmetric
\ -

e

true

for (i=@; i<numPairs; ++i) {
if (@==valueSymmetricPairs[i])
signSymmetricPairs[i] = read 1 bit

Figure 6 — Signalling of symmetry propertiés)in HOA rendering matrices

absolute gain value, the function DecodeGainValue() is;dsed. The gain values are uniformly ded

o

umber sign value (signval) is additionally,read [see also Figure 7 a)]. If the matrix elg

Figure 7 — Examples for bitstream syntax to decode a rendering matrix element

ependingon the specified symmetry properties for loudspeaker pairs, the matrix elements as

< =

he ihdividual matrix elements for the left loudspeaker are reduced or completely omitted.

—t

Using the above mentioned properties, a series of matrix element gain values are read. To read the

oded by

sing the function ReadRange() of the alphabet index. If the decoded gain value is not digital zero, the

ment is

1
associated with an HOA coefficient that was; signalled to be sparse (via isHoaCoefSparge), the
HasValue flag precedes the gainvalueTndex [see Figure 7 b)]. If the hasvValue flag is Zero, this
element is set to digital zero and no gainValueIndex and signVal are signalled.
bitfield gainValuelndex signVval bitfield | hasvalue gainValuelndex signval
size alphabetSize 1 size 1 alphabetSize 1
a) b}

sociated

Uith thedeft loudspeaker are derived from the right loudspeaker. In this case the code words t¢ decode

If the bitfield isNormalized was set to 1 the final HOA rendering matrix D shall be created by

each weighting value in the L rows of the HOA rendering matrix that are associated with
(N+1)2

dividing
non-LFE

loudspeakers by the matrix’s Frobenius Norm Yj_; ¥."7 Dfn computed from its L rows associated

with non-LFE loudspeakers.
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5.5 Tool descriptions

5.5.1 General

The tool descriptions are based on ISO/IEC 23003-3:2012, Clause 7.

Modifications and amendments to the existing tool descriptions are listed below.

5.5.2 Quad channel element

5.5.2. Tool description

The qupd channel element (QCE) is a method for joint coding of four channels for more efficient codi
of horizontally and vertically distributed channels. A QCE consists of two consecutive, GPEs and
formed by hierarchically combining the joint stereo tool with possibility of complex stereo prediction
horizomtal direction and the MPEG surround based stereo tool in vertical direction, This is achieved
enablin]g both stereo tools and swapping output channels between applying the tools. Stereo SBR|
performed in horizontal direction to preserve the left-right relations of high frequencies.

5.5.2.2) Definitions
Help elements:
cplx_oyt_dmx_L[ ]
cplx_oyt_dmx_R[]

cplx_oyt_res_L[ ]

cplx_oyt_res_R] |

mps_out_L_1] ]
mps_out_L_2[]
mps_out_R_1[ ]

mps_out_R_2[ ]

First channel of first CPE after compléx prediction stereo decoding.
Second channel of first CPE after complex prediction stereo decoding.

Second CPE after complex-prediction stereo decoding.
(zero if qcelndex = 1)

Second channel.gfsecond CPE after complex prediction stereo decoding.

(zero if qcelndex = 1)

First output channel of first MPS box.
Second output channel of first MPS box.
First output channel of second MPS box.

Second output channel of second MPS box.

is
in
by
is

sbr_ouf_L_1[] First output channel of first Stereo SBR box.
sbr_out R_1{ Second output channel of first Stereo SBR box.
sbr_out L.-2[ ] First output channel of second Stereo SBR box.

sbr_out_R_2[ ]

5.5.2.3 Decoding process

Second output channel of second Stereo SBR box.

The syntax element qcelndex in mpegh3daChannelPairElementConfig() indicates whether a CPE
belongs to a QCE and if residual coding is used. In case that qcelndex is unequal 0, the current CPE
forms a QCE together with its subsequent element which shall be a CPE having the same qcelndex.
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Stereo SBR is always used for the QCE, thus the syntax item stereoConfigindex shall be 3 and

bsStereoSbr shall be 1.

In case of qcelndex == 1 only the payloads for MPEG Surround and SBR and no relevant audio signal

data is contained in the second CPE and the syntax element bsResidualCoding is set to 0.

The presence of a residual signal in the second CPE is indicated by qcelndex == 2. In this
syntax element bsResidualCoding is set to 1.

case the

CplxPred Payload

Y

ecoding of Joint Stereo is performed as specified in ISO/TEC 23003-3:2012, 7.7. The resulting qutput of
the first CPE are the MPS downmix signals cplx_out_dmx_L[] and cplx_out_dmx_R[]. If residital’¢oding is
used (i.e. qcelndex == 2), the output of the second CPE are the MPS residual signals oplx’out res_L[],
dplx_out_res_R[], if no residual signal has been transmitted (i.e. qceIndex == 1), zero signals are
ihserted.
The structure of the QCE decoding process is illustrated in Figure 8.

SBR Payload
MPS Payload

and the.first channel of the second element (cplx_out_res_L[]) are swapped.

ecoding of MPEG surround with residual is performed as specified in ISO/IEC 23003-3:20

) cpbe_out_dmx L mps_out L_1 sbr_out_L_1 -
Bftstrea Bitstream > Stereo Decoding MPS 248 Stereo >
oFEd Decoding > (Complex | o outdmx R Ry mps_out L 2 SBR sbr_out R_1
Prediction) > Unified.Stereo —— B /—>
/
/
/
i MPS 2-1- I
Hitstream Bitstream Stereo Decoding 5212 mps_out_R_1 Stereo sbr_out L 2 \_,
PE2 Decoding - (Compﬁex . or SBR
Prediction)\\fopix out res g~ ] Unified Stereo o LY
T A A
CplxPred Payloag
1P Payload
SBR Payload
Figure 8 — QCE decoder schematics
Before applying MPEG surround decoding, the second channel of the first element (cplx_out_dmx_R[])

12, 7.11.

Decoding of MPEGsurroundwithout residuat using SBRas defimedimtSOAEC 23003-3-2012;
7.11.2.7, is modified so that stereo SBR is also used for bsResidualCoding == 1, resultin
following decoder schematics (see Figure 9).
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applic
channe

5.5.3
5.5.3.1

When
employ

DMX L
MPEG-H 3D —> MPS »| Stereo F—>
—»| audio Core decoder SBR
decoder decoder | R
> —>

Figure 9 — bsResidualCoding == 0, bsStereoSbr ==

second element (mps_out_R_1[]) are swapped to allow rigl_lt-le_ft_stereo SBR., Aft
ion of stereo SBR, the second output channel of the first element (sbr_out_R_1[]) and.the"fi
| of the second element (sbr_out_L_2[]) are swapped again to restore the input channel order.

Transform splitting
Tool description

fransform splitting (TS) is active in a long transform, two half-length\lapped transforms 4
ed instead of one full-length transform. The coefficients of the-two lapped transforms 3

transmiitted in a line-by-line interleaved fashion as a traditional frequency.domain (FD) transform, w

the coe

transform placed at odd indices.

5.5.3.2

TS can
be app
for TN

Operational constraints

ied when noiseFilling is 1 in mpegh3daCoreConfig(). When TS is signalled, all FD tools exce
b and inverse transform operate on the interleaved (long) set of TS coefficients. This allows

irst

er
st

re
re
th

fficients of the first-in-time transform placed at even and the coefficients of the second-in-time

only be used in a FD long-start or stop-start window (window_sequence ==1). Also, TS can only

pt
he

reuse df the scalefactor band offset and long-transform arithmetic coder tables as well as the wind¢w

shapes|and overlap lengths.

5.5.3.3] Definitions

Help elements:

commen_window indicates if channel 0 and channel 1 of a CPE use identical window
parameters (see ISO/IEC 23003-3:2012 subclause 6.2.5.1.1).

window_sequence FD window sequence type for the current frame and channel (see
ISO/IEC 23003-3:2012 subclause 6.2.9).

tns_on|Ir indicates the mode of operation for TNS filtering (see
ISO/IEC 23003-3:2012 subclause 7.8.2).

noiseFilling this ftag sigmats the usage of the oise fitting of spectrat hiotes imthe FD
core coder (see ISO/IEC 23003-3:2012 subclause 6.1.1.1).

noise_offset noise-fill offset to modify scale factors of zero-quantized bands (see
ISO/IEC 23003-3:2012 subclause 7.2).

noise_level noise-fill level representing amplitude of added spectrum noise (see
ISO/IEC 23003-3:2012 subclause 7.2).
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split_transform binary flag indicating whether TS is utilized in the current frame and
channel.
half_transform_length one half of coreCoderFrameLength (ccfl, the transform length, see

ISO/IEC 23003-3:2012, subclause 6.1.1).

half_lowpass_line one half of the number of transform lines transmitted for the current
channel.
'--5-3-4 Dcuud;us Pl ULT OO
§.5.3.4.1 General
The decoding of an FD (stop-)start transform with TS is performed in three sequential.steps as fpllows.
§.5.3.4.2 Decoding of split_transform and half lowpass_line
The help element split_transform does not represent an independent bit-stream element but iy derived
from the noise filling elements, noise_offset and noise_level, and in case| of a
mpegh3daChannelPairElement(), the common_window flag in StereoCoreToollnfo(). If noiseFjlling ==
(, split_transform is 0. Otherwise,
idf ((noiseFilling != 0) &&
(noise level == 0) &&
(noise offset != 0) &&
(window sequence == 1)) {
split transform = 1;
noise level = (noise offset & 28%\/ 4;
noise offset = (noise offset & 3\ * 8;
}
gqlse {
split transform = 0;
}
Ih other words, if split_transform == 1, noise_offset contains 5 bits of noise filling data, which fre then
rearranged. Since this operation changes the values of noise_level and noise_offset, it shall be ¢xecuted
Hefore the noise filling process of ISO/IEC 23003-3:2012, subclause 7.2.
Hurthermore, if common_window == 1 in a mpegh3daChannelPairElement(), split_trangform is
determined only in.the left (first) channel; the right channel’s split_transform is set equal to (i.¢. copied
from) the left channel’s split_transform, and the following pseudo-code is not executed in the right
dhannel.
The help{element half lowpass_line is determined from the “long” scalefactor band offset table,
sfwb_offset_long window, and the max_sfb of the current channel, or in case of stefeo and
dommon_window == 1, max_sfb_ste.

max_sfb_ste inelementswith StereoCoreToollnfo()and common_window ==1,

lowpass_sfb = _
max_sfb otherwise.

Based on the enhancedNoiseFilling flag, half lowpass_line is derived:

if (enhancedNoiseFilling != 0) {
lowpass_sfb = max(lowpass sfb, m igFStopSfb);
}

half lowpass_line = swb offset long window[lowpass sfb] / 2;
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5.5.3.4.3 De-interleaving of half-length spectra for temporal noise shaping

After spectrum de-quantization, noise filling, and scalefactor application and prior to the application of
temporal noise shaping (TNS), the TS coefficients in spec[] are de-interleaved using a helper buffer[]:

for (1 = 0, i2 = 0; 1 < half lowpass_line; i += 1, 12 += 2) {

spec[i] = spec[i2]; /* isolate 1% window */
buffer[i] = spec[i2+1]; /* isolate 2" window */
}
for (1 =0: 1 < half Jowpass line: 1 += 1) |
spe¢[it+thalf lowpass line] = buffer[i]; /* copy 2" window */

}

The in{place de-interleaving effectively places the two half-length TS spectra on top of eachother, apd
the TN} tool now operates as usual on the resulting full-length pseudo-spectrum.

5.5.3.4.4 Temporary re-interleaving, two sequential inverse lapped transforms

If common_window == 1 in the current frame or the stereo decoding is perfofted after TNS decodipg
(tns_om_Ir == 0 in ISO/IEC 23003-3:2012, subclause 7.8), spec[] shall be re{interleaved temporarily injto
a full-lgngth spectrum:

(g

for (1 = 0; i < half lowpass line; i += 1) {
buffer[i] = spec[i]; /* copy 1°° window */

}

for (3 = 0, i2 = 0; 1 < half lowpass_line; 1 += Iy 12 += 2) {
spe¢[i2] = buffer[i]; /* merge 1°° window_ *V
spe¢[i2+1] = spec[i+half lowpass line]; J*‘merge 2" window */

}

The resulting pseudo-spectrum is used for stereedecoding (ISO/IEC 23003-3:2012, subclause 7.7) apd
to update dmx_re_prev[] (ISO/IEC 23003-3:2012 subclauses 7.7.2 and 5.5.3.6). In case of tns_on_Ir =
0, the|stereo-decoded full-length spectra‘are again de-interleaved by repeating the process |of
subclause 5.5.3.4.3. Finally, the 2 lapped transforms are calculated with ccfl and the channdl's
window_shape of the current and last frame.

5.5.3.5 Filterbank and block'switching
5.5.3.5.1 Inverse Lapped-Transform

The p1jocessing for TS -follows the description given in ISO/IEC 23003-3:2012, subclause 7.9. The
followihg modificatiens or additions shall be taken into account. See also subclause 5.5.11.

The TS|coefficients in spec[] are de-interleaved using a helper buffer[] with N, the window length based
on th¢ window_sequence value (N = ccfl:2 since, by definition, the sequence isn't pn
EIGHT|SHORT_SEQUENCE):

for (1 = 0, i2 = 0; 1 < N/2; 1 +=1, i2 += 2) {
spec[0][1] = spec[i2]; /* isolate 1lst window */
buffer([i] = spec[i2+1]; /* isolate 2nd window */

}
for (1 = 0; 1 < N/2; 1 += 1) {
spec[l][i] = buffer[i]; /* copy 2nd window */
}
The inverse transform for each half-length TS spectrum spec][0, 1] is then defined as follows, with cs()

and ko as specified, via the prev_aliasing_symmetry and curr_aliasing_symmetry values, by Table 113.
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N
4

Xjn = %Z Spec[j][k]'csﬂ%(n +n0)(k+k0)j forO<n<N/2

k=0

where
j  isthe window index, shall be 0 or 1;

n isthe time-domain sample index;

k—isthe Spectr atcoeffictentimdex;
no (N/4+1)/2.

ote that for the second inverse transform xi,,, prev_aliasing_symmetry is set to curr_aliasing_sy
ubsequent windowing and block switching steps for the transform outputs x( 1) are,defined in
subclauses.

L =

§.5.3.5.2 Transform splitting with STOP_START_SEQUENCE

—

he STOP_START_SEQUENCE in combination with transform splitting.\is depicted in Figur
omprises two overlapped and added half-length windows with a length of N_I/2 which is 102
[ sis setto 256 (192) respectively.

=0

Figure 10 — Transform splitting for STOP_START_WINDOW

The windows (0,1) for the two half-length inverselapped transforms are given as follows:

0.0 ,for ogn<u
N,/2=N, N,/2-N N,/2+N
W, n——Ll AN for ! s pe f
(0.1),LEFT N, ( 7 ) 2 ;
gy (m) =110 for  DNJ2EN. . 3N/2-N,
: ; :
3N,/2-N, for  OM/2-N, . 3N/2+N,
VV(O,]),R]GHT,NJ (n _T) 4 4
0:0 for 3N1/2+N‘YSH<N,/2

Wwhere for'the first inverse lapped transform the windows

019(E)

mmetry.
the next

e 10. It
4 (768).

JWKBQ werr,y, (), if window_shape_previous_block ==

U LEFT IV,

LWS,M Lerr., (M) i window_shape_previous_block ==

Wisn rigur.x, (1), if window_shape ==1

VVO,R]GHT,NS (n)= {

Won i v, (n), if window_shape ==0

are applied and for the second inverse lapped transform the windows:
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Wisp_err.n, (M), if window_shape ==

VVI,LEFT,N\. (n)= {

Wen riern, (1), if window shape =

Wsn rigur.y, (1), if window_shape ==1

VVI,R]GHT,NS (n)= {

Won rigurx, (1), if window_shape==0

are applied.

The ovierlap and add between the two half-length windows resulting in the windowed time domdin

values [ is specified as follows. Here, N; is set to 2048 (1536), Ns to 256 (192) respectively:

0.0

xO.anA ’ I/VO (I’l - Ns)
Z, () 5 Xon-n, Wy(n—N,)+ XN, 2-N,) W (n—(N,/2-N)))

Xin—(N,12-N,) Wi(n—(N,/2-N,))

0.0

5.5.3.5/.3 Transform splitting with LONG_START_SEQUENCE

The LOING_START_SEQUENCE in combination with transformsplitting is depicted in Figure 11.

,for

,for

,for

,for

,for

Figure 11 — Transform splitting for LONG_START_WINDOW

0<n<N,
2N,-N

S

N, <n<

2N, -N, 2N, + N|
~<n<

4 4
wen, Q)

1 :
N, =N <n<N,

It comprises three windows defined as-follows, where N_I/2 is set to 1024 (768), N_s is set to 2p6

(192), respectively.

1.0 ,for OSn<M
3N/ 2-N. 3N,/2-N, 3N, /2+N,
Wo(m) 3 Wy g, (15 d 2 *) for ! 2 S <p<—L 2 :
0.0 gor  SN2EN N2
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0.0 ,for Ogn<u
N,/2—-N, N,/2-N, N,/2+N,
W\ erron, (l’l—f) ,for ; 1 s <p<—L 2 :
W(n)=41.0 ,for N /Z+N, £n<3N’/2_NS
4 4
3N, /2N, for  SM/2ZN. o, 3NJ2EN,
W, rigur v, (n—- f) 4 4
0.0 ,for —3NZ/E+N‘Y <n<N,/2

—

W/l,LEFT,NS (n)= {

W/(O,l),RlGHT,NA (n)= {

he left/right window halves are given by:

Wisp 1eer n, (n),if window_shape =1

Wy ger,y, (n),if window_shape ==0 ,

Wisp wicur x, (), if window_shape ==1

Won wonr.y, (1),if window_shape ==0

The third window equals the left half of a LONG_START_WINDOW:
() Wiogery, (n) for 0<n<N,/2
n)=
’ 1.0 for N,/2<n<N,
with

W/LEFT,N, (n)= {

Wisn 1eery, (n), if window,"shape_previous_block ==

Won eer (), if window_shape_previous_block == 0

Xo.n3 N, Wy(n—=N,) ,for N, <n<

i () % Xon-n, * Wy(n—=N)+ XN, 12-N,) Wi(n—(N,;/2=N,)) ,for

fa) L

he overlap and add between the two half-length windows resulting in intermediate window

omain values Zi.. js'specified as follows. Here, N; is set to 2048 (1536), N; to 256 (192) resped

Sig”'(xo.wﬁlfn “Wy(3N; _1_n)+x1,N\717n -W((N;=1-n)) ,for 0<n<N,

2N,-N

S

2N, =N, <n< 2N, +N,

red time

tively:

AL A
1\/1 TIVS

Xl n—(N,12-N,) Wi(n—(N,/2-N,)) ,for

<n<N,-N,

0.0 ,for N,—N <n<N,

where sign = -1 if prev_aliasing_symmetry == 0, or sign = 1 otherwise. The final windowed time-domain
values Zi, are obtained by applying Wo:

Z,,(n)= Zin (n)-W,(n), for 0<n<N,
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5.5.3.6 Modification to complex prediction stereo decoding

Since the FD stereo tools operate on an interleaved pseudo-spectrum when TS is active in a channel pair,
no changes are necessary to the underlying M/S or complex prediction processing. However, the
derivation of the previous frame’s downmix dmx_re_prev[] and the computation of the downmix MDST
dmx_im[] in ISO/IEC 23003-3:2012, subclause 7.7.2 need to be adapted if TS is used in either channel in

the last or current frame:

use_prev_frame shall be 0 if the TS activity changed in either channel from last to current frame. In

other words, dmx_re_prev| | shall not be used in that case due to transform length switching.

(fi
like dmx_re[]).

If TS was or is active, dmx_re_prev[] and dmx_re[] are interleaved pseudo-spectra and shall*be de-
interleaved into their corresponding two half-length TS spectra for correct MDST calculation.

Uplon TS activity, 2 half-length MDST downmixes are computed using adapted filter coefficients
er_coefs in Table 82 and Table 83) and interleaved into a full-length spectrumydmx_im[] (just

wihdow_sequence: Downmix MDST estimates are computed for each ‘group window pdir.

us¢_prev_frame is evaluated only for the first of the two half-window.\pairs. For the remainihg
window pair, the preceding window pair is always used in the MDST estimate, which implies

us¢_prev_frame = 1.

Table 82 — MDST filter parameters for cuarrent window (filter_coefs)

Window shapes: The MDST estimation parameters for the curfent window, which are filter coeffi-
cigints as specified below, depend on the shapes of the left-and right window halves. For the fir
window, this means that the filter parameters are a function of the current and previous frames
window_shape flags. The remaining window is only affécted by the current window_shape.

Current window sequence

Left half: siné’shape
right half: sine shape

Left half: KBD shape
right half: KBD shape

LONG_START_SEQUENCE
STOP_START_SEQUENCE

[0.185618;0.000000, 0.627371,
0.000000,
-0.627371, 0.000000, -0.185618]

[0.204932, 0.000000, 0.634159,
0.000000,
-0.634159, 0.000000, -0.204932]

Current window sequence

Left half: sine shape
right half: KBD shape

Left half: KBD shape
right half: sine shape

LONG_START_SEQUENCE
STOP_START_SEQUENCE

[0.194609, 0.006202, 0.630536,
0.000000,
-0.630536,-0.006202, -0.194609]

[0.194609, -0.006202, 0.630536,
0.000000,
-0.630536, 0.006202, -0.194609]

Table’83 — MDST fi

Iter parameters for previous wi

ndow (filter_coefs_prev)

Current window sequence

Left half of current window:

Left half of current window:

sireshrape

IZRP—t
NDD S1ldpt

LONG_START_SEQUENCE
STOP_START_SEQUENCE

[0.069608, 0.075028, 0.078423,
0.079580,
0.078423, 0.075028, 0.069608 ]

[0.042172, 0.043458, 0.044248,
0.044514,
0.044248, 0.043458, 0.042172]

94

© ISO/IEC 2019 - All rights reserved


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2

5.5.4 MPEG surround for mono to stereo upmixing
5.5.4.1 Calculation of pre-matrix M1 and mix-matrix M2

5.5.4.1.1 General

019(E)

The calculation of mix-matrix M2, which is a interpolated version of R.™, is done according to

ISO/IEC 23003-3:2012, 7.11.2.3, but with the modifications specified in the following subclause.

J.0.4. 1.2 UpmixX without decorrelation

Ih case a format conversion step is included, the MPEG surround for mono to stereo upmixin
modified as follows.

Subclause 10.3.4 defines a downmixing matrix Mpmx Which is used to calculate~a’mix matrix
fpllows. Here Nj, is the number of source channels and Ny is the number of destination channel

Muix = zero N;, x N;, Matrix
flor 1 = 1 to Nguc
for 3 = 1 to Ny,
set j =0
if Mpme (i, J) > 0.0
set J =1
end
for k =1 to Ny,
set k =0
if My (i, k) > 0.0
set k =1
end
if set j == 1 and set k =%)1
My « (j , k=1
end
end
end
gnd
Hach OTT decoding block yields two output signals corresponding to channel number i and ;. I

=

hatrix M, (i, /) equals one, decorrelation is switched off for this decoding block which means

dlements 11,7 Cand H2157, of the upmix matrix R shall be calculated by setting /[CC"" =

5.5.4.2 Combined parametric and residual decoding (hybrid residual coding)

3.5.4.2;1 Overview

g tool is

Muix as
S.

the mix
that the

1.

Ihaddition to using either decorrelator based mono to sterea upmixing or residual coding as g
(=]

pecified

in ISO/IEC 23003-3:2012, 7.11.1, hybrid residual coding allows a signal dependent combination of both

modes. The residual signal and the decorrelator outputs are blended together, using time and fr

equency

dependent weighting factors depending on the signal energies and the spatial parameters, as illustrated

in the schematics below (Figure 12).
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N downmix . ";&i‘j output ch ‘;1
- ‘_/‘_“\
= cend 2 output ch 2
stream Decoder ) —
residual |
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- TN
L Decorrelator > >®
Apply ply
Upmix weignung/
J Y ¥ ¥\ T
' Measure Energies
spatial Calculate A

data > Upmix Coefficients

Calculate Weight

Figure 12 — Schematics of hybrid residual decoder

5.5.4.2(2 Decoding process

Hybrid| residual coding mode is indicated by the syntax elements bsResidualCoding == 1 and
bsRes:ﬂualBands == 1 in Mps212Config(). The calculation of mix“matrix M2 is performed as| if
bsResidualCoding == 0, following the calculation in ISO/IEC 23003-3:2012, subclause 7.11.2.3. The

matrix[R}™ for the decorrelator based part is defined as:

rim -] A1 leg’;f}

| H21g  H2267,

The upmixing process is split up into Downmix, decorrelator output and residual. The upmixed
Downmix uamx is calculated using:

i L[H1 0
2am N g1l 0
oTT

The upmixed decorrelator output uge. is calculated using:

Rl,m = |:0 lelOJ;'Tj|
2, dec m
0 H22%

The upmixed esidual signal ures is calculated using:

w LI HIZE] [0 max{os HIlg,
2, tes [0 H2Z | [0 —max{0.5H2T]]

In case a format conversion step is included the residual upmixing matrix R}" shall be modified as

2, res

follows.

Each OTT decoding block yields two output signals corresponding to channel number i and j. If the mix
matrix M, (i, /) equals one (Mwix defined in subclause 5.5.4.1.2), the residual upmixing matrix R}",, shall

2, res

be set to:
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m |00
Ri res =
00

The energies of the upmixed residual signal E.s and of the upmixed decorrelator output Egec are
calculated per hybrid band as sum over both output channels ch and all timeslots ts and of one frame as:

E.. =Z§\

ch

Eoe = z Z Hudec (ch, tS)H

ch ts

u_. (ch, ts)”

The upmixed decorrelator output is weighted using a weighting factor rq.c calculated for each hybrid
Hand per frame as:
0 if E >E,.
1 if E_ <¢
’dcc =
E.—-E_ +¢ .
—dee _res otherwise
E,. +e

With € a small number to prevent division by zero (& = 1e-9).

oY

1l three upmix signals are added to form-the decoded output signal.

5.5.5 Enhanced noise filling

L

.5.5.1 General

he enhanced noise filling is/achieved through a tool named intelligent gap filling (IGF). IGF extends the
oise filling in the decoder to alternatively exploit neighbouring spectral portions, predefined source
les, for filling spectralgaps in predefined target tiles. These gaps originate from coarse quantization in
he encoder. Using these tiles for gap filling often provides a perceptually better match than just
hjecting randem/noise. The additional side information, igf_data(), conveys control data, e.g. tile source
and tile targetinformation, tile target level, etc.

— et o+ =,

53.5.5.2 . Data elements

indepFlag the MPEG-H 3D audio independency flag.
pred_dir indicates the direction of prediction (see ISO/IEC 23003-3:2012, 7.7.2)
ms_used|[ ][ ] one-bit flag per scalefactor band indicating that M/S coding or prediction

is being used in windowgroup g and scalefactor band sfb, shared with the
joint stereo tool (ISO/IEC 23003-3:2012 subclause 7.7).
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cplx_pred_used|g][sfb]

5.5.5.3 Helper elements

One-bit flag per window group g and scalefactor band sfb (after mapping
from prediction bands), shared with the complex stereo prediction tool
(see ISO/IEC 23003-3:2012, subclause 7.7.2).

igfStartSfbL.B the IGF start scalefactor band index used with a long window sequence.

igfStartSfbSB the IGF start scalefactor band index used with a short window sequence.

igfStopSfbLB the IGF stop scalefactor band index used with a long window sequence)

igfStopSfbSB the IGF stop scalefactor band index used with a shortwindow sequénce,

igfMin is a subband index; this index is sampling frequency and core’coder
framelength dependent and determine a minimal frequeney which is
used to assign a source tile range.

igfBgn the IGF start subband; this helper element is used-for both, long and shart
window sequences and is mapped for every/frame.

igfEnd the IGF stop subband; this helper elemenbis used for both, long and short
window sequences and is mapped for€very frame.

igfP is 1 if the flag igfUseHighRes is\set to one, 2 otherwise.

m_igfStartStb

m_igfS{opSfb

tile[ |
igfNTiles
sbs
rng
ch

sfb

num_wlindows[ch]

the mapped IGF start scalefactorband; this helper element is used for
both, long and short windew sequences and is mapped for every frame.

the mapped IGF stop'scalefactorband; this helper element is used for
both, long and short window sequences and is mapped for every frame.

vector of length 4 containing width information.

number of target tiles in IGF range (as calculated according to Figure 14).

p—

start subband of the current target tile.
length of the IGF range in subbands.
channel in scope, this value is either 0 or 1.
scalefactor band in scope.

contains the current number of windows.

num_window_groups|[ch]
sb

tb

tileldx

group_len

98

contains the number of window groups.

index of the source subband.

index of the target subband.

index of the IGF target tile in which a tb under scope is located.

identifies the actual length of a window group.
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igf sN[] vector containing information on energies per scalefactor which have
been not quantized to zero.

igf pN[ ] vector containing information on energies per scalefactor which will be
copied from the source tile range.

wg, wa counter for the actual window (0,1,...,7).

w the window index in a window group.

window_sequence signals the USAC window sequence.

isShortWindow 1 if window_sequence == EIGHT_SHORT_SEQUENCE, else-0.

AMDCT] ] array containing the transform spectrum.

AMDCT flat] ] array containing the whitened transform spectrum.

width number of lines in the sfb under scope.

H energy for the current subband.

vial spectral values for the current IGF subband.

=

(%)

n

1

oise_offset

oise_level

tereo_filling

.5.5.4

wb_offset_long] ]

wb_offset_short[ ]

IGF signal processing
.5.5.4.1 Mapping of IGF bitstream elements

.5.5.4.1.1 Helper elements

um_swb.short window

um_swb_long_window

noise-fill offset to modify-scale factors of zero-quantized bands (s
ISO/IEC 23003-3:2012, subclause 7.2).

noise-fill level representing amplitude of added spectrum noise (3
ISO/IEC 23003%3:2012, subclause 7.2).

9%
(¢

ee

flag indicating whether SF is utilized in the current frame and channel.

offset table for scalefactor bands to use with long windows.
offset table for scalefactor bands to use with short windows.
number of scalefactor bands with a short window sequence.

number of scalefactor bands with a long window sequence.

S

ampleRate

bl

sampling rate of the core coder.

length of the current block in dependency of the window sequenc

5.5.5.4.1.2 Detailed description

e.

The bitstream elements igfStartIndex and igfStopIndex are mapped to scale factor band indices:

1
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If igfStopIndex is not 15, calculate:

igfStopSfbLB = min(num swb long window, max(igfStartSfbLB + (((num swb long window -
(igfStartSfbLB + 1)) * (igfStopIndex + 2)) >> 4), igfStartSfbLB + 1))

If igfStopIndex equals 15, set:
igfStopSfbLB = num swb long window

For the appropriate start and stop boundaries for IGE with short window sequence calculate:

igfStartSfbsSB = -1;
for ($fb = 0; sfb < num swb short window; sfb++) {

if [swb _offset short[sfb] >= swb offset long[igfStartSfbLB] >> 3) {

if (igfStartSfbSB < 0) igfStartSfbSB = sfb;

}
}
igfStgepSfbSB = -1;
for ($fb = 0; sfb < num swb short window; sfb++) {

if |[swb offset short[sfb] >= swb offset long[igfStopSfbLB].%>" 3) {
if (igfStopSfbSB < 0) igfStopSfbSB = sfb;

}

The final mapping to m_igfStartSftb, igfBgn and m_igfStopSfb, igfEnd depends on the window sequence
in the 4ctual processed frame.

if (wlndow_sequence == EIGHT SHORT SEQUENCE) {
m igfStartSfb = igfStartSfbSB;
m igfStopSfb = igfStopSfbSB;

iEngn = swb_offset short[m igfStartsSfl];
igffnd = swb offset short[m igfStopSfb];
swb|offset = swb offset short;

} elsé {
m igfStartSfb = igfStartSfbLBs
m igfStopSfb = igfStopSfbLB;

igfBgn = swb offset longl[m\digfStartSfb];
igffnd = swb offset lond[in* igfStopSfb];
swb|offset = swb offselt )long;

}

In the gontext of IGF processing the frequency band offset tables as defined in ISO/IEC 14496-3:20(9,
4.5.4 shall be extended such that swb_offset_short[num_swb_short_window] equals half the window
length fof the EIGHF"SHORT_SEQUENCE, e.g. 128, and swb_offset_long[num_swb_long window] equals
half the window'length of the each other sequence, e.g. 1024.

If the Bitstream element igfUseHighRes equals zero, the IGF frequency resolution will be reduced py
pairingtcE-sealefactor-bands

igfMin is the lowest IGF source subband and it is calculated as follows:

igfMin = sb + (sb mod 2)
where

sb =INT(1125 *bl * (2 / sampleRate))
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The helper element bl is mapped according to Table 84:

Table 84 — Value of bl

ISO/IEC 23008-3:2019(E)

window_sequence bl
EIGHT_SHORT_SEQUENCE ccfl / 8
medium TCX ccfl / 2
All other sequences ccfl

§.5.5.4.2 Computing IGF tiles

A

IGF works with so called tiles to determine target regions shown in Figure 13.

sT[1] sT[3] tile[Q]

magnitude

sT[O] sT[2]

tile[1]

tile[2]

tile[3]

igfMin igfBgn

o =

frequency

igfEnd

Figure 13 — Computing target tiles, overview

he flowchart in Figure 14 produces the tile vector tile[ ] of length 4 containing the width of
hrget tile. Please note that this flowchart is used'for both, short and long window sequences.

bach IGF
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Input variables
sfbBgn, sfbEnd, bUH,
igfMin, swb_offset[]

¥

i =@

igfBgn = swb_offset[sfbBgn]
igfEnd = swb_offset[sfbEnd]
mem = sfbBgn

sbs = igfBgn

rng = igfEnd - igfBgn

igfNTiles = @
I

A 4
tile[n] =
(max(8, rng)) / 4, i=1i+1 <
ffor n =@, 1, 2, 3
k=8
~ igfBgn > do { k =k +1}
< 1gFM1n.&§E1§FBgn < True False_}while(min(sbs + tile[il,
18TEN igfEnd) > swb_offset[k])
False True
—False
True
1¢388%
(k - sfbBgn) mod 2 False: False
d& k —mem > 1
True: True
k =k -1 k = sfbEnd
$< 3
v
mem = k
tile[i] = max(2,
min(swb_offset[k] -
sbs, igfEnd - sbs)}
¥
sbs = sbs + tile[i]
v igfNTiles = igfNTiles + 1
Y
< True: == igfEnd
A 4
Done ) False
re¢turn igfiTiles, tile[] |
Figure 14 — Flowchart for calculation of tile width and number of tiles
5.5.5.4|.3 Decoding of IGF levels

5.5.5.4.3.1 Helper elements

igf_curr[ch][][] vector containing the IGF levels for the current window.

igf prev[ch][ ] vector containing the IGF levels for the previous window.
igf_arith_t[ch] time index, to be increment per window since the last reset.
igf_ prevD][ch] context form the window before the previous window.
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prev_num_windows[ch] contains the previous number of windows.
core_mode_prev|[ch] contains the previous core_mode|[ch].
5.5.5.4.3.2 Decoding process

The subroutine igf_level() is performed as outlined below. Please note that all helper elements
associated with igf_level() needs their own instance of context memory per audio element (CPE, SCE)
and per channel ch in case of CPE, for proper decoding.

Hirst of all, the context memory (igf_prev, igf_prevD, igf_arith_t) of the IGF arithmetic coder, toggther
with other helper elements, needs a reset under the following conditions:

it | igf AllZero
| | indepFlag
|l ((num windows[ch] != prev num windows[ch]) && core modelfch] == 0)
|1 ((1lpd mode[ch] != last lpd mode[ch]) && core_modegjfch] == 1)
|| (core mode[ch] != core mode prev[ch])) {
igf curr[ch] = {0};
igf prev[ch] = {0};
igf arith t[ch] = 0;
igf prevD[ch] = 0;
1
drev_num windows[ch] = num windows[ch];
dqore mode prev[ch] = core mode[ch];

—

F the bitstream element igf_AllZero is not true, the subroutine igf _arith_decode() (see
ubclause 5.5.5.4.4.2) is called as outlined below:

(%]

-

£ (!igf AllZero) {
for (g = 0; g < num window _groups; g%¥*) {

igf currlch][g] = igf arith decqde (igf arith t[ch], igf prev[ch], igf prevD[ch]|)
igf prevD[ch] = igf prev[m igfStartSfb];
for (sfb = m igfsStartSfb; sfb,< m igfStopSfb; sfb++) {

igf prev([ch] [sfb] = igfycurr(ch][g] [sfb];

igf curr[ch] [g] [sfb] = Idf curr(ch][g] [sfb] * igFP;

}
igf arith tlch]++;
}
arith decode flush«();” /* push back 14 bits to the bitstream */

—]

he result, quantized energy information of scalefactor bands in the IGF region, is stored in igf_qurr[ ][
| ]. For requantization use the formula:

e

i1gf curr[ch] [g] [sfb] = 27 ((igf curr[ch] [g] [sfb]-igf emphasis)*0.25)

[72)

fpbreach channel ch, window group g and scalefactor band sfb in scope and where igf_emphasis
effred as:

0; 1f IGF is running in FD mode
40; if IGF is running in TCX mode

igf emphasis
igf emphasis
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5.5.5.4.4 Arithmetic decoding of IGF average levels

5.5.5.4.4.1 Helper elements

nBits number of bits to read.

nBitRead decoded number read, of length nBits bits.

cfTable[ ] cumulative frequency table.

tableOlifset offset to frequency table.

decRes decoded prediction residual.

extra the position of the residual in one tail of the distribution.
pred predicted value computed using the neighbours.

t time index since the last reset.

prevD first IGF scf value from the previous frame.

ctx index to the context containing the probability distribution.

5.5.5.4.4.2 Decoding process

The IGF scalefactors are encoded by using the function arith_decode() as in ISO/IEC 23003-3:20[12
subclayse 7.4.3, and by using new probability tables (cf:se01, cf_se02[ ], cf_sel0, cf se20[ ], cf_sell[ ][],
cf_off_ge01, cf_off_se02][ ], cf_off_sel0, cf_off_se20[ ] and cf_off sel1[ ][ ]), see Annex A.
The sybroutine igf level(), see Table 50, provides a vector containing the IGF average energy
information per IGF scalefactor, called SFE, of the transform spectral lines for each scale factor band |or
group of scale factor bands.
The SFEs from up to two of the previous frames and the already decoded SFEs from the current frame
are taken into account in derivinga' context providing the probability distribution for coding. In ealch
context a fixed linear predictor-is employed, based on the same data as used for the quantized
context.The prediction residuals instead of the original values are decoded. For large predictipn
residugls, outside of the céntre of the coding distribution, escape coding is used.
arith|decode bigs\(nBits)
{
ct for bdpf2] = (8192, 0};
nBitRead™= 0;
for Ai{= nBits - 1; 1 >= 0; --1) {
bit = arith decode(cf for bit, 2);
Nolitkead = nNbltkead + (01T 1)/

}

return nBitRead;

}

The helper function arith_decode_bits() uses the USAC arithmetic decoder function arith_decode() to
obtain a value of length nBits bits from the bitstream.

104
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arith decode residual (cfTable, tableOffset)

{
val = arith decode (cfTable, 27);

if ((val != 0) && (val !'= 26)) {
decRes = val - 13;

} else {
extra = arith decode bits(4);
if (extra == 15) {

extra = 15 + arith decode bits (7);
}

1Tt (val == 0) |
decRes = -13 - extra;
} else {
decRes = 13 + extra;
}
}
decRes -= tableOffset;

return decRes;

—

he helper function arith_decode_residual() returns the decoded residual value, which has to bq added
b the predicted value (pred) to obtain the original value.

ot

[y

gf arith decode(t, igf prev, prevD)

igf prev += m igfStartSfb;

igf curr = {0};

igf curr += m _igfStartsSfb;

igfInc = igfP;

if (isShortBlock) igfInc = 1;

for (£ = 0; £ < m igfStopSfb - myigfstartSfb; f += igflInc) {

if (¢t == 0) {
if (£ == 0) {
igf curr([f] =.arith decode bits (7);
} else if (f ==y dgfInc) {
pred = igfl curr[f - igfInc];
igf curx[f] = pred + arith decode residual (cf se0l, cf off |sell);
} else {
preg-=/igf curr[f - igflInc];
ctx"= quant ctx(igf curr[f - igfInc] - igf curr[f - 2 * igfInc]);
igf curr[f] = pred + arith decode residual (

cf se02[3 + ctx], cf off se02[3 + ctx]);

== 0

if (£ == 1) {

pred = igf prev[f];

igf curr[f] = pred + arith decode residual (cf sel0, cf off |sel0);
} else {

pred = igf prev[f];

ctx = quant ctx(igf prev[f] - prevD);

igf curr[f] = pred + arith decode residual (

cf se20[3 + ctx], cf off se20[3 + ctx]);
}

} else {
pred = igf prev[f] + igf curr[f - igfInc] - igf prev[f - igflInc];
ctx f = quant ctx(igf prev[f] - igf prev[f - igflInc]);
ctx t = gquant ctx(igf curr[f - igflInc] - igf prev[f - igflnc]);
igf curr([f] = pred + arith decode residual (

cf sell[3 + ctx t][3 + ctx f],
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cf off sell[3 + ctx t][3 + ctx f]);

}
for (z = £ + 1; z < min(f + igfInc, m igfStopSfb - m igfStartSfb); ++z) {

igf currlz] = igf curr[f];
}

}
igf curr -= m _igfStartsfb;
return igf curr;

}

The qupntization function quant_ctx(), [imits Targe integer values to *3. Tt is defined as:
quant_ctx(x) = x; for |x| < 3 and

quant_ctx(x) = 3 - sign(x); for |x| > 3

5.5.5.1].5 Applying IGF
5.5.5.4.5.1 General
Applicqtion of IGF shall occur after the following processing steps:

a) inverse quantization of MDCT values;

b) if ppplicable: noise filling (as specified in ISO/IEC 23003-<3:2012, 7.2), but only up to subband
swp_offset[m_igfStartSfb]-1;

(g

c) if ppplicable: joint stereo coding (as specified in“SO/IEC 23003-3:2012, 7.7), but only up [to

subband swb_offset[max_sfb_ste]-1;

d) if fhe bitstream element igfUseEnf is 1, IGF envelope noise flattening shall be applied in the IGF
deroding process.

Please |note that the temporal noise shaping (TNS) tool was extended in case of IGF to additionally
perform temporal tile shaping (TTS) on IGF tiles. Therefore, the TNS shaping filters are also applied pn
IGF generated frequency tiles if indicated by igfAfterTnsSynth. Figure 15 shows the position of the IGF
tool in ependency of igfAfterTnsSynth in the core coder.
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bitdemux

¥

entropy decoding

igfafterTnsSynth True:
False
v \ 4
apply IGF inverse TNS/TTS
inverse TNS/TTS apply IGF

Y |
<

A 4

inverse MDCT

Figure 15 — Position of IGF in the core coder
§.5.5.4.5.2 Helper elements

thp TNS stop band, see 14496+*3:2009 subclause 4.6.9

5.5.5.4.5.3 Decoding process

There are two options to apply IGF, signalled' with igfAfterTnsSynth:

- before TNS synthesis; IGF is applied to the TNS residual, and subsequently TNS/TTS is appl

— after TNS synthesis; IGF is applied to the fully reconstructed and TNS filtered core coder sig

——f

lease note that the behaviour of TNS changes in case of IGF. The following code sequence ad
NS stop band according\to the IGF start and stop scale factor band offset indices:

—

—

bands = max sfb3;
if (enhancedNoiseFilling) {
if (!igfAfterTnsSynth) {
if (!fsShortWindow) {
if N(igfStopSfbLB > nbands) nbands = igfStopSfbLB;
e else {

ed.

nal.

usts the

if (igfStopSfbSB > nbands) nbands = igfStopSfbSB;
}
} else {
if (!isShortWindow) {
if (igfStartSfbLB < nbands) nbands = igfStartSfblLB;

} else {
if (igfStartSfbSB < nbands) nbands = igfStartSfbSB;
}
}
top = MIN(top, nbands);
}

© ISO/IEC 2019 - All rights reserved
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5.5.5.4.5.4 Creation of source tile spectra with independent noise filling

If the bitstream element igfUseEnf equals 1, nT copies of the dequantized MDCT core-coder spectrum
shall be created and noise filling shall be applied for each copy observing the descriptions and
restrictions defined in subclauses 5.5.5.4.5 and 5.5.5.4.9. With igfUseEnf active the nT MDCT core-coder
spectra with different applied noise filling are the dedicated sources for further IGF processing where
every tileIdx uses one of the created copies.

5.5.5.4.6 Computing a source subband in IGF

5.5.5.4].6.1 Helper elements

oS

nST

Src

offset between sb and tb.
number of source tiles.

length of the IGF source range in subbands.

5.5.5.4{6.2 Detailed description

While

encode
for eac
bitstre

.

hpplying IGF, target subbands (tb) are identified which have been quantized to zero by the
r. For each of those target subbands a source subband (sb) is obtained with Figure 16. Note that
h element and each channel, there could be a different set.ef igfCurrTileldx obtained from the

108
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D

v

Input variables
igfCurrTileldx[], tb,
igfBgn, igfMin,
igfNTiles, tile[]

i
oS
sb
sbs
src

2]

2]

tb

igfBgn

igfBgn - igfMin

¥

— i=1i+1 < sbs = sbs + tile[i]

A

th >= sbs && False
tb < (sbs +
tile[i])

i >= igfNTiles

True
False True v

calculate oS
igfCurrTileldX[45
tile[i], sbs§ igfBgn

v

if ((0S\& ) == 1)
oS/="0S + 1

v

sb = tb - oS

A

A

False

True

v

sb = igfMin +
tb mod src

Y

<
<

Y
Done
return sb

Figure-16 — Flowchart for computing a source subband sb

==

The function “calculate 0S()” returns the offset oS between sb and tb using the following formul

oS = INT((-0.5 * igfCurrTileldx[ch][i] + 2.5) * tile[i] + sbs - igfBgn)

<

Uhere tilef\] is a vector with a maximum length of 4 containing the width of each IGF target tile
ccording.to subclause 5.5.5.4.2.

jo5)

The-helper function get_IGF_tile_idx() identifies the tile where tb is located.

get IGF tile idx(tb, igfBgn, igfNTiles, tilel]) {
sbs = igfBgn;
for (tileldx = 0; tilelIdx < igfNTiles; tileIdx ++) {
sbs += tile[tileIdx];
if (tb < sbs) break;
}

return tileldx;
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5.5.5.4.6.3 Requirements

The computing of a source subband sb is constrained to the following requirement for the transmitted
igfCurrTileldx.

igfCurrTileldx[ch][i] + nST[i] >=4, fori=0, 1, .., igfNTiles

The vector nST shall be computed as follows:

nSTi=max( 1, min((src/(tieftt 7/ 2)) =1 47) ), for =0, 1, 1gfNTites
5.5.5.4{7 Spectral whitening in IGF

To redfice tonality or spectral tilt of an IGF tile, the following procedure uses the MDCT)signal, if the
bitstream element igfUseWhitening is equal to 1, to produce the whitened spectrum\pMDCT_flat| ],
which 1s further used in IGF_mono() and IGF_stereo().

The IGF whitening is performed by dividing the spectrum in pMDCT[] by the scaled’square root of its
estimated spectral envelope in env(]:

21
pMDCTy 4 [k] = pMDCT [k] .ﬁ’k =igfMin,igfMin&h1, ...,igfBgn — 1
env

where fhe spectral envelope is estimated by filtering the squaredispectrum using a moving average
filter of length 7 where each filter coefficient equals 1.

igf apply whitening (pMDCT[], pMDCT flat[])
{
stop = swb offset[m igfStartSfb];
for| (i = igfMin; i < stop - 3; i++) 1
epv = le-3;
for (3 =1 - 3; J <=1 + 3; F4H) {
env += pMDCT[]j] * pMDCT [jA;
}

n|= FLOOR (log(env)/log(¥y)); /* C/C++ (see NOTE): frexp(env, &n); n--; */

fac = pow(2, 21 - 0.6)y% n);
PNDCT flat([i] = pMDET[i] * fac;

for|(; 1 < stopy)i++) {
PNDCT flatfi] = pMDCT[i] * fac;

}

NOTE The estimation of the spectral envelope comprises an approximation kernel allowing for an efficignt
implememntatiom:

log,o(env)

logy1,(2)
This kernel calculates the integral exponent for 2 of env. As a guidance it is noted that the standardized function
frexp() as defined in ISO/IEC 9899 (Reference [14]) is well suited for the given operation. The function frexp()
breaks the floating-point number env into a normalized fraction (s) in the range [0.5, 1) or zero, and an integral
power of 2 (n), such that:

n = [log,(env)] = l

env =s-2"
In the given context the returned significant (s) is not used, the calculated exponent (n) needs to be decremented
by 1.
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5.5.5.4.8 Single/dual channel processing in IGF

5.5.5.4.8.1 Helper elements

randomSign() function returning (pseudo) random sign as defined in ISO/IEC 23003-
3:2012, subclause 7.2.4 using latest seed state from USAC noise filling.

5.5.5.4.8.2 Decoding process

applied.

JGF _mono (ch, num window groups, group_ len) {
if (!isShortWindow && igfUseWhitening) {
igf apply whitening (pMDCT, pMDCT flat);
}
wg = wa =
for (g = 0; g < num_window groups; g++) {
igf sN[ch] = {0};
igf pN[ch] = {0};
flor (w = 0; w < group len[g]; wt+) |
IGF _calc mono(ch, wg, group len[g], nfSeedl);

(@)

’

Wg++;

¥

flor (w = 0; w y group len[g]; wt++) {
IGF apply mono (ch, wa, nfSeed2);

wa++;

}

—

he initial value of the pseudo-random neise seeds nfSeed1 and nfSeed2 shall be equal in order to
ynchronize the pseudo-random noise generator between IGF_calc_mono() and IGF_apply_mong().

W

IGF_calc_mono() is used to compute the vectors igf_sN[ ] and igf_pN[ ] respectively. The subroutjne
get_IGF_sb() is specified in subclause 5.5.5.4.6. Note that igfCurrTileldx[ch] is a vector of length

G

(PE.

JGF calc mono(eh’, w, group len, nfSeedl) {

igfInc = 4AgfP;

if (isSho¥xtBlock) igfInc = 1;

for (&fb = m igfStartSfb; sfb < m igfStopSfb; sfb += igflInc) {

width = (swb_offset[MIN(sfb + igflInc, m igfStopSfb)] - swb offset[sfb])|;
EV= 0;
for (bin = 0; bin < width; bin++) {

t— owb_uffoct[ofb]-'rbiu,

E += pMDCT [w] [tb] * pMDCT[w] [tb];

igf sN[ch][sfb] += E/group len;
E = 0;
for (bin = 0; bin < width; bin++) {
tb = swb offset[sfb]+bin;
if (pMDCT[w] [tb] == 0) {
sb = get IGF sb(igfCurrTileldx[ch], tb);
val = pMDCT[w] [sb];
if (!isShortWindow && igfUseWhitening) {

© ISO/IEC 2019 - All rights reserved
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tileldx = get IGF tile idx(tb);

if (igf WhiteningLevel[tileIdx] == 0) {
val = pMDCT flat([w] [sb];

}

if (igf WhiteningLevel[tileIdx] == 2) {
val = randomSign (nfSeedl) *pow (2,21);

}

}
E += val * val;

}

igf pN[ch][sfb] += E/group len;

IGF_apply_mono() will fill spectral gaps with previous calculated values:
IGF apply mono(ch, w, nfSeed2) {

igflnc = igfP;

if [isShortBlock) igfInc = 1;

for|(sfb = m igfStartSfb; sfb < m igfStopSfb; sfb+= igfilne) {

wldth = (swb_offset [MIN(sfb + igfInc, m igfStopSfb) ]\~ swb offset[sfb]);

df = igf curr[sfb];

s = igf sN[ch] [sfb];
pY = igf pN[ch] [sfb];
my = (dE*dE) *width -sN;

=T

if (mN > 0 && pN > 0) {

gn = min (10, sgrt(mN/pN));
else {

gn = 0;

—

—

for (bin = 0; bin < width; bidH+) {
tb = swb offset[sfb]+bin;
if (pMDCT[w] [tb] == 0)_{
sb = get IGF sb(igf€@urrTileIdx[ch], tb);
val = pMDCT[w] [sb]\;
if (!isShortWindew && igfUseWhitening) {
tilelIdx = get)IGF tile idx(tb);
if (igf WhiteningLevel[tileIdx] == 0) {
val =~pMDCT flat([w] [sb];
}
if (Lgf WhiteningLevel[tileIdx] == 2) {
val = randomSign (nfSeed2) *pow (2,21);
1
}
PMDCT [w] [tb] = gn * wval;
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5.5.5.4.9 Stereo filling in IGF

5.5.5.4.9.1 General

When stereo filling (SF) is active in a FD-only CPE, the MDCT coefficients of empty (i.e. fully zero-
quantized) scale factor bands of the right (second) channel are replaced by a sum or difference of the
corresponding decoded left and right channels MDCT coefficients of the previous frame. If USAC noise
filling is active for the second channel, pseudo-random values are also added to each coefficient. The
resulting coefficients of each scale factor band are then scaled such that the RMS (root of the mean
r. See in

IFO/IEC 23003-3:2012, subclause 7.3.

.5.5.4.9.2 Helper elements

ownmix_prev][ ][ ] downmix (i.e. sum or difference) of the previous frame’s\left and right
channels.

oiseFillingStartOffset  line index at or above which noise filling is used(ISO/IEC 23003-3:2012, 7.2).

sfbWidth][ ] array containing the number of lines per sfby
nergy| | energy of the signal per sfb.
nergy_dmx] ] energy of the downmix signal per sfb,

spectrum| ][ ] MDCT spectrum for group g afterneise filling (i.e. x_ac_invquant[g][ ][sfb][ ])-
indow indices of windows of group ih'scope, i.e. all windows belonging to grdup g.

.5.5.4.9.3 Operational constraints

F can only be used in the right FD channel.¢f’a common FD channel pair element (CPE), i.e. a[channel
air element transmitting a StereoCoreToollnfo() with common_window == 1. Besides, dye to its
signaling, SF can only be applied when“noiseFilling == 1 in mpegh3daCoreConfig(). If either of the
annels in the pair is in LPD core_niode, SF is not used, even if the right channel is in FD mode

.5.5.4.9.4 Decoding process
he decoding of a joint-stereo coded FD channel with SF is executed in 3 sequential steps as follpws.

tep 1: Decoding of stereo_filling

stereo_filling does not represent an independent bit-stream element but is derived from the hoise-fill
elements, noise_offset and noise_level, in a mpegh3daChannelPairElement() and the common_window
flag in StereoCoreToollnfo(). If noiseFilling == 0 or common_window == 0 or the current channel is
the left;(first) channel in the element, stereo_filling is 0, and the stereo filling process ends. Othefwise,
i|f A (noiseFilling != 0) &&

(noise level == 0) &&

(noise offset != 0) &&

(common_window != 0)) {

1;
(noise offset & 28) / 4;
(noise offset & 3) * 8;

stereo filling
noise level
noise offset

}

else {
stereo filling

}

0;
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In other words, if stereo_filling == 1, noise_offset contains 5 bits of noise filling data, which are then
rearranged. Since this operation alters the values of noise_level and noise_offset, it shall be performed
before the noise filling process as in ISO/IEC 23003-3:2012, subclause 7.2. Moreover, the above pseudo-

code is

not executed in the left channel of a mpegh3daChannelPairElement() or any other element.

Step 2: Calculation of downmix_prev

downmix_prev[], the spectral mix which is to be used for stereo filling, is identical to the dmx_re_prev]]
used for the MDST spectrum estimation in complex stereo prediction (see ISO/IEC 23003-3:2012,

subclayse 7.7.2.3). This means that:

— All
wi
co
bld

— All

sp
wi
u

transform length changed from the last to the current frame (i.e. split_transform == 1 preceded
it_transform == 0, or window_sequence == EIGHT_SHORT _SEQUENCE preceded
ndow_sequence != EIGHT_SHORT_SEQUENCE, or vice versa resp:} in the current element

%]

— If fransform splitting is applied in the channels of the previous or current frame, downmix_prey
resents a line-by-line interleaved spectral downmix. See.the transform splitting tool for details.

re
— Ifd
Conseqg
7.7.2 i3

use_pr
ISO/IE

prediction decoding and is, therefore, undefined/zero.

Step 3

If stere
empty
max_sf]

and enlergy_dmx][],-of the given sfb and the corresponding lines in downmix_prev[], respectively, 3

compu

energy
energy

coefficients of downmix_prev|[] shall be zero if any of the channels of the frame and)eleme
'h which the downmixing is performed - i.e. the frame before the currently decoded one - u
re_mode == 1 (LPD) or if the channels use unequal transform lengths (split_transform == 1
ck switching to window_sequence == EIGHT_SHORT_SEQUENCE in only one ¢hannel).

coefficients of downmix_prev[] shall be zero during the stereo filling process if the channg

icIndependencyFlag == 1.

omplex stereo prediction is not utilized in the current frame and element, pred_dir equals 0.

the behaviour when complex stereo prediction is not currently used, or when it is active b
ev_frame == 0. In that case, downmix:prev[] is computed for stereo filling decoding according
[ 23003-3:2012, subclause 7.7.2:3 even though dmx_re_prev[] is not needed for complex ster

Stereo filling of empty seale factor bands

scale factor bands sfb at or above noiseFillingStartOffset (see FD noise filling) and belc
b_ste, i.e. all bands in which all MDCT lines were quantized to zero. First, the energies energy

fed via sdms of the squares.

 diax{sfb] = le-8;

nt

or

by
by
or

(]

uently, the previous downmix only has to, bé~computed once for both tools, saving complexilty.
The onlly difference between downmix_prev[] and*dmx_re_prev[] in ISO/IEC 23003-3:2012, subclau

se
ut
to
€0

o_filling == 1, the follewing procedure is carried out after the noise filling process in all initially

r[(stb] = 0;

for (1

index = swb offset[sfb]; 1index < swb offset[sfb+1]; index++) {

energy dmx[sfb] += downmix prev[window] [index] * downmix prev[window] [index];
spectrum[window] [index] *= 4;
energy[sfb] += spectrum[window] [index] * spectrum|[window] [index];

}

Then, given sfbWidth|[ ] containing the number of lines per sfb,

114
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if (energy[sfb] < sfbWidth[sfb]) {

tmp = min (10, sqgrt((sfbWidth[sfb] - energy[sfb]) / energy dmx[sfb]));

factor = 0;

for (index = swb offset[sfb]; index < swb offset[sfb+1l]; index++) {
spectrum[window] [index] += downmix prev[window] [index] * tmp;
factor += spectrum[window] [index] * spectrum[window] [index];

}

if ((factor != sfbWidth[sfb]) && (factor > 0)) {
factor = min (10, sqgrt(sfbWidth[sfb] / (factor + 1le-8)));
for (index = swb offset[sfb]; index < swb offset[sfb+1l]; index++) {

spectrum|wlndow] [1ndex] *= ILactor;
}
}

=

br the spectrum of each group window. Then the scale factors are applied on the tesulting spe

—

cale factors.

wn

(%]

Step 1.

§.5.5.4.10 MS and complex prediction processing in IGF,

53.5.5.4.10.1 General

—

GF stereo coding is applied to CPEs where igflndependentTiling is zero and then repl
dhannel-wise decoding in subclause 5.5.5.4.8.

[trum as

h ISO/IEC 23003-3:2012, 7.3 with the scale factors of the empty bands being-processed likg regular

Note that, unlike described in ISO/IEC 23003-3:2012, 7.3, noise_offset is allowed to be non-zero (i.e.
cf[g][sfb] of an empty band can be adjusted by noise_offset) even-if noise_level equals z¢ro after

hces the

The IGF joint stereo tool is based on the joint stereo tool, the decoding after filling is done the same way,

ih comparison to independent patching’the residuals are transformed from the already |decoded

left/right values to the appropriate mid/side values for bands where joint stereo is active.

3.5.5.4.10.2 Helper elements

1]spec] ] Array containing the left channel spectrum of the respective chanpel pair.

1l spec] ] Array containing the right channel spectrum of the respective chgnnel
pair.

1]pMDCT_flatf4 Array containing the left channel whitened spectrum.

1 pMDCT flat[ ] Array containing the right channel whitened spectrum.

1|E;xr E Energies for the current subband, for the left and right |channel
I CD}JCbtiVCl)’.

Ligf sN[], r_igf sN[ ] vectors containing information on energies per scalefactor which have
been not quantized to zero, for the left and right channel respectively.

Ligf pN[ ], r_igf pN[ ] vector containing information on energies per scalefactor which will be
copied from the source tile range, for the left and right channel
respectively.

_sb, r_sb current IGF source subbands, for the left and right channel respectively.
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l_val, r_val left and right spectral values for the current IGF subband.

sfb_per_ms_band

SFB_PER_PRED_BAND Number of scalefactor bands per complex prediction band, equal to 2.

dpcm_alpha_q_re[ ][] Differentially coded real part of prediction coefficient of group

scalefactor band sfb.

alpha
5.5.5.

The de

Part 1}

Equal
ISO/IE

Part 23

Equal 10 the inverse quantization of the complex prediction coefficients as in ISO/IEC 23003-3:201

subcla
Part 3

If IGF i
shall bg

IGF_sf
if

_;[[ T Tedl O Magimary parts of prediction coefficients:

.10.3 Decoding process
roding of MS and complex prediction is divided into 3 parts as follows.

Decoding of prediction coefficients

0 23003-3:2012, subclause 7.7.2.3.2.

Inverse quantization of prediction coefficients

se 7.7.2.3.3.
IGF apply joint stereo process

5 used in a joint stereo manner (igfiIndependentTiling is false) the following calling sequen
e applied:

ereo (num_window groups, num wihdows, group len) {
lisShortWindow && igfUseWhitenming)

f apply whitening (1 specs\} pMDCT flat);

jf apply whitening (r_ specy”r pMDCT flat);

- wa = 0;
(g = 0; g < num (window groups; g++) {
[igf sN = {0};
[igf sN = {0}¢
[1gf_pN = [ON)
[19f_pN =10}
r (w =0y w < group len[g]; wt++) {
IGFsCalc stereo(wg, group len[g], 1 nfSeedl, r nfSeedl);
Wg+d7

to the decoding of the complex prediction coefficients, but only for-the real part as |i

al [EAY L

fo L ul L 1 !
E= T \S A group_toirtg Ty W7 T

}
}
}

IGF apply stereo(wa, 1 nfSeed2, r nfSeed2);
wat+;

Number of scalefactor bands per M/S band, dependent on igfUseHighRes.

2

2,

The initial value of the pseudo-random noise seeds 1_nfSeed1 and I_nfSeed?2 as well as the initial values
of r_nfSeed1 and r_nfSeed2 shall be equal in order to synchronize the pseudo-random noise generator
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between IGF_calc_stereo() and IGF_apply_stereo() for the first channel and for the second channel
respectively.

IGF_calc_stereo() is used to compute the value sets igf_sN and igf_pN respectively. The subroutine
get_IGF_sb() is specified in subclause 5.5.5.4.6. Please note that igfCurrTileldx[0] is a vector of length 4,
describing the current tile indices of channel 0, and igfCurrTileldx[1] is a vector of length 4 too,
describing the current tile indices of channel 1 of the actual CPE element.

IGF calc_stereo(w, group len, 1 nfSeedl, r nfSeedl) {

igfInc = igfP;

if (isShortBlock) igfInc = 1;

for (sfb = m igfStartSfb; sfb < m igfStopSfb; sfb+=igfInc) {

width = (swb_offset[MIN(sfb + igfInc, m igfStopSfb)] - swb offset[sfh});
rE=0; 1E-=0;
for (bin = 0; bin < width; bin++) {

+= 1 spec[w] [tb] * 1 speclw][tb];

E

r

tb = swb offset[sfb]+bin;

1

r += r spec([w] [tb] * r spec[w] [tb];

E
_E
}

1 igf sN[sfb] += 1 E/group_ len;
r igf sN[sfb] += r E/group len;

rE=0; 1E-=0;
for (bin = 0 ; bin < width ; bin++) {
tb = swb_offset[sfb]+bin;
1 sb = get IGF sb(igfCurrTileIdx[0], tb)g
r sb get IGF sb(igfCurrTileIdx[1], tb)
1 val = 1 spec(w] [l sbl;
r val = r spec(w][r_ sb];
if (!isShortWindow && igfUseWhitening) {
1 tileldx = get IGF tile idx(tb)7
if (1_igf WhiteningLevel[l tdiveIdx] == 0) {
1 val = 1 pMDCT flat([w] [& sb];
}
if (1 _igf WhiteningLevel(l tileIdx] == 2) {
1 val = randomSigm(h'nfSeedl) *pow(2,21) ;
}
r tileldx = get JGF tile idx(tb);
if (r_igf WhiténingLevel[r tileldx] == 0) {
r val = r pMDCT flat([w] [r_sb];
}

if (r_igf-WhiteninglLevel[r tilelIdx] == 2) {
r val= randomSign (r nfSeedl) *pow (2, 21);
}
}
if (mS used[g] [sfb] || cplx pred used[g][sfb]) {

tmp = 1 val;
1 val = 0.5 * (tmp + r val);
r val = 0.5 * (tmp - r val);
}
if (1 _spec[w][tb] == 0) {
1 E+=1val * 1 val;
}
if (r_spec(w] [tb] == 0) {
r E += r val * r val;

}
}
1 igf pN[sfb] += 1 E/group_ len;
r igf pN[sfb] += r E/group len;
}
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IGF_apply_stereo will fill spectral gaps with previous calculated values:

IGF apply stereo(w, 1 nfSeed2, r nfSeed2) ({
igfInc = igfP;
if (isShortBlock) igfInc = 1;

for (sfb = m _igfStartSfb; sfb < m igfStopSfb;

width = (swb_offset [MIN(sfb + igfInc, m igfStopSfb) ]

[eal
|

= 1 igf curr[sfb];
r igf curr[sfb];
= 1 igf sN[sfb];

[
Q. O
&

[

0]

sfb += igflInc) {
- swb offset[sfb]);

)
= b=
Il

r igf sN[sfb];

1 igf pN[ch][sfb];

= r igf pN[ch] [sfb];

(1 dE*1 dE) * width - 1 sN;
(r dE*r dE) * width - r sN;

s}
=2

mN
N

STt
is]
=z

([} Il

if (I mN > 0 & 1 pN > 0) {

1 gn = min (10, sgrt(l mN/1 pN));
} lelse {
1l gn = 0;

iff (r mN > 0 && r pN > 0) {

r gn = min (10, sqrt(r_mN/r_pN));
} lelse {

r gn = 0;
}
fdr (bin = 0; bin < width; bin++) {

tb = swb_offset[sfb]+bin;
1 sb= get IGF sb(igfCurrTileIdx[0], tb);
r sb= get IGF sb(igfCurrTileIdx[1l], tb);
1 val = 1 spec(w] [l sb];
r val = r spec(w][r_sb];
if (!isShortWindow && igfUseWhitening) ({
1 tilelIdx = get IGF tile idx(tb);
if (1 _igf WhiteningLevel[l tileldx] == 0) {
1 val = 1 pMDCT flat[w] [1l¢ssD];
}
if (1 _igf WhiteningLevel [¥ tileIdx] == 2) {
1 val = randomSign (I\nfSeed2) *pow(2,21);
}
r tilelIdx = get I@F,tile idx(tb);
if (r_igf WhitemingLevel[r tileIdx] == 0) {
r val = r pMDCT flat[w] [r_sb];
}
if (r_igf WhtteninglLevel[r tilelIdx] == 2) {
r val €~randomSign (r nfSeed2) *pow (2,21);
}
}
if (msvused[g][sfb] ||
tmp = 1 val;

cplx pred used[g] [sfb]) {

D val = 0.5 * (tmp + r val);
r val = 0.5 * (tmp - r val);
}
if (1_spec[w][tb] == 0) {

1 spec(w] [tb] = 1 gn * 1 val;

if (r_spec[w] [tb] == 0) {
r spec(w] [tb] = r gn * r val;
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After the filling process, the upmix is now applied from subband swb_offset[m_igfStartSfb] to subband
swb_offset[m_igfStopSfb] as specified in ISO/IEC 23003-3:2012, 7.7 replacing pred_dir by igf_pred_dir
if prediction is active. Note that since only real prediction is used, no MDST has to be generated for

these bands.
5.5.5.4.11 Temporal noise flattening in IGF

If igfApplyTNF is 1, the reconstructed signal by IGF is temporally flattened in the frequency

domain.

The temporal noise flattening (TNF) is performed in a frequency-selective manner. The selection of the

spectral contents to be temporally tlattened 1s achieved by comparing the quantized MDCT cog
with 0. The contents whose coefficients are quantized to 0 are selected.

doefficients which are similarly generated to the filled coefficients by IGF:

pMDCT[w][th] »if PMDCT pefore[wllth] = O

PMDCTieomp W[tb] = {gn - val Jif abs(pMDCT yefope[Wl[th]) > 0

<

there pMDCTpefore[w][th] are the quantized MDCT coefficients, pMDCT[w][th] are the
oefficients after applying IGF, and gn and val are obtained by.the same manner as de
GF_apply_mono() and IGF_apply_stereo(), see subclause 5.5.5,4.8:

—_—

oy

fterwards the linear prediction of the MDCT coefficients pM DTy, [W][th] is performed in
btain the temporally flattened MDCT coefficients @M DCT,¢[w][tb] according to the fi
Itering:

-, O

M
pMDCTtnf [w][th] = pMDCTtemp [wl[tb] + Z idfonf (m) - pMDCTtemp [w]th —m]

m=1

<

fhere M is equal to 8. The required linear prediction coefficients a;,¢rnf(m) are derived as d
h the following three steps:

—-

—  First, for each TNF subdivisions sDiv the normalization factors tnf,,,,m (sDiv) are calculate]

tnf pnd(sDiv)
tnfyorm (SDiV) = Z PMDCTyopy, [W][tb]?, sDiv = 0, ..., 2

tb=tnfpgn(sDiv)

where the TNF start and stop bands for each subdivision are defined as:

sDiv
TJ,sDiv =0,..,2

tnfBgn(SDiv) = linggn + (ingnd - inggn) '

. | . . sDiv + 1| .
tnfr.qa(sDiv) = meDg” + (igfons— lafpgﬂ .TJ sDiv=20 2

fficients

Ih order to maintain the significant MDCT contents, they are temporarily replaced-by the MDCT

MDCT

fined in

order to
bllowing

escribed

— Second, the windowed normalized autocorrelation 7, of the MDCT spectrum in the TNF range is
computed if the normalization factor tnfy,,m (SDiv) exceeds the given threshold. The following

pseudo code describes this process.
tnfAcfWindow[8] = {
0.997803, 0.991211, 0.980225, 0.964844,
0.945068, 0.920898, 0.892334, 0.859375}

threshold = 0.0000000037252902984619140625;
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for (sDhiv = 0; (sDiv < 3) && (tnfNorm[sDiv] > threshold); sDiv ++) {
rxx[0] = 3;
for (lag = 1; lag <= 8; lagt++) {
rxx[lag] = 0;
}
for (lag = 1; lag <= 8; lagt++) {
acc = 0;
for (tb = tnfBgn(sDiv); tb < tnfEnd(sDiv) - lag; tb++) {
acc += pMDCTtemp[tb] * pMDCTtemp[tb + lag];
}

rxx[lag] += 1 tniNorm(sDiv) * tnIiAciWindow|[lag - 1] * acc;

(g

— Thlfird, the windowed normalized autocorrelation values, 7;.,, are used in order to finally calculgte

the linear prediction coefficients (LPC) @;grrn s (m) by solving the set of equationsgiven by:
M

Z aingnf(m) T(ll—m|) = -1, (@), i=1,...M

m=

Thiis set of equations is solved using the Levinson-Durbin recursion given by the following pseuflo

cofle.
pMemoyy = &memory[8]
for (i = 0; 1 < 8; i++) {
memdry[i] = rxx[i];
pMenory[i] = rxx[i+1];

}

for (i = 0; i < 8; 1i++) {
tmp [= 0;
if (memory([0] >= 1 / 65536) {
tnp = -pMemory[i] / memory[0];
}

tmp | MIN(0.999, MAX(-0.999, tmp)):
parJoeff[i] = tmp;

for |(J = 1i; J < 8; Jj++) {

k = pMemgry{j] + tmp * memory[]j - 1i];
mgmory[j - 1] += tmp~* pMemory[j];
pMemory [ 7] = k;
}
}
al[0] 4 1.0f;
al[l] H parCoeff[0];
for (i =A1X 1 < 8; i++) {
for |(§9= 0; J < (i >> 1); J++) |
tmp = alj F L1,
alj + 1] += parCoeff[i] * a[i - 1 - 3 + 11;
ali -1 -3 + 1] += parCoeff[i] * tmp;
}
if (14 & 1) |
alj + 1] += parCoeff[i] * al[j + 11;
}
ali + 1] = parCoeffl[i];

The final solution for the LP coefficients is then given as:
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aigrrnr(m) = a(m), m=0,..,M -1

5.5.5.4.12 IGF core rescaling

If IGF is used in TCX mode, i.e. fullbandLpd is equal to 1 and the current frame is LPD/TCX coded, the
decoded IGF levels are used for rescaling the MDCT coefficients in the IGF range. This process mimics

the quantization noise adjustment described in 4.6.2 in ISO/IEC 14496-3:2009 for the TCX core

coder.

After decoding the IGF levels as described in subclause 5.5.5.4.4, for each IGF scalefactor band the

dorresponding IGF level stored in 1gf_curr| ] 1s multiplied on the MDCT coellicients of the TCX.S
df the current frame:

flor (tile = 0; tile < nT; tile++) {
for (sfb = m igfStartSfb; sfb < m igfStopSfb; sfb++)
width = (swb_offset[MIN(sfb + 1, m igfStopSfb)] - swb offsetfsfb]);
for (bin = 0; bin < width; bin++) {
tb = swb offset[sfb]+bin;
PMDCT [tb] *= igf curr[sfb];

As TCX does not support grouping of windows, i.e. num_windowss 1, the window index w is alv
5.5.6 Audio pre-roll

3.5.6.1 General

he AudioPreRoll() syntax element is used to transniit audio information of previous frames al
he data of the present frame. The additional audio data can be used to initialize the decoder pr
ipeline (pre-roll), thus enabling random;.access at stream access points (SAP) that mak
udioPreRoll(), seamless transition between different codec configurations including bitrate adg

o T S |

oY

n mpegh3daExtElement() with the usacExtElementType of ID_EXT_ELE_AUDIOPREROLL shall
b transmit the AudioPreRoll().

—t

5.5.6.2 Semantics

pectrum

vays 0.

bng with
pcessing
e use of
ptation.

be used

donfigLen Size of the configuration syntax element in bytes.

(onfig() The decoder configuration syntax element. In the context of this standard this
shall be the Mpegh3daConfig() as defined in subclause 5.2.2.1. The |Config()
field may be transmitted to be able to respond to changes in the audio
configuration (e.g. switching of streams).

numPreRollFrames The number of pre-roll access units (AUs) transmitted as audio pre-foll data.
Typically, a value of 1 is signalled for initializing inverse transform filterbanks
of the core decoder and the renderers.

aulLen AU length in bytes.

AccessUnit() The pre-roll AU(s).

applyCrossfade If this flag is set to 1, a linear crossfade shall be applied in case of
configuration change, as defined in subclause 5.5.6.3.3.
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apr_reserved reserved bit shall be zero.

NOTE

The pre-roll data carried in the extension element can be transmitted “out of band”, i.e. the buffer
requirements might not be satisfied.

In order to use AudioPreRoll() for both random access and seamless configuration changes the
following restrictions apply.

The first element of every frame shall be an extension element (mpegh3daExtElement) of type

ID [EXTEEE AUDTOPREROLL:
The corresponding mpegh3daExtElement() shall be configured as specified in Table 85.

C
sequence:

]

hsequently, if pre-roll data is present, this mpegh3daFrame() shall start with the following

—| “1”: usacIndependencyFlag;
—| “1”: usacExtElementPresent (referring to audio pre-roll extension element);
—| “0”: usacExtElementUseDefaultLength (referring to audio pre-roll extension element).

If | no AudioPreRoll() is transmitted, the extension paylodad) shall not be prese
(ugacExtElementPresent = 0).

The pre-roll frames with index “0” shall be independently decodable, i.e. usacIndependencyF]
shall be set to “1”.

To| enable seamless configuration changes and bitrate.adaptations the involved bitstreams sh
haye the element receiverDelayCompensation set terone.

Table 85 — Setup of mpegh3daExtElementConfig() for AudioPreRoll()

Bitstream Field Value
usacExtElementType ID_EXT_ELE_AUDIOPREROLL
usacExtElementConfigLength 0
usacExtElementDefaultLengthPresent 0
usacExtElementPayloadFrag 0

5.5.6.3] Decoding process

5.5.6.3.1 General

This syibclause deseribes the decoding process for both random access/immediate play-out a
configyration changes including bitrate adoption scenarios.

5.5.6.3|2 Random access and immediate play-out

bit

nt

all

Random “atcess and immediate play-out is possible at every frame that utilizes the AudioPreRol
structure as specified in this subclause. The following pseudo-code describes the decoding process.

10

if (usacIndependencyFlag == 1) {
if (usacExtElementPresent == 1) {

122

/* In this case usacExtElementUseDefaultLength shall be 0! */
if (usacExtElementUseDefaultLength != 0) goto error;

/* parse over length information and discard */
getmpegh3daExtElementPayloadLength () ;
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/* Check for presence of config and re-initialize if necessary */
int configlLen = getConfigLen();
if (configLen > 0) {

config ¢ = getConfig(configlen);

ReConfigureDecoder (c) ;

}

/* Get pre-roll AUs and decode, discard output samples */
int numPreRollFrames = getNumPreRollFrames();
ror (auldx = 0; auldx numPreRollFrames; auldx++)

int aulen = getAulen();

AU nextAU = getPreRollAU (aulen) ;

DecodeAU (nextAU) ;

/* outSamplesFrame are discarded */

}

* Internal decoder states are initialized at this point. ,Comtinue normal
decoding */

§.5.6.3.3 Configuration change and bitrate adaption

If receiverDelayCompensation==1 the AudioPreRoll() structure as specified in this subclaus
used to enable seamless configuration changes and bitrate-adaptions. The decoding process is §
Helow.

If a configuration change is detected by the decoder the following steps shall be applied. No
donfiguration (and thus a configuration change)>may be signalled to the decoder either b
mpegh3daConfig() element (e.g. in an MHAS;-packet of type PACTYP_MPEGH3DACFG) or wi
AudioPreRoll() structure.

—+ Flush the internal decoder states and buffers for the core decoder and renderi
(FlushDecoder () ) by decoding hypothetical access units composed of all zero samples. §
resulting output samples (outSamplesFlush) in a temporary buffer. The number of]
samples (numSamplesElushed) shall equal the core decoder and rendering path delay.

+ Re-initialize the decader with the new configuration.

+ Decode and render all contained pre-roll AUs and discard the resulting rendered samplg
mixer.

+ Decode andvrender the current AU and following AUs and store the resulting output
(outSsaniplesFrame). Discard the first numSamplesFlushed samples of outSample
Afterrdiscarding, the first remaining sample in outSamplesFrame is the first valid decq
rendered sample.

019(E)

e can be
pecified

e that a
y a new
thin the

hg path
tore the
flushed

s at the

samples
sF'rame.

ded and

-+ During startup of the reinitialized decoder feed samples from the temporary

buffer

(outSamplesFlush) into the post-processor. Note that due to the constant decoder delay
enforced by receiverDelayCompensation==1 the temporary buffer will cover exactly the startup
phase of length numSamplesFlushed until valid samples from the reinitialized decoder will

arrive at the mixer.

— After the startup of the reinitialized decoder feed samples from the reinitialized
(outSamplesFrame) into the post-processor.

— In case applyCrossfade is set to 1 and the mixer operates in the time domain, an addition

decoder

al buffer

of 128 samples (crossfadeFlush) shall be flushed in the FlushDecoder () call. The

© ISO/IEC 2019 - All rights reserved

123


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

Cr

ossfadeFlush buffer shall be used for a 128 sample linear crossfade between
crossfadeFlush and the first 128 valid samples of the reinitialized decoder arriving at the
mixer:

/* Apply crossfade */
if (applyCrossfade) {

for(i = 0; i < 128; i++){
outSamples[i] = crossfadeFlush [i] * (1-1/127) +
outSamplesFrame[i] * (i1/127)

5.5.7
5.5.7.1

In the

To adjy
a time-
proces
addres
decodil

Fullband LPD

Tool description

fs,TCX =2 fs.ACELP

ng of fullband LPD and related changes in decoding with eXisting tools.

fullband LPD mode, the ACELP core mode (see ISO/IEC 23003-3:2012, 7.14} i) operated at h
the sanmppling frequency of the MDCT based TCX core mode (see ISO/IEC 23003-3;2012, 7.15), i.e.

st the output signals at different sampling frequencies, the ACELR ‘eutput is upsampled applyi
domain resampler. The missing bandwidth ranging from fsacgip/2 to fsrcx/2 in case of ACE
bing in comparison to TCX in combination with enhanced noise filling (see subclause 5.5.7.8.5)
sed by the time-domain bandwidth extension (see subclause)5.5.8). This subclause describes t

alf

ng
LP
is
he

1.

5.5.7.2) Data elements

fullbandLpd this flag signals the usage of the fullband LPD tool.

window_shape window shape of the current subframe.

5.5.7.3] Helper elements

fsex sampling rate of the fullband TCX.

fsaceLp sampling rate of the ACELP.

Ig number of spectral coefficients of the current TCX subframe.

rl[ ] TCX noise generation flag array, contains only the values 1 and 0.

rr[ ] reconstructed spectrum.

x[ ] output of the IMDCT.

nfBgn subband index; this index indicates the start of the TCX noise generatio1
nfEnd subband index; this index indicates the stop of the TCX noise generation.
g re-scaling gain factor.

ZTCX,FB time-domain output of TCX sampled at fs rcx.

ZTCX,LB time-domain output of TCX sampled at fs acerp.

ZACELP time-domain output of ACELP sampled at fs acgrp.

ZouT mixed time-domain output sampled at f;rcx.
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decoded windowed time domain signal of the fullband TCX @ f;tcx.

decoded windowed time domain signal of the fullband TCX @ f; acgrp.

5.5.7.4 Framing

In case of fullband LPD coding, i.e. fullbandLpd is equal to 1, long TCX frames correspond to
coreCoderFrameLength samples @ fsrcx and medium TCX frames correspond to
coreCoderFrameLength/2 samples @ fsrcxe. For ACELP, the standard frame size of
careCoderFramel Pngfh/él- Qnmp]pc @ f; acpre-as described in IQ()/IF‘(‘ 23003-3:2012_7 14 is used, while
goreCoderFrameLength=1024 is fixed. Possible frame combinations within one superframe@rg shown
ih Figure 17.

ACELP ACELP
256 @ fsaceLp 256 @ fs aceLp
ACELP medium TCX
256 @ fsacerp 512 @ fs 7cx
medium TCX ACELP
512 @ fs 7cx 256 @ foncerp
medium TCX medium TCX
512 @ fs 1ex 512 @ fs 7ex
long TCX
1024 @ s rox

' coreCoderFramelength '
Figure 17 — Possible frame combinations in fullband LPD within one superframe|

§.5.7.4.1 Mode coding

[l

h case of fullband KPD; i.e. fullbandLpd is equal to 1, the Ipd mode coding is the same as des¢ribed in
50/1EC 23003-3¢2012, 6.2.10 while one “superframe” consists of only two frames instead of fpur. Due
b this, the definitions in ISO/IEC 23003-3:2012, Table 89 are replaced with those in Table 86.

— —

Table)86 — Mapping of coding modes for Ipd_channel_stream() in case of fullband LPD

meaning of bits in bit-field Ipd_mode rme(r)r(llaHl::g ies
Ipd_mode bit 2 bit1 bit 0
0.3 0 mod|[1] mod|[0]
4 1 0 0 mod[1]=2
mod[0]=2
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In case of fullband LPD, as there are only two frames, coding mode 3 is not applicable, thus the
definitions in ISO/IEC 23003-3:2012, Table 92 are replaced with those in Table 87.

Table 87 — Coding modes indicated by mod| ] in case of fullband LPD

Value of . . Bitstream
Coding mode in frame
mod[x] element
0 ACELP acelp_coding()
1 medium TCX (ccfl/2) tcx_coding()
2 long TCX (ccfl) tcx_coding()

In casg of fullband LPD, as there are only two frames, coding mode 3 is not applicable, thus the
definitions in ISO/IEC 23003-3:2012, Table 148 are replace with those in Table 88.

Table 88 — number of spectral coefficients as a function ofimod[] and
coreCoderFrameLength (ccfl)

Value of Number lg qf spectral 7L L M R 7R
mod|x] coefficients

1 ccfl/2 0 ccfl/2 0 ccfl/2 0

2 ccfl ccfif4 | ccfl/2 | ccfl/2 | ccfl/2 | ccfl/4

5.5.7.5 TD resampler

The time-domain (TD) resampler is used te, upsample the time-domain output of ACELP (see
ISO/IEC 23003-3:2012, 7.14) and the forward aliasing cancellation tool (see ISO/IEC 23003-3:2012,
7.16) Yy the factor of 2, in order to bring the output to the same sampling rate as the fullband MDLCT
based TCX output.

Every P samples of the time-domain input signal are separated by a zero-valued sample to form a
sequenfce with a sampling fréquéency (fsou;) Which is increased by the factor of 2 compared to the
sampling frequency of the (input signal (fsin = fsou/2). Subsequently, the upsampled sequence syp|is
filtered using an FIR interpolation filter of length N given by the symmetric filter coefficients bx in Talle
89 to form the time-demain output signal s.u for each sample of index i by:

N-1

Soue() = Y By (1= 1)
k=0

The regampler introduces a delay of 30 samples at f; ,,;: to the upsampled signal s_,;.

Table 89 — Interpolation filter coefficients by

k bk

30 1
29,31 0,634 876 04
28,32 0
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k bk
27,33 -0,207 013 53
26, 34 0
25,35 0,118 794 87
24,36 0
23,37 -0,079 265 75
22,38 0
21,39 0,056 156 42
20, 40 0
19,41 -0,04 070 711
18,42 0
17,43 0,029576 17
16,44 0
15, 45 -0,021 220 66
14, 46 0
13,47 0,014 831 15
12,48 0
11,49 0,009 939 03
10,50 0
9,51 0,006 248 19
8,52 0
7,53 -0,003 55476
6,54 0
5,55 0,001 705 82
4,56 0
3,57 -0,000577 01
2,58 0
1,59 0,000 060 13
8,60 8

5.5.7.6 LPCfilter

Yet, as there are only 2 ACELP frames per superframe in case of fullbandLPD, the maximum number of
LPC-filters to be present within 1 superframe changes from 5 to 3. The LPC-filters LPC2 and LPC3 are
not used, while the remaining LPC-filters correspond to LPCO, LPC1 and LPC4. Thus, in case of
fullbandLPD, the conditions of presence of LPC-filters are defined according to Table 90, and possible
quantization modes are defined according to Table 91.
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Table 90 — Conditions for the presence of a given LPC filter in the bitstream in fullbandLPD

LPC filter Present if

LPCO first_lpd_flag=1

LPC1 mod[0]<2
LPC4 always
Table-91 Allowed-absolute and relative qnanfivafinn mnﬂnc, rnrrncpnnr‘linn bitstream

signaling of mode_lpc and coding modes for codebook numbers nk

l;(:ts ; tl:l Present if Filter Quantization mode mode_lpc Bé::g:;y m’:)l;le
1 always LPC4 Absolute 0 (none) 0
Absolute 0 0 0
2 first Ipd_flag=1 | LPCO
Relative to LPC4 1 1 3
Absolute 0 10 0
3 mod[0]<2 | LPC1 ?&{%%‘fig’c )2+ i 11 1
Relative to LPC4 2 0 3
a  |In this mode, there is no second-stage AVQ quantizer.

5.5.7.7| ACELP decoding

In case|of fullband LPD, i.e. fullbandLpd is equal to-1, ACELP is decoded and processed as described|in
ISO/IEC 23003-3:2012, 7.14. Subsequent to theyACELP synthesis and prior to writing it to the outgut
buffer, the ACELP output is upsampled by the factor of 2 using the time-domain resampler described|in
subclaygse 5.5.7.5. The TD resampler is-initialized by filtering previous samples to enable delaylgss
upsamling.

5.5.7.8 TCX decoding

5.5.7.8.1 TCX frequency band offset tables

For thq noise filling, intelligent gap filling, and temporal noise shaping algorithms applied in the MDCT
based TCX, a vectoryswb_offset_tcx[] of frequency band offsets (i. e. indices of spectral bins representing
frequency band_borders) is required. Identically to 8-short-window FD channels and frames coded
using Wwindowssequence == EIGHT_SHORT_SEQUENCE, these TCX band offsets are based on the
sampling-rate-dependent swb_offset_short_window][] values defined in ISO/IEC 14496-3:2009, Tables
4.130 to4.141. In the context of TCX decoding the frequency band offset tables shall be extended s

that  Swh-offsetshorthram—swb witrdowl—eetats—hs re efrgth—¢

EIGHT_SHORT_SEQUENCE, e.g. 128.

Cro Ocra cl AV roOvw =4 O

The swb_offset_tcx[] vector for a given TCX window is determined using value Ig from Table 88:
swb_offset_tcx[i] = swb_offset_short_window(i] - f(Ig),i=0, 1, 2, ..., num_swb_short_window,

where f(lg) =g / 128, with Ig being based on vector mod| ] defined according to Table 53 in 5.2.3.2.
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5.5.7.8.2 TCX noise generation

The noise filling in MDCT based TCX is applied as described in ISO/IEC 23003-3:2012, subclause 7.15.3.
However, the noise filling start index, lg/6 and stop index, 1g are modified as follows if fullbandLpd ==
1.

A run of 8 non-zeros is detected according to the following pseudo code, where nfBgn and nfEnd
depend on fullbandLpd and enhancedNoiseFilling and, in case of the latter, the swb_offset_tcx bin
index array:

if (fullbandLpd) {

nfBgn = (lg/6) & 2040;

nfEnd = enhancedNoiseFilling ? igfBgn : 1lg;

nfEnd = min(nfEnd, min(lg, swb_offset tcx[max sfb]));
| else {

nfBgn = (lg/6);

nfEnd = 1lg;

flor (1 = 0; i < nfBgn; i++) {
rl[i] = 1;

flor (i = nfBgn; i < nfEnd; 1 += 8) {
int k, maxK = min(nfEnd, i+8);
tmp = 0;
for (k = i; k < maxK; k++) {
tmp += x tcx invquant[k] * x tcx inv@uant[k];

}

if (tmp != 0) {
for (k = i; k < maxK; k++) {
rl[k] = 1;
}
} else {
for (k = i; k < maxK;. kK¥+) {
rl(k] = 0;

}
}

§.5.7.8.3 Adaptive'low-frequency de-emphasis

he purpose/of the adaptive low-frequency emphasis and de-emphasis (ALFE) processes is to improve
he subjective performance of the frequency-domain TCX codec at low frequencies. To this end,the TCX
pw-frequency MDCT spectral lines are amplified prior to quantization in the encoder, |thereby
ctedsing their quantization SNR, and this boosting is reversed prior to the inverse MDCT operation in
Te decoder:

- = — o~ 3

The ALFE operates on the spectral lines in vector x[] directly after the above-noted inverse quantization,
noise filling and if enabled, frequency-domain prediction (i.e. x[] represents either the x_tcx_invquant([]
or outputSpecCurr([]). If both fullbandLpd and enhancedNoiseFilling are zero the conventional ALFE
algorithm, described as a four-step “de-shaping” procedure in ISO/IEC 23003-3:2012, 7.15, is applied.

Otherwise, the ALFE operates based on the LPC frequency-band gains, IpcGains[], which are derived
from the gains g1 and g2 used for FD noise shaping, as defined in ISO/IEC 23003-3:2012, 7.15, by:
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IpcGains[k] = sqrt(g1[Kk] * g2[k]), i. e. the geometric mean of g1 and g2 at each index k.

The ALFE decoding is achieved as follows. First, the minimum and maximum of the first nine gains - the
low-frequency gains - are found using comparison operations executed within a loop over the gain
indices 0 to 8., i.e. over IpcGains[i] with i =0, 1,.., 8. Then, if the ratio between the minimum and
maximum gain values exceeds a threshold of 1/32, a gradual lowering of the lowest lines in x is
performed such that the line at index 0 is attenuated by (max/(32 - min))%25 and the line at index
alfeLength is not attenuated:

alfelgngth = lg 87
tmp =32 * min;
if ((max < tmp) && (tmp > 0)) {
fac|= tmp = pow(max / tmp, 1/(4 * alfeLength));
/* ¢gradual lowering of lowest alfelength lines: */
for| (i = alfelength-1; 1 >= 0; i--) {
x|1] *= fac;
fac *= tmp;
}
}

5.5.7.8.4 MDCT domain rescaling in TCX

In MD(T based TCX coding, the reconstructed spectrum rr[] is fed into an inverse MDCT. The ndn-
windowed output signal, x[], is re-scaled by the gain, g, obtained by an inverse quantization of the
decoded global_gain index as described in ISO/IEC 23003-3:2012, 7.15.3. If fullbandLpd is equal to|1,
the reqcaling of the spectrum is performed in the MDCT«domain. The stop index of the core coder
rescaling depends on enhancedNoiseFilling:

rsEnd|= enhancedNoiseFilling ? min(lg, igfiBgn) : lg;
rr[i]|= rr([i]lg; 1 =0 .. rskEnd - 1

5.5.7.8.5 Enhanced noise filling in TCX

In MD(T based TCX coding, enhanced noise filling is carried out by the intelligent gap filling (IGF) tqol
as desdribed in subclause 5.5.5 if enhancedNoiseFilling is equal to 1.

The IGF decoding process for{ each TCX spectrum is performed after the arithmetic decoding noise
filling dnd rescaling, but before the de-shaping is applied to the spectrum.

5.5.7.8.6 De-shaping

The spectrum de-shaping is applied to the reconstructed spectrum according to ISO/IEC 23003-3:2012,
7.15.3.|If fullbandLpd is equal to 1, the inverse FDNS operation consists in filtering the reconstructed
spectrum r[ijusing the recursive filter:

rrl11 — (11114l 11errl1 71 1 =0 1o /21
T =T =T =T

T T 7 T ) T

where a[i] and b[i] are derived from the left and right gains g1[k], g2[k] using the formulae:

ali]l = 2-gllk]l-g2[k]/(gll[k]l+g2[k]),
bli] = (92([k]-gl(k])/(gllk]l+g2[k])

In the above, the variable k is equal to i/(lg/M) to take into consideration the fact that the LPC
spectrums are decimated, where M=coreCoderFrameLenght/16.
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The spectral coefficients between lg/2 and lg are filtered by holding the last calculated filter

coefficients:

rr(i] = al[il'r[i]l+b[i]-rr[i-1], i = lg/2 ... 1lg-1,

where a[i] and b[i] are derived from the left and right gains g1[M-1], g2[M-1] using the formulae:

ali] = 2-g1[M-1]-g2[M-
b[i] = (g2[M-1]-gl[M-

1/(gl[M-1]+g2[M-1]),

1
11)/ (gl [M-1]1+g2[M-1])

.5.7.8.7 Temporal noise shaping in TCX

Ih MDCT based TCX coding, temporal noise shaping (TNS) is applied as in short-block’ED cha
annels and frames with window_sequence==EIGHT_SHORT_SEQUENCE) and follows the b
syntax and description specified in ISO/IEC 23003-3:2012, 5.3.2 and 7.8. If tns_data_present 3

The TNS decoding (i.e. synthesis filtering) process for each TCX spectrum is performed 3
arithmetic decoding, noise filling, frequency-domain prediction and enhanced noise filling ;
referenced in ISO/IEC 23003-3:2012, 7.8 and, in case of intelligent gap filling with
subclause 5.5.5.4.5. The only difference is that the swb_offset=short window[] values empl
frequency band restriction of the TNS filtering process are multiplied with a factor f{mo
described in subclause 5.5.7.8.1.

(& |

.5.7.8.8 Inverse MDCT in TCX

he reconstructed spectrum rr[] is fed into an ihverse modified discrete cosine transform (IM
btain the non-windowed time domain output signal x[] as described in ISO/IEC 230
nllbandLpd is equal to 1, it is necessary to ‘perform two independent IMDCTs, one for the fullb|
utput z_fb[] and one for the down-sanipled lowband TCX output z_lb[] which will be later
hitializing the ACELP core. The downtsampling by the constant factor of 2 is achieved by app
MDCT of half the length of the regular IMDCT, i.e. by applying an IMDCT of length Ig/2.

== 0 = o -3

§.5.7.8.9 TCX windowing

[l

h case of fullband LPD, i.e! fullbandLpd is equal to 1, the windows applied to the TCX frames
he transform and aftér inverse transform are depicted in Table 92.

—

Table 92 — Window shapes for TCX frames in fullband LPD

els (i.e.
itstream
- 0 for a

iven Ipd_channel_stream(), a single-window instance of tns_data() is read for'each TCX spectrum.

fter the
teps, as
TTS, in
byed for
1[Kk]), as

DCT) to
03-3. If
and TCX
used for
lying an

prior to

Frame Window shape (schematic)
P
medium TCX ~ 1 [ S
>

coreCoderFramelength/2 fs]TCX
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< »

long TCX = >
coreCoderFramelength % fs] %

However, when switching from or to FD mode, the TCX windows are aéﬁapted in fullband LPD mode, i.e.

fullbandLpd is equal to 1, while the windows for the FD core remain the same. The TCX transitions
window chnpnc are crhﬂmafir‘a”y dnpir‘fnd inTable 93 and Table 94

Table 93 — Transition window shapes of length N=1024 samples for medium TCX frames in
fullband LPD

Transition Window shape (schematic)

medium TCX >

LONG_STOP_SEQUENCE /
STOP_START_SEQUENCE I I

medium TCX >

EIGHT_SHORT_SEQUENCE

LONG_START_SEQUENCE /
STOP_START_SEQUENCE >

medium TCX

EIGHT_SHORT_SEQUENCE >

medium TCX

Table 94 — Transition window shapes of length N=1536 samples for long TCX frames in
fullband LPD

Transition Window shape (schematic)

longTCX >

LONG_STOP_SEQUENCE / | .
STOP_START SEQUENCE [ |

2

long TCX = - |

EIGHT_SHORT_SEQUENCE ' .

LONG_START_SEQUENCE /
STOP_START_SEQUENCE ->
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long TCX

EIGHT_SHORT_SEQUENCE > Lo

long TCX Lo

TAOW shape e described 1n 150 30033720

dlCUlatior ormuliae o 1€ W d d B
dccordance to the previous frame, the left slope of the window shape and according to therpré
indow_shape, the right slope of the window shape can either be a sine or a KBB‘\wind
indow_shape == 1, the window coefficients used for the IMDCT are given by the:-Kaise
derived (KBD) window, otherwise the sine window is employed (see ISO/IEC 230033:2012, 7.9

If the first access unit (AU) is in fullband LPD mode, i.e. fullbandLpd iscequal to 1, and
sjubframe within this AU is TCX coded, then the window_shape of the left lialf of this subframe
shall adopt the window_shape of the right half.

.5.7.9 Forward aliasing cancellation (FAC) tool

Ih case of fullband LPD, i.e. fullbandLpd is equal to 1, the ‘FAC tool is decoded as desd

P.3.2. In

sence of
ow. For
r-Bessel
3.2).

the first
window

ribed in

0/IEC 23003-3:2012, 7.16. Subsequent to the decoding arid)prior to writing it to the output buffer, the

dllow for delayless upsampling using the TD resampler:

flor (1 = 0; i < 2 * 1fac; i++) {
fac ext[15 + 1] = fac[il];
¥
flor (1 = 0; i < 15; i++ ) (
fac ext[15 - 1 - 1] 2 * facl[0] - fac[l + 1i];

fac ext[15 + 2 * 1lfael* 1] 2 * fac[2 * 1lfac - 1] - facl[2 * 1lfac - 2 - ]

@)

ubsequently the TD.tesampler is applied to the signal fac_ext as described in subclause 5.5.7
psampling the first 60 samples of the upsampled signal are discarded.

(et

o |

he different/eore coder sampling frequencies fsacerr & fsrex in case of fullband LPD nee
onsideredswhen determining the length of the FAC transform (fac_length) for decoding (f;4
britingtosthe output buffer (f5rcx):

< 0

ibed in

order to

17

.5. After

d to be
wELP) and

—

né-length = coreCoderFrameLength / 32 @ fiacevp if transitioning between ACELP and

IGHT_SHORT_SEQUENCES;

fac_length = coreCoderFrameLength | 16 @ fiace.p if transitioning from ACELP to
LONG_STOP_SEQUENCE or from LONG_START_SQUENCE to ACELP;

fac_length = coreCoderFrameLength / 8 @ f;ace.p if transitioning between ACELP and TCX;
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5.5.7.1

0 Post-processing of the synthesis signal

In case of fullband LPD, i.e. fullbandLpd is equal to 1, the post-processing of the synthesis signal is
performed as described in ISO/IEC 23003-3:2012, 7.17. While the control coefficient for the inter-
harmonic attenuation a and the post-filter gain gpr are determined based on the ACELP synthesis signal
before resampling (see subclause 5.5.7.7), the filtering is applied to the upsampled ACELP synthesis
output. In case of post-processing of transitions between FD mode to and from ACELP, the adapted FAC
area lengths shall be considered (see subclause 5.5.7.9). The bass-post filter is always enabled for
ACELP frames and FAC areas in case of fullband LPD, constantly changing the value of bpf_control_info

in ISO/IEC 23003-3:2012, Table 90 to bpf_control_info=1.
5.5.7.11 Coding mode switching
As desfribed in subclause 5.5.7.8.8, the MDCT based TCX decoder generates 2 time-domain outgut
signals|at sampling frequencies fsacer and fsrcx, respectively. The signal sampled at fsaceir is used |to
update|the ACELP memories to enable seamless transitions when switching between - MDCT based T{X
and ACELP.
To avold discontinuities, crossfading is applied as given by:
_ Nxfade —k
ZOUT[Nframe_Nxfade + k] = Zrcx,FB [Nframe_Nxfade + k] ' N + ZréxLB [Nframe_ xfade + k] ' N i
xfade xfad
fork =0,..,Nyraae T 1
and depicted schematically in Table 95 for switching from@MDCT based TCX to ACELP, and by:
N. -k
Zour[Kl|= Zrex ralk] - <N ) + Zrex,plk] - (%)
xfade xfade
fOT k = 0, ey Nxfade +1
and depicted schematically in Table 96*for switching from ACELP to MDCT based TCX, where N gmtis
the frame length of the TCX frame.dnsamples at f; rcx and Nyfqq. is the length of the crossfade range|in
samplds at f; rcx, which corresponds to the delay of the TD resampler (30 samples at f; rcx) described
in subdause 5.5.7.5.
Table’95 — Schematic depiction of switching from TCX to ACELP
Coding made TCX ACELP
Frame/index n-1 n
Fullband TCX output | . :
i
Upsampled lowband TCXand | = oo
ACELP output zove | Zacete |
|
Mixed fullband output ZOIUT |
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Table 96 — Schematic depiction of switching from ACELP to TCX

Coding mode ACELP TCX

Frame index n-1

Fullband TCX output

Upsampled lowband TCX and

A-CE-D ZACEIP
ACEEPOutput

Mixed fullband output

.5.8 Time-domain bandwidth extension

.5.8.1 General

—

his clause describes the decoding process of time-domain bandwidth extension (TBE). ']
ecoder tool is used to enable low bit rate coding of speech via the MPEG-H 3D audio codec’s |
br ACELP mode.

-

(& |

.5.8.2 Overview

igure 18 shows a high level framework of the TBE deceder. The input bitstream is de-multiple
ecoded by the MPEG-H 3D audio core decoder to produce the ACELP low band (LB) excitation
and synthesis. The TBE bitstream is parsed and.tli¢ parameters are passed to the TBE decod
he high band synthesis is performed using the TBE parameters and the harmonically-exten
and excitation signal.

lonll— NouloNiyyl

he synthesized high band is then up-sampled and spectrally flipped in the time-domain to ge
igh band component associated withthe final decoded audio. The low band is also up-samplé
ame sampling rate as the high band, and then mixed with the “delay-adjusted” high band comp
enerate the output. In particular, the low-band core decoder may exhibit more delay than
and processing, which wouldrequire that the high band is delayed accordingly before mixing
and such that the low band-and high band are time-aligned to avoid any artifacts.

O oo v = e

019(E)

'"he TBE
PD path

xed and
and low
ing tool.
led high

nerate a
ed to the
onent to
the high
ith low
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5.5.8.3

Figure
bitstre
decodi

3D aud
modulg

TBE I | High bar?d
) I | synthesis
bitstream | TBE |
I decoding I f/ah2
I I
: + HE LBlexcitation
| | Resampler,
| Nonlinear | LB/HB Output
| | modeling | delay ——»
| I adjuster,
L 1 _ 1 and mixer
LB excitation
ACELP
bitstream ACELP
—» {(MPEG-H 3D Audio, > 0-f/4
LPD core decoder} Low band
synthesis

tbe_heMode

idxFrameGain

A\

A

Figure 18 — Simplified MPEG-H 3D audio core decoder with TBE tools
Summary of the TBE decoding tools

19 shows an overview of the TBE decoder tools. The TBE frame converter parses the T
hm configuration data, tbe_data(), as described in Table 56;and passes the parameters to the T
g module. The parameters associated with the TBE“configuration data are described |i
subclaygse 5.5.8.4. The acelp_coding() configuration data as described in Table 54 is used by the MPEG
io LPD core decoder to generate the low band exeitation, E; 5 (E_LB). The nonlinear modelli
is used to generate the harmonically-extended high band excitation signal, Eyz (E_HE).

BE

Figure 19 — TBE decoder tools

The TBE decoding process includes the following steps.

136

idxSubGains -
[sf idx[0, 1] .
tbe_datay) TBE .
Frame tbe_hrConfig >
Converter idxMixConfig o High band
o synthesis
idxShbFrGain TBE - .
decoding
idxResSubGains
idxShbExcResp[0,1]
acelp. coding() ACELP ¢ tbe_nlConfig
.| (MPEG-H 3D
Audio, LPD cor E LB . E_HE
— Nonl - »
decodr | | e Nl -
VF
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— Resampling of LB excitation

— Harmonically extending the LB excitation based on tbe_nlConfig

— Dequantization of high band parameters

— Line spectral frequencies, temporal gains (gain shapes and gain frame), mixing

conficuration hich hand roforence gain reosidual gain shanes hich hand eveitation inverse
1) T O o ts) o r Y (=]

function.

.

be_data()

thbe_heMode

IxFrameGain

—

iflxSubGains

1$f_idx[0]

1$f idx[1]

— High band LP estimation
— High band excitation generation
— A: Spectral flip in the time domain and decimation of E_HE
— B: Adaptive whitening of A
— C: Temporal envelope-modulated noise generation based on'B
— HB excitation estimation based on B and C
— High band LP synthesis
— Temporal envelope adjustment of HB synthesis
— Spectral flip and upsampling.
3.5.8.4 Definitions of TBE payloads

This element contains information about the high band audio confent.

This element-determines whether the TBE decoding of current frame
uses low bit’rate high efficiency mode. If the flag is set to zero, then the

high reselution configuration (tbe_hrConfig) is enabled.
Thispayload contains data for the overall frame gain adjustment.

This payload contains data for the temporal sub-frame gain shape
adjustment.

This payload contains LSF data associated with the first stage LSHs used
to estimate the LSP and then subsequently the interpolated sub-frame LP

parameters.

This payload contains LSF data associated with the second stage ILSFs

used to estimate the LSP and then subsequently the interpolated
frame LP parameters.

sub-

tbe_hrConfig

tbe_nlConfig

This flag signals whether the current frame uses high resolution

configuration. The flag is only read from the bitstream if the tbe_heMode

is set to zero.

This flag signals the NL configuration that is to be used to generate the HE

LB excitation. The flag is only read from the bitstream if the tbe_h

eMode

is set to zero. The default value of the_nlConfig is set to 1, if tbe_heMode is

set to 1.
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idxMixConfig This payload contains data to control HB excitation generation based on
B and C in subclause 5.5.8.5. The flag is only read from the bitstream if the
tbe_heMode is set to zero.

idxShbFrGain This payload contains data for the overall high band target gain. The flag
is only read from the bitstream if the tbe_heMode is set to zero and
tbe_hrConfig is set to 1.

idxResSubGains This payload contains data for temporal sub-frame residual gain shape
adjustment. The flag 1s only read from the bitstream 1f the tbe_heMode 15
set to zero and tbe_hrConfig is set to 1.

idxShbExcResp][0] This payload contains data to filter the HE excitation B in
subclause 5.5.8.5. The flag is only read from the bitstream iffthe
tbe_heMode is set to zero and tbe_hrConfig is not set to 1¢

idxShbExcResp|[1] This payload contains data to filter the HE/~LB" excitation B [in
subclause 5.5.8.5. The flag is only read fromy the bitstream if the
tbe_heMode is set to zero and tbe_hrConfig is not set to 1.
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5.5.8.5 TBE decoder processing

5.5.8.5.1 General overview

An overview of TBE decoder processing steps is shown in Figure 20.

ACELP
bitstream

ACELP
(MPEG-H 3D Audio, LPD core
decodeq)

|
LB Exc

Nonlinearymodeling

Y
Resampling
* tbe_nlConfig
Harmonic -«
extension oo
bitstream
e De-quantize

tbe_hrConfig HB parameters

HB Excitation Generation
\J
Spectral fli A B HB LP estimation
RecHe SR Adaptive
and | o >
. . whitenin
decimation % /
HB excitation
> hesi
L estimation Synthesis, 1/A(z)
Temporal C Y
envelope ] Temporal envelope
Noise modulation adjustment

v

Spectral flip and
upsampling

# HB synthesis

Figure 20 — Overview of the TBE decoder processing

§.5:8.5.2 De-quantization of HB parameters

The codebooks used to de-quantize some of the high band TBE parameters are summarized in Table 97.
Pseudo-code that describes the de-quantization process is given below.
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Table 97 — Codebook tables used to de-quantize some of the high band TBE parameters

Codebook table Parameter

SHBCB_GainFrameb5bit Gain frame, Table 0.6, 5 bits
SHBCB_SubGain5bit Subframe gains, Table 0.5, 5 bits
tbeLSFCB1_7b LSF first stage, Table 0.1, 7 bits
tbeLSFCB2_7b LSF second stage, Table 0.2, 7 bits
tbeExcFilterCB1 7b tbeExcFilterl, Table 0.3, 7 bits
tbeExcFilterCB2_4b tbeExcFilter2, Table 0.4, 4 bits

frame$ain = SHBCB GainFramebbit[idxFrameGain];

J = 471idxSubGain;

for (1 = 0; i < 4; i++) {

subGain[i] = SHBCB SubGainbbit[j++];

copyVgctor (tbeLSFCB1 7b + 10 * 1sf idx[0], gLsf, 10);
copyVegctor (tbeLSFCB2 7b + 10 * 1sf idx[1], gtemp, 10);

for (1 = 0; 1 < 10; 1i++) {
gLsf[i] = gLsf[i] + gtempl[i];

}

if (thhe heMode==0) {
mixfac = (idxMixConfig + 1) / 4;
if [tbe hrConfig == 1) {

hBhpEnerTarget = 107 (0.0625 * idxShbFrGain);
jl= 4 * idxResSubGains;

for (i = 0; 1 < 4; i++) {

resSubGain[i] = SHBCB_ SubGainShit [j++];

}
else {

c¢pyVector (tbeExcFilterCBl (/b++ 10 * idxShbExcResp[0], tbeExcFilterl, 10);
c¢pyVector (tbeExcFilterCB2 4b + 6 * idxShbExcResp([l], tbeExcFilter2, 6);

5.5.8.5/3 Nonlinear modelling
5.5.8.5.3.1 General

This clause deseribes the steps to generate the high band excitation from the low band ACELP core. [To
generafe a high=band excitation signal that preserves the harmonic structure of the low band excitatipn
signal, p nenlinear function is used. The time-domain harmonic extension of the low band excitation| is
performedafter sufficient over-sampling in order to minimize aliasing.

5.5.8.5.3.2 Resampling of LB excitation

As shown in Figure 21, an up-sampled low band excitation signal is derived from both the periodic
(adaptive codebook, ACB) and aperiodic (fixed codebook, FCB) excitation components of the low band
ACELP core coder. The ACELP innovation codebook excitation is first scaled by the FCB gain, g., and
then up-sampled by 2. A simple linear interpolator is used to perform the resampling of the scaled fixed
codebook excitation by a factor of 2 as shown in Figure 21. The ACB component in the resampled
domain is obtained by shifting the past resampled LB excitation, E; 5, based on the fractional closed-
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loop pitch estimate, T, from the current frame. The up-sampled past excitation samples are s

caled by

the pitch gain, gp, and combined with the up-sampled FCB excitation to generate the resampled low

band excitation, E; g as shown in Figure 21.

ACELP
fixed codebook Up-sampled
excitation Scale Resample by + LB excitation, E.g
[ Scale) ] 5 >
by g a factor 2

+

Scale - Z-zr o

by gy

Resampled

ACELP past excitation

Figure 21 — Overview of low band excitation resampling process

53.5.8.5.3.3 Harmonic extension

The resampled low band excitation signal, E; 5 , is processed to extend the low band pitch h3
nto the high band. The harmonically extended excitation, E g, is,generated using a nonlinear
Hased on the tbe_nlConfig flag from tbe_data().

—-

|EL5, if ‘tbe_nlConfig = 1
HE = ey sign(Eyp) Efp, if tbe_nlConfig =0
H,p(2z) ey sign(E p) Efg + Hyp(2)|EL5|, if theGilConfig = 0 && idxMixConfig < 1

e
|

Jhere ey is the energy normalization factor;between E;p and EZ;. The above NL generatig
be_heMode=0 case. In the case, when tbe.hieMode flag=1, the NL generation uses the tbe_nl
onfiguration if idxSubGains is an odd_value, and the tbe_nlConfig=0 configuration other
articular, the energy normalization factor is the ratio of frame energies of E; 5 and EZ;. The
inctions H; p(z) and Hyp(z) correspond to low pass and high pass filters with a cut-off frequen|
he transfer functions are given-asfollows:

= —hTs o . <

0,57(1 4+ 2z71 + z7?) Ho(2) = 0,098 (1 —2z71+2z72)
1+0,94z-1 +.0332-2" #PY¥) = 170 94,-1 1 0,332-2

~

[1p(2) =
5.5.8.5.4 High band-LP estimation
5.5.8.5.4.1 Genéral

The de-quantized LSF parameters are first converted to LSP.

flor %1 = 0; i < 10; i++) {

rmonics
function,

n is for
Config=1
wise. In
transfer
cy 3fs/4.

Wolso currlil — (flooat) cog(oglsfli]l * 2DTY -
= =1 7 <t =t 4

}

For smoother evolution of the LP polynomial, the LSPs from current frame, hbLsp_curr, are interpolated
with LSPs from previous frame over four sub-frames as shown in the pseudocode below. If the previous
frame is not a TBE frame (i.e., indicated using first_frame==1), then interpolation is not performed.
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lspInterCoeff(8] = { 0.7, 0.3, 0.5, 0.5, 0.3, 0.7, 0.1, 0.9 };
if (!first frame) {

copyVector (memory->hbLsp prevmem, hbLsp prev, 10);
} else {

copyVector (hbLsp curr, hbLsp prev, 10);
}

ptrlspInterpCoef = lspInterCoeff;
for( jJ = 0; 7 < 4; j++ ) |

for[ 1T = 0; 1T 10, 1++ ) {

lgp temp[i] = hbLsp prev]|

+ hbLsp curr|

] * (*ptrLspInterpCoef)
] * (*(ptrLspInterpCoef+l));

i

i
}
ptrlspInterpCoef += 2;
liblsp2A( lsp_temp, lpcShb+3j*(11), 10 );
lpc$hb[j*11] = 1.0;

}

copyVegctor (hbLsp curr, memory->hbLsp prevmem, 10);

Subsequent to interpolation, the LSPs are converted to JLP“Jcoefficients as described |in
ISO/IEC 23003-3:2012, 7.13.11 considering an order of 10.

5.5.8.5.4.2 High band excitation generation

The hapmonically-extended excitation, Eyf, from subclatise 5.5.8.5.3.3 is used as input to the high bahd
excitatjon generation.

5.5.8.5.4.3 Spectral flip

i

The harmonic excitation, Eyg, is spectrally,flipped so that the high band portion of the excitation|is
modulated down to the low frequency (region. This spectral flip is accomplished in the time domain [as
followd:

El ()= (D" Eyz(n), n(=0,12..N—1

where NV = 512 is the number of samples per frame.

for(i|= 0; i <
Ef HE[i] = (
}

5.5.8.5/.4:4 " Decimation

The spectrally-flipped harmonic excitation, E£E, is then decimated using a pair of all-pass filters to

obtain an downsampled excitation signal, Es. This is done by filtering the even samples of, EgE (n), by
an all-pass filter whose transfer function is given by:

Hopy (2 a1 +z P\ (a1 +z P\ [ay +2z70
7)) =
AP1 1+ag1z7t)\1+ay1z71)\1+ayq2z71

And the odd samples of E ,’; 5 (n) are filtered using an all-pass filter whose transfer function is given by:
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oz +z P\ [ a+zt\[ay, +z7?
HAPZ (Z) = —1 —1 —1
1+ aO,ZZ 1+ al,zz 1+ azlzz
The excitation signal, Es, is estimated by averaging the outputs of the above two filters, Hyp;(z) and

H,p,(2). The filter coefficients are specified in Table 98.

Table 98 — All-pass filter coefficients for decimation

All pass filter coefficients

o4 0,060 565 419 242 91
a1, 0,429 434 015 492 35
s, 0,808 730 483 065 52
4o, 0,220 630 248 296 30
a, 0,635 939 439 617 08
ay, 0,941 515 830 956 82

§.5.8.5.4.5 Adaptive spectral whitening

ue to the nonlinear processing applied to obtain the excitation. 'signal, Epg, the spectrum of this
xcitation is no longer flat. In order to flatten the spectrum of the\eXcitation signal, a fourth-¢rder LP
Uhitening is applied to Epg. The excitation signal is windowed using the Hanning-based [window
/iNfiatten @S given in Annex 0.3 prior to calculation~of the autocorrelation coefficients. The
dutocorrelation of the windowed excitation signal is estintated as follows.

= < 0 =

N
Eps(n) = Eps(n) - winggeren(n), n=0,1, ,(7 — 1),N =256
N N . N N
EDS <TL+5> = EDS (n+5) 'Wlnﬂatten <5_ 1 —n),n = 0, 1,,(5— 1>,N = 256
N-1-k
Texc(k) = Z Eps(m) - Eps(n &),k =0,1,...,4; N = 256
n=0

A bandwidth expansion is applied to the autocorrelation coefficients by multiplying the coeffigients by
an expansion function. Thejexpansion function is as given below:

=

vc(k) = 1. (k) * BWexpCoef (k), k =0,1,23,4

Table 99 — Bandwidth expansion coefficients

BW expansion coefficients

BWexpCoef[5] [1.000030000, 0.999876638, 0.999506642, 0.998890286,
0.298028024]

The bandwidth expanded autocorrelation coefficients are used to obtain the LPC using the Levinson-
Durbin algorithm. Inverse LP filtering is performed to obtain the whitened excitation, Epg ,,. In the

tbe_hrConfig==1 mode, the whitened excitation is further modulated by the normalized residual energy
(based on idxResSubGains):

n n
Eps w(n) = Eps ,,(n) * resSubGain (a), k = rvi 0,1,2,3, n=0,1,..255
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In the tbe_hrConfig != 1 mode, the whitened excitation is filtered using an FIR filter that is derived from
the idxShbExcResp payload. A FIR filter, Hy.s,(2) is constructed by concatenating the coefficients of
tbeExcFilter1 and tbeExcFilter2. The whitened excitation, Ejg , is filtered using the FIR filter H.¢p (2).

5.5.8.5.4.6 Envelope modulated noise mixing

The whitened harmonic excitation is further modified by adding random noise whose amplitude is
modulated according to the envelope of the whitened excitation, Epg ,,. The pseudo-random noise, Ey,
is further perceptually shaped using the high band perceptually-weighted filter (PWF = A(z/y1)/A(z/Y-)
using; = 0,55 and y, = 0,7. The pseudo-random noise can be generated using the random neise
generator utility function TBE_genRandVec()as described with the following pseudo code.

TBE g¢nRandVec () {
kl § (TBE randomSign(seedl, idxl) < 0) ? -563.154 : 563.154;
k2 § (TBE randomSign(seed2, idx2) < 0) ? -225.261 : 225.261;
for (1 = 0; i < length; i++, idxl++, idx2++) |
idx1l &= 0x00ff;
idx2 &= 0xO00ff;
output[i] = k1l * RVEC[idx1l] + k2 * RVEC[idx2];

TBE rgndomSign (seed, idx) {
seed = (short) (seed * 31821L + 13849L); /* randem_humber generator */
idx|= ABS((short) ((float)seed * 0.0078f)); /*.ABS is the absolute operator *
retyrn (seed < 0? -1: 1);

}

where [seedl and seed?2 are initialized to 23 and 59:kespectively, if the previous frame was not a TBE
frame.

The rafio at which the whitened excitation ‘and the envelope-modulated noise, Egy,, are mixed|is

dependent on how strongly-voiced the spéech segment is. For example, the envelope-modulated noise
and thg spectrally whitened excitation aré mixed as follows to estimate the high band excitation:

Enp(n) = VF;(Eps,, () +PI/PECE — V) (Egmy(m)), n=0,12...,127

where V F; are the voice faetors derived from LB as explained below, P1 and P2 are the power estimated
from spectrally whiteped-excitation Epg iy and the envelope modulated noise, Egy . In particulgr,
given that the fine signal structure in the higher bands is closely related to that in the lower band, the
mixing|ratio may b€ estimated from the low band core ACELP parameters. For example, the voicipng
from lgw band<4{synormalized to a smaller scale, i.e., a; = 0,95 * @; — 0,05 and then mapped to a voice
factor as follows. For each subframe, i, the normalized correlation, «;, from the low band is mapped t¢ a
voice fictor parameter, VF;

VF, 1,2,3,4

= —-—- i=
1+ e’

Next the voice factors, VF;, are limited to the range of [0, 1]. The voice factors undergo further
smoothing to compensate for any sudden variations in the low band voicing within a frame. For the HR
configuration, the voicing factors are modified based on the idxMixConfig to compensate for any
mismatch between the LB and HB voicing. Next the envelope-modulated noise is power normalized
such that it is at the same level as that of the harmonic excitation (as shown in the equation to estimate
Enp above). At each sub-frame, i, the harmonic excitation that is scaled by the factor, VF;, and the
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normalized modulated noise that is scaled by the factor (1 — VF;) are mixed to generate the high band

excitation.

5.5.8.5.4.7 High band synthesis

The high band excitation is then passed through the high band LP sub-frame synthesis filters to obtain
the spectrally shaped excitation. In the tbe_hrConfig==1 mode, first a memory-less synthesis is
performed (with past LP filter memories set to zero) and the energy of the synthesized high band is
matched to that of the target signal energy (based on idxShbFrGain). In the subsequent step, the scaled

xcitation, Sys. The spectrally shaped high band signal is then scaled using the decoded gain'sh
ain shape scaled highband signal is finally multiplied by the decoded gain frame to obtain

=0 O 09 DO

igh band, Sug, as follows:

3
S'yp(n) = GFZ wn —j64)gs(j)Syg(n),n =0,1,2...271

r energy compensated excitation signal is used to perform synthesis to obtain the spectrally shaped

pes. The
the gain

djusted high band synthesized signal. The gain shapes and gain frame are applied omthe synthesized

Jj=0
where gs(j) j=0,1,2,3 are the gain shapes, GF is the gain frame, and~the window w(n) is ddfined as
fbllows.
Table 100 — SHB gain shape synthesis-window, w(n)
w(n), n = 0.007312931, 0.033416940, 0.077%¥19580, 0.136556101,
012.15 | 0.209438491, 0.293364150, 0,385224703, 0.481317588,
Y 0.577845599, 0.671497772, (.%58927143, 0.836651580,
0.901448444, 0.951083203, 0984171147, 1.000000000
W(I‘l), 1 . O
n=16,
17,..63.
w(n) 0.984171147, 0,951083203, 0.901448444, 0.836651580,
n=64-’65 0.758927143, 0ON671497772, 0.577845599, 0.481317588,
79 771 0.385224703, . 04293364150, 0.209438491, 0.136556101,
0.077119580;\ 0.033416940, 0.007312931, O
w(n), for 0
othern
§.5.8.5.4.8 Resampling of HB synthesis
The gain<adjusted HB synthesis is up-sampled by 2 and flipped (i.e., flip from low to high pand, as
described in subclause 5.5.8.5.4.3) to generate a high band component associated with the final decoded
spe€ch'as shown in Figure 22. The upsampling is based on an all-pass filter as shown below:
. ) bo1+z '\ (b1 +z P\ [ by +2z7"
Z) =
apmeerpa( 14 by1z72 J\1+by12z7tJ\1 4 by 271
and
bos+z 1\ ([ btz '\ [ bypt+z?!
HAPInterp,Z(Z) = 1 1 1
1+ b,z 1+ b,z 1+ b,z
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Table 101 — All-pass filter coefficients for interpolation by a factor of 2

All pass coefficients
bo, 0,060 565 419 24291
b1 0,429 434 015 492 35
b2, 0,808 730 483 065 52
bo,2 0,220 630 248 296 30
b1, 0,635 939439617 08

Do 0941515 83095682

The low band is up-sampled to the same sampling rate as the high band and mixed with the high band
compohent.

A 4
Spectral flip
HB synthesis and mix with
] o low band core
= ]
2 2
= s
£ £
< <
>
Y /2 T 0 /2 fy
Frequency Frequeney

Figure 22 — Spectral flip of HB synthesis
5.5.8.54.9 Switching transition signal generation

When gwitching from ACELP to TCX core, and thus from TBE to IGF, or vice versa, the transition of the
high-bgnd signals is performed implicitly by the’cross-fade transition mechanism of the core signals|as
descrifed in subclause 5.5.7.11. To fill the gap caused by the TBE delay (see subclause 5.5.8.5.4.10) apd
provide¢ overlapping signals for cross-fadihg, a transition signal syn;,,,s is generated as follows.

To obtain a continuous high bandssignal to the previous frame, the overlap portion of the high baphd
synthesized signal syng 404 i$~ Sed, as described in subclause 5.5.8.5.4.7. This overlap portipn
SYNovetiap 1S Upsampled using.the same filter H; ; and H;, and flipped subsequently as described [in

subclayse 5.5.8.5.4.8, resulting in the upsampled high band signal syn,,eriap up-

The taifgeted lengthof'syn;, 4, is given by:

Ngyn raps = Framelength/2 + delrpres — Ngjign = 74 samples

where Ngign = 212 samples and FrameLength/?2 are explained in subclause 5.5.8.5.4.10 and

d l = 2N cagpanlacictha daloy Af+lh o TN ool o gl i ol 10 o d £ oo foding
e TDres — QU ompits 15 It UtTay OT tiC T D T CSatT P, vwinCIr 15 aSCUTOT CrosSS—Tatlilrg, ST

subclauses 5.5.7.5 and 5.5.7.11.

To obtain the 74 samples, the 32 samples of syn,yeriapup are extrapolated using the temporally
mirrored end Synyy ey mirror Of the high band synthesized signal of the previous frame syn,,,, where:

SYNprevmirror (M) = SYNprey(512+1—n);  forn=1,..,74
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The signals syn,periapup ANA SYNprey mirror are merged to generate syng.qns by overlap and add using

the window wing,,ns as given in Table 102, as:

Wilrans(33 — 1) * SYNoveriapup (M) + Wilgrans (M) * SYNprevmirror(M); forn =1,...,32
SYNirans(M) =

Table 102 — Window for generation of transition signal

SYNMprev,mirror (n); forn=33 ..,74

n Wil gns(n) n Willyrgns(n) n Willygns(n)

1 | 0.000000000 |12 0.250082925 |23 | 0.758927143
2 |1 0.002057320 | 13 | 0.293364150 | 24| 0.799044170
3 |1 0.007312931 |14 | 0.338401147 | 25| 0.836651580
4 | 0.017743483 | 15| 0.385224703 | 26| 0.870644917
5 0.033416940 | 16 | 0.432854509 | 27 |1 0.901448444
6 | 0.053210367 |17 ] 0.481317588 | 28| 0.927953529
7 | 0.077119580 | 18 | 0.529597392 | 29| 0.951083203
8 | 0.104915089 | 19 | 0.577845599 | 30 | 0.969,%7/3527
9 | 0.136556101 [ 20| 0.625078725 |31 | 0.984171147
10| 0.171354547 |21 | 0.671497772 | 32 | 08993264992
111 0.209438491 | 22| 0.716039678 | 33 N¥F.000000000

§.5.8.5.4.10 Temporal alignment and mixing of HB and ACELP synthesis

SYynthacerporig) 1 delayed by half a frame length, to.be synchronized to TCX frames in case
witching, before being played out by the LPD module. To compensate for this delay and the

. _ Qo wn ~— —

ignals.

ubclause 5.5.8.5.4.7 and the look-ahead of the harmonic extension which corresponds to

Q. = 0 o

elay is given by
delrpp = 2 - delgginshape + dely, = 44 samples

at fullband samplingfrequency. The TBE HB synthesis (synthrgg orig) shall be delayed by

Ngjign = FramelLength/2 — delrgp = 212 samples

fullband-sampling frequency to obtain a TBE HB synthesis signal (synthrgg q1i4n) aligned
synchronized ACELP synthesis (synthacgLp,sync)-

ue to the overlap of half a TCX frame length (256 samples at f;rcx), the ACELP synthesis

of mode
intrinsic

elay of the TBE, the TBE HB synthesis needs.to be temporally aligned, before mixing both synthesis

he intrinsic TBE delay is composed ‘of the internal gain shape look-ahead which corresponds to
elgainshape = 16 samples at internal sampling frequency (i.e. downsampled domain) as desgribed in

delNL =

2 samples at fullband sampling frequency as described in subclause 5.5.8.5.3.3. Thus, the enfire TBE

with the

sigrg(n) = synthycprp sync + SYNthrpg aiign(m);  forn =1,..., FrameLength
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5.5.9 LPD stereo coding

5.5.9.1 Tool description

LPD stereo is a discrete M/S stereo coding, where the mid-channel is coded by the mono LPD core coder
and the side signal coded in the DFT domain. The decoded mid signal is output from the LPD mono
decoder and then processed by the LPD stereo module. The stereo decoding is done in the DFT domain
where the L and R channels are decoded. The two decoded channels are transformed back in the time
domain and can be then combined in this domain with the decoded channels from the FD mode. FD

mode [[SES ITS OWN STEreo EOOIS, /€. diScrete Stereo with or without complex predlctlon described

ISO/IEC 23003-3:2012, 7.12.
5.5.9.2 Data elements
Ipd_stereo_stream()
IpdStereolndex

res_mgode

q_modie

ipd_mode

pred_mode

cod_mopde

ild_idx|k][b]
ipd_idx[k][b]
pred_gain_idx[k][b]
cod_galiin_idx
fullBandLpd

5.5.9.3] Help elements
ccfl

M

Data element to decode the stereo data for the LPD mode:

Flag which indicates if LPD stereo is activated.

Flag which indicates the frequency resolution of\the parameter bands.
Flag which indicates the time resolution of the parameter bands.

Bit field which defines the maximum-of parameter bands for the IPD

parameter.

Flag which indicates if prediction is used.

Bit field which defines the.maximum of parameter bands for which the

side signal is quantized:

ILD parameter index for the frame k and band b.
IPD parameéter index for the frame k and band b.
Prediction gain index for the frame k and band b.
Glgbal gain index for the quantized side signal.

Flag which indicates if LPD mode is in full band mode.

Core coder frame length.

Stereo LPD frame length as defined in Table 103.

band_config()
band_limits()
max_band()

cod_L

148

Function that returns the number of coded parameter bands.
Function that returns the number of coded parameter bands.

Function that returns the number of coded parameter bands.

Number of DFT lines for the decoded side signal.

in
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5.5.9.4 Decoding process
5.5.9.4.1 General

The stereo decoding is performed in the frequency domain. It acts as a post-processing of the LPD
decoder. It receives from the LPD decoder the synthesis of the mono mid signal. The side signal is then
predicted and decoded in frequency domain. Left (L) and right (R) channel spectrums are then
reconstructed in frequency domain before being resynthesized in the time domain. LPD stereo works
with a fixed frame size equal to the size of the ACELP frame independently of the coding mode used in
[[PDmode.

§.5.9.4.2 Frequency analysis

The DFT spectrum of the frame index i is computed from the decoded frame x of theawid signal ¢f length
M as follows:

X;[K] = Z wln] - x[i-M+n—L]- e 20jkn/N

where N is the size of the signal analysis, w is the analysis window~and x the decoded time sighal from
the LPD decoder at frame index i delayed by the overlap size L of the DFT. M is equal to the size of the
ACELP frame at the output sampling rate. The DFT analysis-window size N is equal to the LPD stereo
frame size plus the overlap size of the DFT. The sizes are{depending whether the LPD mode is|running
ih full-band mode as defined in Table 103.

Table 103 — DFT and framle sizes of the stereo LPD

fullBandLpd ccfl DFT size N Frame size M Overlap size L
0 1024 336 256 80
1 1024 672 512 160
0 768 256 192 64
1 768 512 384 128

The window w is a sine window defined as:

(s ”( +1) for0<n<L
sin T n > or0<n
wln] =<1 forL<n<M
T 1
inl — (1 — — <
Sm(ZL(L M+n+2)> forM<n<M+1L

§.5.9.4:3-Configuration of the parameter bands

TheDDFT spectrum is divided into non-overlapping frequency bands called parameter bands. The
partitioning of the spectrum is non-uniform and mimics the auditory frequency decomposition. Two
different divisions of the spectrum are possible with bandwidths following roughly either two or four
times the equivalent rectangular bandwidths (ERB).

The spectrum partitioning is selected by the data element res_mode and defined by the following
pseudo-code:

function nbands = band config (N, res mod)

band limits[0] = 1;
nbands = 0;
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while (band limits[nbands++] < (N/2)) {

if (res mode == 0) {
band Iimits[nbands] = band limits erb2[nbands];
} else_{ B B
band limits[nbands] = band limits erb4[nbands];
}
}
nbands--;
band limits[nbands] = N/2;
return nbands
where pbands is the total number of parameter bands and N the DFT analysis window size. The'tables
band_limits_erb2 and band_limits_erb4 are defined in Table 104. The decoder can adaptively-change the
resolution of the parameter bands at every two LPD stereo frames.
Table 104 — Parameter band limits in term of DFT index k
Para-m eter band band_limits_erb2 band_limits.erb4
index b
0 1 1
1 3 3
2 5 7
3 7 13
4 9 21
5 13 33
6 17 49
7 21 73
8 25 105
9 33 177
10 41 241
11 49 337
12 57
13 73
14 89
15 105
16 137
17 177
18 241
19 337
The mpximum ndmber of parameter bands for IPD is sent within the 2 bits field ipd_mode d3ta
elemert:
ipd_max _band = max_band[res_mode][ipd_mode]
The mdximum numberof paramnfpr bandsforthe r‘nr‘]ing of the Side cigna] is-sentwithin the 2 bits fidld

cod_mode data element:
cod_max _band = max_band|[res_mode][cod_mode]

The table max_band[ ][ ] is defined in Table 105.
The number of decoded lines to expect for the side signal is then computed as:

cod_L = 2 - (band_limits[cod_max_band] — 1)
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Table 105 — Maximum number of bands for different code modes

Mode index max_band[0] max_band[1]

0 0 0
1 7 4
2 9 5
3 11 6

5.94.4 Inverse qnanfiwafinn of stereo parameters

019(E)

The stereo parameters interchannel level differences (ILD), interchannel phase differences* (IPD) and
Hrediction gains are sent either every frame or every two frames depending of flag q_mode. Ifjg_mode
gqual 0, the parameters are updated every frame. Otherwise, the parameters values.are only jupdated
fbr odd indices i of the LPD stereo frame within the USAC frame. The index i of the’LPD ster¢o frame
within a USAC frame can be either between 0 and 3 in LPD version 0 and between 0 and 1 in LPD
vlersion 1.
The ILD are decoded as follows:
ILD;[b] = ild_q[ild_idx[i][b] ], for 0 < b &.7ibhands
The IPD are decoded for the ipd_max_band first bands:
T
IPD;[b] = 7 ipd_idx[i][b] — m, for'0 < b < ipd_max _band
The prediction gains are only decoded if pred_mode flag is set to one. The decoded gains are then:
d_gain;[b] = {0 ,for 0 < b < cod_max_band
pred_gainbl = res_pred_gain_q[pred_gain_idx[i][b] ] , for cod_max_band < b < nbands
If the pred_mode is equal to zero, all\gdins are set to zero.
Ihdependently of the value of q_mode, the decoding of the side signal is performed every [frame if
dod_mode is a non-zero value. It first decodes a global gain:
cod_gaini — locod_gain_idx[i]/(zo-%)
The decoded shiape of the Side signal is the output of the AVQ described in ISO/IEC 23003-3:2012, 7.12.
cod_L
Si[1+ 8k + n] = kv[k][0][n],for0 <n<8and 0 <k <
Table 106 — Inverse quantization table ild_q[]
index output index Output

0 -50 16 2

1 -45 17 4

2 -40 18 6

3 -35 19 8

4 -30 20 10

5 -25 21 13

6 -22 22 16
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index output index Output
7 -19 23 19
8 -16 24 22
9 -13 25 25
10 -10 26 30
11 -8 27 35
12 -6 28 40
13 -4 29 45
% -2 30 50
15 0 31 reserved

5.5.9.4{5 Inverse channel mapping

The mi

where

For pat

For hig

L;[K]
R;[k]

Finally

Table 107 — Inverse quantization table res_pred_gain_q[]

index output

0
0,1170
0,2270
0,340 7
0,464 5
0,6051
0,776 3

1

0

N OV |G| W (N =

d signal X and side signal S are first converted to.the left and right channels L and R as follows:

L;[k] = X;[k] + gX;[k], for band limits[b] < k < band_limits[b + 1]
R;[k] = X;[k] — gX;[k], for band {limits[b] < k < band_limits[b + 1]

the gain g per parameter band is derived from the ILD parameter:
g = g,where ¢ = 10!LPilb]/20
e+1

ameter bands below cod_max_band, the two channels are updated with the decoded side signal:

L;[k] = Li[k}-+c0d_gain, - S;[k], for1
R;[k] = Ritk}+ cod_gain,; - S;[k], for1

<

< k < band_limits[cod_max _band]
<

k < band_limits[cod_max _band]

her parameterlbands, the side signal is predicted and the channels updated as:

L;[k] + predzgain;[b] - X;_,[k], for band_limits[b]
R;[k] — pred_gain;[b] - X;_,[k], for band_limits[b]

<
<

k < band_limits[b + 1]
k < band_limits[b + 1]

he

inter-cha
frequency:

the\channels are multiplied by a complex value aiming to restore the original energy and t

X2 (k]

alk] = \]Z.Liz[

k] + R;*[k]

before being employed on the left and right spectra in combination with a rotation angle f3:

152

<

L;[k] = a[k] - e/2™F - L;[k], forband_limits[b] <
<

R;[k] = a[k] - e/?™F - R;[k], for band_limits[b]

k < band_limits[b + 1]
k < band_limits[b + 1]
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where a[K] is bounded between -12 and 12 dB, and where B = "atan2”(sin(IPD;[b]), cos(IPD;[b]) + c)d

where atan2(x,y) is the four-quadrant inverse tangent of x overy.

5.5.9.4.6 Time domain synthesis

From the two decoded spectrums L and R, two time domain signals, | and r, are synthesized by an

inverse DFT:

/ N/2 N-1 \
1 ¥ 2mjkn v 2mjkn
li[n]=ﬁ i Lilk]-e N+ z L[N —k]-e N |, for0<n<N
k=0 k=n+1

where * denotes the complex conjugation.
Hinally, an overlap-add operation allows reconstructing a frame of M samples:

L4 M+n]l-wlL—-1-n{+[n]-wn],for0<n<L
l;[n] JdforL<n<M
1i_1[M +n]-w[L =1=n] +rn]-wn],for0<n<L
ri[n] J(forL<n<M

I[i-M+n—L] ={
rli-M+n—L] ={
§.5.9.4.7 Post-processing

The bass post-processing is applied on two channels separately. The processing is for both char
spme as described in ISO/IEC 23003-3;2012, 7.17.

5.5.9.4.8 Transition from FD mode

The transitions from FD to-EPD mode are done first on the decoded mid signal as in mono c
dchieved by artificially creating a Mid-signal from the time domain signal decoded in FD mode.

l
x[w —ccfl/2] = 0.5-1;_1[n] + 0.5 -1;_;[n], forccfl <n < % +L_fac

his signal ds‘then conveyed to the LPD decoder for updating the memories and applying

1
decoding<as'it is done in the mono case for transitions from FD mode to ACELP. The proc
d
B

erformed. The LPD stereo decoder receives as input signal a decoded Mid signal where the ti

inels the

ase. It is

the FAC
Pssing is

escribed in ISO/IEC 23003-3:2012, 7.16. In case of FD mode to TCX, a conventional overlap-add is

ansition

—n

5 already done. The stereo decoder outputs then a left and right channel signals which ov

rlap the

previous frame decoded in FD mode. The signals are then cross-faded on each channel for smoothing

the transition in the left and right channels:
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l [n — %ﬂ + L_fac]

l
li_q[ccfl +n] foro<n< %—L_fac—L

l
li_4 [ccfl+%—L_fac—L+n ‘w[L —1—=n]+[n]-wn],for0<n<L
Lli[n] JdforL<n<M
ccfl
r [n —T+L_fac]

ccfl
ri_qflccf i+ n] ,jor0<n< T—L_fac—L
= ccfl
rl_l[ccfl+T—L_fac—L+n ‘w[L—1—-n]+rn] -wn]for0<n<L
lri[l] JdforL<n< M

A schematic illustration of the transitions is depicted in Figure 23 in case LPD is dn-full-band mogde
where M=ccfl/2.

Usac frame (ccfl size)A

%Usac frame (ccfl size)ﬂ

LoL
R
FAC or

FD computed Mid-signal

ACELP LPD decoded Mid signal
or TCX
\L ‘

LPD de:coded stereo channels

\R

Figure 23 — Schematic representation of the transition
from FD to LPD mode with LPD stereo

5.5.9.4.9 Transitien to FD mode

FD decoded stereo channels

Time

mid signal’'eoming from the LPD decoder is extended with zero for the frame index i=ccfl/M.

For tra!{sitions from LPD mode to FD mode, an extra frame is decoded by the LPD stereo decoder. The

. _(x[i-M+n—L],for0<n<L+2-L_fac
xli-M+n L]_{o forL+2 L fac<n<M
The stereo decoding as described in the previous subclauses is performed by holding the last stereo
parameters, and by switching off the Side signal inverse quantization, i.e. cod_mode is set to 0.
Moreover, the right side windowing after the inverse DFT is not applied.
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The resulting left and right channels are then combined to the FD mode decoded channels of
frame by using an overlap-add processing in case of TCX to FD mode or by using a FAC for each
in case of ACELP to FD mode.

the next
channel

In the latter case, the ZIR of the ACELP decoded mid signal shall also be used for the processing of the

extra LPD stereo frame. The resulting left and right signals are thus containing channel specific
folded ACELP synth signals as required for the FAC processing described in ISO/IEC 23003
7.16. Afterwards the left and right signals provided by the LPD stereo tool and the channel
decoded FAC signals are added to form the final channel dependent FAC synthesis signals.

ZIR and
-3:2012,
specific

h case of fullband LPD, i.e. fullbandLpd is equal to 1, prior to the addition of the signals

he ZIR signal is already upsampled to fs,tcx prior to the LPD stereo processing) Note f{
rocedure of upsampling is different than described in 5.5.7.9.

= Q=

oY

schematic illustration of the transitions is depicted in Figure 24 in case IPD is in full bay
rhere M=ccfl/2.

<

Usac frame (ccfl size)

Usac frame {ccfl sizef="—
LPD decoded Mid signal ACELP  —ox \ -

+ZIR \ 4
\ Zero padding

...... deccces
I’ i : |

’ | ]

’ | :

g | '

LPD decoded stereo channels

l-------: ------ .

’ ! ]
X Extra LPD stereoe R i
J window ' i
/_\

FAC or OLA

FD decoded stereo channe]
N //_\R\

[
Lol

Tim
Figure 24 — Schematic representation of the transition 1
from LPD to FD mode with LPD stereo

§.5.10 Multichannel-coding tool

5.5.10.1 Tool-description

—

he multichannel coding tool (MCT) is a method for joint coding of multiple channels for more
odingof time-variant horizontally and vertically distributed channels.

Q

pnly the

ecoded FAC signal shall be upsampled by the factor of 2, as the ACELP decoded mid signal containing

hat this

1d mode

efficient

210 2 Definition
T AU D

Help elements:

mctChanMask[chan] Indicates the use of the tool for a certain channel according to Table 108.

The value of mctChanMask[chan] shall be 0 for any LFE channel.
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channelPairIndex

Table 108 — mctChanMask

mctChanMask Meaning
0 Multichannel coding tool not applied
1 Multichannel coding tool applied

A list of channel pair indices for each pair of channels processed by the

MCT ThachannalPairIndaovic dacadad totwa channal indicac with
Vo - S o e e o e e e O e e et O YW o r S e e e o—vvrert

hasMctMask

hasBandwiseAngles

hasBandwiseCoeff

isMCTShort

numMaskBands
pair

band

decode channel pair index().

Indicates the transmission of a mask that indicates the use of the teol fo
certain scale factor bands.

=

Table 109 — hasMctMask

hasMctMask Meaning

0
1

MCT is applied to@ll'bands
A mask indicating thetusage of MCT per
band is tfansmitted

Indicates whether a single angle ox multiple angles are transmitted.

Indicates whether a single prediction coefficient or multiple prediction
coefficients are transmitted:

Indicates whether thé&’current processing is applied to a frame containing
eight sub-windows:

Table 110 — isMCTShort

isMCTShort Meaning

Stereo parameters applied to one
MDCT frame
Stereo parameters applied to eight
MDCT sub-windows

The number of processing bands that are processed by MCT.
The index of the currently processed stereo processing box.

A stereo processing band containing two scalefactor bands.

mctMask [band]

mct_delta_time

156

Indicates the activity of the MCT for a certain parameter band within a
certain parameter pairing.

Indicates the coding scheme used for the MCT parameters:
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Table 111 — mct_delta_time

mct_delta_time Meaning

frequency differential coding of
MCT parameters
time differential coding of
MCT parameters

0

1

The Huffman code book for nng]pc

Q.

[

[

[
B

b
u
d

pcm_beta[band]
pcm_alpha_g_re[band]

red_dir

EFAULT_ALPHA

EFAULT_BETA

NAX_NUM_MC_BANDS
MCTSignalingType

KeepTree

umPairs

MCTChannels
.5.10.3 Decoding process

.5.10.3.1 General

The differentially encoded angle to be applied.
The differentially encoded prediction coefficient to be applied.

Indicates the direction of prediction according to ISO/IEC 23003-
Table 120.

Initialization value for stereo prediction, equal to 0.
Initialization value for rotation angle,‘equal to 48.
Maximum number of MCT bands, equal to 64.

The type of signaling MCT. data.

3:2012,

Indicates whether to use the same tree of channel pairs as in the previous

frame.

The number of MCT channel pairs. The maximum number of MCT]
channel pajrsper signal group shall not exceed
(nMCTChannels - ( nMCTChannels -1) / 2) of that signal group.

Thé number of active MCT channels, where mctChanMask[chan] F

h case an element” with usacExtElementType ID EXT ELE MCT belongs to the g

rocessed signal group, the affected channels according to mctChanMask [] shall be decode

MCT. Here, the extension element with usacExtElementType ID EXT ELE MCT shall be

efore any)audio element of a certain signal group. Further, the extension element pi
sacExtElementPayloadFrag shall be zero, usacExtElementPresent shall be 1 and the trapsmitted
ata‘shall conform to the syntax element MultichannelCodingFrame() as described in Table 62.

urrently
d by the

written
operties

The decoding of the multichannel coding tool (MCT) is performed in multiple steps as follows:

5.5.10.3.2 Decoding of channel pair index

Channel pairs are efficiently signalled using a unique index channelPairIndex for each pair,
dependent on the sum nMCTChannels of active channels in the vector mctChanMask([]. The
decoding process is described in the function decode channel pair index () as follows:
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decode_channel pair index(channelPairIndex, channelPair[2])
{
maxNumPairIdx = nMCTChannels* (nMCTChannels-1)/2 - 1;
numBits = floor (log, (maxNumPairIdx))+1;
pairCounter = 0;

for (chanl=1l; chanl < nMCTChannels; chanl++) {
for (chan0=0; chan0O < chanl; chanO++) {

if (pairCounter == channelPairIndex) {
channelPair[0] = chanO;
channelPair|1l] = chanl;
return;

}

else
pairCounter++;

}

For insfance, all possible channel pairs when using 6 channels can be indexed ‘according to Table 112.

Table 112 — Coding of channelPairIndex for a setup with 6 MCT channels

hfol1]2]3|4[$
nr
0 0] 1] 2 |3y 4
1 5 |\6 7 | 8
2 \SG§S 9 11011
3 o 12 |13
4 c\}: 14
N

5

5.5.10{3.3 Decoding process for rotation angles

In caje MCTSignalingType = 1, the MultichannelCodingBoxRotation () bitstregm

elemernt is used. For allrotation angles the difference to a preceding (in time or frequency) value|is
coded ysing the Hufffman code book specified in subclause 5.5.10.3.6. See ISO/IEC 14496-3:2009, 4.6.3,
for a detailed description of the Huffman decoding process. Rotation angles are not transmitted for
mctMalsk [band])'= 0. The following pseudo code describes how to decode the rotation angles

pairBeta kand].

decodd fotation ()
{
for (pair=0; pair<numPairs; pair++) {
mctBandsPerWindow = numMaskBands [pair]/windowsPerFrame;
for (band=0; band<numMaskBands[pair]; band++) {
if (mct delta time[pair] > 0) {
lastVal = beta prev frame[pair] [band%mctBandsPerWindow];
}
else {
if ((band % mctBandsPerWindow) == 0) {
lastVal = DEFAULT BETA;

}
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}
if (mctMask[pair] [band] > 0 ) {

newBeta = lastVal + dpcm beta[pair] [band];
if (newBeta >= 65) {

newBeta -= 65;
}
pairBeta[pair] [band] = newBeta;
beta prev frame[pair] [band%mctBandsPerWindow] = newBeta;
lastVal = newBeta;
}
else {
beta prev frame[pair] [band$mctBandsPerWindow] = DEFAULT BETA; /* -45%71/

}

/* reset fullband angle */
beta prev_fullband[pair] = DEFAULT BETA;

}
for (band=bandsPerWindow; band<MAX NUM MC BANDS; band++) {

beta prev frame[pair] [band] = DEFAULT BETA;
}

eta prev frame[pair] [sfb] contains the decodedsetation angles of the corresponding stereo
hannel pair of the last sub-window of the previous frame.”If no differential coding was used for the
revious frame or for the respective scalefactor band in the previous| frame,
eta prev frame[sfb] issetto DEFAULT BEZA:

o4 o o

oY

1l rotation angles shall be reset to DEFAULT_{BETA upon a transform length change and for pll cases
he memory is not used for the current frame,

—t

5.5.10.3.4 Decoding process for real-valued stereo prediction

Ih case MCTSignalingType (='0, the MultichannelCodingBoxPrediction () bjtstream
glement is used. Decoding is performed similar to the decoding of prediction coefficients as d¢fined in
IPO/IEC 23003-3:2012, 7.7:2:3.2. The following pseudo code describes how to decode the prediction
qoefficients pairAlpha(band].

decode predictidi))

for (pair=0%/rair<numPairs; pair++) {
mctBandsPerWindow = numMaskBands[pair]/windowsPerFrame;
for{and=0; band<numMaskBands[pair]; band++) {
if(mct delta time[pair] > 0) {

lastVal = alpha prev frame[pair] [band%mctBandsPerWindow];
}
=tse—

if ((band % mctBandsPerWindow) == 0) {

lastVal = DEFAULT ALPHA;

}
if (mctMask[pair] [band] > 0 ) {

dpcm _alpha = -decode huffman() + 60; /* function returns dpcm alpha [sfb]*/
newAlpha = lastVal + dpcm alpha;

pairAlpha[pair] [band] = newAlpha;
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—

alpha prev frame[pair] [band¥mctBandsPerWindow]
newAlpha;

lastVal
}

else {

alpha prev frame[pair] [band¥mctBandsPerWindow]

}

/* reset fullband angle */

alpha prev fullband[pair]

DEFAULT ALPHA;

newAlpha;

DEFAULT ALPHA;

}

All pre
cases t

5.5.10

To avdid floating point differences of trigonometric functions on different platforms, the followi

r (band=pbandsPerWindow;
alpha prev frame[pair] [band]

BPand<MAX_NUM_MC_BANDS;
DEFAULT ALPHA;

Hiction coefficients shall be reset to DEFAULT_ALPHA upon a transform lengthrchange and for 4
ne memory is not used for the current frame.

3.5 Decoding of quantized rotation angles

PandtT) 1

lookupttables for converting rotation angle indices directly to sin/cos shall be used.
tabIndexToSinAlpha[65] = {
-1.¢00000£,-0.998795£,-0.995185£,-0.989177£, -0,980785€,
-0.970031£,-0.956940£,-0.941544£,-0.923880f, <0>903989f,
-0.$81921£,-0.857729£,-0.831470£,-0.803208f4+0.773010%,
-0.740951£,-0.707107£,-0.671559f,-0.634393€;-0.595699f,
-0.%55570£,-0.514103£,-0.471397£,-0.427535£,-0.382683f,
-0.336890£,-0.290285£,-0.242980£,-0.19%090£,-0.146730f,
-0.098017£,-0.049068f, 0.000000f, 0.049068f, 0.098017f,
0.146730£, 0.195090f, 0.242980f, *Q»290285f, 0.336890f,
0.382683f, 0.427555f, 0.471397£,50.514103f, 0.555570f,
0.%95699f, 0.634393f, 0.671569f, 0.707107f£, 0.740951f,
0.773010£f, 0.803208f, 0.8314%0f, 0.857729f, 0.881921f,
0.903989f, 0.923880f, 0.9%41544f, 0.956940f, 0.970031f,
0.$980785f, 0.989177f, Q.995185f, 0.998795f, 1.000000f
}i
tabIndexToCosAlphaf6b] = {
0.000000£, 0.049068f, 0.098017f, 0.146730f, 0.195090f,
0.242980f, 0e290285f, 0.336890f, 0.382683f, 0.427555f,
0.471397£,<0)'514103f, 0.555570f, 0.595699f, 0.634393f,
0.671559f~0.707107£f, 0.740951f, 0.773010f, 0.803208f,
0.831470£, 0.857729f, 0.881921f, 0.903989f, 0.923880f,
0.941544f, 0.956940f, 0.970031f, 0.980785f, 0.989177f,
0.995185f, 0998795, - 000000, 0998795, 0~ 9951851,
0.989177f, 0.980785f, 0.970031f, 0.956940f, 0.941544f,
0.923880f, 0.903989f, 0.881921f, 0.857729f, 0.831470f,
0.803208f£, 0.773010f, 0.740951f, 0.707107f£, 0.671559f,
0.634393f, 0.595699f, 0.555570f, 0.514103f, 0.471397f,
0.427555f, 0.382683f, 0.336890f, 0.290285f, 0.242980f,
0.195090f, 0.146730f, 0.098017f, 0.049068f, 0.000000f
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5.5.10.3.6 Huffman tables for differential rotation angles

The following Huffman tables huff ctabAngle[] and huff ltabAngle[] for the code words
and the code word lengths, respectively, shall be used for decoding the rotation angle differences.

huff ctabAngle[65] = {

0x00000000, 0x0000000B, 0x00000012, 0x0000001B, 0x0000001F,
0x00000031, 0x0000003A, 0x00000043, 0x00000065, 0x00000073,
0x00000082, 0x0000009A, 0x00000O0CE, OxOOOO0OOEE, 0x00000106,
0000001347 0x000001D9 0x000001DRK 000000202 0x00000261

0x0000020F, 0x0000020E, 0x00000263, 0x00000266, 0x00000272,
0x00000271, 0x00000277, 0x00000276, 0x00000334, 0x00000325,
0x00000326, 0x00000327, 0x00000324, 0x00000323, 0x00000335,
0x00000322, 0x00000320, 0x00000321, 0x00000273, 0x00000270,
0x00000267, 0x00000260, 0x000004C4, 0x000004C5, 0x00000203,
0x000001DF, 0x000001DA, 0x000001D8, 0x0000019B, 0x000001DB,
0x00000132, 0x00000100, 0x000000CF, 0x000000CC, 0x0000009B,
0x00000081, 0x00000072, 0x0000004F, 0x00000042, 0x00000038,
0x00000030, 0x0000001E, 0x0000001A, 0x00000011, 0x0000000%

Huff ltabAngle[65] = {

0x00000001, 0x00000004, 0x00000005, 0x00000005% 0x00000005,
0x00000006, 0x00000006, 0x00000007, 0x00000007, 0x00000007,
0x00000008, 0x00000008, 0x00000008, 0x00000008, 0x00000009,
0x00000009, 0x00000009, 0x00000009, 0x0000000A, 0x0000000A,
0x0000000A, 0x0000000A, 0x0000000A, 0x00Q00000A, 0x0000000A,
0x0000000A, 0x0000000A, 0x0000000A, 0Oxk06000000A, 0x0000000A,
0x0000000A, 0x0000000A, 0x0000000A,\0x0000000A, 0x0000000A,
0x0000000A, 0x0000000A, 0x0000000&% 0x0000000A, 0x0000000A,
0x0000000A, 0x0000000A, 0x0000000B, 0x0000000B, 0x0000000R,
0x00000009, 0x00000009, 0x000€0G0D09, 0x00000009, 0x00000009,
0x00000009, 0x00000009, 0x00600008, 0x00000008, 0x00000008,
0x00000008, 0x00000007, 0x00000007, 0x00000007, 0x00000006,
0x00000006, 0x00000005, ©xX00000005, 0x00000005, 0x00000004

§.5.10.3.7 Application of multichannel coding tool

53.5.10.3.7.1 General

Reconstruct the*spectral coefficients of all channels by iteratively looping over all transmitted stereo
Hoxes and-fréquency bands as follows.

decode~mct ()

for (pair=0:; pair < numPairs; pair++) {

mctBandOffset = 0;
alphaSfb = pairAlphalpairl];
betaSfb = pairBetalpair];

/* inverse MCT application */

for (win = 0, group = 0; group <num window_groups; group++) {
for (groupwin = 0; groupwin < window group length[group]; groupwin++, win++)
*dmx = spectral datal[chl] [win];
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*res = spectral datal[ch2] [win];

apply mct wrapper (self,dmx, res,
&alphaSfb[mctBandOffset], &betaSfb[mctBandOffset],
&mctMask [mctBandOffset],mctBandsPerWindow, alpha,
pair,nSamples) ;

}

mctBandOffset += mctBandsPerWindow;

Thereby spectral data[chl] and spectral data[ch2] represent the two input and oéutgut
channdls of the channel pair that is currently processed in the MCT stereo processing box.

Further processing of every MCT stereo processing box is achieved as follows.

apply|mct wrapper(self, *dmx, *res,

*alphaSfb, *betaSfb,

*mctMask, mctBandsPerWindow, alpha,
pair, nSamples)

sfb|= 0;

if [MCTSignalingType == 0) {
if (!bHasBandwiseCoeff[pair] && !bHasMctMask[pabdr]) {
apply mct prediction(dmx, res, alphaSfb[0], hSamples);

else {
/* apply bandwise processing */
for (i = 0; 1< mctBandsPerWindow; 1i+%) {

if (mctMask[i] == 1) {
startLine = swb offset [sfb];
stopLine = (sfb+2<num swb)\2 swb offset [sfb+2] : swb offset [sfb+l];
nSamples = stoplLine-staxtLine;

apply mct prediction (&dmx[startLine], &res[startlLine],
alphaSfb[i], nSamples, pred dir);

}
sfb += 2;

/* break condiftion */
if (sfb >=apm swb) {
break;

}

}
elsg AfN (MCTSignalingType == 1) {

/* apply fullband box */
if (!bHasBandwiseAngles[pair] && !bHasMctMask[pair]) {
apply mct rotation(dmx, res, betaSfb[0], nSamples);
}
else {
/* apply bandwise processing */
for (i = 0; i< mctBandsPerWindow; i++) {
if (mctMask[i] == 1) {
startLine = swb _offset [sfb];
stopLine (sfb+2<num swb) ? swb offset [sfb+2] : swb offset [sfb+l];
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nSamples = stoplLine-startlLine;

apply mct rotation(&dmx[startLine], &res[startLine],
betaSfb[i], nSamples);

}
sfb += 2;

/* break condition */
if (sfb >= num swb) {
break;

else if (MCTSignalingType == 2) {
/* reserved */

else if (MCTSignalingType == 3) {
/* reserved */

§.5.10.3.7.2 Application of rotation angles

Q)

pply mct rotation(*dmx, *res, alIdx, nSamples)

for (n=0;n<nSamples;n++) {

L = dmx[n] * tabIndexToCosAlpha [aldx] - res[n] * tabIndexToSinAlpha
R = dmx[n] * tabIndexToSinAlpha [aldx] + res[n] * tabIndexToCosAlpha
dmx [n] = L;
res[n] = R;

[&x |

.5.10.3.7.3 Application of real<valued stereo prediction coefficients

:2012, subclause 7.7.2.34under the assumption thatms_mask present = 3;

um window groupsy = windowsPerFrame; window group length = 1;
plx pred used{gl[sfb] = mctMask[sfb]; alpha im = 0;

Q S ) =

hus, in the context of the MCT, the prediction upmixing process can be calculated using the f
fdseudo code:

—]

pply.mct prediction(*dmx, *res, alpha g, nSamples, pred dir)

Q)

aldx];
aldx];

eal-valued stereo predictionis performed like the upmixing process described in ISO/IEC 2300 3-

bllowing

glpha re = alpha g * 0.1;

for (n=0;n<nSamples;n++) {

if (pred dir == 0) {
L = dmx[n] + alpha * dmx[n] + res[n];
R = dmx[n] - alpha * dmx[n] - res[n];
}
else {
L = dmx[n] + alpha * dmx[n] + res[n];
R = - dmx[n] + alpha * dmx[n] + res[n];
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dmx [n]
res[n]

}

}

5.5.10.4 Stereo filling in the MCT

Like stereo filling for IGF in a channel pair element, described in subclause 5.5.5.4.9, stereo filling in the
multichannel coding Tool (M ills “empty” s or bands (which are guantized to zero) at

and ab

5.5.10{4.1 Tool description

When $tereo filling is active in a MCT joint-channel pair (hasStereoFilling[pair] # 0 in~Table 62), all
“empty]” scale factor bands in the noise filling region (i.e. starting at or above noiseFillingStartOffset)
of the pair’s second channel are filled to a specific target energy using a downmix of the correspondi
output|spectra (after MCT application) of the previous frame. This is performed after the FD noise
filling (see ISO/IEC 23003-3:2012, 7.2) and prior to scale factor and MCT jeint-stereo application. All
outputispectra after completed MCT processing are saved for potential Stéreo Filling in the next frame.

5.5.104.2 Operational constraints

Cascadpd execution of stereo filling algorithm (hasStereoFilling[pair] # 0) in empty bands of thle
second|channel is not supported for any following MCT steree'pair with hasStereoFilling[pair] # 0 |f
the sedond channel is the same. In a channel pair elentent, active IGF stereo filling in the second
(residdal) channel according to subclause 5.5.5.4.9 takes precedence over - and, thus, disables - any
subsequent application of MCT stereo filling in the same channel of the same frame.

5.5.10/4..3 Definitions

hasStefreoFilling[pair] indicatesasage of stereo filling in currently processed MCT channel paif.
chl, chp indieces.of channels in currently processed MCT channel pair.
spectrdl_data[ ][ ] spéctral coefficients of channels in currently processed MCT channel pajir.
spectrdl_data_prev[ ][ ] output spectra after completed MCT processing in previous frame.
downnyix_prev[ ][] estimated downmix of previous frame’s output channels with indices

given by currently processed MCT channel pair.

num_syb total number of scale factor bands, see ISO/IEC 23003-3:2012, subclaude
6.2.9.4.
ccfl coreCoderFrameLength, transform length, see ISO/IEC 23003-3:2012,

subclause 6.1.

noiseFillingStartOffset Noise filling start line, defined depending on ccfl in ISO/IEC 23003-
3:2012, Table 109.

igf WhiteningLevel Spectral whitening in IGF, see subclause 5.5.5.4.7.
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seed| ] Noise filling seed used by randomSign(), see ISO/IEC 23003-3:2012,
subclause 7.2.

5.5.10.4.4 Decoding process

MCT stereo filling is performed using four consecutive operations, which are described in the
following steps.

Step 1: Preparation of second channel’s spectrum for stereo filling algorithm

If the stereo filling indicator for the given MCT channel pair, hasStereoFilling[pair], equals zerq, stereo
fllling is not used and the following steps are not executed. Otherwise, scale factor applicatien is
reversed if it was previously applied to the pair’s second channel spectrum, spectral_data{ch2].

Step 2: Generation of previous downmix spectrum for given MCT channel pair

The previous downmix is estimated from the previous frame’s output signals spectral_data_prey[ ][ ]
that was stored after application of MCT processing. If a previous output.channel signal is not ayailable,
¢g. due to an independent frame (indepFlag>0), a transform length chahge or core_mode == 1, the
fdrevious channel buffer of the corresponding channel shall be set teZéro.

Hor prediction stereo pairs, i.e. MCTSignalingType == 0, the{previous downmix is calculated from the
fdrevious output channels as downmix_prev[ ][ ] definedsin/step 2 of subclause 5.5.5.4.9.4, whereby
spectrum[window][ ] is represented by spectral_data[ J[window].

Hor rotation stereo pairs, i.e. MCTSignalingType ==, 1, the previous downmix is calculated from the
gdrevious output channels by inverting the rotation'operation defined in subclause 5.5.10.3.7.1.

Jgeply mct rotation inverse (*R, *L,\¥dmx, aIdx, nSamples)

for (n=0; n<nSamples; n++) {
dmx = L[n] * tabIndexToC0sAlphalaldx] + R[n] * tabIndexToSinAlpha[aIldj

—
~.

}
¥

using L = spectral_data_prev[chl][ ], R = spectral_data_prev[ch2][ ], dmx = downmix_prev[|] of the
drevious frame and using-dldx, nSamples of current frame and MCT pair.

Step 3: Executionof stereo filling algorithm in empty bands of second channel

tereo filling.iS applied in the MCT pair’s second channel as in step 3 of subclause 5.5.5.4.9.4, whereby
spectrum{window] is represented by spectral_data[ch2][window] and max_sfb_ste is given by num_swb.

tep'4: Scale factor application and adaptive synchronization of Noise Filling seeds

As after step 3 of subclause 5.5.5.4.9.4, the scale factors are applied on the resulting spectrum as in
ISO/IEC 23003-3:2012, 7.3, with the scale factors of empty bands being processed like regular scale
factors. In case a scale factor is not defined, e.g. because it is located above max_sfb, its value shall
equal zero. If IGF is used, igf WhiteningLevel equals 2 in any of the second channel’s tiles, and both
channels do not employ eight-short transformation, the spectral energies of both channels in the MCT
pair are computed in the range from index noiseFillingStartOffset to index ccfl/2 - 1 before executing
decode_mct( ). If the computed energy of the first channel is more than eight times greater than the
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energy of the second channel, the second channel’s seed[ch2] is set equal to the first channel’s
seed[ch1].

5.5.11 Filterbank and block switching

The frequency-to-time transformation, windowing, block switching, and overlap-and-add operations
are carried out as specified in ISO/IEC 23003-3:2012, subclause 7.9. The only exception is the analytical
expression for the inverse lapped transform x;, of the spectral coefficients spec[i] for the window index
i, which is now given by:

N

D 2
i Z?Zspec[z [k]- cs(—(n+n0)(k+k )j for0<n<N,
k=0

=
Il
|

with i, |k, n, N, and no defined as in ISO/IEC 23003-3:2012, 7.9.3.1, and with cs() and-k, as tabulated,
using the prev_aliasing_symmetry and curr_aliasing_symmetry values, in Table 113 below. Note that flor
the 7 last transforms (at i > 0) of an EIGHT_SHORT_SEQUENCE, prev_aliasing/symmetry is set [to
curr_aljasing_symmetry.

Table 113 — Mapping of aliasing symmetry values to parameters of the
inverse lapped transform x;,

currentframe i
last frame i-1 . . . .
right-side symmetry right-side symmetry odd
even (symm;=0) (symm;=1)
right-side symmetry cs(...) =kos(...) cs(...) =sin(...)
even (symm;.1=0) ko=0.5 ko=1.0
right-side symmetry ¢s(...) = cos(...) cs(...) =sin(...)
odd (symm;.1=1) ko=0.0 ko=0.5

NOTE symm;_, = value of prev_aliasing_symmetry,

symm; = value of curr_aliasing_symmetry.

In chgnnels and frames/with LPD coding (core_mode[ch] # 0), prev_aliasing symmetry ahd
curr_aljasing_symmetry, shall be zero.

5.5.12 Frequencydomain prediction

5.5.12{1 Tool'description

The fr auvanecyw r‘]nmqnn “YCIA‘F"II\“ anD\ fnn] can lnn nf1|v7ar‘] an cnlﬂnnr-fnya nnq]ﬂ-‘r |mv\vnnnmanf nF]n AT -
gHeRey-aoHaih Pt e SHB e-rtaty-HRPTE V

frequency harmonic signal components. It is largely designed using fixed point arithmetic in order to
ensure consistent operation across different platforms. FDP is applied individually for each channel of
the given element in the TNS filtered (and in the case of channel pair elements, the joint-stereo coded)
MDCT spectral domain, as obtained after the entropy decoding and noise filling steps, and is supported
in both the MDCT based TCX and FD coding modes.
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5.5.12.2 Operational constraints

The FDP tool is only available in dependently coded channels/frames (i. e. indepFlag == 0) which are
transform coded using the maximum MDCT length (i. e. largest available mod[k] in case of TCX and
window_sequence != EIGHT_SHORT_SEQUENCE in case of FD coding) and for which no transition from
TCX to FD coding, or vice versa, occurred between the last and current frame. If these requirements are
not satisfied, the FDP indicator, fdp_data_present, should equal zero, and all FDP helper states (see
5.5.12.3) shall be set to zero.

J.0.14.5 Delnitions

fdp_data_present binary flag indicating whether the FDP tool is active (1) or disabled
(0) in the channel.

fdp_spacing index eight-bit integer holding the harmonic spacing index-ised during the
FDP processing.

ccfl coreCoderFrameLength, the transform length,'see ISO/IEC 23003-

3:2012, subclause 6.1.

g re-scaling gain, based on global_gain value, see ISO/IEC 23003-
3:2012, subclause 7.15.

Ig number of quantized MDCT bins, see ISO/IEC 23003-3:2012,
subclauses 6.2.9.2 and subclause 7.15.

noiseFillingStartOffset noise filling start linegdefined depending on ccfl in ISO/IEC 23003-
3:2012, Table 109:

samplingFrequency core-coder samiple rate defined by usacSamplingFrequency or
usacSamplingFrequencylndex as defined in Table 12.

harmonicSpacing helper element, unsigned integer holding a harmonic spacing value
fot EDP decoding.

predictionBandwidth helper element, unsigned integer holding the maximum line count fpr
FDP decoding.

quantSpecPrev[ ][] helper array, internal signed-integer MDCT line memory for the

inter-frame prediction.

fdp_exp[ ] constant array holding the integer line-expansion data
NINT (64-i"/3), with 0 <i < 181.

fdp_scf] ] constant array holding the integer scale-factor power data

AN LNT {')(S+1)//1) with 0 62

Py
VIV 1 \1.. 3 VWItIHUO—=35=0J97

fdp_sin[ ] constant array holding the floating-point sine values of sin(n . / 25 6)’

with 0 <i<128.

fdp_int[ ] output array holding the signed-integer predictor values derived
during FDP decoding.
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5.5.12.4 Decoding process

The FDP decoding procedure is performed in four consecutive operations, which are described in the
following steps.

Step 1: Derivation of harmonic spacing value

If fdp_data_present == 0, this step is skipped. Otherwise, harmonicSpacing is derived from
fdp_spacing_index:

harmonicSpacing = (894 - 512 + fdp_spacing_value) / (2 - fdp_spacing_value)

with fdp_spacing_value = 894 / 3 - fdp_spacing_index. The division in the above equation is;ar’ integer
divisioh.

Step 2] Determination of prediction bandwidth

If ccfl # 768 and samplingFrequency =44 100Hz (i.e. usacSamplingFrequencylndex < p),
predictionBandwidth equals 132. Otherwise, predictionBandwidth equals(the long-window-sequence
value of noiseFillingStartOffset. Also, predictionBandwidth is limited to-lg, the number of quantized
MDCT lines given by the arithmetic decoder:

predictionBandwidth = min(lg, predictionBandwidth).
Step 31 Execution of MDCT-domain prediction

The FOP decoding process, which returns the predictotwalues fdp_int[i], 0 < i < predictionBandwidth,
depends on the mode of the current frame and channel. If fdp_data_present == 0, all fdp_int[i] =|0.
Otherwise, in case of FD coding, FDP decoding-is applied to the expanded, scaled MDCT valyes
outputppecCurr(i] after noise filling.

harfiIndex = -128, complIndex = 2568; /* harmonic and compare indices */
sl  0; s2 = 0; /* LPC coefficiénts, adapt both for each harmonic */

if [fdp data present) { /X3 FDP active and allowed, obtain estimate */
for (i = 0; i < predictionBandwidth; i++) {
if (abs(i * 256 =_hdrmIndex) >= 384) { /* bin is not harmonic */
fdp int[i] =/0%
} else { /*/ir is part of the currently active harmonic line */
reg32 = sI\¥ quantSpecPrev[0][i] + s2 * quantSpecPrev[1l][i];
fdp int{4d” = sign(reg32) * (((unsigned int)abs(reg32) + 16384) >> 15);
output$pecCurr[i] += i gain * fdp int[i]; /* actual decoding */
}
if (i>* 256 == compIndex) { /* update indices and LPC coeffs */
harmIndex += harmonicSpacing;
compIndex = harmIndex & 255;
if (compIndex > 128) {
compIndex = 256 - compIndex; /* exploit trigonom. symmetry */
}
sl = NINT( 768*min(82-18*fdp sin[compIndex]”2, 77-6*fdp sin[compIndex]”"2)*
fdp sin[compIndex]);
s2 NINT (-4.5*min (82-18*fdp sin[compIndex]"2, 77-
6*fdp_sin[compIndex]"2)"2);
compIndex = harmIndex >> 8; /* integer unscaled harm. index */
if ((compIndex & 1) == 0) {
sl *= -1; /* negate first LPC coeff for even harm. indices */
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}
compIndex = 256 + ((harmIndex + 128) >> 8) * 256; /* update */
}
}
}

Note that, in case of MDCT based TCX coding in the given frame and channel (core_mode[ch] == 1),
inverse gain i gain = 64 / g, i.e. an amplified version of the re-scaling gain, and in case of FD coding,

i gain=>512.

dtep 4: Update of spectral prediction memory

Hor each line at index 0 < i < predictionBandwidth an integer representation x_int[i]-of ithe e}
scaled line value is computed. In case of FD coding, this depends on the quantized-value x_ac]
and its associated scale factor scf[sfb] for band sfb (see ISO 23003-3:2012, subclauses 7.1 an
scf[sfb] < 21, x_int[i] = fdp_int[i]. Otherwise,

x[i] = fdp_exp[min(abs(x_ac_quant[i]), 181)] - fdp_scf[min(sc¢f[stb] - 21, 63)],

x_int[i] = sign(x_ac_quant[i]) - ((x[i] + 512) >> 10) + fdp_int{i}(“>>" is a binary shift).

Yt

h case of MDCT based TCX coding, x_int[i] is derived from thé’x_tcx_invquant[i] coefficients
gain g:

x_int[i] = x_tcx_invquant[i] - NINT(g / 64) + fdp_int[i].

Hor all 0 <i<predictionBandwidth, the update is finalized using quantSpecPrg
uantSpecPrev[0][i] and, afterwards,

Neo)

quantSpecPrev[0][i]*= min(max(x_int[i], -31775), 31775).
All x_int[ ] associated with uncoded.scale factor bands (i.e. bands whose sfb > max_sfb) shall equ
§.5.13 Long-term postfilter
3.5.13.1 Tool description

The long-term postfilter (LTPF) tool can be utilized for subjective quality improvement
frequency harmonie-signal components. LTPF is applied individually for each channel of t]
glement in the {ime domain as obtained after FD/LPD decoding. More specifically, it is applie
time-domain“signal obtained after the overlap-and-add operation in case of the FD mug
IBO/IEC 23003-3:2012, 7.9.3.3) and after the bass postfilter in case of the LPD mo
IFO/IEG:23003-3:2012, 7.17).

panded,
quant[i]
d 7.2). If

and the

al zero.

of low-
ne given
d on the
de (see
de (see

3.513.2 Operational constraints

The LTPF tool is supported in both the FD mode and in the longest MDCT based TCX mode, but not in
the shorter MDCT based TCX modes nor in the ACELP mode. However, to avoid any discontinuities that
could be introduced when switching from a frame where the tool is supported to a frame where the tool
is not supported, the LTPF decoding process is still applied in the modes where the tool is not

supported but with Itpf_data_present equal zero.
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5.5.13.

3 Definitions

Itpf_data_present  binary flag indicating whether the LTPF tool is active (1) or disabled (0) in the

channel.

Itpf_pitch_lag_index nine-bit integer holding the pitch lag index used during the LTPF decoding

process.
Itpf_gain_index two-bit integer holding the gain index used during the LTPF decoding process.
pit_int integer part of the pitch lag used during the LTPF decoding process.
pit_fr fractional part of the pitch lag used during the LTPF decoding process.
gain gain used during the LTPF decoding process.
Fs the sampling frequency at which the core coder operates.
ccfl core coder frame length in samples.
5.5.13/4 Decoding process
5.5.134.1 General
The LTPF tool processes the output signal of the FD/LPD.cere decoder with an IIR filter, who

coefficients are derived from three parameters that are decoded from the bitstream. These parametg

are est
middle|
howev
frame

frame

introdu
beginn

The de|
decodd
discont

5.5.13
5.5.13

There

lag, andl the gain. If I1tpf_data_present equals zero, then the three parameters are set to zero. Otherwi

the par

imated at the encoder side on a frame of lengthoccfl whose middle point coincides with 4
point of the MDCT window. The frame of outputsignal coming from the FD/LPD core decoder
er delayed by ccfl/2. At the decoder side, the'ETPF tool then filters the first half of the currg
1sing the parameters decoded in the previous frame and filters the second half of the currg
1sing the parameters decoded in the current frame. To avoid any discontinuities that could
ced when the filter parameters change between the previous and the current frame, t
ng portion of the second half of the\current frame is processed with a transition filter.

coding of the filter parameters is described in subclause 5.5.13.4.2. The IIR filtering of the cd
inuities is described in subclause 5.5.13.4.4.
4.2 Decoding of thefilter parameters
4.2.1 General

ire three'parameters per frame: the integer part of the pitch lag, the fractional part of the pit]

ameters are decoded as described in the following subclauses.

rs
he

nt
nt
be
he

re

r output signal is describéd)in subclause 5.5.13.4.3. The transition filter used to remove possille

se,

5.5.13.

4.2.2 Decoding of the integer and fractional parts of the pitch lag

A fractional pitch delay is used with resolutions 1/2 in the range [pit_min, pit_fr2-1/2], integers only in
the range [pit_fr2, pit_fr1-1], and integers with increments by 2 in the range [pit_fr1, pit_ max]. pit_min,
pit_fr2, pit_frl and pit_max are the boundaries of the segments of the quantizers which depend on Fs
and they are determined as follows.

pit min = round( 34 * ( Fs / 2 ) / 12800 ) * 2;
pit fr2 = 324 - pit min;
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pit fril
pit max

320;
54 + 6 * pit min;

The integer and fractional parts of the pitch lag are then decoded as follows.

if ( ltpf pitch lag index < (pit fr2-pit min)*2 )
{
pit _int = pit min + (ltpf pitch lag index/2);
pit fr = ltpf pitch lag index - (pit_int - pitmin)*2;
}
glse if ( ltpf pitch lag index < (pit fr2-pit min)*2 + (pit frl-pit fr2) A

pit int = pit fr2 + 1tpf pitch lag index - (pit fr2-pit min)*2;
pit fr = 0;

dlse
pit _int = (ltpf pitch lag index-(pit fr2-pit min)*2-(pit frl-pit fr2))*2 |+

git fril;
pit fr = 0;

§.5.13.4.2.3 Decoding of the gain

—

he gain is decoded as follows.

dain = (ltpf gain index + 1) * 0.0625;

[&x |

.5.13.4.3 IIR filtering

he LTPF processes the core decoder output-with an IIR filter whose coefficients are derived from the
hteger and fractional parts of the pitchdag and from the gain. The IIR filter is implemented with the
inction given below, assuming filtering a portion of signal, where *x points to the first sample of the
ortion of input signal, *y points to-the first sample of the portion of output signal, and N is the length of
he portion of signal.

cts =

flunction ltpf filter (%%, *y, N, gain, ltpf gain index, pit int, pit fr )
idf ( gain == )

for (n = 04" < N; n++ )

sl = 0;
for ( k = 0; k < 8; k++ )
{
sl += y[n-pit int+k-4] * 1ltpf filter coefl(pit fr][k];
}
s2 = 0;
for ( k = 0; k < 7; k++ )
{
s2 += x[n-k] * ltpf filter coef2[ltpf gain index] [k];
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y[n] = x[n] + gain * sl - 0.95 * gain * s2;

}
}

The two tables ltpf _filter_coefl and ltpf filter_coef2 are given below.

ltpf f
{
{0.0

ilter coefl[2][8] =

000000,0.0304386,0.1162701,0.2195613,0.2674597,0.2195613,0.1162701,0.0304386},

{0.0
}

ltpf f
{
{0.2
{0.2
{0.2
{0.2

5.5.13

The fir
paramgé

If the p|
of the
N=ccfl
discont
of the
3*ccfl/
curren

Three (

a) Th
zel

A simg
paramg

Yy

by the

076226,0.00706508,0.1700032,0.2547232,0.2547252,0.1700032,0.067/0508,0.007/6226}

ilter coef2[4][7] =

7150189,0.44286013,0.23027992,0.05759155,-0.00172290,-0.00045168, -0-00005891}
7581838,0.44682277,0.22783915,0.05410054,-0.00353758,-0.00092331,50,,00011995}
8044685,0.45103979,0.22519192,0.05037740,-0.00545541,-0.001417L9,-0.00018336}
8543320,0.45554676,0.22230634,0.04638935,-0.00749011,-0.001936127-0.00024943}

4.4 Transition filtering

st half of the current frame is always filtered with the findction 1tpf filter using t
ters of the previous frame and N=ccfl/2.

hrameters of the current frame are the same as the ones.from the previous frame, the second h
current frame is also filtered with the function 1gpf filter using the same parameters a
2. However, if the parameters change betwéen the previous and the current frame,
inuity can be introduced. In that case, the beginning portion (ccfl/8 samples) of the second h
current frame is processed with a transition filter described in the following. The remaini
B samples are then processed with the-function 1tpf filter using the parameters from 4
frame and N=3*ccfl/8.

ases are considered:

e gain of the previous frame’is equal to zero and the gain of the current frame is not equal
0.

le fade-in mechanism is used where the function 1tpf filter is applied using the filf
ters of the current frame, N=ccfl/8, and changing the line of code:

n] = x[nP~+ gain * sl - 0.95 * gain * s2;

following lines of code:

Yy

n¥ = x[nl + alpha * ( gain * s1 - 0.95 * gain * s2 ):

alpha += 1/N;

and by

setting alpha to zero at the beginning of the function.

b) The gain of the previous frame is not equal to zero and the gain of the current frame is equal to
Zero.

A simple fade-out mechanism is used where the function 1tpf filter is applied using the filter
parameters of the previous frame, N=ccfl/8, and changing the line of code

172
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yv[n] = x[n] + gain * sl - 0.95 * gain * s2;
by the following lines of code

+ alpha * ( gain * sl - 0.95 * gain * s2 );

y[n] = x[n]
= 1/N;

alpha -
and by setting alpha to one at the beginning of the function.

cl_The gain of the prpvimlc frame is not pqna] tozero and the g:\in of the current frame is not

equal to

Zero.

The discontinuity is removed using the zero-impulse-response (ZIR) of a LPC synthesis-filter e

o

he coefficients of the LPC synthesis filter are estimated using the classic autocorrelation and 1
urbin approach and is implemented using the function given below, where X[] is the portion
utput signal corresponding to the last ccfl/4 samples, a[] are the LPC ‘coefficients, N=ccfl
ength of the portion of signal, and M=24 is the order of the LPC synthesis\filter.

-0 o, =]

flunction 1ltpf get lpc( x[], all, N, M)

flor (m = 0; m <= M; m++ )

]
]
0] = -r[1] / x[O]
1 = rcl0];

igma2 = r[0] +@&T] * rc[0];
or ( m 2; m.<= M; m++ )

=t 0 QO = Q© = -

sum = 0,0£7
for (A& 0; 1 < m; i++ )
{

sum += r[m-i] * alil;

}

rolm=11 = —sum igama:
T -+ = 7

ttimated

n the previous frame, and with memories computed using the filter parameters of the eurrent frame.

bvinson-
of LTPF
4 is the

sigma2 = sigma2 * ( 1.0 - rc[m-1] * rc[m-1] );
if ( sigma2 <= 1.0E-09 )
{
sigma2 = 1.0E-09;
for (1 =m; i <= M; i++ )
{
rc[i-1] = 0.0;
ali]l] = 0.0;
}

break;
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for (i =1; I <= (m/2); i++ )

{
value = a[i] + rc[m-1] * a[m-1i];
alm-i] += rc[m-1]1 * ali];
ali] = value;

}

a[m] = rc[m-1];

}

Then, the ZIR of the LPC synthesis filter is computed using the following function, where *x points to,t
first sample of the beginning portion of the second half of the current frame of input signal, *y points
the firdt sample of the beginning portion of the second half of the current frame of output signal, a
Lz=ccfll/8 is the length of the ZIR.

funct

for (

{
sl
for

zir

alpha
for (

{

zir

alpha -=p2/Lz;

}

jon ltpf get zir( *x, *y, all, zir[], M, Lz )
m=0; m < M; n++ )

F 05
(k =0; k < 8; k+t+ )

+= y[m-M-pit int+k-4] * 1ltpf filter coefl[pit frd\k];

( i = 0; k < 7; k++ )

2 += x[m-M-k] * ltpf filter coef2[ltpf gain index][k];

n] = ( x[m-M] - 0.95 * gain * s2 ) =\( y[m-M] - gain * sl );
i =0; 1 < Lz; i++ )

(3 =1; jJ <= M; j++ )

f[M+i] -= a[M] * buf[M+i-9gJ];

i =0; 1 < Lz/2; 1iFH)
i] = buf[M+i];

1;

i Lz/2;84~< Lz; i++ )

i] = Douf[M+i] *alpha;

nd

And finally, the function 1tpf filter is applied using the filter parameters of the current frame,
N=ccfl/8, and changing the line of code:

Yy
by the

Yy

174

[n] = x[n] + gain * s1 - 0.95 * gain * s2;
following line of code:
[n] = x[n] + gain * s1 - 0.95 * gain * s2 - zir[n];
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5.5.14 Tonal component coding

5.5.14.1 Tool description

The tonal component coding (TCC) is a tool for coding of selected high frequency tonal components
using an approach based on sinusoidal modelling. Tonal components are represented as sinusoidal
trajectories — data vectors with varying amplitude and frequency values. The trajectories are divided
into segments and encoded with technique based on discrete cosine transform.

ICIT ITdividually encoded SImusoiddl CONMIPOINENt 1S UIMUely TEPTESEIted DY 1tS Paralneters:

and amplitude, one pair of values per component per each output data frame containing
amples. The parameters describing one tonal component are linked into so called sihusoidal
trajectories. The original sinusoidal trajectories constructed in the encoder may liaye an arbitrary
length. For the purpose of coding, these trajectories are partitioned into segments-The length of the
segments into which each trajectory is split are individually adjusted in time for €ach trajectory, Finally,
segments of different trajectories starting within a particular time are grouped ifito groups of segments

Jata values within each segment are encoded jointly. All segments gf"a trajectory can have lgngths in
the range from TCC_MIN_SEG_LENGTH=GOS_LENGTH to TCC_MAXXSEG_LENGTH = 32 and they are
dlways multiples of 8. So, the possible segment length values are:-8, 16, 24, and 32. During encofling, the
engths of the segments are adjusted by an extrapolation process. Thanks to this the partitionipg of the
Fajectory into segments is synchronized with the endpoints of GOS structure, i.e. each segmenit always
tarts and ends at the endpoints of the GOS structure.

e+ —

Upon decoding, each segment may continue to theext GOS (or even further), as shown in Figure 25.
After decoding, the segmented trajectories are joiied together in the trajectory buffer.
GOS
e T
0O 8
S5 T
L L
/-—1}_/ |
P =\ —
— o T

1 2 3 4 5 3) 7 8 9 10 11 12
GOS number

Figure 25 — Partitioning of sinusoidal trajectories into segments and their relation to|GOS

TheJencoding algorithm also has an ability to jointly encode clusters of segments belonginlg to the
harmonic structure of the sound source, i.e. clusters represent the fundamental frequency of each
harmonic structure and its integer multiplications. It can exploit the fact that each segment is
characterized with a very similar FM and AM modulations.

For stereo and multichannel signals each channel is encoded independently. The TCC tool is optional
and may be active only for some of the audio channels. The TCC payload is transmitted in USAC
extension element. It is possible to send additional information related to trajectory panning as
illustrated in Figure 26 below to further save some bits. However, due to low bitrate overhead
introduced by TCC each channel can also be encoded independently as illustrated in Figure 27.
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Channel #1 Sinusoidal
trajectories A et
Si idal trajectories
inusoida
A +header
Channel #2 trajectories B _
Trajectory
E processing
Bitstream
trajectories
Channel #N Sinusoidal B + header

Channel #1

Channel #2

Channel #N

5.5.14f2 Definitions
Help elements:

tccMode[elemlIdx]

trajectories A

Sinusoidal trajectories A R

Sinusoidal trajectories B -

Sinusoidal trajectories A

Indicates the

Figure 27 — Independent encoding for each channel

use of the tool for a certain group of audio chan

elements (SCEs and CPEs):

Table 114 — tccMode

Figure 26 — Sending additional information related to trajectory panning

Bitstream
channel #1

Bitstream
channel #2

Bitstream
channel #N

1el

TccGroupOfSegments ()
tccDataPresent

numSegments

176

tccMode Meaning
0 TCC tool not applied
1 QOne TCC frame for rnrrncpnnding Q(‘F‘I/(‘DF
2 Two TCC frames for corresponding CPE
3 Reserved

Syntactic element that contains TCC Group Of Segment data.

Indicates if TCC data are transmitted in current group of segments (GOS).

Indicates the number of trajectory segments transmitted in current GOS.
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isContinued Indicates whether this particular segment will have its continuation in
next GOS.
Table 115 — isContinued
isContinued Meaning
0 Segment will not be continued
1 Segment will be continued
slegLength Indicates the length of the currently decoded segment.
Table 116 — segLength
segLength Trajectory segment length
00 8
01 16
10 24
11 32
amplQuant Quantization step for amplitude coéfficients.
Table 117‘— amplQuant
amplQuant Amplitude quantization step in dB
0 0.5
1 1
freqQuant Quantization-step for frequency coefficients.
Table 118 — freqQuant
freqQuant Frequency quantization step in cents
0 2
1 4
huffWord Huffman codeword.
dmplTransfarmCoeffDC Amplitude DCT transform DC coefficient.
freqTransformCoeffDC Frequency DCT transform DC coefficient.
numAmplCoeffs Number of decoded amplitude AC coefficients.
numFreqCoeffs Number of decoded frequency AC coefficients.
amplTransformCoeffAC Array with amplitude DCT transform AC coefficients.
freqTransformCoeffAC Array with frequency DCT transform AC coefficients.
amplTransformIndex Array with amplitude DCT transform AC indices.
freqTransformIndex Array with frequency DCT transform AC indices.
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amplOffsetDC Constant integer added to each decoded amplitude DC coefficient, equal
to 32.

freqOffsetDC Constant integer added to each decoded frequency DC coefficient, equal
to 600.

offsetAC Constant integer added to each decoded amplitude and frequency AC

TCC_SY

TCC_FS

5.5.14

5.5.14

Elemer
(TCC G
CPE, in
type of]

The ve

Next, the decoding of the individual k-th segment starts with decoding its length segLength[k] and

isConti
5.5.14
The fol

1) T

coefficient, equal to 1.

negative value.

Bit indicating the sign of decoded frequency AC coefficient, 1 indicates
negative value.

M_TR] Maximum number of processed trajectories, equal to 8¢

FFER_LENGTH Length of buffer for storing decoded trajectory amplitude and frequengy
data, equal to 32.

NTH_LENGTH Length of buffer for storing synthesized TCC-samples, equal to 2048.
Nominal sampling frequency for TCC'sinusoidal trajectory data, equal tp
48 000 Hz.

3 Decoding process

3.1 General

ts of usacExtElementType ID_EXT_ELE_TCG€“ccording to tccMode[elemIndex] contain TCC d4ta

Foups of Segments - GOS) corresponding-to the currently processed channel elements, i.e. SCE |or

the currently processed signal groups The number of transmitted GOS structures for a particular

channel element is defined in Table\¥14.

'y first step for decoding of each'GOS starts with reading the number of transmitted segments:
K = numSegments + 1

nued[k] flag according to Table 115 and Table 116.

3.2 Decoding of segment amplitude data

owing procedures are performed for decoding of the k-th segment of amplitude data.

he amplitude quantization stepA step is calculated according to the formula:

amplQuant/[k] )

stepA[k] = log (10 20

where amplQuant[k] is expressed in dB.

2) The amplTransformCoeffDC[k] is decoded according to the formula:

178

amplDC[k] = — (amplTransf ormCoeffDC [k] + amplOffset DC)xstepA[k]
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3) The amplitude AC indices amplindex[k][j] are decoded by starting with j=0 and decoding
consecutive amplTransformIndex[k][j] Huffman code words and incrementing j, until a codeword

representing 0 is encountered. The Huffman code words are listed in huff idxTab[] ta

ble. The

number of decoded indices indicates the number of further transmitted coefficients - numCoeff[k].

After decoding, each index should be incremented by offsetAC.

4) The amplitude AC coefficients are also decoded by means of Huffman code words specified in

huff acTab[] table. The AC coefficients are signed values, and so an additional

sign bit

amplSgn[k][j] after each Huffman code word is transmitted, where 1 indicates negative value.

Fillﬂ}}y, t}lc vq}uc Uf t}lc AC \.ucfﬁ\,icut iD dCLUdCd dUULUI dills tU thc fUl ulu}a.
amplAC[k][ j] = amplSgn[k] [j] (|amplT ransf ormCoeffAC [k][j] + offsetAC |— 0.25 )x Sstep)

Decoded amplitude transform DC and AC coefficients are placed into vector amplCGoeff d
equal to segLength[k]. The amplDC[k] coefficient is placed at index 0 and amplA€[k][j] coq
are placed according to decoded amplindex[k][j] indices.

5) The sequence of trajectory amplitude data on a logarithmic scale-is'teconstructed f
inverse discrete cosine transform and moved into segAmpliog[k][i]buffer according to:

' segLength[k]—1 (2[ —+ 1)71'
SegAmPZIOg[ k/[i] = ;amp [Coeff[ K] [r] wirf.cos 2seglength [k]

where:
(segLengthlk]) "’ Jfor =0
wfr] =
V2 (seglength[k]) "’ for r>0

The amplitude data is placed in segAmpli,y buffer of length equal to TCC _BUFFER_|
beginning with the index i = 1.\Setting the value with index i = 0 is expld
subclause 5.5.14.3.5.

6) The linear values of amplitudes;in segAmpl[k][i] are calculated by:
segAmpl[k] [i] = exp (segAmpl g [KI[T] )

§.5.14.3.3 Decoding of segment frequency data

—]

he following procedures are performed for k-th segment frequency data decoding.

1) The frequency quantization stepF[k] is calculated according to formula:

stepF[k] = freqQuant[k] xlog(ZUIOOJ

A/k]
f length
fficients

rom the

LENGTH,
ined in

where freqQuant/k][ 1s expressed In cents.
2) The freqTransformCoeffDC[k] is decoded according to formula:

freqDC[k] = — ( freqTransf ormCoeffDC [k] + freqOffset DC ) x stepF[k]

3) Decoding process of frequency AC indices is the same as for amplitude AC indices. The resulting

data vector is freqIndex[k][j].

4) Decoding process of frequency AC coefficients is the same as for amplitude AC coefficients. The

resulting data vector is freqAC[k][j].
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5) Decoded frequency transform DC and AC coefficients are placed into vector freqCoeff of length
equal to segLength[k]. The freqDC[k] coefficient is placed in position j=0 and freqAC[k][j]

5.5.14{3.4 Ordering and linking of trajectory segments

The orjginal sinusoidal trajectories built in the encoder are partitioned into an arbittary number
segments. The length of currently processed segment segLength[k] and continuation,flag isContinued
is used|to determine when (i.e. in which of the following GOS) the continuation segment will be receiv|
Linking of segments relies on the particular order the trajectories are traysmitted. The order
decoding and linking segments is presented and explained in Figure 28.

coefficients are placed according to decoded freqIndex[k][j] indices.

The reconstruction of the sequence of trajectory frequency data in logarithmic scale and further
transformation to linear scale is performed in the same manner as for amplitude data. The
resulting vector is segFreq[k][i]. The linear values of frequency data are stored in the normalized
frequency range from 0.07 - 0.5. In order to obtain proper frequency values in Hz, they shall be

multiplied by TCC_FS:

segFreq, [k][i] = segFreq[k][i] xTCC _FS

GOS #1  GOS #2 GOS #3 GOS #4 GOS #5 GOS #6 GOS #7 GOS #8

SHG #1.1 |isCont =1 SEG #5.1 }isCont = 0

SHG #1.2 |sCont =0

SEG #5.2.|isCont = 0

SEG #2.1 |isCont = 0

SEG #4.1 |isCont =0

of
rk]
ed.
of

0 TCC__BUFFER__LENGTH 32
-< >
NOTE | Segments decoded within one G@S jare marked with the same colour. Each segment is marked with a

numbei| (e.g. SEG #5.1) which determines, the order of decoding (i.e. order of receiving the segment data fr
bitstream in given GOS). In this example SEG #1.1 has length of 32 data points and is marked to be continu
(isCont [ 1). Therefore, SEG #1.1 js going to be continued in GOS #5, where there are two new segments receiv
(SEG #3.1 and SEG #5.2). Decoding order of these segments indicates that the continuation for SEG #1.1 is S

#5.1.

5.5.143.5 Synthesis of decoded trajectories

The regeived.representation of trajectory segments is temporarily stored in data buffers segAmpl/[k|
and se‘IFreq[k][i], where k represents the index of segment not greater than MAX NUM_TR] =8, an
represeénts the trajectory data index within a segment, O<=i< TCC BUFFER LENGTH. The index i=0

Figure 28 — Scheme of linking trajectory segments

m
ed
ed
EG

/]
i

of

buffers segAmpl and segFreq is filled with data depending on the one of two possible scenarios for
further processing of particular segments.

1) The received segment is starting a new trajectory, then the i=0 index amplitude and frequency

180

data are provided by simple extrapolation process:

segFreq[k][0] = segFreq[k][1],

segAmpl[k][0] = 0.
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2) The received segment is recognized as a continuation for the segment processed in the
previously received GOS structure, then the i=0 index amplitude and frequency data are copy of
the last data points from the segment being continued.

The output signal is synthesized from sinusoidal trajectory data stored in the synthesis region of
segAmpl[k][l] and segFreq[k][l], where each column corresponds to one synthesis frame and /=0, 1,...,8.
For the purpose of synthesis, these data are to be interpolated on a sample basis, taking into account the
synthesis frame length H = 256. The samples of the output signal are calculated according to

Kinj

Yrceln] = zAk[n] cos (%[n])
k=1

where

n =0.. TCC_SYNTH_LENGTH-1;

K[n] denotes the number of currently active trajectories, i.e. the number of rows synthesis|region
of segAmpl[k][l] and segFreq[k][l] which have valid data in the frame [ = floor(n/H) anfd
I =floor(n/H)+1;

Ai[n] denotes the interpolated instantaneous amplitude of k-th partial;

o[n] denotes the interpolated instantaneous phase of k=th partial.

The instantaneous phase @x/n] is calculated from the instantaneous frequency Fi/n] according to¢:

oufn] = 9 J0] 438y F fm]

he initial value of phase ¢.[0] is not transmitted and should be stored between consecutive buffers, so
hat the evolution of phase is continuous, For this purpose the final value of @i/TCC_ SYNTH_LENGTH-1]
5 written to a vector segPhase[k]. This value is used as @i[0] during the synthesis in the next huffer. At
he beginning of each new trajectory /0] = 0 is set.

-+ = =+ , 3

The instantaneous parameters Ax/n] and Fi/n] are interpolated on a sample basis from trajectpry data
stored in trajectory buffers-segAmpl[k][h] and segFreq[k][h]. The values between two consequtive (h
and h+1) trajectory nodes are calculated by linear interpolation:

A, ] seadmpifii[h] +(segAmpifi[h+ 1] — segAmplfk] h]) x4 H
E[n] =segFreq[k][h] + (segFreq[k][h +1] —SegFreq[k][h]) XM
Where
h=|"
tH

n=012..,H-1

In order to reduce the computational complexity, the cos function should be calculated according to the
Taylor series expansion. This process is described in the function get taylor cos(phase,N) as
follows.

get taylor cos (phase,N) {

sign = 1;
/* convert phase if phase > PI/2 */
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phase = abs (phase);

if

}

(phase > (PI/2)) {
sign = -1;
phase = PI - phase;

output = 1;

phase2 = phase * phase;
phase pow = phase2;
for(i = 1; i<=N; i++){

output += (phase pow * inv_ factorial tabl[i-1]) ;

ref

}

The in
inverte

inV_fc

Once t
segFre
synthe
produd
by 215,
buffer
introdu

5.5.14

Tonal
repress

performed according to ISO/IEC 14496-3:2009, subclause 4.B.18.2. Another option can be dirg

synthe

5.5.14

The fol

phase _pow *= phaseZ;

urn sign*output;

but phase values should be kept in the [-PI,PI] range and N is equal to 3. The consecuti
d factorial values are stored in the following table:

ctorial tab[] = {-5.0000000000e-01, 4.1666666667e-02, -1.388888888%e-03}

he group of TCC_SYNTH_LENGTH samples is synthesized, the centent of segAmpl[k][l] a
n[k][1] is shifted by 8 trajectory data points and updated with new~data from incoming GOS. T
bized samples are passed to the output buffer, where the data is mixed with the conter
led by the core decoder with appropriate scaling to the output data range through multiplicati
The TCC tool does not introduce any delay during decoding‘process, so there should be a prop
management performed, depending on the current core decoder configuration (delq
ced by SBR and/or MPS/MPS212 decoding).

3.6 Output signal domain switching

bntation is in QMF domain, an additional QMF analysis of the TCC output signal should

bis of sinusoidal partials to the fréquency domain (e.g., MDCT/QMF).

3.7 Huffman tables for ACindices
owing Huffman table huff idxTab[] shall be used for decoding the DCT AC indices:

Table 119 — Huffman table for decoding the DCT AC indices

nd
he
1ts
bn
er

yS

omponent tool always generates signal in the time domain. If the core decoder output sigmnal

be
bct

huff fdxTab[] =

{
/F indewx,) length/bits, deccode, bincode */
{ 0, 1, 0y, // 0
{ 1, 3, 6}y, // 110
{ 2, 3, 7}, / 111
{ 3, 4, 9y, // 1001
{ 4, 4, 11}y, // 1011
{ 5, 5, 17y,  // 10001
{ 6, 6, 32y, // 100000
{ 7, 6, 40}y, // 101000
{ 8, 6, 42y, // 101010
{ 9, 7, 67}y, // 1000011
{ 10, 7, 83}y, // 1010011
{ 11, 8, 133}y, // 10000101
{ 12, 8, 132}, // 10000100
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=

Table 120 — Huffman table for decoding the DCT AC values

.5.14.3.8 Huffman tables for AC coefficients

{ 13, 8, 165}, // 10100101
{ 14, 8, 173}y, // 10101101
{ 15, 8, 175}y, // 10101111
{ 16, 9, 329}y, // 101001001
{ 17, 9, 344y, // 101011000
{ 18, 9, 348}, // 101011100
{ 19, 10, 656}, // 1010010000
{ 20, 10, 698}, // 1010111010
{ 21, 10, 699}, // 1010111011
{ 22 11 13801} 1010171100100
{ 23, 11, 1382}y, // 10101100110
{ 24, 11, 1383}, // 10101100111
{ 25, 12, 2628}, // 101001000100
{ 26, 12, 2763}, // 101011001011
{ 27, 12, 2629}y, // 101001000101
{ 28, 12, 2631}, // 101001000111
{ 29, 13, 5525}, // 1010110010101
{ 30, 12, 2630}, // 101001000110
{ 31, 13, 5524}, // 1010110010100

he following Huffman table huff acTab[] shall be used for decoding the DCT AC values. Befor¢ further
rocessing and dequantization, the decoded AC values need to be increased by adding the offsetdC value.

he encoding of AC coefficients with absolute valGe higher than 49 uses the escape code, whith is the
st codeword in the table. After the escapeicode is put in the bitstream, the actual AC [value is
Fansmitted with 7 bit unsigned integer.

© ISO/IEC 2019 - All rights reserved

uff acTab[] =

/* index, length/bits, deccode, bincode */

{ 0, 63 31y, // 011111
{ 1, 3, 5y, // 101
{ 2, 3, 1y, // 001
{ 3, 3, 2y, // 010
{ 45 3, 4y, // 100
{ 4 3, 7y, // 111
{ 6, 4, 6y, // 0110
{ 7, 4, 13y, // 1101
{ 8, 5, 2y, // 00010
{ 9, 5, 14}y, // 01110
{ 10, 6, 0y, // 000000
{ 11, 6, 2y, // 000010
{ 12, 6, 7Y, /7 000111
{ 13, 6, 30}y, // 011110
{ 14, 6, 50}, // 110010
{ 15, 7, 2y, // 0000010
{ 16, 7, 6y, // 0000110
{ 17, 7, 96}, // 1100000
{ 18, 7, 98}y, // 1100010
{ 19, 7, 99}, // 1100011
{ 20, 8, 6}, // 00000110
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{ 21, 8, 27y, // 00011011
{ 22, 8, 7Y, /7 00000111
{ 23, 8, 15}y, // 00001111
{ 24, 8, 26}, // 00011010
{ 25, 8, 206}, // 11001110
{ 26, 9, 50}, // 000110010
{ 27, 9, 49}y, // 000110001
{ 28, 9, 28}y, // 000011100
{ 29, 9, 48y, // 000110000
{ 30 9 390} 110000110
{ 31, 9, 389}, // 110000101
{ 32, 9, 51y, // 000110011
{ 33, 10, 59}, // 0000111011
{ 34, 10, 783}y, // 1100001111
{ 35, 9, 408}, // 110011000
{ 36, 10, 777y, /7 1100001001
{ 37, 10, 58}, // 0000111010
{ 38, 10, 782}y, // 1100001110
{ 39, 8, 205}y, // 11001101
{ 40, 9, 415}, // 110011111
{ 41, 10, 829}, // 1100111101
{ 42, 10, 819}, // 110011001%
{ 43, 10, 828}, // 1100111100
{ 44, 11, 1553}, // 1100002€001
{ 45, 11, 1637}y, // 11003200101
{ 46, 12, 3105}, // 110000100001
{ 47, 14, 12419}, // 11000010000011
{ 48, 11, 1636}, // +1001100100
{ 49, 14, 12418}, // 1100010000010
{ 50, 13, 6208}, // 1100001000000

}i

5.5.15 [Internal channel on MPS212 for low-complexity format conversion

5.5.15/1 General

For thg stereo reproduction layouts, internal channel is chosen to reduce the required complexity py

removing redundant processing of upmixing by MPS212 and downmixing by format conversion. When

a CPE |
residug
case, t
implen;
complg
in Figy
requirg

as two output channels signal whose mix matrix Mwix(i,j) equals one, both the decorrelation ahd
| processing blocks-are switched off by setting ICC/m=1 as introduced in subclause 5.5.4. In this
he stereo output signal of MPEG Surround 212 upmixer has no phase difference Hut
entation ofi/the MPEG Surround upmixing as in subclause 5.5.4 results in unnecessqry
xity with~an increased number of input channels in following format conversion as shoyn
re 29=When the reproduction layout is stereo, internal channel shall be chosen to reduce
d complexity in MPEG-H 3D audio decoding process.
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Figure 29 — Redundant decoding structure of MPS212 and format conyersion to stel
which results in 24 input channels for 22.2-to-stereo format-¢onversion

brmat converter. As shown in Figure 30, each internal channel processing block generates an
hannel signal using MPS212 payloads and rendering parameters ‘of EQ and gain value de
brmat converter rules table corresponding to the output channel 0f MPS212 block.

- =h —

Internal Channel Signals,

Internal Channel

Downmixed in CP% —>

Processing

Downmixed in CP% —>

Internal Channel
Processing

»
>

\ 4

Downmixed in CP% —p

Internal Channel
Processing

Downmixed in CP% —>

Internal’Channel
Processing

\ 4

Downmixed-in CP% —Pp

Internal Channel
Processing

\ 4

\ 4

Format Conversion
{13-to-2 Downmixing)

———» R

which results in 13 input channels for 22.2-to-stereo format conversion

et

h format conversion, the internal channel signal uses additional converter rules in generi
onverter, with the gain value of 1.0 and EQ index of 0 as shown in Table 121 because the
hannel'Signal is created with the consideration of the gain and EQ values for the format conver

Q_Q

Table 121 — Additional converter rules

Figure 30 —Decoding process of internal channel and format conversion to stere¢

[eo

hternal channel is defined as an intermediate imaginary channel which cotresponds to the inpjut of the

internal
fined in

t format
internal
sion.

Source Destination Gain EQ index
CH_I_CNTR CH_M_L030, CH_M_R030 1.0 0 (off)
CH_I_LFE CH_M_L030, CH_M_R030 1.0 0 (off)
CH_I_LEFT CH_M_L030 1.0 0 (off)
CH_I_RIGHT CH_M_R030 1.0 0 (off)

The internal channel shall be implemented providing two types of processing; pre-processing at the
MPEG-H 3D audio encoder and post-processing at the MPEG-H 3D audio decoder, depending on the

© ISO/IEC 2019 - All rights reserved
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configuration parameters. As QCE is another form of a pair of CPEs, internal channel for QCE shall be
implemented as defined in subclauses 5.5.15.4.4 and 5.5.15.4.5.

5.5.15.2 Definitions

Internal channel An intermediate imaginary channel with the consideration
of stereo output in the format conversion replacing
redundant upmixing in MPS212 and downmixing in format
converter.

Internal channel signal A mono signal to be mixed in the format converter to
provide the stereo signal. This signal is generated using
internal channel gain.

Intefrnal channel processing A processing block that creates internal channel signal
based on the MPS212 decoding block.

Internal channel gain A gain calculated from CLD value and formdat-conversion
parameters of EQ and gain in the Internal channel
processing.

Integrnal channel group One of the four values CH_I_LEFT,.CH_I_RIGHT, CH_I_CNTR,

and CH_I_LFE, depending on/the core codec output channel
position as defined in Table’122. Note that the internal
channel group is correspondent to the additional converter
rules defined in Table 121.

Table 122 — Groups-of internal channel

Grjoup Core codec-output channels PTEI;;;] g
CH_LLFE CH_LFE1, CH_LFEZ, CH_LFE3 (0.707,0.707)
CH_ICNTR CH_M_000, CH_L_000, CHYU_000, CH_T_000, CH_.M_180, CH_U_180 (0.707,0.707)

CH_M_L022, CH_M_L030, CH_M_L045, CH_M_L060, CH_M_L090, CH_M_L110,
CH_LILEFT CH_M_L135, CH_M_L¥50, CH_L_L045, CH_U_L045, CH_U_L030, CH_U_L045, (1,0)

CH_U_L090, CH\U.L110, CH_U_L135, CH_M_LSCR, CH_M_LSCH

CH_M_R022;GH_M_R030, CH_M_R045, CH_M_R060, CH_.M_R090, CH_M_R110,
CH_IRIGHT | CH_M_R135, CH_M_R150, CH_L_R045, CH_U_R045, CH_U_R030, CH_U_R045, (1,0)
CH.UXR090, CH_U_R110, CH_U_R135, CH_.M_RSCR, CH_M_RSCH

5.5.15/3 Variable definitions

For a (PE’encoded by MPS212:

cplx_out_dmx [ ] Donwmix signal in a CPE after complex prediction stereo decoding.

cplx_out_dmx_prelCG [ ] ICG Pre-applied mono signal in hybrid QMF domain by decoding complex
prediction stereo decoding and hybrid QMF analysis filterbank.

cplx_out_dmx_postICG [ ] ICG Post-applied mono signal in hybrid QMF domain by decoding
complex prediction stereo decoding and internal channel processing.

cplx_out_dmx_ICG [] Fullband internal channel signal in hybrid QMF domain.
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For a QCE as a pair of CPE encoded by MPS212:

cplx_out_dmx_L[ ] First channel of first CPE after complex prediction stereo decoding.
cplx_out_dmx_R[ ] Second channel of first CPE after complex prediction stereo decoding.
cplx_out_dmx_L_prelCG [ ] First ICG pre-applied internal channel signal in hybrid QMF domain.

cplx_out_dmx_R_prelCG [] Second ICG pre-applied internal channel signal in hybrid QMF domain.

gplx_out_dmx_L_postICG[] FirstICG post-applied internal channel signal in hybrid QMF domain.
dplx_out_dmx_R_postICG []  Second ICG post-applied internal channel signal in hybrid QMF dgmain.

dplx_out_dmx_L_ICG_SBR First fullband decoded internal channel signal with high frequencly
components generated by SBR with downmixed parameters as defined in
subclauses 5.5.15.4.5 and 5.5.15.4.6 for the 22,2-to-2 format convrsion.

dplx_out_dmx_R_ICG_SBR Second fullband decoded internal channel'sighal with high frequency
components generated by SBR with downmixed parameters as defined in
subclauses 5.5.15.4.5 and 5.5.15.4.6 forthe 22.2-to-2 format convrsion.

§.5.15.4 Decoding process

Vhen an element of immersive input signal is encoded:using CPE or QCE with MPS212 and the output
hiyout is stereo, an internal channel signal shall be generated in the core codec decoding so|that the
bllowing format conversion uses a reduced number;of input channels for efficient covariance|analysis
xcept for the CPEs for which ICinCPE equals zeto. The internal channel processing is simply achieved
y multiplying the internal channel gain, calculated from CLD and format conversion parameters, to the
ecoded mono signal.

Q. O @ =h =

(& |

.5.15.4.1 Internal channel calculation conditions and applying ICG

he ICinCPE[n] describes whether internal channel processing for the nth CPE is possible. When two
utput channels in the CPE_dre in the same output internal channel group as defined in Table 122,
CinCPE[n] shall be encodédyto 1 at the encoder. For example, ICinCPE[n] shall be encoded as 1 when a
PE carries CH_M_L060 and CH_T_L045, which results in the internal channel group of CH_I_LEFT, and
CinCPE[n] shall be O‘when a CPE carries CH_M_L060 and CH_M_000, which is not able to result in one
hternal channel group.

i e B i Wl B @ N |

or a QCE as @pdir of CPEs, both ICinCPE[n] and ICinCPE[n+1] shall be encoded to 1 at the endoder for
iwvo conditions: (1) if a QCE contains four channels in one group, (CH_M_000, CH_L_000, CH_U_pP00, and
H_T_000.resulting in CH_I_CNTR), or (2) if a QCE contains two channels in one group and the other two
hannels in the other group, (CH_M_L060, CH_U_L045, CH_M_R060, and CH_U_R045 resulting in
HZL LEFT and CH_I_RIGHT). In other cases, both ICinCPE[n] and ICinCPE[n+1] shall be 0.

O MO o

While the internal channel gain can be applied at the decoder, applying the gain at the encoder will
efficiently reduce the required complexity in the decoder. The ICGPreAppliedCPE[n] in ICGConfig
indicates whether the internal channel gain for the nth CPE is applied in the encoder side or not. If it is
true, internal channel processing block bypasses the downmix signal cplx_out_dmx for the stereo
reproduction. If it is false, internal channel processing shall apply the internal channel gain to the
cplx_out_dmx at the decoder. Note that ICGPreAppliedCPE[n] shall be encoded as 0 if ICinCPE[n] is 0
because the calculation of the internal channel gain for the CPE or QCE is not possible. For a QCE as a
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pair of CPEs, both ICGPreAppliedCPE[n] and ICGPreAppliedCPE[n+1] shall have the same value. For
convenience, different decoding scenarios are explained in different subclauses as shown in Table 123.

Table 123 — Decoding scenario and explained subclause

Reproduction layout Element Order of MPS and SBR Subclause
Stereo CPE An MPS after mono SBR 5.5.15.4.2

Stereo CPE An MPS before Stereo SBR 5.5.15.4.3

Stereo QCE Two MPS before two Stereo SBR 5.5.15.4.4
Non-sterea (‘PF‘/Q(‘F‘ Indpppndpnf of the order 55154858

5.5.15

4.2 Internal channel processing for decoding MPS212 after mono SBR for stereo
reproduction

As shown in Figure 31, if the ICGIinCPE[n] is false, the element shall be decoded™~as defined [in
subclayses 5.5.1 to 5.5.6. If it is true, after creating downmixed signal cplx_out_dmx by:stereo decodihg
(ISO/IHC 23003-3:2012, subclause 7.7) and SBR defined in ISO/IEC 23003-3 _if |[required, intermal
channgl processing creates the ICG post-applied downmixed signal cplx_outsdmx_postICG in hybiid

QMF d
is anal

domaip. In the internal channel processing, the dequantized linear CLD value for the CPE is calculated

accord

multiplied by the cplx_out_dmx to create cplx_out_dmx_postICG.

main when the ICGPreAppliedCPE([n] is false. If ICGPreAppliedCPE[n]*equals 1, cplx_out_dimx
sed so that the ICG pre-applied downmixed signal cplx_out_dmx-prelCG is in the hybrid QUF

ng to subclause 5.5.4 and the internal channel gain calculatedby the equation given below]|is

2 2
Im _ Lm m Lm m
Giey = \/(Cleft X Gepe X GEQ,left) + (Cright X Gpigne X GEQ,right)

where

ot and c]r'irght dequantized linear CLD value of I** time slot and m™ hybrid QMF band for the CPE
Giefe and Grignt gain column value of Table 164 for the output channels corresponding to the MPS212
GEQlerc[and GEf rigne  gain of m™ band jn the EQ defined in Table 164

for the output channels corresponding to the MPS212

As a repult, either cplx_out_dmx prelCG or dplx_out_dmx_postICG in hybrid QMF domain is used as the

interndl channel signal cplx eut-dmx_ICG.
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Decode without

i N
ICinCPE[n] Internal Channel processing
Y
lCPE Bitstream
Stereo ding-for-EPE
MPS Parms {1-to-2)
cplx_out_dmx l
cphx_out_dmx Internal Channel Précessing
i ? » . .
ICGPreAppliedCPE[n]? N In Hybrid QMF Démain
Y

cplx_out_dmx

Hybrid QMF Analysis Filterbank

cplx_out_dmx_prelCG tplx_out_dmx_postICG

/

cplx_out_dmx_ICG
Figure 31 — Internal channel processing for decoding CPE with MPS212 after mono $BR

3.5.15.4.3 Internal channel processing for decoding MPS212 with stereo SBR for stereo
reproduction

Ih this operation‘“configuration, the ICG applied signal of either cplx_out dmx_preICG or
dplx_out_dmx_postICG, which is calculated by multiplying internal channel gain calculatgd using
gquation given in subclause 5.5.15.4.2, depending on the configuration by ICGConfig as desqribed in
subclause 515+15.4.2 is bandlimited because the high frequency components shall be extended by SBR
dfter thexinternal channel processing. A pair of SBR parameters designed for the bandlimited ipmixed
stereo\signal by MPS212 from the bandlimited mono signal of cplx_out_dmx shall be downmixed into
ono*SBR parameters in the parametric domain in the SBR parameter downmixer. The SBR pgrameter
devwnmixer—shallHncludemultiplieation-of-the EQ-and-—gainparametersin—theformat—eonverter. The
mono SBR block in Figure 31 generates a full band internal channel signal from the bandlimited internal
channel signal extending high frequency components using the downmixed mono SBR parameters.
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:
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Figure 32 — Internal channel'processing for decoding CPE with MPS212 and stereo SBR
5.5.154.4 Internal channel processing for decoding a QCE with two stereo SBR for stereo

reproduction

When g pair of CPEs, GPET and CPE2, has both ICGinCPE[n] and ICGinCPE[n+1] set to 0, the decodipg
process$ shall followthe procedure described in subclause 5.5.2. When a pair of CPEs for a QCE has bdth
ICGinQPE[n] and I€EGInCPE[n+1] set to 1, internal channel signal is created.

If both|ICGPreAppliedCPE[n] and ICGPreAppliedCPE[n+1] are equal to 0 each stereo decoded signal
of cply_
bandlirs rEeFn SERCES : 3 : — :
equation given in subclause 5.5. 15 4 2 in the hybrld QMF domaln Then usmg stereo SBR two fullband
internal channel signals of cplx_dmx_L_ICG_SBR and cplx_dmx_R_ICG_SBR in the hybrid QMF domain
shall be generated as shown in Figure 33.
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Rendering Parameters from Format Converter

SBR Payload $BR Payload /
Downmixer
CplxPred payload MPS212 Payload Downmixed SBR Parms
CPE1 . ) (1) / 3) (5)
Bitstream Stereo Decoding N s R
—_ D N (C - Hybrid QMF y Internal Channel Stereo SBR . 6)
CPE2 ' " 2 / (4)
Bitstream Stereo Decoding N s
- > Decoding (Complex Prediction) Hybrid QMF y »  Internal Channel Stereo SBR
MPS212 Payload
SBR Payload (1) cplx_dmx_L

(2) cplx_dmx_R Unrequired processing block
(3) cplx_dmx_L_PostICG for Internal Channel in QCE
(4) cplx_dmx_R_PostI€G
(5) cplx_dmx_L ICG_SBR
(6) cplx_dmx_R TCG=SBR

Figure 33 — Internal channel processing or decoding a QCE with two stereo SBR
when ICGPreAppliedCPE[n] and ICGPreAppliedCPE[n+1] equal 0

F both ICGPreAppliedCPE[n] and ICGPreAppliedCPE[n+1] are equal to 1, each stereo decoded signal
f cplx_dmx_L and cplx_dmx_R are sent to the stereo SBR block directly because the internalfchannel
ain is applied at the encoder. After the stereo-SBR block, the stereo fullband internal channel siignals of
plx_dmx_L_ICG and cplx_dmx_R_ICG shall be'generated as shown in Figure 34.

o m o 2=
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Rendering Parameters from Format Converter

SBR Payload SBR Payload
Downmix
’ lelered payload Downmixed SBR Parms
v
CPE1 . ; (1) (3) —— (5)
— iltstream u.jf:;el ° Decodl:i"‘ Hybrid QMF Analysis Stereo SBR
ﬂ > (6)
T
CPE2 (2) (4)
N Bitstream Stereo Decoding . .
Decoding {Complex Prediction) Hybrid QWIF Analysis Stereg SER
(1) cplx_dmx_L
(2) cplx_dmx_R
(3) cplx_dmx_L_PrelCG Unfrequired processing block
SBR Payload (4) cplx_dmx_R_PrelCG fornternal Channel in QCE
(5) cplx_dmx_L_ICG_SBR

(6) cplx_dmx_R_ICG_SBR

Figure 34 — Internal channel processing for decoding a QCE with two stereo SBR
when ICGPreAppliedCPE[n] and ICGPreAppliedCPE[n+1] equal 1

5.5.154.5 Internal channel processing for decoding'MPS212 after mono SBR for non-stereo
reproduction

For thg non-stereo layout reproduction, inverse I€G calculation is performed using MPS parameters ahd
format|conversion parameters as given in the-equation below. If ICGPreAppliedCPE[n] is TRUE, nth
cplx_dmx shall be multiplied by the inverse JCG before MPS block and the rest of the decoding process
shall follow this document.

ILm 1
IGICH -

LM o GloreX G 2+ UM GrigntXG™ ?
CleftXUleftXUEQ left Cright XGright XGEQ,right

where

Lm Lm
Cleft angd Cright

Grepe antd Grigne gain column value of Table 164 for the output channels corresponding to the MPS212
GEgeft|and Gigzighe gain of m'™ band in the EQ defined in Table 164
for the output channels corresponding to the MPS212

dequantized linear CLD value for the CPE

5.5.15.4.6 Parameter downmixing for stereo SBR Tor internal channel

5.5.15.4.6.1 General

When the internal channel processing block is used or internal channel gain is pre-processed at the
encoder and the output layout is stereo, before the SBR block as introduced in subclauses 5.5.15.4.3
and 5.5.15.4.4, the bandlimited internal channel signals for a CPE/QCE are generated instead of MPS
upmixed stereo/quad channel signals for the CPE/QCE. While the SBR payload is encoded for the MPS
upmixed stereo/quad channel signal, it shall be downmixed in the parametric domain. For that, the gain
and EQ in format converter shall be multiplied during the parameter downmixing for stereo SBR.
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5.5.15.4.6.2 Inverse filtering

The inverse filtering mode is selected by taking the maximum value from stereo SBR parameters for

each noise floor band.

for (= 0;i < Ny; i + +)
bs_invf_modepownmixed (1) = MAX(bs_invf_mode_ (i), bs_invf_modey, (1))

Lertof Cfg;) in case of Cplx out dmx L

I \Feftof€f
(chz ") (Right of CPE1) ; ’

i(R;ghi g; CPE;) in case of Cplx_out_dmx_R
§.5.15.4.6.3 Additional harmonics

The additional harmonics are the union of the additional sinusoids present in stéreo channels 3
Helow.

or (i = 0;1 < Nyjgn; i ++)
bs_add_harmonicpownmixea (i) = OR(bs_add_harmonic 4 (i), bs.'add_harmonic.p,(i))

(&x ]

.5.15.4.6.4 Envelope time borders

he time envelope grid tg mergea for internal channel SBRAis generated from stereo SBR time
ivide into the smallest pieces with the highest resolution. The start border value for tz merged is 3
hrgest of the start border values for the stereo channels: Envelope between time grid 0 and stat]
b already processed in the previous frame. The stopdorder of the last envelope is selected by t4
haximum value from stop borders of the last envelopes for both channels. Start/Stop borders
he first and the last envelope are determined~to provide the maximum segment resolution b
ntersection of time borders of both channels*as shown in Figure 35. If there are more than 5 en
he number of envelopes shall be reduced-by starting from the end of tz merges and searching tow
eginning of tg mergea for the length ofienvelope smaller than 4 and removing the start borde
nvelope. This continues until thereare 5 envelopes left.
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(b) Case 2 : start border of the first envelope are different and stop border of the last envelope are same
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(c) Case 3 : start border of the first envelope are same and stop border of the last envelope are different
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(d) Case 4 : start border of the first envelope and stop border of the last envelope are all different

Figure 35 — Merging of envelope time borders
5.5.1514.6.5 Noise time borders

The nymber of downmixed noise time borders Lg merges is detepmined by taking the larger vaiEe
betwedn noise time borders of both channels. The first grid and\the last grid of merged noise time
borderp tg mergea is determined by taking the first grid and the last grid of envelope time borders tg merged-
If the number of the noise time borders Lg mergea is larger than tg mergea(1) is selected as to(1) of the
channgl whose number of the noise time border Lg is larger than 1. If both channels have L, larger than

1, the minimum value of ¢, (1) is selected as a ty yerged(1)-
5.5.15/4.6.6 Envelope data

Frequency resolution 1y, geq Of the merged envelope time borders for each envelope is selected. The
maximpm value between frequency resolution .4, r¢p, corresponding to each section of 7'yerged| is
selectefd as shown in Figure 36.

Trer (0) Treft (1) .
e a——

te Lese '. i ? ) i >
TRight (0) rRig:ht (D

LE Right } E : i { .
i i i i i

Lesters 1 . ¥ t ! =

T1ere (0] 7igne (0) T1ere (D7 rigne (1)

Trere (D]7Rigne (0) TRight (1)

Figure 36 — Merging frequency resolution

The envelope data Eqyig mergea for every envelope shall be calculated from envelope data E,;; with
the considerations of format conversion parameters as shown below.

194 © ISO/IEC 2019 - All rights reserved


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

Eori.gMerged (k’ l) =

2
Ecthrig (gchl(k); hchl(l)) X (EQchl (k; hchl (l))) +
EchZOrig (gchz (k): hchz (l)) X (EQchZ (k' hchz(l))z
with 0 <k < 0 (Tyrergea(D), 0 < 1 < Ly yrergea

where

leul

sl

=

=

K

— ~

o ]

=

I

5

Zm(GleftXGng,left)
k+1:’"Merged(l))_F(k‘rMerged(l))

Qchl (k' l) = F( :F(k' rMerged(l)) =m< F(k + LrMerged(l)) ,

Zm(GrightXng,right)
k+1:’"Merged(l))_F(k‘rMerged(l))

Qchz (k' l) = F( :F(k' rMerged(l)) =m< F(k + LrMerged(l)) ,

chl(l) is defined by tE_chl(hchl(l)) < tE_Merged (l) < tE_chl(hchl(l) + 1) )
ch2 (l) is defined by te cho (hchz (l)) < tE_Merged < tg cho (henz (l) + 1) ’
ch1 (k) is deﬁned by F(gchl (k), Tch1 (hchl (l))) < F(k' rMerged(l)) < F(gchl (k) + 1; Tch1 (hchl (l))) )

cn2 (k) is defined by F(gena (k), cnz (hene (D)) < F(K, Tarergea (D)-SF (Genz (k) + L1 cna (henz (D))

tefts Grignt» GEg 1efe» AN GEg g are the rendering parameters from the format converter as introduced

h subclause 5.5.15.4.2
.5.15.4.6.7 Noise floor data

he merged noise floor data Qg,igmergeq iS-determined as the sum of data from both channel a
b the function below.

origmergea (K, 1) = Qorigent (k, hent (D) Qorigenz (ky henz (D)
< k< Np,0 <1< Lo yerged:
Uhere
cn1 (1) is defined by € cn1(hent (D) < to mergea(D) < to_cn1(heni (D) + 1) and

ch2 (l) is defined by tQ_chZ (hchz (l)) < tQ_Merged (l) < tQ_chZ (hchz (l) + 1)-

.5.15.4.7 Spectral band replication for internal channel

S

pectral band replication part is identical to ISO/IEC 23003-3 except for one change. While th

ccording

e SBR in

ISO/IEC 23003-3 is defined in the QMF domain, the internal channel processes are in the hybrid QMF
domain. For that, the frequency indexes for the whole SBR processes for internal channels are updated
from k to k+7. Note that the downmixed SBR parameters described in subclause 5.5.15.4.3 shall be used
to generate the fullband internal channel signal for the bandwidth extension of the bandlimited internal

C

hannel signal in the cases introduced in subclauses 5.5.15.4.3 and 5.5.15.4.4.
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5.5.15.4.8 Interface with the format conversion

As the output of the core codec with internal channel processing is in the hybrid QMF domain, the
process defined in subclause 10.3.5.2 shall be discarded. In order to assign each channel of the core
coder, the following additional channel assignment and downmix rules shall be used for each internal
channel signal as shown in Table 121 and Table 124.

Table 124 — Additional channels definitions for internal channel

Azimuth|Azimuth|Elevation .
Elevation s
. . start end start . |Position
Azimuth | Elevation end angle| Ch.is p
Channel angle of | angle of | angle of is
[deg] [deg] of sector | LFE /
sector | sector | sector [deg] relative
[deg] | [deg] [deg]
CH_I_CNTR 0 0 0 0 0 0 0 0
CH_I_LFE 0 n/a n/a n/a n/a n/a 1 0
CH_LLEFT 30 0 30 30 0 0 0 0
CH_I_RIGHT -30 0 -30 -30 0 0 0 0
5.5.16 High resolution envelope processing (HREP) tool

5.5.16

The HR
events,
raindrg
sounds

parameétric coding tools.

1 Tool description

EP tool provides improved coding performance for signals that contain densely spaced transie
such as applause signals as they are an important part of live recordings. Similarly, sound
ps or other sounds such as fireworks can show=such characteristics. Unfortunately, this class
presents difficulties to existing audio codecs;especially when coded at low bitrates and/or w

ingut output
sighal bitstream signal
> HREP > Encoder > Decoder > HREP —>
preprocessor postprocessor
A )
side(info side info
Figure-37 — Overview of signal flow in an HREP equipped codec
Figure 37 depicts the signal flow in an HREP equipped codec. At the encoder, the tool preprocesses
input sjgnal to. temporally flatten high frequencies while generating a small amount of side informati
(1-4 kbps for_stereo signals). An exemplary description of an HREP encoder can be found in Annex L.
the degoder,' the tool post-processes the output signal to temporally restore the high frequenci

makin

nt
of
of

he
bn
At
S,

use of the side information. The benefits of applving HREP are two-fold: HREP relaxes t

e

bitrate demand imposed on the encoder by reducing short time dynamics of the input signal;
additionally, HREP ensures proper envelope restoration in the decoder’s (up-)mixing stage, which is all
the more important if parametric multi-channel coding techniques have been applied within the codec.
The HREP tool works for all input channel configurations (mono, stereo, multi-channel including 3D)

and als
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o for audio objects.
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5.5.16.2 Data and help elements

current_signal_group

signal_type

signal_count

ISO/IEC 23008-3:2019(E)

The current_signal_group parameter is based on the Signals3d()
syntax element and the mpegh3daDecoderConfig() syntax element.

The type of the current signal group, used to differentiate between
channel signals and object, HOA, and SAOC signals.

The number of signals in the current signal group.

channel_layout

extendedGainRange

extendedBetaFactorPrecision

iSHREPActive[sig]

lastFFTLine|sig]

transitionWidthLines|[sig]

defaultBetaFactorldx[sig]

outputFrameLength

gain_count

useRawCoding

gainldx[pos]{sig]

In case the current signal group has channel signals, it contains the
properties of loudspeakers for each channel, used to‘\identify LFE
loudspeakers.

Indicates whether the gain indexes use 3 bits+(8 values) dr 4 bits
(16 values), as computed by nBitsGain.

Indicates whether the beta factor indexes use 3 bits or 4 |bits, as
computed by nBitsBeta.

Indicates whether the tool istactive for the signal on index sig in
the current signal group.

The position of thelast non-zero line used in the lgw-pass
procedure implemented using FFT.

The width inclines of the transition region used in the lgw-pass
procedure.implemented using FFT.

The_default beta factor index used to modify the gains in the gain
cempensation procedure.

The equivalent number of samples per frame, using the priginal
sampling frequency, as defined in ISO/IEC 23003-3.

The number of gains per signal in one frame.

Indicates whether the gain indexes are coded raw, using nBitsGain
each, or they are coded using arithmetic coding.

The gain index corresponding to the block on position pog of the
signal on position sig in the current signal group. If
extendedGainRange = 0, the possible values are in the range {0, ...,
7}, and if extendedGainRange = 1, the possible values ar¢ in the

GAIN_INDEX 0dB

© ISO/IEC 2019 - All rights reserved
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The gain index offset corresponding to 0 dB, with a value of 4 being
used if extendedGainRange = 0, and with a value of 8 being used if
extendedGainRange = 1. The gain indexes are transmitted as
unsigned values by adding GAIN_INDEX_0dB to their original
signed data ranges.
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all_zero Indicates whether all the gain indexes in one frame for the current
signal are having the value GAIN_INDEX_0dB.

useDefaultBetaFactorldx Indicates whether the beta factor index for the current signal has
the default value specified by defaultBetaFactor[sig].

betaFactorldx|[sig] The beta factor index used to modify the gains in the gain
compensation procedure.

5.5.16{3 Decoding process

5.5.16/3.1 General

In the $yntax element mpegh3daExtElementConfig() the field usacExtElementPayloadFrag{shall be zdro
in the ¢ase of an ID_EXT_ELE_HREP element. The HREP tool is applicable to signal groups of any type:
Signal(roupTypeChannels, SignalGroupTypeObject, SignalGroupTypeSAOC, or SignalGroupTypeHOA |as
defined by SignalGroupType[grp] in the Signals3d() syntax element.

The bldck size and correspondingly the FFT size used is N = 128.

The entire processing is performed independently on each signal in the-current signal group. Therefore,
to simplify notation, the decoding process is described just for one signal having index position sig.

scalar ggin g[k] LPP;C:]Z’;ZV:—ES[]

input blpck
ib[k1l Windowing | ] FFT k][] FFT Js\ [ Windowing LP block Ipb[k][]
(sine) wl] (size 128) (size 128) (sine) wl]
output bloc|

glk-1], g[Kk], glk+1] ( ob[K][]
e

Windowihg f\HP block hpb[K][] | Interpolation
(squared sine) -/ Correction
wA2[] corr[]
beta_fagctor Gain 1/gc[k]
Compensation
glk] P

Figure 38 — High resolution envelope processing (HREP) tool decoder

5.5.16]3.2 Decoding of gains using arithmetic coding

The helper function HREP decode_ac_data(gain count, signal count) descrihes the reading of the gain
values into the array gainldx using the following USAC low-level arithmetic coding functions as defined
in ISO/IEC 23003-3. Corresponding encoder helper functions are provided in L.4.

arith decode(*ari state, cum freq, cfl),
arith start decoding(*ari state),
arith done decoding(*ari state).

Two additional helper functions are introduced,

ari decode bit with prob(*ari state, count 0, count total),
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which decodes one bit with p, = count_0/total_count and p; = 1 — p,, and
ari decode bit(*ari state),

which decodes one bit without modelling, with p, = 0.5 and p; = 0.5.

ari decode bit with prob(*ari state, count 0, count total)

{
prob _scale = 1 << 14;

tbl1[0] = probScale = (count 0 * prob scale) count total:
tbl[1l] = 0;
res = arith decode(ari state, tbl, 2);

return res;

dri decode bit(*ari state)

prob scale = 1 << 14;

tbl[0] = prob _scale >> 1;
tbl[1] = 0;
res = arith decode(ari_ state, tbl, 2);

return res;

HREP decode ac data(gain count, signal count)

cnt mask[2] = {1, 1};
cnt_signf[2] = {1, 1};
cnt neg([2] = {1, 1};
cnt pos[2] = {1, 1};

arith start decoding(&ari state);

for (pos = 0; pos < gain gpunt; pos++) {
for (sig = 0; sig <«s¥gnal count; sig++) {
if (!isHREPActive[sig]) {
continue;

}

cnt magk [mask bit]++;

ff~(mask bit) {

cnt _sign[sign bit] += 2;

if (sign_bit) {

mask bif-=/ari decode bit with prob(&ari state, cnt mask[0],
cnt mask[0] + cnt mask([1l]) ;

sign bit = ari decode bit with prob(&ari state, cnt sign[0],
cnt _sign[0] + cnt sign|1]);

large bit = ari decode bit with prob (&ari_state, cnt ngg[0]

cnt _neg[0] + cnt neg[l]);

cnt negllarge bit] += 2;

last bit = ari decode bit (&ari state);

gainIdx[pos] [sig] = -2 * large bit - 2 + last bit;
} else {

large bit = ari decode bit with prob(&ari state, cnt pos[0],
cnt _pos[0] + cnt pos[l]);

cnt pos[large bit] += 2;
if (large bit) {
gainIdx[pos] [sig] = 3;

© ISO/IEC 2019 - All rights reserved
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} else {
last bit = ari decode bit (&ari_ state);
gainldx[pos] [sig] = 2 - last bit;
}
}
} else {
gainIdx[pos] [sig] = 0;

}

if (extendedGainRange) {

prob scale = T 143
esc_cnt = prob scale / 5;
tbl esc[5] = {prob scale-esc _cnt, prob scale-2*esc_cnt,

prob scale-3*esc _cnt, prob scale-4*esc cntg, 04;
sym = gainIdx[pos] [sig];
if (sym <= -4) {
esc = arith decode(ari_state, tbl esc, 5);
sym = -4 - esc;
} else if (sym >= 3) {
esc = arith decode(ari_ state, tbl esc, 5)s
sym = 3 + esc;
}
gainIdx[pos] [sig] = sym;
}

gainIdx[pos] [sig] += GAIN_ INDEX 0dB;

arith done decoding(&ari_state);

}

5.5.16{3.3 Decoding of quantized beta factors

The fdllowing lookup tables for converting beta factor index betaFactorldx[sig] to beta factor
beta_factor should be used, depending on’the value of extendedBetaFactorPrecision.

tab_beta_factor_dequant_coarse[8]\={
0.000f, 0.035f, 0.070f, 0.120£,.0:170f, 0.220f, 0.270f, 0.320f

}

tab_beta_factor_dequanf-precise[16] = {
0.00$f, 0.035f, 0.070f, 0.095f, 0.120f, 0.145f, 0.170f, 0.195f,
0.220f, 0.245f-0:270f, 0.295f, 0.320f, 0.345f, 0.370f, 0.395f

}

If exterjded BetaFactorPrecision = 0, the conversion is computed as

beta_factor = tab_beta_factor_dequant_coarse[betaFactorIndex[sig]]
If extendedBetaFactorPrecision = 1, the conversion is computed as

beta_factor = tab_beta_factor_dequant_precise[betaFactorIndex[sig]]
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5.5.16.3.4 Decoding of quantized gains

One frame is processed as gain_count blocks consisting of N samples each, which are half-overlapping.

The scalar gains for each block are derived, based on the value of extendedGainRange.

gainldx[k][sig]—GAIN_INDEX_0dB
4

glk] =2

5.5.16.3.5 Computation of the LP part and the HP part

,for 0 < k < gain_count

The input signal s is split into blocks of size N, which are half-overlapping, producing inpu
b[k][i] = s[k -§+ i], where k is the block index and i is the sample position in the blockk:A

—

Ww[i] is applied to ib[k], in particular the sine window, defined as
i +0.5
wli] = sin%, for0 <i <N,

and after computing an FFT, the complex coefficients c[k][f] are obtained-as

dlk1[f] = FFT(wli]xib[k]), for 0 < f < g

(n the encoder side, as further described in L.2, to obtain the low-pass (LP) filtered part, an ¢
wise multiplication of c[k] with the processing shape psff] may be applied, which consist
fbllowing.

( 1, for® < f < lIp_size

1 f—lp_size+1f Ib size < f < Ip size + tr si
ps[f] = trsize 1A or Ip_size < f < Ip_size + tr_size
[ N
\ O¢for Ip_size + tr_size < f < 3 +1

o |

he lp_size = lastFFTLine[sig] + = transitionWidthLines[sig] parameter represents the widt
nes of the low-pass region, and the tr_size = transitionWidthLines[sig] parameter repres
Vidth in FFT lines of the transition region.

< —

(On the decoder side,~in-order to get perfect reconstruction in the transition region, an

-

Used at the encodér;side, depending on the processing shape ps[f] and g[k] as

glk]

rslf]=1-(—pslfh) x 7 (glk]l = 1) - (1 — ps[f])

TheA.P'block Ipb[k] is obtained by applying IFFT and windowing again as:

t blocks
window

blement-
s of the

h in FFT
bnts the

hdaptive

econstruction shapers{f] in the transition region shall be used, instead of the processing shdpe ps[f]

Ipb[k][i] = wli] X IFFT (rs[f] X c[k][f]),for0 <i < N
The high-pass (HP) filtered block hpb[k] is then obtained by simple subtraction in the time dom

hpb[k][i] = in[k][i] X w?[i] — Ipb[k][i], for0 < i < N

© ISO/IEC 2019 - All rights reserved
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5.5.16.3.6 Computation of the interpolation correction

The gains g[k-1] and g[k] to be applied on the encoder side to blocks on positions k-1 and k, as

suggested in L.1, are implicitly interpolated due to the windowing and overlap-add operations. In order

to achieve perfect reconstruction in the HP part above the transition region, an interpolation correction
factor is needed as:

k-1 k

corr[j] =1+<g[ | gl

glkl  glk-1

]—2)-W2[]']-(1—w2[j]),for0 Sj<%.

o Ny glk] glk+1]1 N o . _N
corr[]+2]—1+<g[k+1]+ 9TK] 2) wjl-(1—-w []]),forOS]<2.
5.5.16)3.7 Computation of the compensated gains

The core encoder and decoder introduce additional attenuation of transient évents, which |is
compensated by adjusting the gains g[k] using the previously computed beta_factor‘as:

gclk] = (1 + beta_factor)g[k] — beta_factor
5.5.16{3.8 Computation of the output signal

Based ¢n gc[k] and corr([i], the value of the output block ob[k] is comiputed as:

1 1

ob[k][i] = Ipb[k][i] + e[kl corr[d]

~hpbfk][i],for0 <i< N
Finally] the output signal is computed from the output blocks using overlap-add processing as:

o[+ +1] = oblk = 1L [F4 3] + oblkIIL for 0 < < 3

o[(k+1)g+j] =ob[k][j+%]+ob[k+1][j],for0 Sj<§

5.6 Buffer requirements
5.6.1 Minimum decoder input buffer

The following rules are‘used to calculate the maximum number of bits in the input buffer for any of the
followihg: the bitstseam as a whole, for any given program, or for any given elements of type
ID_USAC_SCE (SCE)-and ID_USAC_CPE (CPE).

The input buffer size is 6144 bits per SCE plus 12288 bits per CPE (6144 - NCC), irrespective of whether
these dlements are used for channels, objects, SAOC transport channels or HOA transport channg|ls.
Both t e buffering limit ¢a
calculated for either the entire bitstream payload or the individual audio elements permitting
unnecessary bitstream elements to be stripped from the 3D audio bitstream payload to form a new
bitstream payload with reduced buffer requirements. All bits for LFEs shall be supplied from the total
buffer requirements based on the SCEs and CPEs.

a D a Ad pe ala d D e e e mlited a abs ne-b e ale, as ala be

Furthermore, all bits contained in an access unit, including any extension element payloads and MHAS
transport overhead, shall also be considered in the total buffer requirements.

For the definition of NCC (number of considered channels), see ISO/IEC 14496-3:2009, 1.3.
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5.6.2 Bitreservoir

The bit reservoir is controlled at the encoder. The maximum bit reservoir in the encoder depends on the
NCC and the mean bitrate. The maximum bit reservoir size for constant rate channels can be calculated

by subtracting the mean number of bits per frame from the minimum decoder input buffer size.

For example, at 32 kbit/s with two 48 kHz sampled mono objects and a frame length of 1024
the mean number of bits per frame (mean_aulengh) is:

samples

32 000 l'}l:Lb N 1024 bulllpl:bb

sec frame bits
oo = 682.666 ... ————
48 000 ———= f

sec

mean_aulength =

This leads to a maximum bit reservoir size (max_bit_reservoir) of:

max_bit reservoir = FLOOR ( 12288 2. — 682.666 ... 2 )y =11605 1.

frame frame

1

or variable bitrate channels the encoder should operate in a way that the\input buffer requirer
ot exceed the minimum decoder input buffer.

=

or a delay optimized decoder start up the state of the bit(reservoir (bit reservoir_state)
Fansmitted in a buffer_fullness field. If the buffer fullness is known at the decoder, the decoder
ave to wait until the input buffer is fully filled. Instead; the decoder only needs to buffer th
rame and a number of additional bits as indicated in bit-reservoir_state before starting to decod

o Wil en il o s w

The bit_reservoir_state of subsequent frames can-be derived as follows:

bit_reservoir_state[frame]
= bit_reservoir_state[frame —=1] + mean_aulength — aulength|[frame]

dulength has to be adjusted such thatthe following restriction is met:

0 < bit_reservoir_state[frame]| < max_bit_reservoir

5.6.3 Maximum bit rate

and usacSamplingFrequency) and the output frame length (as given by coreSbrFrameLengtl
It can be calculatéd’based on the minimum input buffer size according to the formula:

6144 blzit:k - usacSamplingFrequency

NCC
outputFrameLength

nents do

can be
does not
e actual
e.

The maximum bitrate/depends on the audio sampling rate (as given by usacSamplingFrequenicyIndex

hIndex).

Tolgive an example the maximum bitrate per channel for a sampling rate of 48 kHz and

outputFrameLength of 768 samples is 384 kbi[/sec per NCC.

5.7 Stream access point requirements and inter-frame dependency

For the sake of increased coding efficiency the MPEG-H 3D audio coding scheme may exploit inter-

frame redundancy. This coding strategy introduces inter-frame dependencies, which means
decoding process of one frame requires the knowledge of the previously decoded frame.

© ISO/IEC 2019 - All rights reserved
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To allow for (random) stream access MPEG-H 3D audio features the concept of the independently
decodable frame in which no such inter-frame dependencies exist. Decoders can easily identify and use
this independently decodable frame for start-up or as stream access points.

The bitstream field which indicates that a frame is independently decodable is usacIndependencyFlag.
The flag is conveniently located at the very beginning of each mpegh3daFrame(). If
usacIndependencyFlag == 1 then the present frame shall be independently decodable. See also the
definition of usacIndependencyFlag in ISO/IEC 23003-3.

Consequently, an independently decodable frame shall have the following properties.
— No| processing block may operate in a state in which it requires information from the(previous
frame to perform the decoding process. In particular:
— ThE context of the arithmetic coder shall be reset (arith_reset_flag == 1).
— if§SBRis used:
—| it shall not employ delta coding in the time direction over SBR frame batders;
—| sbrinfo() and sbrHeader() shall be present (sbrinfoPresent == 1, sbrHeaderPresent == 1);
— | re-use of PVC IDs is not allowed (reuse_pvcID == 0).
— ifIGF is used:
—| it shall not employ delta coding in time direction over ffame borders;
—| it shall not make use of previous tile indices nor prewvious whitening levels.
— if Jomplex prediction stereo is used:
—| it shall not employ delta coding in time direction (delta_code_time == 0) over frame borders;
—| it shall not make use of previous frame information (use_prev_frame==0).
— if MPS212 is used, bsIndependencyFlag:shall be 1.
— ifJAOC 3D is used, bsIndependencyFlag shall be 1.
— if HOA is used, hoalndependency¥lag shall be 1.

— If pbject_metadata (OAM)is-used, independently decodable oam_metadata() has to be available
(intracoded_object_metadata_efficient() in case of efficient object metadata coding |or
intracoded_object_metadata_low_delay() in case of object metadata coding with low delay).

Note that most of the@hove requirements are fulfilled intrinsically by the design of the bitstream syntax.

An indlependently’ decodable frame may contain audio pre-roll information as described |in
subclayse 5.5:6-

In an MHAS stream an independently decodable frame may be signalled by means of a previously
transmitted MHAS packet of type FPACTYP_MARKER as defined 1n subclause 14.4.6.3.

In order to decode the frame the information from mpegh3daConfig() is required to be known to the
decoder as well.

204 © ISO/IEC 2019 - All rights reserved


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

6 Dynamic range control and loudness processing

6.1 General

This clause describes the decoding process of loudness metadata and dynamic range control (DRC)
metadata. These are needed for different tasks including loudness monitoring and normalization,
dynamic range control in noisy and quiet playback environments, or for other audio enhancement
scenarios.

2 nncrripfinn

(Joding, transmission and application of loudness information and dynamic range control gains shall be
ased on ISO/IEC 23003-4.

low

6.3 Syntax

4.3.1 Loudness metadata

The loudness metadata is located in an mpegh3daConfigExtension as defined in Table 24. Thel content
df mpegh3daLoudnessinfoSet() is listed in Table 125. loudnessinfo() and loudnessinfoSetExtension()
are defined in ISO/IEC 23003-4. Other syntax elements are either defined in subclause 6.3.3 or|in other
garts of ISO/IEC 23003.

Table 125 — Syntax of mpegh3daLoudnessinfoSet()

Syntax No. of bits Mnemonic
mpegh3daLoudnessInfoSet ()
{
loudnessinfoCount; 6 uimsbf
for (i=0; i<loudnessinfoCount; i++) {
loudnessIinfoType; 2 uimsbf
if (loudnessIinfoType == 1 || loudnessInfoType == 2) {
mae_grouplD; 7 uimsbf
} else if (loudnessInfoType==3) {
mae_groupPresetID; 5 uimsbf
}
loudnessInfo();
}
loudnessinfoAlbumPresent; 1 uimsbf
if (loudnesslnfoAlbumPresent) {
loudnessinfoAlbumCount; 6 uimsbf

for{i=0; i< loudnessinfoAlbumCount; i++) {
loudnessInfoType = 0;
loudnessInfo();

}
}

loudnessinfoSetExtensionPresent; 1 uimsbf
if (loudnessInfoSetExtensionPresent == 1) {

loudnessInfoSetExtension();

}

}

6.3.2 Dynamic range control metadata

The dynamic range control (DRC) metadata is located in an mpegh3daExtElementConfig and an
mpegh3daExtElement as defined in Table 23 and Table 76. The static DRC metadata is defined by
mpegh3daUniDrcConfig() listed in Table 126. The dynamic DRC metadata is defined by uniDrcGain()
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listed in ISO/IEC 23003-4. drcCoefficientsUniDrc(), drcInstructionsUniDrc(), uniDrcConfigExtension(),
drcSampleRate, and baseChannelCount are defined in ISO/IEC 23003-4. Other syntax elements are
either defined in subclause 6.3.3 or in other parts of ISO/IEC 23008.

Table 126 — Syntax of mpegh3daUniDrcConfig()

Syntax No. of bits Mnemonic
mpegh3daUniDrcConfig()
{
I:‘ll \.Saunp}chtc - Ddlllp}ills fl Cl{uCllLy dadS dCtCl lllillcd fl UIII uxpcshgdaCUllﬂsO,
drcCoefficientsUniDrcCount; 3 uimsbf
drcInstructionsUniDrcCount; 6 uimsbf
mpegh3daUniDrcChannelLayout();
for (i=0; i< drcCoefficientsUniDrcCount; i++) {
drcCoefficientsUniDrc();
} uimsbf
for (i=0; i< drcInstructionsUniDrcCount; i++) {
drcinstructionsType; 1.2 viclbf
if (drcInstructionsType == 2) {
mae_grouplD; 7 uimsbf
} else if (drcInstructionsType == 3) {
mae_groupPresetID; 5 uimsbf
}
drclnstructionsUniDrc(); a
}
uniDrcConfigExtPresent; 1 uimsbf
if (uniDrcConfigExtPresent == 1) {
uniDrcConfigExtension();
}
loudnessInfoSetPresent; 1 uimsbf
if (loudnessinfoSetPresent == 1) {
mpegh3daLoudnessinfoSet();
}
}
a | Parsing of the drcInstructionstniDrc() structure might require information on present downmixld
definitions as specified by the-dewnmixConfig() structure (see Table 26).

Table-127 — Syntax of mpegh3daUniDrcChannelLayout()

Syhtax No. of bits Mnemonic
mpegh3daUniDfeEhannelLayout ()
{
base€GhannelCount; 7 uimsbf
}
6.3.3 ata elements

loudnessinfoType This field signals whether the following loudnessinfo() block refers to a fixed

206

audio scene (default), to a specific audio element (mae_grouplD), to an audio
scene which includes a specific audio element (mae_grouplD), or to an audio
scene defined by a combination of audio elements (mae_groupPresetID). The
encoding of loudnessIinfoType is specified in Table 128. Note that a value of 0
represents the default audio scene selected by the decoder. If
mae_numGroupPresets > 0, the group preset with the lowest mae_groupPresetID
value is selected as the default audio scene (see subclause 15.3).
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Table 128 — Coding and meaning of loudnessInfoType

loudnessinfoType | binary codeword meaning
(value) encoding | size [bits]
0 ‘00’ 2 loudnessInfo() for fixed audio scene (default audio

scene)
loudnessInfo() for single audio element defined by

1 ‘01 2
mae_grouplD
9 10 5 loudnessInfo() for audio scene which includes a
i - - specific mae_grouplD
3 1’ 2 loudnessInfo() for audio scene defined by

mae_groupPresetlD

drcInstructionsType This field signals whether the following drcInstructionsUniDxc() block refers to a
fixed audio scene (default), to an audio scene which includesa specific aydio
element (mae_grouplID), or to an audio scene defined b§)a-Combination of audio
elements (mae_groupPresetID).

Table 129 — Coding and meaning of drcInstructionsType

drcInstructionsType binary codeword meaning
(value) encoding | size [bits]

drclastractionsUniDrc() for fixed audio scene

0 0 1 (default)
. drcInstructionsUniDrc() for audio scene which
2 10 2 . e
includes a specific mae_groupID
3 17 2 drcInstructionsUniDrc() for audio scene definpd

by mae_groupPresetID

haseChannelCount Sum of all presentchannels, objects, internal SAOC 3D channels/objects gnd HOA
coefficient chanhhels. baseChannelCount shall have a value as determined by the
following pseudo code:

baseChannelCount = numAudioChannels; NOTE: from Signals3d()
baseChannelCount +=\numAudioObjects; NOTE: from Signals3d()
if (numSAOCTransportChannels > 0) {

baseChannelCount += NumInputSignals; NOTE: from SAOC3DSpecificCon|fig()

}
if (numHOATr»ansportChannels > 0) {

baseChannelCount += NumOfHoaCoeffs NOTE: from HoaConfig()
}

6.4 Decoding process

4.441 General

The decoding and application of dynamic range control gains and loudness normalization gains is in
general identical to the specification in ISO/IEC 23003-4. Therefore, the following subclauses only
provide differences and specific MPEG-H related configuration details. A high-level block diagram of the
complete MPEG-H decoder processing chain including blocks for dynamic range control, loudness
normalization and peak limiting is depicted in Figure 39. Note that the definitions and descriptions for
loudnessinfoSet() and uniDrcConfig() as specified in ISO/IEC 23003-4 equally hold for
mpegh3daLoudnessInfoSet() and mpegh3daUniDrcConfig() in MPEG-H unless stated otherwise.
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Figure 39 — MPEG-H decoder processing chain including blocks for dynamic range control,

loudness normalization and peak limiting

© ISO/IEC 2019 - All rights reserved

208


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

6.4.2 Dynamic range control

There are three DRC gain decoders (denoted by DRC-1, DRC-2, and DRC-3) available in the MPEG-H
decoder processing chain. All three decoders are identical and conform to ISO/IEC 23003-4. Each
decoder addresses different tasks and scenarios. The decoded gains are applied by multiplication of the
audio signal in the time- or frequency-domain as shown in Figure 39. Note that all three DRC gain
decoders are driven by the same DRC metadata stream.

DRC-1 addresses dynamic range control for individual channels, individual objects, SAOC 3D content
dnd HOA content. Additionally, DRC-T shall support multi-band DRC. Dependent on the availdbility of
the QMF or STFT representation of the audio signal, single-band DRC gains should be eithér applied in
the time-domain or in the frequency-domain. Further details on the DRC application t6)SAO( 3D and
HOA content are defined in subclauses 6.4.5 and 6.4.6, respectively.

RC-2 addresses dynamic range control for the entire audio scene. DRC-2 shall also’support mylti-band
RC. Dependent on the availability of the QMF or STFT representation of the audio signal, single-band
RC gains should be either applied in the time-domain or in the frequency-domain. DRC sets dlesigned
br DRC-2 are restricted to one DRC channel group to be compatible to alltarget rendering layojuts after
he mixer module. Thus, DRC-2 is also best suited for simple DRC tasks especially in case| of low-
omplexity requirements.

Q ct = = = =

o

ote that in MPEG-H multi-band DRC gains shall always be applied in the QMF-domain, STFT-d¢main or
h the SAOC processing band domain. The usage of the multi-band DRC filterbank defined in
50/1EC 23003-4 is not permitted.

[EEp—

RC-3 addresses dynamic range control and/or playback level dependent guided clipping prevention
br specific target layouts (channel configurations). DRC-3 shall always operate in the time{domain.
hus, DRC-3 only supports single-band DRC-However, it shall support multiple DRC channel groups.
ote that the gain application of DRC-2 and"DRC-3 can be only combined if both operate in the time-
omain.

Q. =z — =h

ue to general restrictions in~ISO/IEC 23003-4, either one or two DRC decoders arg active
imultaneously to achieve one specific DRC effect. Note that the DRC-3 gain decoder is only suifed for a
estricted number of target layouts. In all cases, the DRC gain decoders shall provide gains suifable for
he present audio signal representation according to the downsampling and frequency mapping rules
efined in ISO/IEC 23003-4. Note that if one DRC gain decoder is used to apply a non-DRC effect, such as
hding or ducking, all'three DRC gain decoders can be active simultaneously if the others additionally
erve a specific DRC effect.

. _—h Q ct =5 n =

el

F binaural rendering is enabled, DRC-2 shall be applied to the output of the binaural renddrer (not
hown in&igure 39). The same holds for the loudness normalization gain. Note that DRC-3 gain$ are not
upported in case of binaural rendering.

wn_Wn

4.4:3 Usage of downmixld in MPEG-H

According to ISO/IEC 23003-4, a non-zero identifier, termed downmixld, can be used to externally refer
to a specific downmix or rendering layout. In ISO/IEC 23003-4, downmixld is defined in the
downmixInstructions() payload. If a DRC set contains a specific downmixId, the DRC set shall be applied
to the output of the downmix or rendering which downmixld refers to. If loudness metadata contains a
specific downmixId, this indicates that the loudness metadata was obtained from the output of the
downmix or rendering which downmixId refers to.
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In MPEG-H, downmixInstructions() is replaced by DownmixMatrixSet() as defined in Table 27, which
permits the definition of a downmixld not only for transmitted downmix matrices, but also for default
downmix matrices available on the decoder side (format converter). At the decoder a downmixId
matching algorithm determines which downmixId is present as outlined in subclause 10.3.1.2.

According to ISO/IEC 23003-4, downmixld has two reserved values, namely 0x0 and 0x7F, which are
also reserved values in MPEG-H.

A downmixId of 0x0 indicates that a DRC set shall be applied to the unmodified MPEG-H 3D audio core
decoder output by DRC-1. On the encoder side, the DRC gain sequences have to be sequentially assigntd
to the |mixed-content multi-channel output of the MPEG-H 3D audio core decoder. For combinged
channdl-, object-, SAOC- and HOA-content, the size of the DRC assignment loop is defined by the
baseChlannelCount, which is the sum of all channels, all objects, all internal SAOC 3D channels/obje¢ts
and thle square of HoaOrder+1, NumOfHoaCoeffs (see definition in Table 127). duDcontrast [to
ISO/IEC 23003-4, DRC sets with ducking effect are only permitted for DRC sets with\a downmixId|of
0x0. Furthermore, in MPEG-H it is permitted to define more than one DRC set with ducking effect for the
same {lownmixld if those DRC sets are differentiated by unique audio element group identifigrs
(mae_grouplDs/mae_groupPresetIDs) (see Table 126 and Clause 15). In case.of loudness metadatd a
downnjixId of 0x0 shall refer to the reference layout (referenceLayout) specified in mpegh3daConfig().

A downmixId of 0x7F indicates that a DRC set shall be applied by DRC-2y1n contrast to ISO/IEC 23003-4,
it is nof allowed to freely choose the application position of DRC séts coded with a downmixId of 0x7¥F.
For exdmple, the clipping behaviour for one specific downmix cenfiguration will be different if a DRC get
is applied before or after the format converter in MPEG-H. Nate that DRC-2 sets can always be applied
irrespective of the actual target layout. In case of loudnéss metadata a downmixld of 0x7F is 1ot
permitted.

All otheér downmixId values (except 0x0 and 0x7F)dndicate that a DRC set shall be applied to a specific
target layout by DRC-3. In case of loudness metadata all other downmixId values shall refer to the target
layout specified by downmixId.

The MREG-H meaning of downmixId is again summarized in Table 130.

Table 130'— Meaning of downmixld in MPEG-H

s s downmixId != 0x0 &&

Metadata type downmixId == 0x0 downmixld == 0x7F downmixld 1= 0x7F
drcInktructionsUniDre()_| Shall be applied by Shall be applied by Shall be applied by
(DRC|set) DRC-1. DRC-2. DRC-3.
loudressInfo() Measurement of . Measureme.n.t of target

Not permitted. layout specified by
(loudness metadata) reference layout. X
downmixId.

6.4.4 PDRC set selection process

6.4.4.1 General

The DRC set selection process shall be implemented according to ISO/IEC 23003-4. Note that
dmxInstructions() is replaced by DownmixMatrixSet() in MPEG-H. DownmixMatrixSet() is defined
in Table 27.

If information on present audio elements is available (mae_grouplD/mae_groupPresetID) (see

Clause 15), the pre-selection process specified in ISO/IEC 23003-4 shall be extended by two additional
requirements as listed in Table 131. Note that if in pre-selection step #8 the requirement of clipping
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prevention needs to be relaxed, at least one DRC set has to remain that either matches the present audio
elements or has to be independent of any audio elements (drcInstructionsType==0). The final selection
based on present audio elements shall be performed after the final selection based on output peak value
(see subclauses 6.4.4.2, 6.4.4.3 and ISO/IEC 23003-4). If information on present audio elements is not
available to the DRC selection process, DRC sets and loudness metadata with defined audio element
group identifiers (mae_groupID/mae_groupPresetID) shall be ignored by the DRC selection process.

Note that the applicable loudnessInfo() block for loudness normalization according to ISO/IEC 23003-4
is also dependent on the present audio elements. If loudnessinfo() blocks with matching group
ifentifiers for present audio elements are not available, loudnessInfo() blocks with undefingd group
lentifiers shall be used instead (loudnessinfoType==0).

—-

DRC set with ducking effect is automatically selected if the group identifiers of the’ present audio
lements match the group identifier of the DRC set with ducking effect. Note thatdnMPEG-H a|DRC set
bith ducking effect is always automatically selected if it doesn’t define an‘\audio element group
lentifier (drcInstructionsType==0).

=< 0 S

The selection of DRC sets with fading effect shall be done according to ISO/IEC 23003-4.

Table 131 — Requirements for DRC pre-selection (additional MPEG-H requirements)

# Requirement Applicability Comment

9 mae_groupPresetID matches If mae_groupPresetID is present. See subclauge
or is undefined 6.4.4.2

10 mae_grouplD matches If mae_grouplD is present See subclauge
or is undefined and no miatch was found in step #9. 6.4.4.3

4.4.4.2 Pre-selection based on present mae_groupPresetID (#9)

—

his pre-selection step addresses the, ¢ase when a specific audio scene defined by a combiration of
dudio elements (mae_groupPresetlD) is present. All DRC sets, which define a rmmatching
hae_groupPresetlD (see Table 126] shall be selected in this step. All other DRC sets with| defined
hae_groupPresetID shall be discarded. If at least one DRC set has a matching mae_groupPresetID, pre-
election step #10 shall be emitted and all DRC sets with defined mae_grouplD shall be discarded. If no
RC set has a matching mae“groupPresetID, all DRC sets with defined mae_groupPresetID are djscarded
and the pre-selectionshall continue with step #10. If several mae_groupPresetIDs are present, the
matching shall be ‘done separately for each identifier. Note that DRC sets which don’t flefine a
mae_groupPresetlD shall also pass this pre-selection step.

= n =5 =

in the (final selection according to ISO/IEC 23003-4 multiple DRC sets with ifferent
hae_groupPresetlDs are selected, the DRC set, which defines the largest number of members in its
ssociated mae_groupPresetID, shall be selected. If there are still multiple DRC sets with different
hae_groupPresetlDs selected, select the DRC set with the lowest mae_groupPresetID. Note that if the

ca¥hac activaly chacan 4 cnacific yman grannDyacatI) All ~ayracnan dina DRC cate chall ha nya ’erred in
SETaSatevery—-enosSeha-SpeaHcma e S rouprTesea s o e S po e S o SEt5Siar B e pre

':SS}.)':S’—‘A

this final selection step.

If in the final selection according to ISO/IEC 23003-4 multiple DRC sets with defined and undefined
mae_groupPresetID are selected, all DRC sets with undefined mae_groupPresetID shall be discarded.

6.4.4.3 Pre-selection based on present mae_grouplD (#10)

This pre-selection step addresses the case when an audio scene is present which includes a specific
audio element (mae_groupID). All DRC sets which define a matching mae_grouplD (see Table 126) shall
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be selected in this step. All other DRC sets with defined mae_groupID shall be discarded. If no DRC set
has a matching mae_grouplD, all DRC sets with defined mae_groupID shall be discarded. If several
mae_grouplDs are present, the matching shall be done separately for each identifier. Note that DRC sets
which don’t define a mae_grouplD shall also pass this pre-selection step.

If in the final selection according to ISO/IEC 23003-4 multiple DRC sets with defined and undefined
mae_grouplD are selected, all DRC sets with undefined mae_groupID shall be discarded.

6.4.5 DRC-1 for SAOC 3D Content

For SA

SAOC 3
and fre

The de

DC 3D, the DRC-1 decoder shall produce one DRC gain dre . (n, m,i) per QMF time slot'n,p

quency mapping rules are specified in ISO/IEC 23003-4.

are applied on the SAOC 3D rendering matrix. The corresponding SAOC 3D rendering coefficients 3

defined
numbe
in acco

The finl
matrix

R

where

for each parameter time slot / and processing band m. The SAOC 3D décoder shall provide
I of processing bands to the DRC decoder. The corresponding centre frequencies shall be deriv}
rdance with ISO/IEC 23003-1.

al SAOC 3D DRC rendering matrix is computed by replacing the’SAOC 3D unmodified renderi
R defined in subclause 9.5.3.4 by:

DRC, 0
ZI:RCh Robj]|: 0 " DRCobJ’

DRC, of size Nch x Nen represents the DRC gain matrix associated with the channel-conte

input ajnd DRCop; of size Nobj x Nobj represents-the DRC gain matrix associated with the object-contg

input.

The DR

D]

and

D]

C gain matrices are defined for each parameter time slot / and processing band m and given by

N\,
S

)
,otherwise

obj -

{Clm( ) drcobj (no,m,i)’ 1fl=]
m - '
’ , otherwise

er

D processing band m and per internal SAOC 3D channel/object i. Appropriate down-sampling

foded DRC gains are always applied to the SAOC 3D processing bands. More precisely, the gains

re
he
ed

nt
nt

where

6.4.6

6.4.6.1

n, represents the last time slot in parameter set L.

DRC-1 for HOA content

General

The DRC-1 gains for HOA are applied to the HOA signal before rendering and may be combined with
rendering. The DRC-1 gains for HOA are either applied in the time-domain or in the QMF-domain.

212
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6.4.6.2 Application of DRC-1 gains in the time-domain

The DRC decoder shall provide (N + 1)? gain values g4, = [gl, .o g(N+1)z]T according to the number of
HOA coefficient channels of the HOA signal c. N is the HOA order.

Application of DRC gains to the HOA signals:

Carec = DL_)sl‘HTdiag(gdrc)DDSHT ¢

2% (N+1)?

4 DSHT
nd its inverse D;%,, are matrices related to a discrete spherical harmonics transform| (DSHT)

dptimized for DRC purposes.

Informative remark: To decrease the computational load by (N + 1)* operations pér;sample, if may be
fpund advantageous to include the rendering step and to calculate the loudspeaker signals dirpctly by:
Ware = (D Dpiyr) (diag(gare)Dpsur) €, where D is the rendering matrix and (D Dpt,r) canl be pre-
domputed.

—

[ all gains g4,.., g(y+1)2 have the same value of g4, then a single DRC channel group has been used.

his case shall be flagged by the DRC-1 decoder because in this case the calculation of the spatidl filter is
ot necessary and the calculation simplifies to ¢4, = gqrc C-

o |

4.4.6.3 Calculation of DSHT matrices for DRC-1 gains

he matrix coefficients and operations required to determine the spatial filter D¢, and its invgrse
)& are calculated as follows:

I~

larY

set of spherical positions Opgyr = [ R4, ..., Qi @y 11)2] With @ = [0, ¢;]" and related quadrature

(N+1)?x 1

ains g € R are selected from the Table in Annex F.25 based upon the HOA order N as gn index.

aQ

mode matrix W), related to these positions is calculated. For details see Annex F.1. A first prptotype

hatrix is calculated by D; = diag(g) (l:‘i—si’;z A compact singular value decomposition is performed

), = USVT and a new prototypé matrix is calculated by: 32 = UVT. This matrix is normalized by:
D, 17D,- [1,0,0,.0]

), = —2—
FR, (v+1)?

NV + 1)? all zero elements except for the first element with a value of one. 17D, denotes the sum of
rows of D,.

| VAR o) M oo M >

. A row-vectar e'is calculated by = , where [1,0,0,..,0] is a row vectof of

e

The optimizedDSHT matrix D, is now derived by Dps,r = D, — [ €7, e7,eT,..]".

(@1

.4.6.4 < Application of DRC-1 gains in the QMF-domain

The DRC-1 decoder provides a gain value g.,(n, m) for every time frequency tile (n,m) for (N + 1)?

PRI N le Tk e £kt lat ac Land Ao of Y - m(NH1)%x1
dlldl CIIdIITIT1S. 1T1IT Salllb 1IUT UIIIT S1UL 11 dlIlTu 1T C\.iucllb_y udiiua 7rit a1 dil auscu 11T 'y\IL, LLLYBL=ER'\\Y .

Multi-band DRC gains are applied in the QMF-domain. The processing steps are shown in Figure 40. The
reconstructed HOA signal is transformed into the spatial domain by (inverse DSHT): Wysyr = DpgurC ,
where Ce RV+*D*XT ig 3 block of T HOA samples and W g€ RW+D*XT g 3 block of spatial samples
matching the input time granularity of the QMF filter bank. Then the QMF analysis filter bank is applied.
Let Wysyr(n,m) € CN+1*x1 denote the vector of spatial channels per time frequency tile (n, m). Then
the DRC gains are applied: Wpgc(n,m) = diag(g(n, m)) Wpsyr(n, m). To minimize the computational
complexity the DSHT and rendering to loudspeaker channels are combined:
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w(n,m) = D Dp}yr Wprc(n,m), where D denotes the HOA rendering matrix. The QMF signals shall
then be fed to the mixer for further processing.

g(n,m)

C QMF Wpgc(n.m) & w(n.m)
—p Wosur =Dpsur € > . »\w = D Dpsyr Woae ey
T s analysis ’

Figur|

If only
compu
the sarn

gain g4
QMF-d

Figur

Tables
6.4.7

Loudng
condud
the DR
mpegh
gain by

In case

6.4.8

The application of¢@-peak limiter is mandatory. Further details are specified in Annex D. The pe

limiter

6.4.9

e 40 — DRC-1 gain application for HOA in the QMF-domain combined with rendering ste

fational simplifications are possible (Figure 41). In this case the gains in vector g(n, m) all shg
he value of g4-.(n, m). The QMF filter bank may be directly applied to the HOA signal and 4
- (n, m) shall then be multiplied in the QMF-domain. The resulting loudspeaker.channels in t
bmain after rendering are obtained by w(n, m) = gg-.(n, m)Dcpgc(n, m).

Iprelin.m)

cpze(n,m) w(n, mr
‘—"C QMF. — () > w=Depze |
analysis

e 41 — DRC-1 gain application for HOA in the QMF-domadin combined with rendering ste
for the simple case of a single DRCchannel group

for the application of DRC in HOA can be found in Annex F.25
l.oudness normalization

ss normalization shall be performed in~the time-domain after DRC-3. The processing shall

ted according to ISO/IEC 23003-4. Note that the normalization gain also depends on the result
LC set selection process as showw in Figure 39. Configuration changes restricted to f
BdaLoudnessInfoSet() structure ‘shall not re-initialize the decoder but update the normalizati
smooth interpolation over ohe DRC frame.

of binaural rendering, leudness normalization shall be applied after DRC-2.

Peak limiter

shall be placed at the very end of the audio processing chain.

Time=synchronization of DRC gains

a single DRC channel group is present, this should be flagged by the DRC-1 decoder sin¢ce,agdi

re
he
he

be
of
he

e

DRC gz

...........

waveforms encounter delays in the processing pipeline from the IMDCT output until reaching the DRC
application block, e.g. due to an analysis filterbank for DRC application in the frequency domain, the

DRC ga

6.4.10

ins shall be delayed accordingly at the decoder before application to the audio signal.

Default parameters

The following default parameters as defined in ISO/IEC 23003-4 shall be applied to the DRC decoder:

— loudnessDeviationMax = 0 dB;

214
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The following default parameters as defined in [SO/IEC 23003-4 should be applied to the DRC decoder:

— numDrcEffectTypeRequests >= 6 (see ISO/IEC 23003-4:2015, Annex E.2.2 for recommended

drcEffectTypeRequest fallback settings).

7 Object metadata decoding

o

1 Caoanaral
T L A~}

TIITTOar

his clause describes the decoding process of object metadata, i.e. geometrical data for @udio| objects.

hese are needed to apply the object rendering specified in Clause 8.

.2 Description

etadata is conveyed for every audio object providing its spatial positions (fazimuth, elevat

ion, and
value of

n of the

rpdius) and a linear gain at defined timestamps. In addition to that, eithier‘a uniform spread
three distinct spread values (spread in width, height and depth dimension), as well as a dynamijic object
driority value may also be defined.
The units for each of the different metadata components are giyven in Table 132. A visualizatiq
golar coordinate system for azimuth and elevation is shown in/Figure 42.
Table 132 — Units of the decoded-object metadata components
Component Unit Value range
azimuth °(degrees) -180; 180
elevation 9 (degrees) -90; 90
radius m (meter) 0.5; 16
gain none (linear) 0.004; 5.957
spread (uniform) ° (degrees) 0; 180
spread width ° (degrees) 0; 180
spread height ° (degrees) 0; 90
spreadsdepth m (metre) 0;15.5
dynamic object none 0;7
priority
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Figure 42 — Visualization of polar coordinate'system
for signalling spatial positions of audio’objects

7.3 Syntax
7.3.1 PObject metadata configuration

As mentioned in the extension payload (see Table 23), the ObjectMetadataConfig() specifies the
metaddta decoding method.

Table 133 — Syntax’'of ObjectMetadataConfig()

Syntax No. of bits Mnemonic
ObjectMetadataConfig()
{
lowDelayMetadataCoding; 1 bslbf
hasCoreLength; 1 bslbf
if ("hasCoreLength) £
frameLength; 6 uimsbf
OAMFrameherngth = (frameLength+1)<<6;
}else {
OAMErameLength = outputFrameLength;
}
hasScreenRelativeObjects; 1 bslbf
if(-hasScreenRelativeObjects ) {
for{o="0; o<mum_objects; o+ NOTET*/
isScreenRelativeObject[o]; 1 bslbf
}
}
hasDynamicObjectPriority 1 bslbf
hasUniformSpread; 1 bslbf

}

NOTE num_objects is equal to the number of objects in the associated signal group.
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If the flag lowDelayMetadataCoding is true, low delay object metadata are present in the bitstream
and therefore, the low delay object metadata syntax shall be used. Otherwise, efficient object metadata

are present int the bitstream and the according syntax shall be used.

The coreCoderFramelLength (given by mpegh3daConfig()) shall be an integer multiple of the
OAMFrameLength. The OAMFrameLength shall not be greater than the coreCoderFrameLength.

If the coreCoderFrameLength is an integer multiple of the OAMFrameLength (coreCoderFrameLength =
n-0AMFrameLength), the structure object_metadata() is sent n times in the objctMetadataFrame() as

—

ndex s[i], with s[i] given by the following equation:

s[i] = (i + 1) OAMFramelength-1

Wwhere s is the sample index of an audio frame (0,1,2,.., 72 OAMFramelength-1).
1.3.2 Top level object metadata syntax

Table 134 — Syntax of objectMetadataFramé()

shown in Table 134. In this case, the ith object_metadata() (i =0,1,2,..,n-1) is available at thg

sample

Syntax No. of bits

Mnemonic

objectMetadataFrame() {
if (OAMFrameLength* < coreCoderFrameLength**) {
for (i=0; i< coreCoderFrameLength / OAMFrameLength; ++i) {
object_metadata_present; 1
if (object_metadata_present)
object_metadata();

}
}

else {
object_metadata();

}
}

uimsbf

* given by ObjectMetadataConfig()
** given by mpegh3daConfig()

Table 135 — Syntax of object_metadata()

Syntax No. of bits

Mnem

bnic

object_metadata()
{
if (lowbelayMetadataCoding==0) {
object_metadata_efficient()
Yelse {
object_metadata_low_delay()

}
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7.3.3 Subsidiary payloads for efficient object metadata decoding

Table 136 — Syntax of object_metadata_efficient()

Syntax No. of bits Mnemonic
object_metadata_efficient()
{
intracoded_object_metadata_efficient();
has_differential_metadata; 1 bslbf
if (has differential metadata) {
differential_object_metadata();
}
}
Table 137 — Syntax of intracoded_object_metadata_efficient()
Syntax No. of bits) Mnemonic
intracoded_object_metadata_efficient()
{
ifperiod; 6 uimsbf
if (num_objects>1) {
common_azimuth; 1 bslbf
if (common_azimuth) {
default_azimuth; 8 tcimsbf
}
else {
for (o = 0; 0 < num_objects; o++) {
position_azimuth|[o]; 8 tcimsbf
}
}
common_elevation; 1 bslbf
if (common_elevation) {
default_elevation; 6 tcimsbf
}
else {
for (o = 0; 0 < num{objects; o++) {
position_elevation[o]; 6 tcimsbf
}
}
common_radius; 1 bslbf
if (common_radius) {
default_radius; 4 uimsbf
}
else {
for (0 = 0; 0 < num_objects; o++) {
position_radius|o]; 4 ulmsbft
}
}
common_gain; 1 bslbf
if (common_gain) {
default_gain; 7 tcimsbf
}
else {
218 © ISO/IEC 2019 - All rights reserved
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Syntax No. of bits Mnemonic
for (0 = 0; 0 < num_objects; o++) {
gain_factor[o]; 7 tcimsbf
}
}
common_spread; 1 bslbf
if (common_spread) {
if (hasUniformSpread) {
default_spread; 7 uimsbf
}
else {
default_spread_width; 7 uimsbf
default_spread_height; 5 uimsbf
default_spread_depth; 4 uimsbf
}
}
else {
for (0 = 0; 0 < num_objects; o++) {
if (hasUniformSpread) {
spread[o]; 7 uimsbf
else {
spread_width[o]; 7 uimsbf
spread_height[o]; 5 uimsbf
spread_depth|[o]; 4 uimsbf
}
}
}
if (hasDynamicObjectPriority) {
common_dynamic_object_priority; 1 bslbf
if (common_dynamic_object._priority) {
default_dynamic_object_priority; 3 uimsbf
}
else {
for (o = 050\< num_objects; o++) {
dynamic_object_priority[o]; 3 uimsbf
}
}
}
}
else{
position_azimuth; 8 tcimsﬂf
position_elevation; 6 tcimsbf
position_radius; 4 uimsbf
gain_factor; 7 tcimsbf
if (hasUniformSpread) {
spread; 7 uimsbf
}
else {
spread_width; 7 uimsbf
spread_height; 5 uimsbf
spread_depth; 4 uimsbf
}
if (hasDynamicObjectPriority) {
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Syntax No. of bits Mnemonic
dynamic_object_priority; 3 uimsbf
}

}

}
Table 138 — Syntax of differential_object_metadata()

Syntax No.of bits ~ Mnemonic
differential_object_metadata() {

bits_per_point; 4 uimsbf

fixed_azimuth; 1 bslbf

if (!fixed_azimuth) {
for (o = 0; 0 < num_objects; o++) {
flag_azimuth; 1 bslbf
if (flag_azimuth) {
num_points_azimuth = offset_data(bits_per_point);

nbits_azimuth; 3 uimsbf
for (p = 0; p < num_points_azimuth; p++) {
differential_azimuth[o][p]; nbits_ azimuth + 2 tcimsbf
}
}
}
}
fixed_elevation; 1 bslbf

if (!fixed_elevation) {
for (o = 0; 0 < num_objects; o++) {
flag_elevation; 1 bslbf
if (flag_elevation) {
num_points_elevation = offset\data(bits_per_point);

nbits_elevation; 3 uimsbf
for (p = 0; p < num_points_elevation; p++) {
differential_elevation[o][p]; nbits_elevation + 2 tcimsbf
}
}
}
}
fixed_radius; 1 bslbf

if (!fixed_radius) {
for (0 =.05 0 < num_objects; o++) {
flag_radius; 1 bslbf
if (flag_radius) {
num_points_radius = offset_data(bits_per_point);

nbits_radius; 3 uimsbf
for (p = 0; p < num_points_radius; p++) {
differential_radius[o][p]; nbits_radius + 2 tcimsbf
}
}
}
}
fixed_gain; 1 bslbf

if (fixed_gain) {
for (o = 0; 0 < num_objects; o++) {
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Syntax No. of bits Mnemonic
flag gain; 1 bslbf
if (flag_gain) {

num_points_gain = offset_data(bits_per_point);
nbits_gain; 3 uimsbf
for (p = 0; p < num_points_gain; p++) {
differential_gain[o][p]; nbits_gain + 2 tcimsbf
}
1
}
}
fixed_spread; 1 bslbf
if (!fixed_spread) {
for (o = 0; 0 < num_objects; o++) {
if (hasUniformSpread) {
flag_spread; 1
if (flag_spread) {
num_points_spread = offset_data(bits_per_point);
nbits_spread; 3
for (p = 0; p < num_points_spread; p++) {
differential_spread|[o][p]; nbits_spread + 2
}
}
}
else {
flag_spread_width; 1 bslbf
if (flag_spread_width) {
num_points_spread_widthi= offset_data(bits_per_point);
nbits_spread_width; 3 uimshf
for (p = 0; p < num_points_spread_width; p++) {
differential,_spread_width[o][p]; nbits_spread_width + 2 tcimspf
}
)
flag_spread_height; 1 bslbf
if (flag_spread_height) {
num_points_spread_height = offset_data(bits_per_point);
nbits_spread_height; 3 uimshf
for (p = 0; p < num_points_spread_height; p++) {
differential_spread_height[o][p]; nbits_spread_height + 2 tcimspf
}
}
flag_spread_depth; 1 bslbf
if (flag_spread_depth) {
num_points_spread_depth = offset_data(bits_per_point);
nbits_spread_depth; 3 uimslrf
for (p =6; 1Y llulll_puiutb_bpl cad_dcyth, p'r'r) {
differential_spread_depth[o][p]; nbits_spread_depth + 2 tcimsbf
}
}
}
}
}
if (hasDynamicObjectPriority) {
fixed_dynamic_object_priority; 1 bslbf
if (!fixed_dynamic_object_priority) {
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Syntax No. of bits Mnemonic
for (0 = 0; 0 < num_objects; o++) {

flag_dynamic_object_priority; 1 bslbf

if (flag_dynamic_object_priority) {
num_points_dynamic_object_priority = offset_data(bits_per_point);
nbits_dynamic_object_priority; 2 uimsbf
for (p = 0; p < num_points_dynamic_object_priority; p++) {

differential_dynamic_object_priority[o][p]; nbits_dynamic_ tcimsbf
object_priority

+2
}
}
}
}
}
}
Table 139 — Syntax of offset_data()
Syntax No. of bits Mnemonic
intloffset_data(bits_per_point) {
bitfield_syntax; 1 bslbf
if (bitfield_syntax) {
offset_bitfield; ifperiod2  bslbf
num_points = sum(offset_bitfield);
}
else {
npoints; bits_per_point uimsbf
num_points = npoints + 1;
for (p = 0; p < num_points; p++) {
foffset[p]; ceil(log2(ifperiod*)) uimsbf
}
}

return num_points;

a  |Known from the intracoded’object metadata for this current iframe_period.

7.3.4 BSubsidiary payloads for object metadata decoding with low delay

Table 140 — Syntax of object_metadata_low_delay ()

Syntax No. of bits Mnemonic
object_nietadata_low_delay ()
{
—has-intracoded_object-metadata; + bsthf
if (has_intracoded_object_metadata) {
intracoded_object_metadata_low_delay();
}
else {
dynamic_object_metadata();
}
}
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Table 141 — Syntax of intracoded_object_metadata_low_delay()

Syntax No. of bits Mnemonic
intracoded_object_metadata_low_delay()
{
if (num_objects>1) {
fixed_azimuth; 1 bslbf
if (fixed_azimuth) {
default_azimuth; 8 tcimsbf
}
else {
common_azimuth; 1 bslbf
if (common_azimuth) {
default_azimuth; 8 tcimsbf
}
else {
for (o = 0; 0 < num_objects; o++) {
position_azimuth|[o]; 8 tcimsbf
}
}
}
fixed_elevation; 1 bslbf
if (fixed_elevation) {
default_elevation; 6 tcimsbf
}
else {
common_elevation; 1 bslbf
if (common_elevation) {
default_elevation; 6 tcimsbf
}
else {
for (o0 = 0; o < num_objects; o++) {
position_elevation[o]; 6 tcimsbf
}
}
}
fixed_radius; 1 bslbf
if (fixed/radius) {
default_radius; 4 uimsbf
¥
else {
common_radius; 1 bslbf
if (common_radius) {
default_radius; 7 uimsb
}
else {
for (o = 0; 0 < num_objects; o++) {
position_radius[o]; 4 uimsbf
}
}
}
fixed_gain; 1 bslbf
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Syntax No. of bits Mnemonic
if (fixed_gain) {
default_gain; 7 tcimsbf
}
else {
common_gain; 1 bslbf
if (common_gain) {
default_gain; 7 tcimsbf
}
else {
for (o = 0; 0 < num_objects; o++) {
gain_factor[o]; 7 tcimsbf
}
}
}
fixed_spread; 1 bslbf
if (fixed_spread) {
if (hasUniformSpread) {
default_spread; 7 uimsbf
}
else {
default_spread_width; 7 uimsbf
default_spread_height; 5 uimsbf
default_spread_depth; 4 uimsbf
}
}
else {
common_spread; 1 bslbf
if (common_spread) {
if (hasUniformSpread) {
default_spread; 7 uimsbf
}
else {
default_spread._width; 7 uimsbf
default_spread_height; 5 uimsbf
default_spread_depth; 4 uimsbf
}
}
else {
for(o= 0; o < num_objects; o++) {
if (hasUniformSpread) {
spread[o]; 7 uimsbf
}
else {
spread_width[o]; 7 uimsbf
spread_height[o]; 5 uimsbf
spread_depth[o]; 4 uimsbf
}
}
}
}
if (hasDynamicObjectPriority) {
fixed_dynamic_object_priority; 1 bslbf
if (fixed_dynamic_object_priority) {
default_dynamic_object_priority; 3 uimsbf
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Syntax No. of bits Mnemonic
}
else {
common_dynamic_object_priority; 1 bslbf
if (common_dynamic_object_priority) {
default_dynamic_object_priority; 3 uimsbf
}
else {
for (o = 0; o < num_objects; o++) {
dynamic_object_priority[o]; 3 uimsbf
}
}
}
}
}
else {
position_azimuth; 8 tcimsﬂf
position_elevation; 6 tcimsbf
position_radius; 4 uimsbf
gain_factor; 7 tcimsbf
if (hasUniformSpread) {
spread; 7 uimsbf
}
else {
spread_width; 7 uimsbf
spread_height; 5 uimsbf
spread_depth; 4 uimsbf
}
if (hasDynamicObjectPriority) {
dynamic_object_priority; 3 uimsbf
}
}
}
Table 142 — Syntax of dynamic_object_metadata()
Syntax No. of bits Mnemonic
dynamic_object_metadata() {
flag_absolute; 1 bslbf
for (o =0;0"< num_objects; o++) {
haS-object_metadata; 1 bslbf

if (has_object_metadata) {

single_dynamic_object_metadata( flag_absolute );

}
}
)
Table 143 — Syntax of single_dynamic_object_metadata()
Syntax No. of bits Mnemonic
single_dynamic_object_metadata ( flag_absolute ) {
if ( flag_absolute ) {
if (fixed_azimuth?) {
position_azimuth; 8 tcimsbf
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Syntax No. of bits Mnemonic
}
if (!fixed_elevation?) {
position_elevation; 6 tcimsbf
}
if (!fixed_radius?) {
position_radius; 4 uimsbf
}
if (Ifixed_gain?) {
gain_ factor; 7 tcimsbf
}
if (!fixed_spread?) {
if (hasUniformSpread) {
spread; 7 uimsbf
}
else {
spread_width; 7 uimsbf
spread_height; 5 uimsbf
spread_depth; 4 uimsbf
}
}
if (hasDynamicObjectPriority) {
if (!fixed_dynamic_object_priority?) {
dynamic_object_priority; 3 uimsbf
}
}
}
else {
nbits; 3 uimsbf
num_bits = nbits +2;
if (fixed_azimuth?) {
flag_azimuth; 1 bslbf
if (flag_azimuth) {
position_azimuthidifference; num_bits tcimsbf
}
}
if (!fixed_elevation?)
flag_elevation; 1 bslbf
if (flag.elevation) {
position_elevation_difference; min(num_bits,7) tcimsbf
}
}
if(Mfixed_radius?) {
flag_radius; 1 bslbf
if (flag_ Tadius)
position_radius_difference; min(num_bits,5) tcimsbf
}
}
if (!fixed_gain?) {
flag_gain; 1 bslbf
if (flag_gain) {
gain_factor_difference ; min(num_bits,8) tcimsbf
}
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Syntax No. of bits Mnemonic
}
if (!fixed_spread?) {
if (hasUniformSpread) {

flag_spread; 1 bslbf
if (flag_spread) {
spread_difference ; min(num_bits,8) tcimsbf
}
}
eise{
flag_spread_width; 1 bslbf
if (flag_spread_width) {
spread_width_difference ; min(num_bits,8) tcimsbf
}
flag_spread_height; 1 bslbf
if (flag_spread_height) {
spread_height_difference ; min(num_bits,6) tcimsbf
}
flag_spread_depth; 1 bslbf
if (flag_spread_depth) {
spread_depth_difference ; min(num_bits,5) tcimsbf
}

}
if (hasDynamicObjectPriority) {

if (fixed_dynamic_object_priority?) {

flag_dynamic_object_priority; 1 bslbf
if (flag_dynamic_object_priority) {

dynamic_object_priority_difference; min(num_bits,4) tcimsbf
}

}
}

a Given by the preceding intracoded_object_metadata_low_delay() frame

.3.5 Enhanced object metadata configuration

Table 144 — Syntax of EnhancedObjectMetadataConfig()

Syntax No. of bits Mnemanic
Enhanced@bjectMetadataConfig()
{
/¥ static per group */
hasDiffuseness; 1 bslbf
if ( hasDiffuseness ) {
hasCommonGroupDiffuseness; 1 bslbf
}
}
hasExcludedSectors; 1 bslbf
if ( hasExcludedSectors ) {
hasCommonGroupExcludedSectors; 1 bslbf
if (hasCommonGroupExcludedSectors ) {
useOnlyPredefinedSectors; 1 bslbf
}
}else {
hasCommonGroupExcludedSectors = 0;
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Syntax No. of bits Mnemonic
}
hasClosestSpeakerCondition; 1 bslbf
if ( hasClosestSpeakerCondition ) {
closestSpeakerThresholdAngle; 7 uimsbf
}
/* static per object */
for (o = 0; o < num_objects; o++ ) {
hasBivergencelo}; 1 bslbf
if ( hasDivergence[o] ) {
divergenceAzimuthRange|[o]; 6 uimsbf
}
if (hasCommonGroupExcludedSectors ==0) {
useOnlyPredefinedSectors[o]; 1 bslbf
}
}
}
Table 145 — Syntax of EnhancedObjectMetadataFrame()
Syntax No. of bits Mnemonic
EphancedObjectMetadataFrame()
{
/* dynamic per group */
if ( hasDiffuseness && hasCommonGroupDiffuseness ) {
if (independencyFlag==0){
keepDiffuseness; 1 bslbf
}else {
keepDiffuseness = 0;
}
if (keepDiffuseness ==0) {
diffuseness; 7 uimsbf
}
}
if (hasCommonGroupExcludedSectors ) {
if (independencyFlag==0) {
keepExclusion; 1 bslbf
}else {
keepExclusion = 0;
if ( keepExclusion ==0) {
numExclusionSectors; 4 uimsbf
if (useOnlyPredefinedSectors ) {
for ('sc = 0; sc < numExclusionSectors; sc++) {
excludeSectorIndex][sc]; 4 uimsbf
¥
}else {
for ( sc = 0; sc < numExclusionSectors; sc++) {
usePredefinedSector|[sc]; 1 uimsbf
if (usePredefinedSector(sc] ) {
excludeSectorIndex|sc]; 4 uimsbf
}else{
excludeSectorMinAzimuth[sc]; 7 uimsbf
excludeSectorMaxAzimuth|[sc]; 7 uimsbf
excludeSectorMinElevation[sc]; 5 uimsbf
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Syntax No. of bits Mnemonic
excludeSectorMaxElevation|[sc]; 5 uimsbf
}
}
}
}
}
/* dynamic per object */
for-{-o=0;-0-<num—objectsio++I{
closestSpeakerPlayout[o]; 1 bslbf
if ( hasDiffuseness && ( hasCommonGroupDiffuseness ==0) ) {
if (independencyFlag==0) {
keepDiffuseness[o]; 1 bslbf
}else {
keepDiffuseness[o] = 0;
}
if (keepDiffuseness[o] == 0) {
diffuseness|o]; 7 uimsbf
}
}
if (hasDivergence[o] ) {
if (independencyFlag==0) {
keepDivergence|o]; 1 bslbf
}else {
keepDivergence[o] = 0;
}
if (keepDivergence[o] == 0) {
divergence|[o]; 7 uimsbf
}
}
if (hasCommonGroupEx¢ludedSectors ==0) {
if (independencyFlag==0) {
keepExelusion[o]; 1 bslbf
}else {
keepExclusion|[o] = 0;
if tkeepExclusion[o] == 0)
{
numExclusionSectors[o]; 4 uimsbf
if (useOnlyPredefinedSectors[o] ) {
for (sc = 0; sc < numExclusionSectors[o]; sc++) {
excludeSectorIndex|o][sc]; 4 uimsbf
2 1 } £
T EISER
for (' sc = 0; sc < numExclusionSectors[o]; sc++) {
usePredefinedSector|o][sc]; 1 uimsbf
if (usePredefinedSector[o][sc] ) {
excludeSectorIndex|o][sc]; 4 uimsbf
}else{
excludeSectorMinAzimuth[o][sc]; 7 uimsbf
excludeSectorMaxAzimuth[o][sc]; 7 uimsbf
excludeSectorMinElevation[o][sc]; 5 uimsbf
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Syntax

No. of bits Mnemonic

}

excludeSectorMaxElevation[o][sc]; 5 uimsbf

7.4 Datastructure

7.4.1 PDefinition of ObjectMetadataConfig() payloads

lowDelayMetadataCoding

hasCoreLength

OAMFrameLength

hasScreenRelativeObjects

isScre¢nRelativeObject

hasDyhamicObjectPriority

hasUniformSpread

num_objects

7.4.2 [Efficient object metadata decoding
7.4.2.1] Definition of object metadata payloads

7.4.2.1. 1 Definition of object_metadata_efficient() payloads

indicates whether object metadata decoding with low delayds/used.
Otherwise, efficient object metadata are present in the bitstream.

indicates whether the core coder works with the same number of audio|
samples per channel as the object metadata codet.

if the frame length of the core coder does natinatch the time resolution
the object metadata coder, the OAMFrameLength defines the size

multiples of 64 audio samples) of a_time slice for which a set of obje
metadata is available.

This flag specifies whether screen-relative objects are present.

This flag defines whether.an‘object position is screen-relative. The obijg
shall be rendered, such“that its position is remapped according
subclause 18.2.4. It can still contain all valid angular values.

This flag indicates’ whether there is dynamic object priority data presg
in the bitstream or not. If there is no dynamic object priority data in t
bitstreant, mae_groupPriority indicates the dynamic object priority.

Thissflag indicates whether the spread of an object is given as unifot
spread (flag is equal to 1) or as three independent values for wid
height and depth (flag is equal to 0).

Is equal to the number of objects in the associated signal group.

of

pct

pCt

nt
he

m
th,

has_differential_metadata

indicates whether differential object metadata are present in the
bitstream.

7.4.2.1.2 Definition of intracoded_object_metadata_efficient() payloads

ifperiod

230

defines the number of audio frames for which OAM data
are processed in intracoded_object_metadata_efficient()
minus 1 (iframe_period = ifperiod + 1).
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default_azimuth

position_azimuth
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indicates whether a common azimuth angle is used for all
objects.

defines the value of the common azimuth angle.

if there is no common azimuth value, a value for each
object is transmitted. If there is only one object, this is its
azimuth angle.

LUllllllUll_UiCleiUll

default_elevation

position_elevation

common_radius

default_radius

position_radius

common_gain

default_gain

gain_factor

common_spread

default_spread

default_spread_width

default_spread_depth

© ISO/IEC 2019 - All rights reserved

imdicates wirether a commorr etevatiomangle s used forjall
objects.

defines the value of the common elevation angle;

if there is no common elevation value, a value for each
object is transmitted. If there is only on€*ebject, this is it
elevation angle.

2]

indicates whether a common radius value is used for all
objects.

defines the value of the common radius.

if there is no comnion'radius value, a value for each objdct
is transmitted. Ifthere is only one object, this is its radiys.

indicates whether a common gain value is used for all
objects,

defines the value of the common gain factor.

if there is no common gain value, a value for each object]is
transmitted. If there is only one object, this is its gain
factor.

indicates whether a common spread parameter is used for
all objects.

Defines the value of the common spread parameter in the
case that there is just one uniform spread value.

Defines the value of the common spread parameter for the
spread in the dimension of width in the case of three
independent spread values.

spread in the dimension of height in the case of three
independent spread values.

Defines the value of the common spread parameter for the
spread in the dimension of depth in the case of three
independent spread values.
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spread If there is no common spread parameter, a value for each
object is transmitted. If there is only one object, this is its
spread parameter.

spread_width If there is no common spread parameter, one value for the
spread in the dimension of width is transmitted for each
object. If there is only one object, this is its spread
parameter in the dimension of width.

spread_height [T there 1s no common spread parameter, one value for the
spread in the dimension of height is transmitted for each
object. If there is only one object, this is its spread
parameter in the dimension of height.

spread_depth If there is no common spread parameter, one value for the
spread in the dimension of depth is transmitted for each
object. If there is only one object, this is its spread
parameter in the dimension of depth.

common_dynamic_object_priority indicates whether a common dyndmic_object_priority is
used for all objects.

default_dynamic_object_priority = defines the value of the common dynamic_object_priority.
dynamic_object_priority This field defines the priority of the object.

This field can take'integer values between 0 and 7. The
object may bediscarded from rendering and decoding if
the priorityids lower than 7. If objects are discarded, the
objects with lowest priority should be discarded first. If
there is-0nly one object, this is its dynamic_object_priority.

7.4.2.11.3 Definition of differential_object_metadata() payloads

bits_per_point number of bits required to represent each of the polygon
points (used in offset_data()).

fixed |azimuth flag indicating whether the azimuth value is fixed for all
objects.
flag_azimuth flag per object indicating whether the azimuth value changes

for this iframe_period.

nbits|azimuth how many bits are required to represent the differential
value minus 2.

differential_azimuth value of the difference between the linearly interpolated and
the actual value.

fixed_elevation flag indicating whether the elevation value is fixed for all
objects.
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flag_elevation

nbits_elevation

differential_elevation

ag_radius

nbits_radius

differential_radius

|:]ixed_gain

ag gain
nbits_gain
differential_gain
[fixed_spread
[flag_spread
nbits_spread
differential/spread

flag_Spread_width
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flag per object indicating whether the elevation value
changes for this iframe_period.

how many bits are required to represent the differential
value minus 2.

value of the difference between the linearly interpolated and
the actual value.

jerts.

flag per object indicating whether the radius chahgeg for this
iframe_period.

how many bits are required to represent the differential
value minus 2.

value of the difference between the linearly interpolated and
the actual value.

flag indicating whether the'gain factor is fixed for all pbjects.

flag per object indicating whether the gain radius chgnges for
this iframe_period:

how many bits are required to represent the differential
value minus 2.

valye of the difference between the linearly interpoldted and
the actual value.

flag indicating whether the spread parameter is fixed| for all
objects.

flag per object indicating whether the spread parameter
changes for this iframe_period.

how many bits are required to represent the differential
value minus 2.

value of the difference between the linearly interpolated and
the actual value.

flag per object indicating whether the spread parameter in
width dimension changes for this iframe_period.

nbits_spread_width

differential_spread_width

flag_spread_height

© ISO/IEC 2019 - All rights reserved

how many bits are required to represent the differential
value minus 2.

value of the difference between the linearly interpolated and
the actual value.

flag per object indicating whether the spread parameter in
height dimension changes for this iframe_period.
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nbits_spread_height how many bits are required to represent the differential
value minus 2.

differential_spread_height value of the difference between the linearly interpolated and
the actual value.

flag_spread_depth flag per object indicating whether the spread parameter in
depth dimension changes for this iframe_period.

. . . . :
nbits [spread_depth how Tmany bitsare Tequiredto represent the differemntiat
value minus 2.

differential_spread_depth value of the difference between the linearly interpelated and
the actual value.

fixed |dynamic_object_priority flag indicating whether the dynamic_object ’priority is fixed
for all objects.

flag_dynamic_object_priority flag per object indicating whether-the
dynamic_object_priority changes-for this iframe_period.

nbits|dynamic_object_priority how many bits are required(o represent the differential
value minus 2.

differential_dynamic_object_priority value of the difference between the linearly interpolated arld
the actual value.

7.4.2.11.4 Definition of offset_data() payloads

bitfield_syntax flag indicating whether a vector with polygon time slice indices is present
in the bitstreams

offset_pitfield bool array containing ifperiod flags for each time slice whether they are
polygon points or not.

npoints number of polygon points minus 1 (num_points = npoints + 1).

foffset time slice indices of the polygon points within iframe_period
(frame_offset = foffset+1).

7.4.2.2) Decoding process

Each afidio object’has associated object metadata that describe the following properties:

— thg temporal change of its position, given in spherical coordinates:

— azimuth;
— elevation;
— radius;
— alinear gain that is to be applied by the object renderer;
— one or more values defining the object spread (either uniform or non-uniform);

— avalue describing the dynamic object priority.
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Each of these components is generally described by a discrete time signal y(n). In the following, the
discrete time index n is used to denote the time slice to avoid confusion with the sample index of the

a

udio signal that is sampled at a much higher sampling rate.

The general idea of encoding the object metadata is to segment y(n) into periods of a fixed length and to
approximate these periods by means of polygons. Each transmitted frame contains at least one new
polygon point, i.e. the final value. The OAM decoder always stores the last polygon point of a frame and
uses it as a starting point for the next frame. This is important for the first frame since there is no
previous value in this case.

H

Q

—+ —

QL

ot =

ach OAM frame consists of iframe_period time slices which correspond to the audio frame'len
hannel) of the core coder (in case, hasCoreLength is true).

4.2.3 Decoding the transmitted data

irst, as shown in Figure 43 by the dashed line, the values in between the-last intracode
netadata value Yigseiframe and the value of the current intracoded object; metadata yeurrenc
plculated for each component (azimuth elevation, radius, gain, spread<and dynamic object
sing linear interpolation.

Vhen differential object metadata values are present in the bitstream, these are also used to
hterpolated values. Those describe the difference between the interpolated intracoded object 1
alues and the desired object metadata values. Hence, the interpolated output values yi are retr

itstream - the interpolated differential object metadata for each time slice xi (depicted in Figu
he dotted line).

h Figure 43, there are num_points = 2 new polygon points given by differential_object_metadd
he iframe_period is 14. The given polygon points are denoted as Yiast ifiame =)0, V1,

current_iframe= Y3 which can be values for azimuth, elevation, radius, and gain. Each of the

hese given values are referred to.as p = {0,1,2,3}.

he corresponding payload-element name for time indices in case of differential object met
rame_offset[p] = foffset[p] +1 for p = {1, 2}. The indices Xii to xii4 represent the scale of th
me axis. For each xi an)interpolated yi has to be calculated, as shown in Figure 44.

gth (per

d object
frame are
priority)

ralculate
hetadata
ieved by

umming up the components of the interpolated intracoded object metadata and - if present in the

re 43 as

ta() and
V2, and
te has a

istinct time slice index which is defioted as Xast iframe=X0, X1, X2 and Xcurrent iframe= X3. The indices of

adata is
b output
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A
_ _ _ Iinterpolation of the intracoded object
metadata
p ) interpolation and summation of the
. !._ intracoded and differential object
y:]:ylasLufmme' e B \ metadata
- \
- Vo =Yoot
T e
TN N T (N N 2
Xip Xb X Xig Xg Xig Xb Xig Xig Xijg Xigq Xifp YXij3
note Xﬂ:xlast_iframe X4 Xz xeleasl_uframe

NOTE | The dashed line depicts the first step (interpolation of intracoded/ebject metadata). The dotted line
shows the result of both interpolation steps.
Figure 43 — Interpolation in between the given polygon points

The pokitions (x-values) of the polygon points may be éither given in the form of a sequence of integer
values pf the size num_points, indicated by bitfield_syntax = 0. They may also be given by the boolepn
array dffset_bitfield, indicated by bitfield_syntax-="1. In the latter case, offset_bitfield[n] = 1 indicates
the prdsence of a polygon point at time slice n./An offset_bitfield has the length of ifperiod time slides
since the first polygon point is always known*from the previous frame and polygon point for the last
time slice is given by the intracoded object metadata.
The forymula for the linear interpolation process is:

Xn — Xp
o =—]

Xpp1— Xp
yvin=(0-a) v+ a - pp-
where [xi, is the current time index within the period [x,, xp+1] that is specified by the frame_offget
values.[This yields'the output depicted in Figure 44.
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Vi

[

Xip X Xi Xy X Xig Xip X Xg XigCXyy Xip Xhz Xig
Figure 44 — Interpolated output values yi for each time slice xi

1.4.2.4 Post processing of object metadata

1.4.2.4.1 Scaling of object metadata

Apply scaling factors to revert encoder scaling of the input data for each component of every ob

descale multidata()

for (o = 0; o < num _objects; ©o++)
azimuth[o] = azimuthfey™* 1.5;

for (o = 0; o < num pbjects; o++)
elevation[o] =_etevation[o] * 3.0;

for (o = 0; o £ hdm objects; o++)

radius[o]~=_pow (2.0, (radius[o] / 3.0)) / 2.0;
for (o =/M0y~0 < num objects; o++)

gainfley = pow(10.0, (gain[o] - 32.0) / 40.0);

if (upiform spread == 1)
{

for (o = 0; o < num objects; o++)
spread[o] = spread[o] * 1.5;

}

else
{
for (o = 0; o < num _objects; o++)
spread width[o] = spread width[o] * 1.5;

for (o = 0; o < num objects; o++)
spread height[o] = spread height[o] * 3.0;

for (o = 0; o < num objects; o++)

© ISO/IEC 2019 - All rights reserved
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spread depth[o] = (pow (2.0,

}
for (o = 0; o < num _objects; o++)

dynamic object prioritylo] =

7.4.2.4.2 Limiting the object metadata

(spread depth[o]

/ 3.0)) / 2.0) - 0.5;

dynamic object priorityl[o];

Apply limiting to the decoded values to keep the values within a valid range.

limit |range ()

{

mirfjval = -180;
maxyval = 180;
foq (o = 0; o < num objects; o++)

azimuth[o] = MIN(MAX (azimuth[o], minval), maxval);
mirjval = -90;
maxval = 90;
fog (o = 0; o < num objects; o++)

elevation[o] = MIN(MAX (elevation[o], minval), maxval);
mirjval = 0.5;
maxyval = 16;
fog (o = 0; o < num objects; o++)

radius[o] = MIN (MAX (radius[o], minval), maxvalyd)
minjval = 0.004;
maxyval = 5.957;
foq (o = 0; o < num objects; o++)

gain[o] = MIN(MAX (gain[o], minval), maxval);
if |(uniform spread == 1)
{

minval = 0;

maxval = 180;

for (o = 0; o < num objectls;) o++)

spread[o] = MIN(MAX (spread[o], minval), maxval);

}
elde
{

minval = 0;

maxval = 180;

for (o = 0; 0“3 num _objects; o++)

spread _whidth[o] =

minval & 0;
maxvad== 90;
for \fo' = 0; o < num objects; o++)

spread _height[o] =

MIN (MAX (spread width[o], minval), maxval);

MIN (MAX (spread _height[o], minval), maxval);

minval = 0;
maxval = 15.5;
for (o = 0; o < num objects; o++)

spread _depth[o] =
}

minval = 0;
maxval = 7;
for (o = 0; o < num _objects; o++)

dynamic object priorityl[o] =
maxval) ;
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MIN (MAX (spread depth[o], minval), maxval);

MIN (MAX (dynamic object priority[o], minval),
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7.4.3 Object metadata decoding with low delay

7.4.3.1 Definition of object metadata payloads

7.4.3.1.1 Definition of object_metadata_low_delay() payloads

has_intracoded_object_metadata

fixed_azimuth

default_azimuth

dommon_azimuth

position_azimuth

fixed_elevation

default_elevation

dommon_elevation

position_elevation

fixed_radius

default_radius

gommoi.radius

adsitionradiuc
o

indicates whether the current frame is intracoded or
differentially coded.

flag indicating whether the azimuth value is fixed forall
object and not transmitted in case of
dynamic_object_metadata().

defines the value of the fixed or commor azimuth angle.

indicates whether a common azimuth-angle shall be used
for all objects.

if there is no common azimuth‘value, a value for each
object is transmitted. If there is only one object, this is itg
azimuth angle.

flag indicating whether the elevation value is fixed for all
objects and nottransmitted in case of
dynamic_objeét_metadata().

defines'the value of the fixed or common elevation angle

indicates whether a common elevation angle shall be usegd
for all objects.

if there is no common elevation value, a value for each
object is transmitted. If there is only one object, this is itg
elevation angle.

flag indicating whether the radius is fixed for all objects
and not transmitted in case of dynamic_object_metadata().

defines the value of the fixed or common radius.

indicates whether a common radius value shall be used fpr
all objects.

Hitharaic na copppmnan padiic yaliin o ol £o aqch Al t

oSTCIOUTI_Taur

fixed_gain

default_gain
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is transmitted. If there is only one object, this is its radius.

flag indicating whether the gain factor is fixed for all
objects and not transmitted in case of
dynamic_object_metadata().

defines the value of the fixed or common gain factor.
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common_gain indicates whether a common gain value shall be used for
all objects.

gain_factor if there is no common gain value, a value for each object is
transmitted. If there is only one object, this is its gain
factor.

fixed_spread flag indicating whether the spread parameter is fixed for

all objects and not transmitted in case of
dynamic_object_metadata().

defaulf_spread defines the value of the fixed or common spread
parameter.
defaulf_spread_width defines the value of the fixed or commoen spread

parameter in the width dimension.

defaulf_spread_height defines the value of the fixed or\‘¢ommon spread
parameter in the height dimension,

defaulf_spread_depth defines the value of the fixed or common spread
parameter in the depth dimension.

commen_spread indicates whether a common spread parameter shall be
used for all objects.

spread if there is no comxmon spread parameter, a value for each
object is transmiitted. If there is only one object, this is its
spread parameter.

spread_width if there'is'no common spread parameter, a value for the
spread in the width dimension is transmitted for each
Object. If there is only one object, this is its spread
parameter in width dimension.

spread_height if there is no common spread parameter, a value for the
spread in the height dimension is transmitted for each
object. If there is only one object, this is its spread
parameter in height dimension.

spread_depth if there is no common spread parameter, a value for the
spread in the depth dimension is transmitted for each
object. If there is only one object, this is its spread
parameter in depth dimension.

fixed_dynamic_object_priority flag indicating whether the dynamic_object_priority is
fixed for all objects and not transmitted in case of
dynamic_object_metadata().

default_dynamic_object_priority defines the value of the fixed or common
dynamic_object_priority.
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dynamic_object_priority
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indicates whether a common dynamic_object_priority
value shall be used for all objects.

This field defines the priority of the object.

This field can take integer values between 0 and 7. The
object may be discarded from rendering and decoding if
the priority is lower than 7. If objects are discarded, the
objects with lowest priority should be discarded first.

position_azimuth

position_elevation

position_radius

gain_factor

spread

spread_width

spread_height

spread-depth

71.4.3.1.3 Definition of dynamic_object_metadata() payloads

flag_absolute indicates whether the values of the components-are transmitted
differentially or in absolute values.

7.4.3.1.4 Definition of single_dynamic_object_metadata() payloads

If there is only one object, this is its
dynamic_object_priority.

has_object_metadata indicates whether there are object metadata present in the bitstr¢am or
not.

the absolute valuéof the azimuth angle if the value is ngt
fixed.

the absoluté-value of the elevation angle if the value is
not fixed.

the-absolute value of the radius if the value is not fixed.

the absolute value of the gain factor if the value is not
fixed.

the absolute value of the spread parameter if the value |s
not fixed.

the absolute value of the spread parameter in the width
dimension if the value is not fixed.

the absolute value of the spread parameter in theheighf
dimension if the value is not fixed.

the absolute value of the spread parameter in the depth
dimension if the value is not fixed.

dynamic_object_priority

nbits

flag_azimuth

© ISO/IEC 2019 - All rights reserved

the absolute value of the dynamic_object_priority if the
value is not fixed.

how many bits are required to represent the differential
values.

flag per object indicating whether the azimuth value
changes.
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position_azimuth_difference

flag_elevation

position_elevation_difference

flag_radius

difference between the previous and the active value.

flag per object indicating whether the elevation value
changes.

value of the difference between the previous and the
active value.

flag per object indicating whether the radius changes.

positign_radius_difference

flag_gdin

gain_fdctor_difference

flag_spread

spread_difference

flag_spread_width

spread_width_difference

flag_spread_height

spread_height_difference

flag_spread_depth

spread_depth_difference

flag_dynamic_object_priority

difference between the previous and the active value.

flag per object indicating whether the gain radius
changes.

difference between the previous and the active value.

flag per object indicating whether the spread parameter
changes.

difference between the previous‘and the active value.

flag per object indicating whether the spread parameter
in the width dimension.changes.

difference betweenithe previous and the active value.

flag per objectindicating whether the spread parameter
in the height'dimension changes.

difference between the previous and the active value.

flag/per object indicating whether the spread parameter
in the depth dimension changes.

difference between the previous and the active value.

flag per object indicating whether the
dynamic_object_priority changes.

dynamic_object_priority_difference difference between the previous and the active value.

7.4.3.2] Decoding process

7.4.3.2.1 General

RBAM

Object ‘metadatawitlrtow detay foltowsa modified DPPEM procedure—ttattowsswitching betwe

differentially and absolutely coded values.

7.4.3.2.2 Decoding the transmitted data

In case intracoded object metadata are present in the bitstream, the object metadata values can be read
from the bitstream directly. If dynamic object metadata are in the bitstream, the object metadata values
can be read from the bitstream as well when flag_absolute is true. Otherwise, the following equation is

to be used.
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yln] = y[n—1]+d[n]

where y denotes the output value, d is the difference value read from the bitstream and n is
time slice for each component.

7.4.3.2.3 Post processing of object metadata

7.4.3.2.3.1 Scaling of object metadata

the active

dbject.

descale multidata ()

for (o = 0; o < num objects; o++)
azimuth[o] = azimuth[o] * 1.5;
for (o = 0; o < num _objects; o++)
elevation[o] = elevation[o] * 3.0;
for (o = 0; o < num objects; o++)
radius[o] = pow(2.0, (radius[o] / 3.0)) / 2.0y
for (o = o < num_objects; o++)

0;
gain[o] = pow(10.0, (gain[o] - 32.0) /<€40%0);

if (uniform spread == 1)
{
for (o = 0; o < num objects; o++)
spread[o] = spread[o] * 1.53%
}

else
{
for (o = 0; o < num obfjects; o++)
spread width[o] & ,;spread width[o] * 1.5;
for (o = 0; o <saum objects; o++)
spread heighti[o] = spread height[o] * 3.0;
for (o = 0} _0 < num objects; o++)
spread_depth[o] = (pow(2.0, (spread depth[o] / 3.0)) / 2.0) - O.
}
for (o /0; o < num objects; o++)
dynamic object priority[o] = dynamic object priorityl[o];

1.4.3.2;,3.2 Limiting the object metadata

Applv ]imi‘ring to the decoded values for each component of every nhjpr“r to kppp the values

Apply a scating factor to Teverse the encoder scaling of the Input data for eacit component jof every

within a

valid range.

limit range ()

{

minval = -180;
maxval = 180;
for (o = 0; o < num objects; o++)
azimuth[o] = MIN(MAX (azimuth[o], minval), maxval);
minval = -90;

© ISO/IEC 2019 - All rights reserved
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maxval = 90;
for (o = 0; o < num_objects; o++)
elevation[o] = MIN(MAX (elevation[o], minval), maxval);
minval = 0.5;
maxval = 16;
for (o = 0; o < num _objects; o++)
radius[o] = MIN (MAX (radius[o], minval), maxval);
minval = 0.004;
maxval = 25.9207;
for (o = 0; o < num _objects; o++)
gain[o] = MIN(MAX(gain[o], minval), maxval);

if | (uniform spread == 1)

minval = 0;
maxval = 180;
for (o = 0; o < num objects; o++)
spread[o] = MIN (MAX (spread[o], minval), maxval);
}
elge
{
minval = 0;
maxval = 180;
for (o = 0; o < num _objects; o++)
spread width[o] = MIN(MAX (spread width[g},, minval), maxval);
minval = 0;
maxval = 90;
for (o = 0; o < num _objects; o++)
spread height[o] = MIN(MAX (spread height[o], minval), maxval);
minval = 0;
maxval = 15.5;
for (o = 0; o < num _objegtsy o++)
spread depth[o] = MIN(MAX (spread depth[o], minval), maxval);
}
minval = 0;
maxval = 7;
foxr (o = 0; o < nun dbjects; o++)
dynamic objectpriority[o] = MIN(MAX (dynamic object priorityl[o], minval),
maxval) ;

}
7.4.4 [Enhancéd)object metadata

7.4.4.1 Enhanced object metadata configuration semantics

hasDiffuseness Flag which indicates whether diffuseness information is
present in the payload frame.

hasCommonGroupDiffuseness Flag which indicates whether the transmitted diffuseness
information applies to a whole group or to individual
objects.

hasExcludedSectors Flag which indicates whether information about

exclusion sectors is present in the payload frame.
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Flag which indicates whether the transmitted
information about exclusion sectors applies to a whole
group or to individual objects.

This flag determines whether all exclusion sectors are

chosen from the set of predefined sectors (value of 1) as

identified by a table entry or whether sectors may also
be signalled by means of explicit azimuth and elevation
ranges in the bitstream (value of 0).

hasClosestSpeakerCondition

dlosestSpeakerThresholdAngle

hasDivergence

divergenceAzimuthRange

If the ‘closest loudspeaker playout flag’ of the current
group is set to 1, it is possible to restrict the processing
to loudspeakers that are located in a specified’area
around the members of the group. This flag'defines if th
‘closest loudspeaker processing’ shall happen
unconditioned (value of 0) or conditioned (value of 1).

If the ‘closest loudspeaker progcessing’ shall only happ
if one or more loudspeakers-are located in a defined ar
around the members of¢thé group, the threshold ang
for this area is given by this field.

@i = 1.5 - closestSpeakerThresholdAngle;

Diresn =t (max ( P> 0), 180);
ethresh = 1.5 - closestSpeakerThresholdAngle;

ethresh = min (max (et}mh. 0), 90);

Flag which indicates whether divergence information is
present in the payload frame.

If the divergence of the object or group is larger than (
(divergence > 0), the divergenceAzimuthRange defin

e

ea
e

.0
es

the positioning of the virtual sources. The field can take

values between 0 and 63, resulting in azimuth offs
angles between 0° and 180°:

@irer = min(max(3.0 - divergenceAzimuthRange,

et

Fa RN WaYah

0 1ToU7;

7.4.4.2 Enhanced object metadata frame semantics

keepDiffuseness Flag which indicates whether the diffuseness from the previous frame
shall be re-used for the current frame (value of 0) or whether a new
diffuseness shall be transmitted in the subsequent bitstream field.

© ISO/IEC 2019 - All rights reserved
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diffuseness Definition of the diffuseness of the objects (of a group); this field can take
values between 0 and 127, corresponding to diffuseness values between
0.0 and 1.0:

diffuseness = (diffuseness / 127);

keepExclusion Flag which indicates whether the exclusion sectors from the previous
frame shall be re-used for the current frame (value of 0) or whether new
exclusion sectors shall be transmitted in the subsequent bitstream fields.

numExclusionSectors This field defines the number of sectors/areas that shall be excluded frqm
rendering the of the affected object(s). It allows for values between 0.at}d
15. A value of 0 indicates that no loudspeakers shall be excludedt

usePrdgdefinedSector This flag defines if the following sector is a predefined one (Value of 1)
identified by a table entry or if a detailed sector definitiof by azimuth and
elevation ranges follows in the bitstream (value of 0).

excludeSectorIndex Identifier of the predefined exclusion sector as défined in Table 146.

Table 146 — Value of excludeSectorIndex

exclmzeasl:c(atglf'ln dex Short description Explanation
0 No positive elevation Exclude all loudspéaker with positive elevation angles
1 No negative elevation Exclude all lotdspeakers with negative elevation angles
2 No front Exclude allfront loudspeakers
3 No right side Exclude'all right side loudspeakers
4 No left side Exclude all left side loudspeakers
5 No surround Exclude all surround loudspeakers
6 Screen only Exclude alll loudspeakers that are not located in the
reproduction screen area
7-15 Reserved n/a

excludeSectorMinAzimuth Thisfield defines the minimum azimuth of the excluded area.

Dsecior.min = 3-0 - (excludeSectorMinAzimuth - 63);

¢sect0r,min =min (max (¢sect0r,min ’ '180)1 180)!

excludeSectorMaxAzimuth This field defines the maximum azimuth of the excluded area.
Drectormax = 3.0 - (excludeSectorMaxAzimuth - 63);

(Dsector,max = min (max ((Dsector,max , '180)' 180);

| C e AL Il - La nh L £ 1.1 1 £ 1 . . 1 . £ 1 1 1
eXCluu SCCLUIMIIIEICVALLIUIT TIIIS TITTU UCTIIICS UIC ITHITITITUIIT TITVAUOIT O UIT CXCIUUCU dI'Cd.

emonmn = 6.0 - (excludeSectorMinElevation - 15);

Qmor,m = min (max (gm(xmn, -90),90);
excludeSectorMaxElevation This field defines the maximum elevation of the excluded area.

Qeowr,m&x = 6.0 - (excludeSectorMaxElevation - 15);

= min (max (esector,max ’

-90), 90);

sector,max
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This flag defines that the object shall not be rendered with the object
renderer but instead directly be played back by the loudspeaker which is
nearest to the geometric position of the object as defined in

subclause 18.6.

keepDivergence Flag which indicates whether the divergence from the previous frame
shall be re-used for the current frame (value of 0) or whether a new
divergence shall be transmitted in the subsequent bitstream field.
Ivergence This Tield defines the divergence of the objects (of a group). The field can

8 Objectrendering

8.1 Description

=

Ilaabc

A, Awidths Xheight

a Audio object linear gain factor.

X Matrix with audio samples of all objects (rows: objects, columns:
samples).

Y Matrix with loudspeaker samples (rows: loudspeakers, columns:

8.2 Terms and definitions

take values between 0 and 127, corresponding to divergence values
between 0.0 and 1.0:

divergence = (divergence / 127);

The audio object rendering is carried out as a process to convert/render the object based audi¢p signals
into a channel based representation.

Unit length vector representing the direction of the audio object.

Unit length vector representing the direction of loudspeaker n.

Triplet of unit length loudspeaker vectors ia, ib,ic in matrix form.
Object.position: radius in [m].

Object position: elevation angle in [°].

Object position: azimuth angle in [°].

Spread parameter in [°].

Audio object

VBAP

samples).
Audio + metadata.

Vector base amplitude panning [1].
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8.3 Inputdata

Audio objects consist of audio data x and metadata. Metadata is conveyed for every audio object at
defined timestamps. The metadata consists of the following data organized per each audio object:

— Spherical coordinates with radius r [m], elevation angle € [°] and azimuth angle @[°]:

’7r—|
s=_101 (see Fioure 45)
\Y (=] J

4

— Linjear gain factor a.

— Unliform spread parameter a € [0°,180°] or non-uniform spread parameters a,,;46€[0°,180°] aphd

25 ight € [OOJ 900]-
Z
XS(I',B,(P)
2
// !
r .- :
/,, !
//, :
P 1
0 Ly
‘\‘*-_‘__/‘/\ :
X [0, \-*“-\\\\:

Figure 45 — Polar coordinate system used to specify the object position

Additidnally, the following definitions apply.
— Forward looking (frontal direction) is along the x-axis:8 = 0°, ¢ = 0°.

— Azjmuth (¢) angle increases with counter clockwise rotation;

— 0°k@<180° Left hemisphere.
— -180°< ¢ <0? Right hemisphere.
— 0°g0£90° Upper hemisphere.
— 90, <B<Qo Lower hemisphere

The calculations described here require Cartesian coordinates. For this purpose, the coordinates are
converted according to:

248 © ISO/IEC 2019 - All rights reserved


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

8.4 Processing

8.4.1 General remark

Object rendering shall be restricted to non-LFE output channels, i.e. the object renderer shall ignore LFE
channels in the target loudspeaker configuration, if present. LFE channels in the target loudspeaker
configuration shall thus neither be taken into account in the triangulation, as defined in subclause 8.4.3,

nor in the rendering, as defined in subclause 8.4.4.

842—magimary foudspeakers
ot all considered loudspeaker configurations are complete 3D setups that cover all solid\angle

Uith regard to the triangulation that is required for the VBAP rendering algorithm, there are
he triangulation surface which may be considered as invalid solid angles. These)voids are

et of loudspeakers which also includes these imaginary loudspeakers (see subclause 8.4.4). In

cr = wn n QO o < =

he number of neighbours. Finally, the down-mixed gain vector is poweér normalized.

[l

ub-sets, “A”, “B”, “C”, “D”, the tolerances defined in Tablé€, 162 shall be taken into accou
hatching the actual loudspeaker positions (azimuth and elevation angles) to the channel labels.

= W0

2) Ifnoloudspeaker exists at or below -45° elevation, add an imaginary loudspeaker at [0°
3) If exactly one of the loudspeaker subsséets
— sub-set A: {CH_M_L030; CH_.M_R030, CH_U_L030, CH_U_R030}
or
— sub-set B: {CH:M_L045, CH_M_R045, CH_U_L045, CH_U_R045}
exists, but no other loudspeaker exists within or on the edges of the quadrilateral defing
actual positions of the 4 sub-set loudspeakers, then add an imaginary loudspeaker at t
azimuth-angle of those 4 sub-set loudspeakers and the mean elevation angle of those 4
loudspeakers, where the mean angles shall be derived from the actual azimuth and ¢

angles of those 4 sub-set loudspeakers.

4)\if exactly one of the sub-sets

5. Hence,
voids in
filled by

dding imaginary loudspeakers. The object renderer first computes the panning gains for the gxtended

h second

tep, a downmix matrix is applied to the gain vector which equally distributes the sound energy of each
maginary loudspeaker among his neighbours by applying a weighting.factor of 1/sqrt(N) where N is

maginary loudspeakers are added according to the following rulés. In the definition of the loudspeaker

ht when

1) Ifnoloudspeaker exists at or above 45° elevation; add an imaginary loudspeaker at [0°,90°].

£90°].

d by the
he mean

sub-set
levation

ya z

— sub-set C{CH M 110, CH-MRITTO, CH U E116, CH-UR116}
or

— sub-set D: {CH_M_L135, CH_M_R135, CH_U_L135, CH_U_R135}

exists, but no other loudspeaker exists within or on the edges of the quadrilateral defined by the
actual positions of the 4 sub-set loudspeakers, then add an imaginary loudspeaker at the mean
azimuth angle of those 4 sub-set loudspeakers plus 180° and the mean elevation angle of those 4
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5)

sub-set loudspeakers, where the mean angles shall be derived from the actual azimuth and
elevation angles of those 4 sub-set loudspeakers.

Sort all loudspeakers with an absolute elevation angle smaller than 45° according to their
azimuth angle and fill gaps greater than 160° by the minimum number of equally spaced
imaginary loudspeakers with 0° elevation.

The neighbourhood of an imaginary loudspeaker is defined by the edges of the triangulation mesh
specified in subclause 8.4.3.2. If an edge exists between a loudspeaker and the considered imaginary

loudsp

The p
the ca
anothe

paker, then this loudspeaker is a neighbour.

pose of the downmix matrix is to eliminate the added imaginary loudspeakers and to restrjct
ulated gains to the existing loudspeakers. If an imaginary loudspeaker is the neighbour |of
' imaginary loudspeaker, then the gains cannot be reduced to the existing loudspeakers. This

problem is solved by the following approach: First, an energy distribution matrix,D)is constructed

where
imagin
which |

the elements d;; = 1/N; specifies the amount of energy which is re-distributed from the

hry loudspeaker 7 to loudspeaker j where N; denotes the number of neighbours. Column vectqrs
belong to an existing loudspeaker have only one non-zero value d;; = I\\[each iteration step yve

then mfultiply this matrix by D. This corresponds to re-distributing energy.portions to the neighboyrs

accord
loudsp
elemen

M

where
the res

NOTE
not mul

8.4.3

8.4.3.1

To calc
Within

ng to the given weights. This is repeated until all elements which belong to the imagingry
pakers are less than or equal to 10™* (<-40dB). The element-wise square root finally yields the
ts of the downmix matrix. Mathematically, the whole processis given as follows:

= sqrt(D™)

7 denotes the number of iterations, sqrt(e) denotesithe element-wise square root, and M denotes
hlting downmix matrix.

Faster convergence is achieved by computing D™ instead of D™. This means that the renderer dqes
tiply the iteration result by D, but by itself.

Dividing the loudspeaker setup'into a triangle mesh
General

ulate 3D VBAP, a triangtilation of the convex hull around the given loudspeaker setup is requir¢d.
this hull loudspeaket triplets are defined that consist of three adjacent loudspeaker positions|in

3D spalce. Each loudspeaker triplet shall fulfil the following requirements in order to generate useful

results
— Th

— Sh
The tri

e vectorsArom the listener position to the triangle corners shall be linearly independent.
1l not.intersect with any other loudspeaker triplet.

hrigulation in 3D space can be performed in several different ways and there are many ways|to

divide
by the

toudspeaker setup 1nto triangies: Please ote that the additionat triangtes for the areas covered
imaginary loudspeakers are defined by the imaginary loudspeaker and two successive

neighbours.
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Figure 46 — Triangulation example -
Triplet t.pc defined by Spk,, Spks, Spk., vectors

§.4.3.2 Automatic triangulation
The triangulation mesh is determined by means of a Delaunay triangulation algorithm. As all vertices,
ile. the loudspeaker positions, are located on a sphere surfage, the Delaunay solution can be found by
cplculating the convex hull of the given vertex set. Thé{automatic triangulation algorithm pises the
QuickHull algorithm which has been extended to yield left-right and front-back symmetric triangulation
meshes.
1) Sort all vertices in ascending order according to the vertex index specified in the fpllowing
pseudo code.
function index = vertex_index(azimuth, elevation)
{
azimuth = 180 —(moed (180 - azimuth, 360);
elevation = max (=90, min (90, elevation));
idx azi = reuhd (abs (90 - abs(azimuth)));
idx ele = (round (abs (elevation));
index =_Jidx azi + 181 * idx ele;
}
where the modulo operator mod(x,y) returns values in the range [0,y[ according to:
mod(%;y) = x - n*y, where n = floor(x/y)
with floor(i) rounding i to the nearest integer towards minus infinity.
2 Choaceanicl h caotaofthao unrticnc vanth o ~onvay Haocinmitial maluhadea
Lt) AR R AV AW ) ey (—Ill)’ OSULD OCT UT UITU VOTUICLLO VVILIT O LUITVOA TIUITI o 11irviar y\.ll_y ITCUTuUIrt
3) Extend the initial polyhedron sequentially by the sorted list of vertices. If the new vertex is

located outside of the polyhedron or on its surface, replace those surface patches by the
triangles that are defined by the new vertex and the border (the outer edges) of those surface
patches.

As a result, the most recently added vertex defines the sub-division of a planar polyeder into
triangles.
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8.4.4 Rendering algorithm

8.4.4.1

General

The rendering is based on VBAP. The algorithm and descriptions are based on [1]. As all setups are
extended by imaginary loudspeakers to a complete 3D setup, 3D VBAP shall be used for rendering.

An example of a realization of distance and spread depth rendering can be found in Annex K.

8.4.4.2

3D VBAP

A triple
are ex
maxim
triplets

NOTE

The au

p

ended by imaginary loudspeakers, if necessary. For this, the audio object is applied to
im of three loudspeakers. All calculations are performed for each loudspeaker ‘triplet. T

are defined by the loudspeaker triangulation (see subclause 8.4.3).
aud©
opie®
A o * ) .
NG T g
2 KK,

o i> Q o

y listener
position

For the sake of simplicity, lrere the 2D VBAP case is shown with two instead of 3 base vectors.

Figure 47 — Audia’object described as linear combination of loudspeaker vectors

lio object vector)p is expressed as a linear combination of the loudspeaker triplet 1,,1,,1;:

Fegl rel, +gl,

t-wise panning shall be applied for 3D setups and for all other setups. This is because all setulps

a
he

In matrix form and transposed, gain factors can be calculated using the rormula:

-1

ll 1 112 ll 3

g:f’TL_llzs :[pl P, ps] Ly L, Iy
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The loudspeaker triangle which contains the panning direction is found by sequentially calculating
91, 92, g3 for the list of triplets until all gain factors are greater than or equal to zero. This set yields the
vector:

9 =191, 92, 93]

Finally, the audio object’s gain factor , is applied and power normalization is performed:

_—
Yscaled = llall

This is the vector which is then used to construct the rendering matrix G.
§.4.4.3 Audio processing

The audio processing function transforms audio objects into channel based loudspeaker signals

Ilet X be the audio samples of all objects in matrix representation with dimension O- number of objects,

Y- number of audio samples per audio processing block. Each row ¢ontains the audio samplgs of one

dbject.

X0 X2 o Xy

Xogp Xon 0 Xy
X=| 7 D .

X o x( )N

—

et G be the gain factors of all audio ebjects and loudspeakers in matrix representation with dimension
(- number of objects, S- number‘of loudspeakers. Each column contains all gain factors for ope audio

dbject.

[ 8]

g 820 gm-

G- g.ll g?_z gz‘.o

Esa 8s2 7 8so

maofthran naon
T

Axziyagy a calirn
oo ot r €Co Corarit

Matrix Y contains the output samples that can be calculated with the formula:
Y=GX

Each row in Y contains the output audio samples for one loudspeaker.
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8.4.4.4 Gain factor crossfading

Metadata is conveyed for every audio object at defined timestamps. To achieve a smooth transition
when metadata changes, the G matrices are interpolated linearly between adjacent timestamps and

applie

d on a per sample basis.

8.4.4.5 Audio processing in QMF-domain

Alternatively, object rendermg may be performed in the QMF- domam usmg QMEF- transformed audio
signals - - -

k N . .
elements X, , where o denotes the object index, n denotes the slot index, and k denotes the band ind

As the

VBAP panning gains are frequency independent, object rendering in the QMF-domain, is realiz

analoggusly to the time domain processing,

Yi = GXx,
where
EXES Xy
X, = x‘?.l x?.z X3 A
| Xo1 Yo, - Xon |

denotef the two-dimensional sub-set of the input data matrix that belongs to QMF band k. The matrix

Vi Vi Vin
yi I yiz yé N
k
| Vsi Vso Vs |

. . o k
denotep the two-dimensional sub-set of the output data matrix with complex elements Yy , wherg

denote

cross-fading is realized analogously to the time domain processing with the only difference that 4
cross-fading relatesfo’slot indices rather than sample indices.

8.4.4. Time-alignment

Object |rendering requires object metadata side information embedded into a MPEG-H 3D aud

ex
bX.
ed

b S

5 the loudspeakertiridex, n denotes the slot index, and k denotes the band index. The gain factor

he

io

mAlcaa Clauca 15) in r-nm]r\nn-ﬁf‘nn woith tha audia cionale vwhich Ava acconciqatad ath aqch 00

bitstredm{see-Clatse 15}-incombin ation-with-the-audio-signals-whichare-asseciated-with-eachaue

object. Both data streams shall be time-aligned for proper rendering. This time-alignment is realized by
the encoder such that the first frame of the current decoded object metadata, which specifies the

metad

ata values over a period of iframe_period frames, is applied to the current audio data frame.

8.4.4.7 Spreading

io

The object spreading specified in the following subclause is applied if all of the following conditions are
satisfied.

254
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Audio objects with a spatial extent (spread a > 0.0° (uniform spread) or spread_width awidth > 0.0°
(non-uniform spread)) are processed by means of the multiple direction amplitude panning (MDAP)
method [7]. This method involves the computation of a set of panning gains
8scaledm for M = 18 MDAP directions py, around the panning direction p, = p.

The determination of the MDAP directions requires the computation of two base vectors, u and v. If the
loudspeaker setup contains height loudspeakers, these vectors are computed as follows:

Cart( o, U F 90 1), 0 =< 0"
V=
{cart(d), 0 —90° ,1), 6 =0°

u=vXp,

<

bhere cart(:) denotes the transform from spherical coordinates to Cartésian coordingtes and
> denotes the cross product. Otherwise, u and v are computed as follows:

{cart((b, 0 +90° ,1), 0 <0°
w =
cart(¢, 0 —90° ,1), 0 =0°

u=wXp

el

F non-uniform spread values are transmitted, the ratie)of the spread parameter in the width direction

dwiatn and the spread parameter in the height direction aneign: are used to determine the ratio.
a. icight
X i

This ratio shall be used to scale the base vector v:

v=v-a

)

The MDAP directions are then computed from 18 pattern vectors pm':
p// =u

p,’ = 0.7543 0.25 p,

p;’ = 0375u+ 0.625p,

/

P2 &\TU

ps.s= —0.75u + 0.25 p,

ps’ = —0.375u+ 0.625 p,
p7/ =05 u+0866v+p5/3

ps’ = 05p,” +0.5p,

ps’ = 0.25p,” +0.75p,

pio’ = —0.5u+0.866v+py/3
P11’ = 05p’ +05p,

pi2. = 0.25p;," +0.75p,
pis’ = —05u—0.866V+py/3

P14’ 0.5p;3" +0.5pg
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p15/ = 0.25 p13/ + 0.75 Po
P1e 0.5u—0.866Vv +py/3

P17

"= 05 p16/ + 05 po

P1s’ 0.25p;s" +0.75 p,

Together with the spread parameter a (uniform spread) or the spread parameter awidth (non-uniform
spread), this yields the MDAP directions pm:

P = Pm' + tar}:(ooc’)
where [' is equal to @ limited to[0.001° ,90° ], or respectively to @width limited to [0.0017,90° ]

the trarsmission of non-uniform spread. The normalization to unit norm is not neces$ary since t

norma

If the dpread parameter a (or respectively @width for non-uniform spread) excéeds 90°, then a cros

fading

final pgnning gains:

8MpAP = al

Otherwise, the final panning gains are computed’as follows:

gMpAP

9 SAOC3D

9.1 Description

Spatial

specifigd in ISO/IEC23003-2. The SAOC 3D technology is used to enable interactive renderi
functionality foraudio object-based content.

9.2 Definitions

K

L

dec

proc

256

Z%= Scaled,m
gvpar’ = (1- l)ﬂo#-l_ 2 [1,..,1]T/VN

ization to unit norm is performed when gscaled,m is computed for the MDAP direétions pm.

towards power-normalized unit gain 1/vN for all of the N loudspeakérs-is applied to yield

-90°
S
90

% width”
5

90° . .
% (non-uniform spread) respectively.

Z%:o 8scaled,m ”

gmpap’
|gMDAP/ ||

=a Z%:o 8scaled,m
”Zrl\;[x:o gscaled,m”

audio object coding 3D audio reproduction (SAOC 3D) shall be based on MPEG SAOC technolo

gy
ng

is the number of hybrid subbands
is the number of parameter sets

is the number of used decorrelators

is the number of processing bands
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is the number of QMF subbands depending on sampling frequency

019(E)

hdices q

me

bd for all

ds k

for all

lots n

QMF
is the number of SAOC 3D input signals (channels and objects)
w is the number of SAOC 3D input channels
N, is the number of SAOC 3D input audio objects
obj
Ny is the number of SAOC 3D downmix signals (channel and object signals)
N::‘X is the number of SAOC 3D downmix signals for channel inputs
vgg;x is the number of SAOC 3D downmix signals object inputs
 oremix is the number of premix channels
N is the number of SAOC 3D output channels
NS is the number of downmix signals assigned to group g,, defined for all group i
g, is a vector with the indices of the downmix signals assigned to the same grouy
defined for all group indices q
R/ is the time and frequency variant rendering matrix, defined for all parameter ti
slots I and all processing bands m
gk is a vector with the hybrid subband (encoder) input channels, defined for all t
slots n and all hybrid sttbbands k
X"k is a vector with(the hybrid subband (decoder) input signals (downmix), defing
time slots nand all hybrid subbands k
vy is a vector'with the (decoder) output hybrid subband signals, which are fed infto the
hybrid synthesis filter banks, defined for all time slots n and all hybrid subban
vk 19 a vector with the parametrically estimated hybrid subband signals, defined
14 time slots n and all hybrid subbands k
"nw’:t is a vector with the decorrelated hybrid subband signals, defined for all time s
| and all hybrid subbands k
D is the downmixing matrix
Dpmg is the three dimensional matrix holding the dequantized, and mapped DMG data for
every input signal, downmix channel, and parameter set
Dioc is the four dimensional matrix holding the dequantized, and mapped 10C data

every input channel pair, every parameter set,and M _ bands

proc
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Dorp is the three dimensional matrix holding the dequantized, and mapped OLD data for
every input channel, every parameter set,and M bands

proc

m = diag(M) is the main diagonal of matrix M

H=matdiag(M) is a matrix containing the elements from the main diagonal of matrix M on the main
diagonal and zero values on the off-diagonal positions

10=2
IS a constant used to avold division by zero ¢ —1U

SAOC 3D Spatial audio object coding for 3D audio reproduction
9.3 Delay and synchronization

The SAOC 3D decoder introduces a delay when processing the time domain signal coming from a
downnjix decoder. The transmission of the SAOC 3D side information with respect to the transmissipn
of the doded downmix signal is performed in such a manner that there is no need-to delay the downnpix
signal further before the SAOC processing.

9.4 Syntax
9.4.1 [Payloads for SAOC 3D

Table 147 — Syntax of SAOC3DSpecificConfig()

Syntax No. of bits Mnemonlic
SA0C3DSpecificConfig()
{
bsSamplingFrequencylndex; 4 uimsbf
if ( psSamplingFrequencylndex == 15) {
bsSamplingFrequency; 24 uimsbf
}
bsHreqRes; 3 uimsbf
bsDoubleFrameLengthFlag; 1 uimsbf
bsNumSaocDmxChannels; 5 uimsbf
bsNumSaocDmxObjects; 5 uimsbf
bsDecorrelationMethod; 1 uimsbf

NumnInputSignals = 0;
if (hsNumSaocDmx€hannels > 0) {
saocChannellayout = SpeakerConfig3d();
NumSaog€hannels = SAOC3DgetNumChannels(saocChannelLayout); a
NumInputSignals += NumSaocChannels;
}
bsNumSaocObjects; 8 uimsbf
NumInputSignals += bsNumsaocUDbjects;
for (i=0; i<NumSaocChannels; i++ ) {
bsRelatedTo[i][i] = 1;
for(j=i+1; j< NumSaocChannels; j++ ) {
bsRelatedTo[i][j]; 1 uimsbf
bsRelatedTo[j][i] = bsRelatedTo[i][j];

}
}

for (i=NumSaocChannels; i<NumInputSignals; i++) {
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Syntax No. of bits Mnemonic

for( j=0; j<NumSaocChannels; j++ ) {
bsRelatedTo[i][j] = 0;
bsRelatedTo[j][i] = 0;
}
}

for (i=NumSaocChannels; ixNumInputSignals; i++ ) {
bsRelatedTo[i][i] = 1;

for(j=i+1; j<NumlInputSignals; j++ ) {

bsRelatedTo[i][j]; 1 uiJnsbf
bsRelatedTo[j][i] = bsRelatedTo[i][j];
}
}
bsOnelOC; 1 uimsbf
bsSaocDmxMethod; 1 ui]:sbf
if (bsSaocDmxMethod == 1) {
NumPremixedChannels = SAOC3DgetNumChannels(referenceLayout); ab
}
bsDualMode; 1 uimsbf
if (bsDualMode) {
bsBandsLow; 5 uimsbf
bsBandsHigh = numBands; c
}else {
bsBandsLow = numBands;
}
bsDcuFlag; 1 uimsbf
if (bsDcuFlag==1) {
bsDcuMandatory; 1 uimsbf
bsDcuDynamic; 1 ui]:sbf
if (bsDcuDynamic==0) {
bsDcuMode; 1 uimsbf
bsDcuParam; 4 ui]:sbf
}
}else {
bsDcuMandatory <0;
bsDcuDynamic £0;
bsDcuMode =-0;
bsDcuParam’= 0;
}
ByteAlign();
SAOC3DExtensionConfig();
}
al (SAOC3DgetNumChannels() defines the number of SAOC 3D input channels from data obtained by the
bitstreanrsyntax eterment SpeakerContig3d{):

b referenceLayout is defined in subclause 5.3.2.
¢ numBands shall be as defined in ISO/IEC 23003-2.
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Table 148 — Syntax of SAOC3DgetNumChannels()

No. of bits Mnemonic

a

Syntax
SAOC3DgetNumChannels(Layout)
{
numChannels = numSpeakers; b
for (i = 0; i < numSpeakers; i++) {
if (Layout.isLFE[i] == 1) {
numChannels = numChannels - 1;

¥
}
retyirn numChannels;
}
a  The|function SAOC3DgetNumChannels() returns the number of available non-LFE channels nuinChannels.
b nunpSpeakers is defined in Syntax of SpeakerConfig3d(). If speakerLayoutType == 0, numSpeakers shall

represepnt the number of loudspeakers corresponding to the ChannelConfiguration value, CICRspeakerLayoutldy,

as defined in ISO/IEC 23001-8.

Table 149 — Syntax of Saoc3DFrame()

Syntax No. of bits Mnemonic

Saoc3DFrame()

{

SA(QC3DFraminglnfo();

bslhdependencyFlag;

for( i=0; i<NumlInputSignals; i++ ) {

idxOLDJi] = EcDataSaoc(OLD, i, numBands);

1 uimsbf

k=0Q;
iocﬂdx1=0;
iocldx2=0;
for( i=0; i<NumlInputSignals; i++ ) {
idx]OCJi][i] = 0;
for( j=i+1; j<NumlInputSignals; j++ ) {
if ( bsRelatedTo[i][j] != 0.3f
if (bsOnelOC == P-){
idxIOC[i][j}»=-EcDataSaoc(I10C, k, numBands);
k++;
}else {
if(\k==0)
idxIOC[i][j] = EcDataSaoc(10C, k, numBands);
k++;
iocldx1=i;
iocldx2=j;
Yelse {
idxIOC[i][j] = idxIOC[iocldx1][iocldx2];

}
}else {
idxIOC[i][j] = 5;
}
idxIOC[j][i] = idxIOC[i][j];
}
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Syntax No. of bits Mnemonic

if (bsNumSaocDmxObjects==0) {
for(i=0; i< bsNumSaocDmxChannels; i++ ) {
idxDMG([i] = EcDataSaoc(DMG, 0, NumInputSignals);
}
} else{
dmgldx = 0;
for(i=0; ixbsNumSaocDmxChannels; i++ ) {
idxDMG(i] = EcDataSaoc(DMG, 0, NumSaocChannels);

}

dmgldx = bsNumSaocDmxChannels;
if (bsSaocDmxMethod == 0) {
for( i=dmgldx; i<dmgldx + bsNumSaocDmxObjects; i++ ) {
idxDMG([i] = EcDataSaoc(DMG, 0, bsNumSaocObijects);
}
} else {
for( i=dmgldx; i<dmgldx + bsNumSaocDmxObjects; i++ ) {
idxDMG([i] = EcDataSaoc(DMG, 0, NumPremixedChannels);
}
}
}
if (bsDcuFlag == 1) && ( bsDcuDynamic==1){
if ( bsIndependencyFlag ==1) {
bsDcuDynamicUpdate = 1;

}else {
bsDcuDynamicUpdate; 1 uimsbf
}
if (bsDcuDynamicUpdate ==1) {
bsDcuMode; 1 ui]:sbf
bsDcuParam; 4 uimsbf
}
}
ByteAlign();
SAOC3DExtensionFrame();
}
al numBands shall be as'defined in ISO/IEC 23003-2.
Table 150 — Syntax of SAOC3DFramingInfo()
Syntax No. of bits Mrlemonic
SPOC3DFramingnfo()
{
bsFramingType; 1 uimsbf
bsNumParamSets; 3 ui:Fsbf
if (bsFramingType) {
for (ps=0; ps<numParamSets; ps++) { a
bsParamSlot[ps]; nBitsParamSlot? uimsbf
}
}
}
a2 pnumParamSets is defined by numParamSets = bsNumParamSets + 1.

b npBitsParamSlot is defined according to nBitsParamSlot = ceil(log2 (numSlots)).
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9.4.2 Definition of SAOC 3D payloads

The following tables contain definitions of used SAOC 3D bitstream syntactic elements and variables.

Table 151 — Definitions of SAOC 3D syntactic elements

SAOC 3D syntactic elements (in accordance with Reference

Definition

ISO/IEC 23003-2)

EcData§aoct) EcDataSaoct) Tabte 22
SAOC3D)ExtensionConfig() SAOCExtensionConfig() Table 6
SAOC3D)ExtensionConfigData(bsSaoc3DExtType) N/A
SAOC3D)ExtensionFrame() SAOCExtensionFrame() Table 27
SAOC3DExtensionFrameData(bsSaoc3DExtType) N/A
ByteAlign() ByteAlign()
Table 152 — Definitions of SAOC 3D bitstream variables
Definition
SAOC 3D bitstream variables (in accordance with
ISO/IEC 23003-2)
bsSampllingFrequencylndex bsSamplingFrequencylndex
bsSampllingFrequency bsSamplingFrequency
bsDcuFlag bsDcuFlag
bsOnel(C bsOnelOC
bsDcuMode bsDcuMode
bsDcuMandatory bsDcuMandatory
bsDcuDynamic bsDcuDynamic
bsDcuDynamicUpdate bsDeuDynamicUpdate
bsDcuPgram bsDcuParam
bsindegendencyFlag bsIndependencyFlag
bsRelatpdTo bsRelatedTo
saocCHannelLayout Defines the input channel layout for which SAOC 3D parameters are

NumSgocChannels
bsNumSaocObjects

bsDoubleFrameLengthFlag

transmitted.

Defines the number of input channels for which SAOC 3D parameters are
transmitted.

Defines the number of input objects for which SAOC 3D parameters are
transmitted.

Indicates whether the SAOC 3D frame length is equal to or double of the core
coder output frame length. The number of time slots is given by:

numSlots = ((bsDoubleFrameLengthFlag + 1) - outputFrameLength) / 64,
where outputFrameLength is defined in ISO/IEC 23003-3:2012, 6.1, Table 0.

bsNumSaocDmxChannels

bsNumSaocDmxObjects

262

Defines the number of SAOC 3D downmix channels for channel based
content.

Defines the number of SAOC 3D downmix channels for object based
content according to Table 153.
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Table 153 — Definition of decoding mode

bsNumSaocDmxObjects Mode Meaning

0 “Combined”

channels

All input signals are combined into N,

1..31 “Independent”

into Ney and Nopj channels

The channel-based and object-based
signals are downmixed independently

according to Table 154.

hsSaocDmxMethod Defines the downmix matrix mode and number of premixing

Table 154 — bsSaocDmxMethod

thannels

bsSaocDmxMethod Mode

Meaning

0 “Direct”

Downmix matrix is.defined directly by DMGs.

1 “Premixing”

Downmix matrixis-defined as a product

matrix obtained\from the dequantized DMGs

and a premixing matrix obtained from th
spatial information of the input audio ob
and theteference layout. The Premixing

can‘be used only if the reference layout i

defined in mpegh3daConfig().

fthe

)

ects
mode

objects.

NumPremixedChannels Defines the number of premixing channels (Nyremix) for the input audio

hsDecorrelationMethod Defines the decorrelation method according to Table 155.

Table 155 — bsDecorrelationMethod

according to Table 156.

Table 156 — bsDualMode

bsDecorrelationMethod Meaning
0 “Energy compensation method”
1 “Covariance adjustment method”
hsDualMode Indicates if decoding operates in different modes for a low and high bard range

bsDualMode Meaning
Same decoding mode for full band range (i.e., no separate
0 :
high band range)
1 Different r']pr‘nr‘ling modes for low and high bandra hges
bsBandsLow Defines the number of parameter bands for which decoding should be

processed according to prediction based scheme.

Prediction based scheme should be used for the parameter band range:

0 <= pb < bsBandsLow.

Energy based scheme should be used for the parameter band range:

bsBandsLow <= pb < numBands.
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bsSaocExtType Indicates type of the SAOC 3D extension data according to Table 157.
Table 157 — bsSaoc3DExtType
bsSaoc3DExtType SAOC3DExtensionFrameData()
0..7 present
8..15 not present

9.5

9.5.1

The process for dequantization of the DMG, OLD, IOC parameters shall be as specified |i
ISO/IE(L 23003-2.

9.5.2
The hyprid filterbank as specified in ISO/IEC 23003-1 shall be applied.
9.5.3
9.5.3.1 Dimensionality of signals and parameters

The audio signals are defined for every time slot n and every_hybrid subband k. The correspondi
SAOC 3D parameters are defined for each parameter time slot\land processing band m. The subsequg
mapping between the hybrid and parameter domains shallkbe as specified by ISO/IEC 23003-1:20
Table A.31. Hence, all calculations are performed with respect to the appropriate time/band indices a
the corresponding dimensionalities are implied for eagh introduced variable.

The ddta available at the SAOC 3D decoder _consists of the multi-channel downmix signal X, t
covarignce matrix E, the rendering matrix R ahd downmix matrix D.

9.5.3.2 Object parameters

The copariance matrix E of size Nox'N with elements e;; represents an approximation of the origir

signal ¢ovariance matrix E~SS’ and is obtained from the OLD and 10C parameters as:

Here, the dequantizéd object parameters are obtained as:

9.5.3.3—Downmix nmatrix

OLD, =D, (i,l,m), 10C, ;=D\ (i, j,I,m)

SAOC 3D processing

Compressed data stream decoding and dequantization of SAOC 3D data

Time/frequency transforms

Signals and parameters

|=\JOLDOLD 10€};

ng
nt

7,
nd

1al

The downmix matrix D applied to the input audio signals S determines the downmix signal as X = DS.
The downmix matrix D of size Nymx x N is obtained as:

D= dexDpremix-

— “Direct mode” (bsSaocDmxMethod == 0):

The matrix Dpremix Of size N x N is defined as:

264
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Dpremix =L
— “Premixing mode” (bsSaocDmxMethod == 1):

The matrix Dpremix Of size (Nch + Npremix) X N is defined as:

I 0
D remix '

The premixing matrix A of size Npremix X Nobj is received as an input to the SAOC 3D decoder from the
bject renderer as a function of decoded object metadata and channel configuration of the refereénce
utput format (number and geometric positions of premixed channels, “referenceLayout”).

[ollle)]

The matrix Damy of size N, x N is obtained from the DMG parameters as:

“« o«

1+— ““Combined decoding mode” (bsNumSaocDmxObjects == 0):

d. =10"%PMG.s

ij

1+— “Independent decoding mode” (bsNumSaocDmxObjects>= 1):

0.05DMG; . dmx .
10 ! O<i<N,",0< <Ny
0.05DMG. Y dmx —
— L= Neh 4 ;
dw.— 1 N, Sz<Nde,Nch£]<N’
0 ,otherwise

where N=N for the “direct mode”0r ¥ = Ny, + N for the “premixing mode”.

premix
Here, the dequantized downmix parameters are obtained as:
DMGi; = Dpwc (i), D)-

9.5.3.4 Rendering matrix

The rendering matrix R applied to the input audio signals S determines the target renderedl output

Y =RS.

—

he’rendering matrix R of size No. x N is given by:

R= [Rch Robj];

where the matrix Reh of size Nou X No is associated with input channels and matrix Ropj of size Nou X Nop
is associated with input objects.

The rendering matrix Ry is received as an input to the SAOC 3D decoder from the format converter as a
function of the: channel configuration of the channels for which SAOC 3D parameters are transmitted
(number and geometric positions of SAOC 3D input channels, saocChannelLayout) and the reproduction
layout which is received as input to the SAOC 3D decoder:
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Ron = Mpux,

where matrix Mpwmx is defined in subclause 10.2.2. The downmix matrix Mpwmx is different to the one
which is used for regular audio channels, but is just computed in the same way by the format converter

The rendering matrix Rop; is received as an input to the SAOC 3D decoder from the object renderer as a
function of decoded object metadata and the reproduction layout which is received as input to the SAOC

3D decoder:
RObj = G )
where matrix G is defined in subclause 8.4.4.3 for the specified timestamps. The rendering matrix,Rdp| is

determ
timestd

9.5.3.5

The co

covaris

C
9.5.4
9.5.4.1

The m
descrih
proces

ined for each parameter time-slot I by linear interpolation of the gain factors G, between t
mps preceding and following the parameter time-slot L.

Target output covariance matrix

variance matrix C of size Nou X Noue representing an approximation of the target output sigt
nce C~YY is obtained as:

= RER'
SAOC 3D decoding

Overview

ed in this subclause. The basic structure of the;SAOC 3D decoder, consisting of the paramet
sor and the downmix processor, is depicted in.Figure 48.

bthod for obtaining an output signal using SAOC 3D parameters and rendering information| i

he

1al

1
1
1
Downmix |
_I_» ]
of channels ! SAOC 3p ' Output
and i Downmix —
objects —i> Processor !
1 1
: A |
: | |
1 1
1 1
Bitstream | SAOC 3D '
—— L —> Parameter '
: Processor E
1
1 1
1
| * * :
1 1
Rendering Premixing
matrix K Mmatrix A

Figure 48 — Structure of the SAOC 3D decoder

9.5.4.2 SAOC 3D downmix processor

9.5.4.2.1 General

The detailed structure of the SAOC 3D downmix processor is depicted in Figure 49.
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—

he output signal Yis computed from the signals Yary and Yy as:

. Y
Y=pP
Y,

wet

—

he signals Yary and Ywe: are calculated from the downmix signal X and thedecorrelated signal X; as:

Ywet = Mpostxd

—

he matrix product (RU)'* and the matrix (P)', computed for every parameter time-slot I/, are
hterpolated over all time-slots n in accordance with ISO/IEC 23003-1:2007, 6.5.2.1, considering:

—-

n,k

W/* = (RU)", for computing (RU)"" =M

W =P", for computing (P)'-= M/

Where VVII’/‘ and M[* shall be variables as specified in ISO/IEC 23003-1.

9.5.4.2.2 Parametric unmixing matrix

The parametric unmixing matrix U is obtained according to the “decoding mode” as:
1+— “Combined{decoding mode” (bsNumSaocDmxObjects == 0):

U = ED?%J.

Thematrix J~A™ of size N, xN, for A=DED" is derived according to subclause 9.5.4.2.5.

— “Independent decoding mode” (bsNumSaocDmxObjects >= 1):

Uch 0 ® *
U= 0 U ’ Uch :EcthhJch' Uy = EgyDgyid o

obj
The channel based covariance matrix Ec; of size Ny x Nen and the object based covariance matrix Eop; of

size Nobj x Nopj are obtained from the covariance matrix E by selecting only the corresponding main
diagonal blocks:
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E _ Ech Ech,obj .
Eobj,ch Eobj

*
The object-channel cross-covariance matrix E obj = Eobj . i1s notused in the computations.

The channel based downmix matrix D, of size Ni™ x N, and the object based downmix matrix Dop; of

size No™ x N, are obtained from the downmix matrix D by selecting only the corresponding main

diagon

D

hl blocks:

D, O
(| 0 D, |

The nfatrices J,, A~ of size Ng™xNg™ for A=D,E D, and J, ~A" of size Ny x Ny f

A=D

[o]

obj obj

E,D,, are derived according to subclause 9.5.4.2.5.

9.5.4.2.3 Decorrelation

The pr

The po

The de
6.6.2, with bsDecorrConfig == 0 and a decorrelator index X according to Tables B.1 and B.2. Hence, {

functio

e-processing matrix My is defined for different output configurations in Annex B.

5t-processing matrix Mpos: is obtained as:

Mpost = Mprerre -

The matrix J . ~ (MpreM

*

pre )_l is derived according to subclause 9.5.4.2.5.

correlated signals X4 shall be created{rom the decorrelator as specified in ISO/IEC 23003-1:20

h decorrFunc(-) denotes the.decorrelation process:

X, =dec0rrFunc(M Y, )

pre ~dry

9.5.4.2l4 Mixing matrix P

The fol

268

Th

owing covariance matrices notation is introduced:

dry

matrix = ¥ representing the covariance of the parametrically estimated signal Eﬁy ~ Yy, Yy

07,
he

N
anddefimred=as:

E{” =RU(DED")U'R’

Th

e matrix Ey" representing the covariance matrix of the decorrelated signal E}* ~ Y, Y. and

wet  wet

defined as:

Ey' =M, [matdiag(M

pre

EdYryM;re ):| M:()st
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— The matrix A, describing difference between the target output covariance and the covariance of

the parametrically estimated signals and computed as:
A, =C-EYy
The mixing matrix P of size Nout X 2Noy is given by:

P= [Pdrv AwethetJ

The limitation matrix Awet of size Noyt X Nout is given by:

EY (i)

A, =matdiag| min| 1, /max| 0,4, -
max(g,Eﬁet(i,i))

ec

Where A, =4 is a constant used to limit the amount of decorrelated tomponent added to thg output

ignals. The matrix l:]¥°t representing the estimated covariance matrix of the decorrelated signals after

[an U7

he mixing matrix Pwe: has been applied, and defined as:
mwet wetp *
EY = PwetEY Pwet

The mixing matrices Pdry, Pwet Of size Noue X Noue arecabtained according to the “decorrelation method” as:

4+ “Energy compensation method” (bsDecorrelationMethod == 0):

Puy =1
PG Jj)= max(g,E¥et (i,i))
0 i# .

—+ “Covariance-adjustment method” (bsDecorrelationMethod == 1):

Pdry = I

PX = (Vl Jalvl* )(Vz . Vz*)

The matrices V1 and Q; are determined as the singular value decomposition of the matrix A, as:

A= V1Q1V1*
wet

The matrices V; and Q; are determined as the singular value decomposition of the matrix E|* as:

E:(m = 2Q2Vz*
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9.5.4.2.5 Regularized inverse operation
The regularized inverse matrix J approximating J ~A" is calculated as:
J=VA"V",

The matrices Vand A are determined as the singular value decomposition of the matrix A as:

The rdgularized inverse A™ of the diagonal singular value matrix A is computed according [to
subclayse 9.5.4.2.6.

In the ¢ase the matrix A is used in the calculation of the parametric un-mixing matrix,U, the operations
descrijed are applied for all sub-matrices A . A sub-matrix A of size NJ x N}, with elemerjts

A, (idx{,idx, ), is obtained by selecting the elements A(c,ch,) corresponding.tq the downmix channels

ch; and ch; assigned to the group g, (i.e., gq (idx1) = ch; and g, (idx>) = chy).

The grpup g, of size 1x N¢ is defined by the smallest set of downmix channels with the following

properties.

k) The input signals contained in the downmix channels,of group g, are not contained in any other
dovnmix channel. An input signal is not contained_ in*a downmix channel if the corresponding
dovnmix gain is given by the smallest allowed value of the quantization index see idxDMGQ, |as
defined in ISO/IEC 23003-2.

1)  Alllinput signals i contained in the downmix channels of group g, are not related to any input signal
j contained in any downmix channel of any-other group (i.e., bsRelatedTo[i][j] == 0).

The regults of the independent regularized inversion operations J_ ~ A;l are combined for obtaining
the matrix J as:
igx, idx,) ,if g, (idx,)=ch and g, (idx,)=ch,,

,otherwise.

J(chl,chz)z{gq(

9.5.4.2.6 Regularization of singular values

inv

12)

The regularizedtinverse operation ()" used for the diagonal singular value matrix A is determined a

L i and abs( A =T
7 4 1= abs ii ) = Treg?
Alnv — i’i; — ﬂ’i,i ( g ) g
0 ,otherwise.

The relative regularization scalar 7, is determined using absolute threshold 7., and maximal value of

A as follows:
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T =mlax(abs(ﬂi,i))T with 7, =107

reg reg’

9.5.5 Dual mode

The SAOC 3D decoder can use an alternative scheme for calculation of the parameters U and P for the
upper frequency range, defined by parameter bands bsBandsLow < pb <numBands. This scheme is

particularly useful for downmix signals where the upper frequency range is coded by a non-waveform
preserving coding algorithm e.g. SBR in high efficiency AAC. The matrices U, P4y and P are

d

-

—

Q

etermined as:
U =GT,
Pay =1,
Puec = 0.
he matrix T is defined as:
T=RD'J
he matrix JRA" of size Namy x Namy for A =DD" is derived according to subclause 9.5.4.2.5.
he gain matrix G of size Nout x Nout is given by:
G, e . .
G=g,;=1\e™ A=
0 ,otherwise:

he energy upmix vector """ of'size 1x N,

out

is given by:

e = diag(T[matdiag(DED* )}T + gl)

he unmixing matrix U-contains the rendering matrix R thus the rendering block in Figure 49 is
br the upper frequency range.

he matrix (U)"k , computed for every parameter time-slot I, shall be interpolated over all tim
s defined'in ISO/IEC 23003-1:2007, 6.5.2.1, considering:

omitted

e-slots n

VVl”k =U"* for computing D =Mf’k

where W* and M/* shall be variables as specified in [SO/IEC 23003-1.
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10 Generic loudspeaker rendering/format conversion
10.1 Description

The loudspeaker renderer converts multichannel signals from the transmitted channel configuration to
the desired reproduction format. It is therefore also referred to as a “format converter”. If the channel
configuration of the channels routed to the format converter exactly matches the signalled reproduction
layout (i.e. the target channel configuration), the format converter shall be bypassed. The format
converter consists of two major building blocks:

— |an initialization algorithm that takes into account static parameters like the input and-outgut
format;

— |a signal adaptive downmixing process that operates in a subband domain.

mixer output — 5| DMX process [ o loudspeaker
signals —Z in QMF domain % signals

A
mixer output DMX reproduction
layout configurator layout

Figure 50 — Main building blocks of the geneéric format converter

In the| initialization phase the format converter automatically generates optimized downmixing
paramgéters (like the downmixing matrix) for the givencombination of input and output formats, It
applieq an algorithm that selects for each input loudspeaker the most appropriate mapping rule from a
list of fules that has been designed to incorporate(psychoacoustic considerations. Each rule describes
the mapping from one input channel to one or several output loudspeaker channels.

Input channels are

— | either mapped to a single output channel;

— |or panned to two output channels;

— |or (in case of the Yaice of God’ channel) distributed over a larger number of output channels.
The optimal mapping\for each input channel is selected depending on the list of output loudspeakdrs
that are availablejin the desired output format. Each mapping defines downmix gains for the ingut

channgl under-Consideration as well as potentially also an equalizer that is applied to the input channel
under ¢onsjderation.

Outpu setups with non-standard ]nndcppakpr positions can be Qignal]nd to the system hy prnviding the

azimuth and elevation deviations from a regular loudspeaker setup.

The actual downmixing of the audio signals is performed on a hybrid QMF subband representation of
the signals. The algorithm makes use of two mechanisms to avoid signal deteriorations like comb-
filtering, colouration, or modulation artifacts.

— Phase-alignment of the multichannel input signals: Correlated input signals that differ in phase

are aligned prior to downmixing them. The alignment process makes use of an attraction
measure to only align the relevant channels for the relevant time-frequency tiles and to avoid
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modifications to other parts of the input signal. The alignment is further regularized to avoid
artifacts due to rapid changes to the phase alignhment modification terms. The phase-alignment
improves the output signal quality by avoiding narrow spectral notches due to out-of-phase
signal cancellations that cannot be compensated for by energy normalization because of a
limited frequency resolution. It further reduces the need to boost signals in the energy
preserving normalization, thus minimizes modulation artifacts.

— Normalization of the downmix process to preserve the input energies (except for the desired
energy scaling that may be inherent in the downmix matrix).

0.2 Definitions
0.2.1 General remarks

udio signals that are fed into the format converter are referred to as input sigials in the fgllowing.
udio signals that are the result of the format conversion process are referredjte’as output signpls. Note
that the audio input signals of the format converter are audio output signals from the core decodler.

ectors and matrices are denoted by bold-faced symbols. Vector €lements or matrix elemgnts are
enoted as italic variables supplemented by indices indicating theZrow/column of the vector/matrix

ement in the vector/matrix, e.g. [y,---y, -y, ]=Yy denotes acvector and its elements. Similarly, Mg,
enotes the element in the ath row and bth column of a matrixM.

0.2.2 Variable definitions

in Number of channels in the input channeél configuration.
out Number of channels in the output channel configuration.
DMX Downmix matrix containihg real-valued non-negative downmix coefficients

(downmix gains). Mpwux islef dimension (Nout X Nin).

Geo Matrix consisting, of’ gain values per processing band determining frequenicy
responses of equalizing filters.

Iko Vector signalling which equalizer filters to apply to the input channels (if any).
L Framelength measured in the time domain audio samples.

Y Time domain sample index.

1 QMF time slot index (= subband sample index).

I, Frame length measured in QMF slots.

F Frame index (frame number).

K Number of hybrid QMF frequency bands, K= 71.

k QMF band index (1..64) or hybrid QMF band index (1.. K).

A B Channel indices.

eps Numerical constant, eps = 107,
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10.3 Processing

10.3.1 Application of transmitted downmix matrices

10.3.1.

1 General

MPEG-H 3D audio allows transmission of downmix definitions for specific target channel configurations.
downmixIlds are assigned to the transmitted downmix specifications, allowing DRC to adapt to the
downmix specification applied in the MPEG-H decoder (e.g. to select an appropriate DRC gain sequence).

Furthe
the bits
embed

In the §

— de

generated downmix coefficients (downmixType=0) are applied in the downmix process;

— inf]

Even n

transmifitted downmix coefficients as follows.

— Th
reg

— Th
m3

Of cout
the apy

) IUUL‘UICDD lllBdede leuﬁb Iidy bU Luuplcd WiLh L‘lUWllllli)&IL‘lb. L‘lUWllllli)&Idb dli'c U dllbllliLLBL‘l
tream together with the downmixType as well as the nominal loudspeaker layouts for which't
Hed downmix matrices (and/or DRC and loudness data) have been designed.

IPEG-H 3D audio decoder the selection of a downmixIds thus:
ermines whether transmitted downmix coefficients (downmixType=1)+ or decoder si

uences DRC/loudness processing.

hoderately displaced reproduction layouts benefit from the trafismission and application

e selection of a significantly different downmix matrix {{transmitted vs. decoder generats
ults in large perceptual changes of the downmix result.

trix is not applied.

se, in the situation that the loudspeaker displacements of the reproduction setup are too lar
lication of the transmitted downmix coefficiehts may result in a larger perceptual distance frd

the intEnded reproduction than the application of decoder generated downmix coefficients. Asg

conseq

schemag.

10.3.1

The do
geomet
presen
Furthe

ence, the allowed loudspeaker displacement values are restricted in the following matchi

2 Loudspeaker layout matching scheme

wnmixld matching algérithm is specified by the flowchart of Figure 51. It takes as input
ry of the actual reproduction setup and outputs the present downmixld (if applicable). T

, the present dewwnmixld may affect DRC and loudness processing.

 downmixId determines the downmix processing in the decoder as shown in subclause 10.3.1]

in
he

de

of

d)

b artistic intent of transmitted downmix coefficients-would be lost if a transmitted downmix

he
he
4,
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/ . /

Assign channel label(s) / Reproductlon. setup /
" b channel.” (ﬁ/ geometry (azimuth, /
© each channe / elevation of all channels) /

v

Test all possible channel label permutations for
matches with CICP Loudspeaker Layout

definitior\sTb

T

he mnf'r‘hing distance-is defined as the sum of all abhsolute azimuth and elevation nng]n dif

_— —

___—downmixID for one of the matched
T CICPLayoutlndices in bitstream? _—

———No—»| Nopresent downmixIDT )
= e

T
Yes
\ 4
Compute matching distance to all
matched CICPLayoutindices for which
downmixIDs exists, See definition of
matching distance belowT

v

T
_— —
_— ~—

_— —

— ~— i 1
s there a single CICPLayoutindex with~—_ Sele_ct_out of the CI_CPLa}IoutIndIces with t_he same
<< . N ——No-p»  minimum matching distance the one with the
~—___ minimum matching distance? _—

smallest'CICPLayoutindex number.
~_ _ 1
~_ _—

-

Yes

v

‘ Select this CICPLayoutIndex }4

___— Does matching downmixiD exist fof, %< No / Present dowmixid found>\
T~ downmixType==1? _— \ downmixType=0 )
~ yp! O \ yp 4
~— R
~
yes

élect downmixID for downmixType:Q‘

Qpresent downmixIDT downmixfypeﬁ

Channel labels/shall be assigned according to Table 158.
CICP Loudspeaker Layout definitions according to Table 163.

Figure 51 — Flowchart for loudspeaker layout matching and to determine downmix

Id

erences

between the channel positions of the reproduction layout and the tested CICP loudspeaker layout,
summed over all channels of the reproduction setup, excluding the LFE channels:

d

matching = 2 ‘¢CICPLayout,ch - ¢repr0dcutionLayout,ch + ‘lgCICPLayout,ch - l9repr0dcutionLaycout,ch
che{all channels }

except LFEs

where ¢ denotes azimuth angles and ¢ denotes elevation angles.
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Table 158 — Channel matching tolerances for matching downmixlds to reproduction layouts

Loudspeaker

Azimuth

Azimuth

Elevation

Geometry . . start end start Elevation . |Position
. . Azimuth|Elevation end angle| Ch.is .
(as defined in Channel [deg] [deg] angle of | angle of | angle of of sector | LFE is
ISO/IEC sector | sector | sector [deg] relative
23001-8) [deg] | [deg] | [deg] &

CH_EMPTY n/a n/a n/a n/a n/a n/a 0 0

0 CH_M_L030 30 0 15 45 -15 15 0 0
1 CH_M_R030 -30 0 -45 -15 -15 15 0 0
2 CH_M_000 0 0 -10 10 -15 15 0 0
3 CH_LFE1 0 n/a n/a n/a n/a n/a 1 0
4 CH_M_L110 110 0 90 130 -15 15 0 0
5 CH_M_R110 -110 0 -130 -90 -15 15 0 0
6 CH_M_L022 22 0 7 37 -15 15 0 0
7 CH_M_R022 -22 0 -37 -7 -15 15 0 0
8 CH_M_L135 135 0 120 150 -15 15 0 0
9 CH_M_R135 -135 0 -150 -120 -15 15 0 0
10 CH_M_180 180 0 170 190 =15 15 0 0
13 CH_M_L090 90 0 70 110 ~15 15 0 0
14 CH_M_R090 -90 0 -110 -70 -15 15 0 0
15 CH_M_L060 60 0 40 80 -15 15 0 0
16 CH_M_R060 -60 0 -80 40 -15 15 0 0
17 CH_U_L030 30 35 15 45 15 55 0 0
18 CH_U_RO030 -30 35 -45 -15 15 55 0 0
19 CH_U_000 0 35 -15 15 15 55 0 0
20 CH_U_L135 135 35 115 155 15 55 0 0
21 CH_U_R135 -135 35 <155 -115 15 55 0 0
22 CH_U_180 180 35 165 195 15 55 0 0
23 CH_U_L090 90 35 70 110 15 55 0 0
24 CH_U_R090 -90 35 -110 -70 15 55 0 0
25 CH_T_000 0 90 -180 180 60 90 0 0
26 CH_LFE2 45 n/a n/a n/a n/a n/a 1 0
27 CH_L_L045 45 -15 25 65 -40 0 0 0
28 CH_L_R045 45 -15 -65 -25 -40 0 0 0
29 CH_L_000 0 -15 -15 15 -40 0 0 0
30 CH_U_L110 110 35 90 130 15 55 0 0
31 CH_U_R110 -110 35 -130 -90 15 55 0 0
32 CH_U_L045 45 35 30 60 15 55 0 0
33 CH_W-R045 -45 35 -60 -30 15 55 0 0
34 CH_M_L045 45 0 30 60 -15 15 0 0
35 CH_M_R045 -45 0 -60 -30 -15 15 0 0
36 CH_LFE3 -45 n/a n/a n/a n/a n/a 1 0
37 CH_M_LSCR 60 0 15 80 -15 15 0 1
38 CH_M_RSCR -60 0 -80 -15 -15 15 0 1
39 CH_M_LSCH 30 0 7 40 -15 15 0 1
40 CH_M_RSCH -30 0 -40 -7 -15 15 0 1
41 CH_M_L150 150 0 135 165 -15 15 0 0
42 CH_M_R150 -150 0 -165 -135 -15 15 0 0

NOTE Azimuth and elevation tolerance intervals are defined as sectors, where azimuth start and end values are
connected in counterclockwise direction and elevation start and end values are connected in ascending elevations.
Start and end values of the sectors are considered part of the sectors.
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10.3.1.3 Visualization of azimuth tolerances

The following figures depict the azimuth matching sectors for each loudspeaker. The tolerances reflect
the non-isotropic sound localization performance of the human auditory system.
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NOTE  Arcs have'been plotted on different radii just for clarity of presentation. Nominal positions of th¢
channels havesbeen marked with asterisks and labels indicating the nominal azimuth angle in degrees.
Figure 52 — Visualization of azimuth tolerances
10:3.1.4 Determination of downmix processing depending on present downmixId

The downmix processing in the MPEG-H decoder is determined by the present downmixId as follows.

— Ifthere is no present downmixId for the current reproduction setup, the downmix coefficients shall
be derived as specified in the format converter initialization.

— If downmixType==0 for the present downmixld, the downmix coefficients shall be derived as
specified in the format converter initialization.
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— If downmixType==1 for the present downmixId, the downmix coefficients transmitted with the
downmixId shall be applied in the downmix.

10.3.2 Application of transmitted equalizer settings

Equalizer settings may be transmitted together with downmix matrices, as indicated by the
EqualizerPresent bitstream element. In case equalizer settings have been transmitted together with a
downmix matrix that is applied in the format converter, the equalizers shall be applied to this downmix
matrix as follows.

The transmitted equalizer parameters shall be decoded into frequency dependent gains (i.e.Citlto
equaliZer frequency responses) according to subclause 10.3.4.6.4. Next, the transmitted dowhmix
matrix|gains shall be multiplied by the frequency dependent equalizer gains to arrive at the final
frequency dependent downmix matrix that shall be applied in the downmix. Note that the assignment|of
equalizer gains to downmix matrix elements is given by the vector equalizerIndex that is derived
according to Table 31: equalizerIndex tells for each input channel whether an equalizer (and if any,
which)| shall be applied to an input channel by applying the corresponding ,equdlizer gains to pll
downnjix matrix coefficients associated with the respective input channel.

10.3.3 Downmix processing involving multiple channel groups

10.3.3/1 General

In casel multiple channel groups are transmitted in the MPEG-H)3D audio bitstream and routed to the
format|converter, one instance of the format converter shall:perform a downmix of all input channels
routed|to the format converter to the desired target channel configuration. Therefore, all channels
routed|to the format converter are compiled in a group-ef channels that constitutes the input to the
format|conversion process.

If dowhmix matrices to one or more target channel configurations are transmitted in the bitstream,
downnjix matrices for those target channel-configurations shall be transmitted for all chanpel
groupsl/channel elements present in the bitstream.

10.3.3)2 Downmix processing with-decoder generated downmix gains

In case no appropriate downmix matrices have been transmitted for the signalled target loudspealer
configyration, the downmix. gains are generated during the initialization of the format converter
according to subclause 10.3:4. The channels are fed to the format converter as a group of all ingut
channdls routed to the format converter. The input channel configuration signalled to the format
converter shall reflect.the channel geometry of this group of channels.

10.3.3)3 Downmix processing with transmitted downmix gains

In casq deivnimix matrices have been transmitted that are applicable to the desired target channel
configyration, those downmix matrices shall be applied in the format converter instead of generatihg
downmix gains in the format converter initialization process. Whether a downmix matrix is applicable
for a desired target setup, or not, is determined according to subclause 10.3.1.

All channels (and/or groups of channels) shall be compiled in one group of channels, where this group
of channels consists of blocks of channels that are the channels (and/or groups of channels) routed to
the format converter.

The transmitted downmix matrices assigned to the channels routed to the format converter shall be
concatenated according to the order of the blocks of channels in the group of channels that forms the
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input to the format converter. The concatenated downmix matrix shall then be applied in the format
converter to derive the downmixed signal in the desired target channel configuration.

10.3.4 Initialization of the format converter
10.3.4.1 General description of the initialization

The initialization of the format converter is carried out before processing of the audio samples
delivered by the core decoder takes place.

The initialization takes into account as input parameters.

+ The sampling rate of the audio data to process.

-+ The channel configuration of the audio data to process with the format converter (nunjber and
geometric positions of input channels).

-+ The channel configuration of the desired output format (number and gegnietric positions df output
channels).

-+ Optional: Parameters signaling the deviation of the output loudspeaker positions from a §tandard
loudspeaker setup (random setup functionality).

It returns

- a frequency dependent downmix matrix Mpux that is\applied in the audio signal processing of the
format converter. Mpux is also taken into.account in the core decoding process, see
subclause 5.5.3.1.2.

—]

he input parameters to the initialization algorithm are listed in Table 159.

Table 159 — Format converter initialization input parameters

Input format: number of channels and nominal channel setup geometry.
Output format:number of channels and nominal channel setup geometry.

fs Samplingfréquency in Hertz.
TaziA For each' output channel A4, an azimuth angle is specified, determining |the
deyiation from the standard format loudspeaker azimuth.
Relea For“each output channel A4, an elevation angle is specified, determining|the

deviation from the standard format loudspeaker elevation.

Table 160 lists the®output parameters that are derived during the initialization of the format conpverter.

Table 160 — Format converter initialization output parameters

| Mpumx | Downmix matrix [linear gains] |

10:3.4.2 Assignment of format converter channel labels to input/output format channelg

The format converter initialization is based on a system of rules that are defined in terms of format
converter channel labels, see Table 162. To allow the application of the initialization rules, the channel
labels have to be assigned to the channels of the input and output formats. Each format converter
channel label is associated with a segment of the surface of the unit sphere, as defined in Table 162. The
segments are designed to be non-overlapping.

The assignment of channel labels to channels is achieved by geometrically matching the segments to the
position data associated with the channels of the input and output formats. The azimuth and elevation
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angles in degrees of the position data associated with the channels shall be rounded towards the
nearest integer number before performing the channel label assignment. Note that the nominal channel
positions shall be applied in the following manner for matching to channel label sectors, i.e. the azimuth
and elevation angles without taking into account potential angle deviations signalled in ry;4 and/or rejea.

For each channel that is not an LFE (low frequency enhancement) channel.

If the nominal position of the current channel, defined by its azimuth angle and elevation angle, is

s Walo IR N
LUL UUICIL.

th' tbhal | £ £l ftaodafs 3 Taoall
Wl ln I Ul UICT UUI'UT1I Ul UIIT Ul UIICT DCSIIICIILD UCTIITICTU 11T T JdUIC

— | Assign the corresponding channel label (e.g. CH_M_L030) associated with the matching
segment.

— | Add the angle differences between the nominal position of the current channel andtthe nominal
position associated with the matching segment (i.e. the angles in the second and-third column
of Table 162) to the angle deviations stored in razi4 and reiea.

Else (i.¢. no matching sector found), then:
— | Assign the CH_EMPTY label.

If an input or output format contains exactly one LFE channel, then the label CH_LFE2 shall be assignged
to this fhannel.

If an input or output format contains exactly two LFE channels, then the labels CH_LFE2 and CH_LFE3
shall b¢ assigned to the two LFE channels in the order that minimizes the maximum azimuth distance|of
the twq LFE channels to the assigned CH_LFE2 and CH*LFE3 nominal azimuth positions.

If an injput or output format contains more thany2 LFE channels, then two of the LFE channels from the
consid¢red setup shall be selected and assigned that minimize the maximum azimuth distance to the
CH_LFE2 and CH_LFE3 nominal azimuth positions. The labels CH_LFE2 and CH_LFE3 shall be assigned
as in the case of two LFE channels. The remaining LFE channels shall not be considered further in the
calculafion of downmix coefficients;%.e. the corresponding lines/columns of the downmix matrix shpll
remain| filled with zeros.

10.3.4;3 Handling for unknown input channels

If the 1abel CH_EMPTY.is assigned to an input channel, this channel shall be considered unknown to the
rules-based initialization and the downmix coefficients for mapping this input channel to the outpgut
channgdls shall be derived as specified in subclause 10.3.4.6.7.

10.3.4}4 ‘Handling for unknown output formats

If the output format contains at least one channel with the label CH_EMPTY assigned to it, or if at least
one channel label is assigned to more than one channel of the output format, the output format shall be
considered unknown and the derivation of the downmixing coefficients shall be carried out as specified
in subclause 10.3.4.6.7. The rules-based derivation of downmix coefficients shall not be applied for
unknown output formats.

280 © ISO/IEC 2019 - All rights reserved


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

10.3.4.5 Handling of deviations from standard loudspeaker positions

If any of the below conditions are not met, the rules-based initialization is considered to have failed, the
output format shall be considered to be unknown, and the downmixing gains shall be obtained as
defined in subclause 10.3.4.6.7.

— The absolute values of rui4 and ree4 shall not exceed 35 and 55 degrees, respectively. The minimum
angle between any loudspeaker pair (without LFE channels) shall not be smaller than 15 degrees.

— The values of r ;4 shall be such that the nrdpring bv azimuth ;mglpq of the horizontal loudspeakers
does not change. Likewise, the ordering of the height and low loudspeakers shall not changg.

-+ The values of raeq shall be such that the ordering by elevation angles of loudspeakers which are
(approximately) above/below each other does not change. To verify this, the folloWing progedure is
applied:

For each row of Table 167 which contains two or three channels of the output-format, do:

— Order the channels by elevation without randomization;
— Order the channels by elevation with considering randomization;
— Ifthe two orderings differ, return an initialization error.

10.3.4.6 Rules-based initialization algorithm

[

0.3.4.6.1 General

he rules-based initialization algorithm is defined in the following subclauses. The algorithm $hall not
e applied if the output format is considered unknown as defined in the previous subclause. Far clarity
he following description makes use of intermediate parameters listed in Table 161|but an
mplementation may omit the explicit use of these intermediate parameters.

— =+ 3

Table 161 — Format converter initialization intermediate parameters

Vector of-converter source channels [input channel indices]
Vector of converter destination channels [output channel indices]
Vector of converter gains [linear]

Vector of converter EQ indices

Geq Matrix containing equalizer gain values for all EQ indices and frequency
bands

m o wn

—

he intermediate’parameters describe the dowmixing parameters according to the mapping, i.¢. as sets
f parametets-S;, D;, G;, E;, per mapping i.

o

The format converter initialization output parameters are derived as described in the following|steps:

0.34.6.2 Random setups prp-prnrpqqing

Random output loudspeaker setups, i.e. output setups that contain loudspeakers at positions deviating
from the positions defined for the desired output format are signalled by specifying the loudspeaker
position deviation angles as input parameters rai4 and ree4. The angle deviations are taken into account
as a pre-processing step.

Modify the channels’ azimuth and elevation angles according to Table 162 by adding ra;4 and rees to the
corresponding channels’ azimuth and elevation angles.
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10.3.4.6.3 Derivation of input channel/output channel mapping parameters

The parameters vectors S, D, G, E define the mapping of input channels to output channels. For each
mapping I from an input channel to an output channel with non-zero downmix gain they define the
downmix gain as well as an equalizer index that indicates which equalizer curve has to be applied to the
input channel under consideration in mapping I.

The elements of the parameter vectors S, D, G, E are derived by the following algorithm:

Initialize the mapping counter i: i = 1.
For eadh input channel, ignoring channels with label CH_EMPTY assigned to them:

If the [input channel also exists in the output format (e.g. input channel under censideration|is
CH_M_R030 and channel CH_M_R030 exists in the output format), then:

; = index of source channel in input
XAMPLE channel CH_M_R030 in ChannelConfiguration 6 is at second place a¢cording to Table 163, i.e.
as index 2 in this format.

N
E
h
— ID; = index of same channel in output
d
H
i

Else (i.¢. if the input channel does not exist in the output format)

— skearch the first entry of this channel in the Source column of Table 164, for which the channels |n
the corresponding row of the Destination colamn exist. The ALL_U destination shall be
donsidered valid (i.e. the relevant output channels exist) if the output format contains at least one
“CH_U_” channel. The ALL_M destination‘shall be considered valid (i.e. the relevant output
dhannels exist) if the output format.contains at least one “CH_M_” channel. If for no entry in Table
164 corresponding to the input channel the channels in the Destination column exist, the rules
Hased initialization shall terminate and the downmix gains shall be derived according to
subclause 10.3.4.6.7.

If Destination columncontains ALL_U, then:
Hor each output channel x with “CH_U_” in its name, do:

— §; = index of source channel in input

— D;=\ndex of channel x in output

—, Gy= (value of Gain column) / sqrt(number of “CH_U_" output channels)
= “E; =value of EQ column

———7+1

Else if Destination column contains ALL_M, then:
For each output channel x with “CH_M_” in its name, do:

— §; =index of source channel in input
— D;=index of channel x in output
— G; = (value of Gain column) / sqrt(number of “CH_M_" output channels)
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— E;=value of EQ column
— i=i+1

Else If there is one channel in the Destination column, then:

— §; = index of source channel in input

— D, =index of destination channel in output
— G;=value of Gain column

— F.=value of EQ column

— i=i+1

Else (two channels in Destination column)

— §; = index of source channel in input

— D;=index of first destination channel in output
— G, = (value of Gain column) x g;

— E;=value of EQ column

— i=i+1

— Si=8ia

— D;=index of second destination channel in outpiit
— G; = (value of Gain column) x g,

— Ei=Ei,

— i=i+1

The gains g; and g, are computed by-applying tangent law amplitude panning in the fpllowing
way.

— Unwrap source destination channel azimuth angles to be positive.

— The azimuth angles of the destination channels are &, and «, (see Table 162).

— The azimuth-angle of the source channel ( = panning target) is «, .

a, —a
1 2
el
2
Sy _a1+0{2
center 2

- o= (acenter — Uy ) : Sgn(a2 — al)

. g 1 with _tang,—tana+107"
& /1+g2 & 1+ g’ & tana, +tana +107"

10.3.4.6.4 Derivation of equalizer gains Ggq
Grq comprises a set of gain values for each frequency band k and equalizer index e. The 5 predefined

equalizers are combinations of different peak filters. Each equalizer is a serial cascade of one or more
peak filters and an associated gain:
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g N
Glo. =10°] ] peak(band(k)

S5
?’Pf,n’PQ,n’ g.n

n=l

where band(k) is the normalized centre frequency of frequency band k, specified in Table 165, f; is the
sampling frequency, and function peak() is for negative G:

’ b4+({12—2)f2b2+f4

peak (4

o)

and oth

peak

—~

The pa

10.3.4

. [,0.G) = G

. [ 1010 222, 4
b" + Q2—2fb+f

erwise
1%
b* + 12120 2|+t
, £,0,G) = 1
b* +(Q2_2jf2b2 +f*

rameters for the equalizers are specified in Table 166.

6.5 Post-processing for random setups

Once the output parameters are computed, theysare modified according to the specific random azimy

and elg

vations angles. This step only has te be’carried out, if not all ree4 are zero. The post-processi

algorithm proceeds as follows.

For ead

if the
contair

h element i in D; do:

putput channel with index D; is a horizontal channel by definition (i.e. output channel lal
s the label *_M_"), and

if this output channel is now a height channel (elevation in range 0..60 degrees), and
ifinput channel with index S; is a height channel (i.e. label contains ‘_U_’), then

— h =min(elevation of randomized output channel, 35)/35;
1

el

— @G =h-—+(]—h)-

284

COHIIp 0.85 \
— Apply compensation gain to DMX gain: G, =G, -G, ;
— Define new equalizer with a new index e, where Ggg,e =h+(1-h)- G’;Q,E[ ;
— Ei =e

else if input channel with index S; is a horizontal channel (label contains ‘_M_")

— h =min(elevation of randomized output channel, 35)/35;
— Define new equalizer with a new index e, where ;
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Gk

EQ.e

— E,-=e.

= h-GZQ,5+(l—h)~G’;QWE‘ ;

Explanation of the post-processing steps defined above:

h is a normalized elevation parameter indicating the elevation of a nominally horizontal output channel
(_M_") due to a random setup elevation offset rec4. For zero elevation offset h=0 follows and effectively
no post-processing is applied.

he rules table (Table 164) in general applies a gain of 0.85 when mapping an upper input channel (‘_U_’
h channel label) to one or several horizontal output channels (_M_" in channel label(s))." I [case the
utput channel gets elevated due to a random setup elevation offset re4, the gain of 085 is partially
PD<h<1) or fully (h=1) compensated for. Similarly the equalizer definitions fade towards a flat §Q-curve

G;;Q,e =const.=1.0) for h approaching h =1.

Jan N el e Ml et |

et

h case a horizontal input channel gets mapped to an output channel that gets elevated due to ajlrandom

etup elevation offset ree 4, the equalizer G;Q’S is partially (O<h<1) or fully{h=1) applied.

(%]

10.3.4.6.6 Derivation of rules-based initialization downmix matrix:

Mbowmx is derived by rearranging the temporary parameters ffem the mapping-oriented representation
(Enumerated by mapping counter i) to a channel-oriented.representation as defined in the folloWing:

Ihitialize M, as an Now x Niy zero matrix for all proéessing bands k.

Hor each i do:

If(E =0)
MIISMX,A,B =G, for ~4=D, B=5,0<k<K
Else

Myyuxax=G -Gipp for A=D,B=S,1<k<K

denotes the matrix element in the Ath row and Bth column of M¥ Note that after

DMX *

'here M*

DMX, AR

nknown{channels are present in the input format. Those columns are filled with downmix [gains as

V

the rules-baséd initialization this matrix of downmix coefficients will contain columns of eros, if
u

specified.ih subclause 10.3.4.6.7.

10:3.4.6.7 VBAP-based downmix coefficients derivation

This subclause defines how downmix gains are derived in a generic manner using VBAP in the case of
unknown output formats or unknown input channels. The following restrictions apply.

— If the target setup contains at least one LFE, then map each LFE channel directly to the LFE of the
target setup that minimizes the azimuth angle deviation. No VBAP-based downmix coefficients
derivation shall be applied for the LFE channels. The downmix coefficient for the direct mapping
shall be set to unity gain, i.e. to 1.0.
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— Otherwise apply the VBAP-based downmix coefficients derivation defined in the following also to
the LFE channels.

Handling of unknown output formats:

In case the output format is considered unknown, the downmix coefficients for all input channels shall
be derived as follows.

Each channel of the input setup is regarded as a static audio object at the position defined by the

and-elevation angles ass octated—with—theinput-channe—kEor-eachinput-channeltheuixing
o all output loudspeakers are calculated as VBAP panning gains gscaea according)|to
se 8.4.4, where the same output format shall be signalled to the VBAP algorithm as to thé fornjat
converfer. The panning gain vectors gscalea shall be post-processed according to subclause 10:3.4/6.8.

The dgwnmix matrix M}, is finally derived by filling each matrix column with the-post-processgd

panning gain vector elements of the corresponding input channel, independently of the’processing bahd
index K.

Handlihg of unknown input channels:

In case|the input format contains unknown input channels, the downmix coefficients for these channgls
shall b¢ derived as follows.

Each uphknown channel of the input setup is regarded as a staticaudio object at the position defined py
the azimuth and elevation angles associated with the input:channel. For each unknown input chanmel
the mixing gains to all output loudspeakers are calculateéd as VBAP panning gains gscalea according|to
subclayse 8.4.4, where the same output format shall be"signalled to the VBAP algorithm as to the fornjat
converter. The panning gain vectors gscalea Shall be post-processed according to subclause 10.3.4.6.8.

The dgwnmix matrix M/BMX is finally derived-by filling each matrix column, corresponding to pn

unknown input channel, with the post-pracessed panning gain vector elements of the corresponding
unknoyvn input channel, independentlylof the processing band index k.

10.3.4{6.8 VBAP gains post-proeessing
The mjxing gains obtained~from the VBAP rendering algorithm shall be post-processed to avaid
excessive use of phantofirySources. Therefore, small matrix gains are set to zero, followed by a
renornjalization of the panning gains to ensure energy-preservation.

For eadh panning gain vector gscalea do:

— If the vegetor contains at least one panning gain that exceeds the threshold value 0.3, then;

— Setallvector elements smaller or equal to 0,3 to the value 0,0;

— Normalize the gain vector such that the sum of squares of the vector elements remains the same as
before the post-processing.

10.3.4.7 Format converter initialization tables

Table 162 lists channel labels, corresponding azimuth and elevation angles, and associated sectors. The
sectors are defined as points on the unit sphere, whose azimuth/elevation angles are within or on the
borders of the intervals given by the azimuth/elevation start and end values in the table, connecting
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azimuth start and end values in a counter-clockwise direction and connecting elevation start and end
values in the direction of increasing elevation angles.

Table 162 — Channels definitions: Channel labels, corresponding azimuth and elevation angles,
and associated sectors

Loudspeaker Azimuth | Azimuth Elevation Elevation o
Geometry Azimuth Elevat start angle |end angle start end angle Ch. |Position
as defined in Channel ] ion of-sector—-of-seetor angle of of-sector is is_
Zlg(())éllEg) [deg] [deg] [deg] s[edceté)]r [deg] LEE (relative

CH_EMPTY n/a n/a n/a n/a n/a n/a 0 0
0 CH_M_L030 +30 0 +23 +37 -9 +#20 0 0
1 CH_M_R030 -30 0 -37 -23 -9 +20 0 0
2 CH_M_000 0 0 -7 +7 -9 +20 0 0
3 CH_LFE1 0 n/a n/a n/a n/a n/a 1 0
4 CH_M_L110 +110 0 +101 +124 45 +20 0 0
5 CH_M_R110 -110 0 -124 -101 45 +20 0 0
6 CH_M_L022 +22 0 +8 +22 -9 +20 0 0
7 CH_M_R022 -22 0 -22 -8 -9 +20 0 0
8 CH_M_L135 +135 0 125 142 -45 +20 0 0
9 CH_M_R135 -135 0 -142 -125 -45 +20 0 0
10 CH_M_180 180 0 158 -158 -45 +20 0 0
13 CH_M_L090 +90 0 +76 +100 -45 +20 0 0
14 CH_M_R090 -90 0 -100 -76 -45 +20 0 0
15 CH_M_L060 +60 0 +53 +75 -9 +20 0 0
16 CH_M_R060 -60 0 -75 -53 -9 +20 0 0
17 CH_U_L030 +30 +35 +11 +37 +21 +60 0 0
18 CH_U_RO030 -30 +35 -37 -11 +21 +60 0 0
19 CH_U_000 0 +35 -10 +10 +21 +60 0 0
20 CH_U_L135 +135 +35 +125 +157 +21 +60 0 0
21 CH_U_R135 -135 +35 -157 -125 +21 +60 0 0
22 CH_U_180 180 +35 +158 -158 +21 +60 0 0
23 CH_U_L090 +90 +35 +67 +100 +21 +60 0 0
24 CH_U_R090 -90 +35 -100 -67 +21 +60 0 0
25 CH_T 000 0 +90 -180 +180 +61 +90 0 0
26 CHAFE2 +45 n/a n/a n/a n/a n/a 1 0
27 CHAL_L045 +45 -15 +11 +75 -45 -10 0 0
28 CH_L_R045 -45 -15 -75 -11 -45 -10 0 0
29 CH_L_000 0 -15 -10 +10 -45 -10 0 0
30 CH_U_L110 +110 +35 +101 +124 +21 +60 0 0
31 CH_U_R110 -110 +35 -124 -101 +21 +60 0 0
32 CH_U_L045 +45 +35 +38 +66 +21 +60 0 0
33 CH_U_RO045 -45 +35 -66 -38 +21 +60 0 0
34 CH_M_L045 +45 0 +38 +52 -9 +20 0 0
35 CH_M_R045 -45 0 -52 -38 -9 +20 0 0
36 CH_LFE3 -45 n/a n/a n/a n/a n/a 1 0
37 CH_M_LSCR +60 0 n/a n/a n/a n/a 0 1
38 CH_M_RSCR -60 0 n/a n/a n/a n/a 0 1
39 CH_M_LSCH +30 0 n/a n/a n/a n/a 0 1
40 CH_M_RSCH -30 0 n/a n/a n/a n/a 0 1
41 CH_M_L150 +150 0 143 157 -45 +20 0 0
42 CH_M_R150 -150 0 -157 -143 -45 +20 0 0
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Table 163 — Formats with corresponding number of channels and channel ordering

Loudspeaker layout
index or Number of
ChannelConfiguration Channels (with ordering)
as defined in channels
ISO/IEC 23001-8

1 1 CH_M_000

2 2 CH_M_L030, CH_M_R030

3 3 CH_M_L030, CH_M_R030, CH_.M_000

4 4 CH_M_L030, CH_M_R030, CH_.M_000, CH_M180

5 5 CH_M_L030,CH_M_R030, CH_M_000,CH_M_L110,CH_M_R110

6 6 CH_M_L030, CH_M_R030, CH_.M_000, CH_LFE1, CH_.M_L110,6H_M_R1]10

7 8 CH_M_L030, CH_M_R030, CH_M_000, CH_LFE1, CH_M_L1%¢, CH_M_R1{10,
CH_M_L060, CH_.M_R060

8 n.a.

9 3 CH_M_L030,CH_M_R030, CH_M_180

10 4 CH_M_L030,CH_M_R030, CH_M_L110, CH_MSR110

11 7 CH_M_L030, CH_M_R030, CH_M_000, CHAEE1, CH_.M_L110, CH_M_R1[10,
CH_M_180

12 8 CH_M_L030, CH_M_R030, CH_M_000xCH_LFE1, CH_.M_L110, CH_M_R1f10,
CH_M_L135, CH_M_R135

13 24 CH_M_L060, CH_M_R060, CH 000, CH_LFE2, CH_M_L135, CH_M_R1[35,
CH_M_L030, CH_M_R030, CH/M_180, CH_LFE3, CH_M_L090, CH_M_R0Q90,
CH_U_L045, CH_U_R045, CH_U_000, CH_T_000, CH_U_L135, CH_U_R135,
CH_U_L090, CH_U_R090,,€H_U_180, CH_L_000, CH_L_L045, CH_L_R04p

14 8 CH_M_L030, CH_M.R030, CH_.M_000, CH_LFE1, CH_.M_L110, CH_M_R1[10,
CH_U_L030, CH_U_R030

15 12 CH_M_L030,.GH"M_R030, CH_M_000, CH_LFE2, CH_M_L135, CH_M_R1[35,
CH_LFE3, CH.M_L090, CH_.M_R090, CH_U_L045, CH_U_R045, CH_U_18§0

16 10 CH_M_L030, CH_.M_R030, CH_M_000, CH_LFE1, CH_M_L110, CH_M_R1{10,
CH_U:L030, CH_U_R030, CH_U_L110, CH_.U_R110

17 12 CH-M’L030, CH_M_R030, CH_M_000, CH_LFE1, CH_M_L110, CH_M_R1{10,
CH.U_L030, CH_U_R030, CH_.U_000, CH_U_L110, CH_.U_R110, CH_T_0QO

18 14 CH_M_L030, CH_.M_R030, CH_.M_000, CH_LFE1, CH_M_L110, CH_M_R1{10,
CH_M_L150, CH_M_R150, CH_U_L030, CH_U_R030, CH_U_000,
CH_U_L110,CH_U_R110,CH_T_000

19 12 CH_M_L030, CH_M_R030, CH_M_000, CH_LFE1, CH_M_L135, CH_M_R1[35,
CH_M_L090, CH_M_R090, CH_U_L030, CH_U_R030, CH_U_L135,
CH_U_R135

20 14 CH_M_L030, CH_M_R030, CH_M_000, CH_LFE1, CH_M_L135, CH_M_R1[35,
CH_M_L090, CH_M_R090, CH_U_L045, CH_U_R045, CH_U_L135,
CH_U_R135, CH_M_LSCR, CH_M_RSCR
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Source Destination Gain EQ index
CH_M_000 CH_M_L022, CH_M_R022 1.0 0 (off)
CH_M_000 CH_M_L030, CH_M_R030 1.0 0 (off)
CH_M_L022 CH_M_000, CH_M_L030 1.0 0 (off)
CH_M_L022 CH_M_L030 1.0 0 (off)
CH_M_RO022 CH_M_000, CH_M_R030 1.0 0 (off)
CH M _RQ22 CH M _R030 1.0 0 (off
CH_M_L045 CH_M_L030, CH_M_L060 1.0 0 (off]
CH_M_L045 CH_M_L030 1.0 0.(off)
CH_M_R045 CH_M_R030, CH_M_R060 1.0 0 (off}
CH_M_R045 CH_M_R030 1.0 0 (off}
CH_M_L060 CH_M_L045, CH_M_L090 1.0 0 (off}
CH_M_L060 CH_M_L030, CH_M_L090 1.0 0 (off}
CH_M_L060 CH_M_L045,CH_M_L110 1.0 0 (off}
CH_M_L060 CH_M_L030,CH_M_L110 1,0 0 (off}
CH_M_L060 CH_M_L030 0.8 0 (off}
CH_M_RO060 CH_M_R045, CH_.M_R090 1.0 0 (off}
CH_M_RO060 CH_M_R030, CH_.M_R090 1.0 0 (off}
CH_M_R060 CH_M_R045, CH_M_R110 1.0 0 (off]
CH_M_R060 CH_M_R030,CH_M_R110 1.0 0 (off]
CH_M_R060 CH_M_R030 0.8 0 (off]
CH_M_L090 CH_M_L060,CH_M_L110 1.0 0 (off]
CH_M_L090 CH_M_L045,CH_M_L110 1.0 0 (off]
CH_M_L090 CH_M_L030, CH_.M_L120 1.0 0 (off}
CH_M_L090 CH_M_L030 0.8 0 (off}
CH_M_R090 CH_M_R060, CHtM_R110 1.0 0 (off}
CH_M_R090 CH_M_RO045, . €CH_M_R110 1.0 0 (off}
CH_M_R090 CH_M_R030, CH_M_R110 1.0 0 (off}
CH_M_R090 CH_M._RO30 0.8 0 (off}
CH_M_L110 CH.M_L135 1.0 0 (off}
CH_M_L110 CH_M_L090 0.8 0 (off}
CH_M_L110 CH_M_L045 0.8 0 (off}
CH_M_L110 CH_M_L030 0.8 0 (off}
CH_M_R110 CH_M_R135 1.0 0 (off}
CH_M_R110 CH_M_R090 0.8 0 (off]
CH_M_R110 CH_M_R045 0.8 0 (off]
CH_M_RAI0 CH_M_RO030 0.8 0 (off]
CHM 1135 CH_M_L110 1.0 0 (off]
GH:M_L135 CH_M_L150 1.0 0 (off}
GH_M_L135 CH_M_L090 0.8 0 (off}
CH_M_L135 CH_M_L045 0.8 0 (off}
CH_M_L135 CH_M_L030 0.8 0 (off}
CH_M_R135 CH_M_R110 1.0 0 (off}
CH_M_R135 CH_M_R150 1.0 0 (off)
CH_M_R135 CH_M_R090 0.8 0 (off)
CH_M_R135 CH_M_R045 0.8 0 (off)
CH_M_R135 CH_M_R030 0.8 0 (off)
CH_M_L150 CH_M_L135 1.0 0 (off)
CH_M_L150 CH_M_L110 1.0 0 (off)
CH_M_L150 CH_M_L045 0.8 0 (off)
CH_M_L150 CH_M_L030 0.8 0 (off)
CH_M_R150 CH_M_R135 1.0 0 (off)
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Source Destination Gain EQ index
CH_M_R150 CH_M_R110 1.0 0 (off)
CH_M_R150 CH_M_R045 0.8 0 (off)
CH_M_R150 CH_M_R030 0.8 0 (off)
CH_M_180 CH_M_R150, CH_M_L150 1.0 0 (off)
CH_M_180 CH_M_R135, CH_M_L135 1.0 0 (off)
CH_M_180 CH_M_R110, CH_M_L110 1.0 0 (off)
CH_M_180 CH_M_R090, CH_M_L090 0.8 0 (off)
CH_M_180 CH_M_RU%45, CH_M_L0%5 06 U (off]
CH_M_180 CH_M_R030, CH_M_L030 0.6 0 (off)
CH_U_000 CH_U_L030, CH_U_R030 1.0 0 (off)
CH_U_000 CH_M_L030, CH_.M_R030 0.85 0 (off)
CH_U_L045 CH_U_L030 1.0 0-(off)
CH_U_L045 CH_M_L045 0.85 1
CH_U_L045 CH_M_L030 0.85 1
CH_U_R045 CH_U_R030 1.0 0 (off)
CH_U_R045 CH_M_R045 0.85 1
CH_U_R045 CH_M_R030 085 1
CH_U_L030 CH_U_L045 10 0 (off)
CH_U_L030 CH_M_L030 0.85 1
CH_U_RO030 CH_U_R045 1.0 0 (off)
CH_U_RO030 CH_M_R030 0.85 1
CH_U_L090 CH_U_L030, CH_U_L110 1.0 0 (off)
CH_U_L090 CH_U_L030, CH_U_L135 1.0 0 (off)
CH_U_L090 CH_U_L045 0.8 0 (off)
CH_U_L090 CH_U_L030 0.8 0 (off)
CH_U_L090 CH_M_L045, CH_M_L11Q 0.85 2
CH_U_L090 CH_M_L030, CH_M_L#10 0.85 2
CH_U_L090 CH_M_L030 0.85 2
CH_U_R090 CH_U_R030, CHU_R110 1.0 0 (off)
CH_U_R090 CH_U_R030,°GH_U_R135 1.0 0 (off)
CH_U_R090 CH_U_R0O45 0.8 0 (off)
CH_U_R090 CH_U_R030 0.8 0 (off)
CH_U_R090 CH_M.R045, CH_.M_R110 0.85 2
CH_U_R090 CH)M_R030, CH_.M_R110 0.85 2
CH_U_R090 CH_M_R030 0.85 2
CH_U_L110 CH_U_L135 1.0 0 (off)
CH_U_L110 CH_U_L090 0.8 0 (off)
CH_U_L110Q CH_U_L045 0.8 0 (off)
CH_U_L110 CH_U_L030 0.8 0 (off)
CH_U_L110 CH_M_L110 0.85 2
CH U110 CH_M_L045 0.85 2
CH-U_L110 CH_M_L030 0.85 2
CH_U_R110 CH_U_R135 1.0 0 (off)
EH-H-RHHO €H-H-RO98 0-8 8-feth)
CH_U_R110 CH_U_R045 0.8 0 (off)
CH_U_R110 CH_U_R030 0.8 0 (off)
CH_U_R110 CH_M_R110 0.85 2
CH_U_R110 CH_M_R045 0.85 2
CH_U_R110 CH_M_R030 0.85 2
CH_U_L135 CH_U_L110 1.0 0 (off)
CH_U_L135 CH_U_L090 0.8 0 (off)
CH_U_L135 CH_U_L045 0.8 0 (off)
CH_U_L135 CH_U_L030 0.8 0 (off)
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Source Destination Gain EQ index
CH_U_L135 CH_M_L110 0.85 2
CH_U_L135 CH_M_L045 0.85 2
CH_U_L135 CH_M_L030 0.85 2
CH_U_R135 CH_U_R110 1.0 0 (off)
CH_U_R135 CH_U_R090 0.8 0 (off)
CH_U_R135 CH_U_R045 0.8 0 (off)
CH_U_R135 CH_U_RO030 0.8 0 (off)
CH_U_R135 CH_M_RT10 085 2
CH_U_R135 CH_M_RO045 0.85 2
CH_U_R135 CH_M_RO030 0.85 2
CH_U_180 CH_U_R135, CH_U_L135 1.0 0 (off]
CH_U_180 CH_U_R110, CH_U_L110 1.0 0 (off}
CH_U_180 CH_M_180 0.85 2
CH_U_180 CH_M_R110, CH_.M_L110 0.85 2
CH_U_180 CH_U_R030, CH_U_L030 0.8 0 (off}
CH_U_180 CH_M_R030, CH_M_L030 0:85 2
CH_T_000 ALL_U 0.8 3
CH_T_000 ALL_M 0.8 4
CH_L_000 CH_M_000 1.0 0 (off}
CH_L_000 CH_M_L030, CH_M_R030 1.0 0 (off]
CH_L_L045 CH_M_L045 1.0 0 (off]
CH_L_L045 CH_M_L030 1.0 0 (off]
CH_L_R045 CH_M_RO045 1.0 0 (off]
CH_L_R045 CH_M_RO030 1.0 0 (off]
CH_LFE2 CH_LFE3 1.0 0 (off]
CH_LFE2 CH_M_L030, CH_M"R030 1.0 0 (off]
CH_LFE3 CH_LFE2 1.0 0 (off}
CH_LFE3 CH_M_L030;~CH_M_R030 1.0 0 (off}

Table 165 — Normalized centre frequencies of the 71 filter-bank bands
Normalized frequency [0, 1]
0,004 583 30
0,000 833 33
0,002 083 30
0,005 875 00
0,009 791 70
0,014 292 00
0,019 792 00
0,027 000 00
0,035 417 00
0,042 625 00
0,056 750 00
0,072 37500
0,088 000 00
0,103 620 00
0,119 250 00
0,134 870 00
0,150 500 00
0,166 120 00
0,181 750 00
0,197 370 00
0,213 000 00
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Normalized frequency [0, 1]

0,228 620 00

0,244 250 00

0,259 880 00

0,275 500 00

0,29113000

0,306 750 00

0,322 380 00

U,5506 UUU UU

0,353 630 00

0,369 250 00

0,384 880 00

0,400 500 00

0,416 130 00

0,431 750 00

0,447 380 00

0,463 000 00

0,478 630 00

0,494 250 00

0,509 870 00

0,525 500 00

0,541120 00

0,556 750 00

0,572 370 00

0,588 000 00

0,603 620-00

0,619 250-00

0,634870 00

0,650 500 00

0,666120 00

0,681 750 00

0,697 370 00

0,713 000 00

0,728 620 00

0,744 250 00

0,759 870 00

0,775 500 00

0,791120 00

0,806 750 00

0,822370 00

0,838 000 00

0,853 620 00

0,869 250 00

0,884 870 00

ANeTATANIAYAWAYA]

292

\"SIFAvAvaIvAvAv L VA v

0,916 12000

0,931 750 00

0,947 37000

0,963 000 00

0,974 540 00

0,999 040 00
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Table 166 — Equalizer parameters

Equalizer P¢[Hz] Po P,[dB] g [dB]
GEQ,I 12 000 0,3 -2 1,0
GEQ,Z 12 000 0,3 -3,5 1,0
GEQ3 200,1 300, 600 0,3,05,1,0 -6,5,1,8,2,0 0,7
Gons 5000,1100 1,0,0,8 45,18 -3,1
GEQ,s 35 0,25 -1,3 1,0

be above/below each other

Table 167 — Vertically corresponding channels: Each row lists channels which are considered to

CH_L_000 CH_M_000 CH_U_000
CH_L_LO045 CH_M_L030 CH_U_L030
CH_L_L045 CH_M_L030 CH_U_LO45
CH_L_LO045 CH_M_L045 CH_UMEO030
CH_L_L045 CH_M_L045 CH_U/L045
CH_L_L045 CH_M_L060 CHZU_L030
CH_L_L045 CH_M_L060 CH_U_L045
CH_L_R045 CH_M_R030 CH_U_R030
CH_L_R045 CH_M_R030 CH_U_RO045
CH_L_R045 CH_M_R045 CH_U_R030
CH_L_R045 CH_M_R045 CH_U_RO045
CH_L_R045 CH_M_R060 CH_U_R030
CH_L_R045 CH_M_R060 CH_U_R045
CH_M_180 CH_U:180

CH_M_L090 CH U_L090

CH_M_L110 CH_U_L110

CH_M_L135 CH_U_L135

CH_M_L090 CH_U_L110

CH_M_L090 CH_U_L135

CH_M_L110 CH_U_L090

CH_M_L110 CH_U_L135

CH_M_L185 CH_U_L090

CH_M(L135 CH_U_L135

CH.M_R090 CH_U_R090

CH/M_R110 CH_U_R110

€H_M_R135 CH_U_R135

CH_M_R090 CH_U_R110

CH_M_R090 CH_U_R135

CH_M_R110 CH_U_R090

CH_M_R110 CH_U_R135

CH M R135 CH 11_R090

CH_M_R135 CH_U_R135
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10.3.5 Audio signal processing

10.3.5.

1 General

The audio processing block of the format converter obtains time domain audio samples for Ni, channels
from the core decoder and generates a downmixed time domain audio output signal consisting of Nout
channels.

The processing takes as input

It retul
during

The for
sample
length

10.3.5
As the
input 9§

L,=32
accord

~An,k
[ych,l'

follows

n,k
|:ych,l :

the audio data decoded by the core decoder, and

the static downmix matrix Mpux returned by the initialization of the format converter:

the initialization of the format converter.

mat converter operates on contiguous, non-overlapping frames of length " .=2048 time dom3

s of the input audio signals and outputs one frame of L samples per\processed input frame
[

L.

2 T/F-transform (hybrid QMF analysis)

14

ignal [;Ch,l...ychwm}:;ch to a hybrid QMF Ni, channel signal representation consisting

QMF time slots (slot index n) and K=71 frequency bands (band index k). A QMF analy
ng to ISO/IEC 14496-3:2009, subclause 4.6.18.4, is performed first:

- P } =yt = meAnalysis(}Nfch) with 0<v <L and 0<n<L,
d by a hybrid analysis:

5N | = vk = HybridAmalysis(§ ;")

The hyprid filtering shall be carried out as specified in ISO/IEC 14496-3:2009, 8.6.4.3 for the 10,

bands
10.3.5

Note th
ifitisn

onfiguration of parametric stereo, resulting in a 71-band hybrid QMF domain representation.

3 Covariance-analysis

ot required for the presentation.

first processing step, the converter transforms L=2048 samples of the Ni, channel time dom3i

ns an Now-channel time domain output signal for the OutConf channel configutation signalled

in
of

of

5is

0

at for elarity the frequency band parameter (superscript k) is omitted in the following equations

Let F

€ a monotonicatly Increasing frame Index denoting the Current frame of input datg,

.8

yo" =yl for frame F, starting at F = 0 for the first frame of input data after initialization of the format

converter. An analysis frame of length 2L, is formulated from the input hybrid QMF spectra as:

0 Jdor 0<n<l[, F=0

F-ln+L,

Yo =Y for 0<n<lL, ,F>0

294

yi o for L <n<2L, ,F>0
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Note that y, ", is a row vector with Ni, elements in case of Ni, input channels. The covariance matrix is

analysed from four quarter segments of yii"éh, so that:

16+15

c =3 (vin) (vhn)  for  ¢=0123,

n=16q

where

(_)T denotes the transpose;

()

¢/ isan Ni, x Ni, matrix for each ¢ = 0,1,2,3.
Y.q

s

denotes the complex conjugate of a variable;

"‘iF

F F-1 F-1 . .
L, oand Cy ,are the same as C , and C , correspondingly, and are net'réquired to be re-ca

»2 y.3
The covariance matrices of the four quarter segments are added with “centre weighting ass
taircase shape:

W

NF _F F F F
—Cy’o +4Cy,1 +4C%2 +Cy’3

[~ y,sum

The final estimation for the covariance matrix Cf is obtained by modifying the entries of Cis

simall channel dependent offset

€., =(1+0.0002Vab)C,

sum,a,b

<

Uhere the two indices in a notation G4, denote the matrix element in the ath row and bth colu
rom the covariance matrix C, interichannel correlation coefficients between the channels A a
derived as:

v wl

2
‘CM’B‘
eps+ Cy,A,A . Cy,B,B

cc, ;=

10.3.5.4 Phase-alignment matrix formulation

10.3.5.4.1 General

TheACC, , values are mapped to an attraction measure matrix T with elements:

|culated.

uming a

|, with a

nn of C,.
nd B are

min(PasMax, maX(O, PasCurveSlope-ICC , , + PasCurveShift)) Jdor A#B
T =
" I min(1,max (0,2.5-1CC, , ~1.2)) for A=B

where PasMax, PasCurveSlope, PasCurveShift are derived from Table 168.
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Table 168 — Phase attraction mapping curve parameters

An inte

P =

A,B

V=Mp

the ma

M

int,B, A

The int
Mmod- 1
bands

The re

performs amplitude-weighted phase'comparison against the previous frame, previous band, while al

linking
phase (
Both rg

a funct

proces

phaseAlignStrength PasMax PasCurveSlope PasCurveShift

0 0 0 0
1 0,071 4 0,1701 -0,0891
2 0,154 8 03771 -0,189 6
3 0,25 0,625 -0,3
4 03571 09184 -0,418 4
5 0,476 2 1,262 3 -0,5427
6 0,607 1 1,662 4 -0,6707
7 0,75 2,125 -0,8

phaseAlignStrength shall be set to 3 if no other value has been signalled in the

bitstream.

If passiveDownmixFlag==1, then phaseAlignStrength shall be set to 0.

rmediate phase-aligning mixing matrix Min is calculated. With

s

A4,B°

C

'V AB and

ixP

[rix elements are derived as:

M

DMX,B, 4
VB A

eps+‘VB’A‘

his is a recursive regularization process, running for each frame F, processing the frequen
¥ in ascending order.

pularization against phase shifts takes place in two stages: In the first stage, the regularizati

the phase-attracted channels. In the second stage, the regularization limits the update rate of
oefficients in comparison to the previous frame only.
gularization stages make use of a phase update limiting parameter, Hgf’éA , which is formulated

jon of an onset measure of’k so that a low energy portion of a signal does not affect the pha

5ing after’an onset:

ermediate phase-aligning mixing matrix Mmy is modified to avoid abrupt phase shifts, resulting]i

SO
he

as

F.k

CF,k

v,4,4

F.k F-1,k
eps+Cy,A’A +Cy,A,A

6’55& =max(0.15,20.30* -19)x
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10.3.5.4.2 Regularization stage 1

Stage 1 recursively takes into account comparison values Mcmp from the last frame index (F-1) as well as

for the last processing band (k-1). Mcmp is derived from Mmoq at the end of the regularization

process.

The first step of regularization stage 1 combines the comparison data across frequency and time as

follows:
if (F=0)
0 Jfor k=1
M = Mo for k>1 A k%3
(Mg ) for k=3
dlse (i.e. for F>0)

M for k=1
MIE =M MERT  for k>1 A k%3

MF’“‘+(MF""1)* for k=3

cmp

<

here the complex conjugate processing for the thirdband (k=3) accounts for the complex c
groperties of the filterbank.

—

he frequency index k is omitted in the following since the inter-band dependency is now cont
he matrix M’ *

t

The phase change of the current unregularized phase-aligning matrix Mfl .

cmpFk *
tp anf;Fk is measured by amplitude weighting with , /Cf’ 4.4 and comparison against Mfmka ,
MgmeFreq with elements:

.
fwtiFmeFreq,B,A =M cljonk,B,A (M iit,B,A) CyF,A,A
To also take intoZaccount the interdependent channels in the regularization, the relevant en

htermixed with.the attraction matrix TF:

—-

bnjugate
ained in
relative

forming

[ries are

F N waF F
MtimeFrethan - MtimeFreqT
. F
The’phase values of the elements of matrix M, ... are:

F F
timeFreqChan,B,4 — arg (M timeFreqChan, B, 4 )

To avoid constant phase offsets, 6" is adjusted towards zero by 49£ff 'k

timeFreqChan,B,

F o F F F
etimeFrethanStagel,B,A - Slgn (HtimeFrethan,B A ) max (0’ abs (etimeFrethan,B,A) - ediff ,A )
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10.3.5.

4.3 Regularization stage 2

In stage 2 of the regularization another phase comparison parameter, only across time, is calculated:

eF'

time,B, 4

The final regularization parameter is defined to be as close as possible to o~

=arg (M:A_,IIB,A (Mi:t,B,A )* )

timeFreqChanStage1,B8,4 *

but not

further

corresponding angle in the interval —z...z . The final phase parameter is calculated as:

HF

update,B
’a
Hmod, B, A
and thg
F

M mod,B

Finally

F
Mcmp,B

Note th

10.3.5

An ene|
With
M

Cy

where

=M

_ F F
A~ unwrap (HtimcFrchhanStagcl,B,A Htimc,B,A )’

_F . F .k F F
- atimc,B,A + Slgl’l (Hupdatc,B,A )maX(O, abS(aupdatc,B,A) - gdiff,A b
modified, i.e. phase-regularized, mixing matrix elements are obtained ast
_agF . OF
4= Mint,B,A -exp(] : emod,B,A)

M is derived by amplitude weighting the regularized dewnmixing coefficients,

a4 F [~F
A T Mmod,B,A Cy,A,A

4.4 Energy scaling

C yMzod

mod

H [
() denotes the conjugate transpose operator, and

=

mM

1

M

DMX8. % " DMX,B, 4 'Cy,A,A

N
Il

S, =

eps+ M

Cy.B.B

L
Y

than chff 4 Irom U;m,B, 4+ Let unwrap() be a function that maps any angular parameter to. the

at My is used in the time and frequency recursive formulation of regularization stage 1.

rgy scaling is applied to the mixing matrix to obtain the final phase-aligning mixing matrix Mpa.

S

lim,B

:mln(b

max(5,,,,95))

max

where the limits are defined as S, =10"*and S, =10, the final phase-aligning mixing matrix

elements follow as:

MPA,B,A = (Slim,B -AES +(1- AES))-M

mod,B, A

where AES = (1 - passiveDownmixFlag).

298

© ISO/IEC 2019 - All rights reserved


https://standardsiso.com/api/?name=ae8dd5dc9fd35fc913970219c868d6a5

ISO/IEC 23008-3:2019(E)

10.3.5.5 Calculation of output data

The output signals for the current frame F are computed by linearly interpolating the mixing matrices
from the previous frame to the current frame:

F.n
ch

T
:[(nL—HM§A+%MF1J(ymch)TJ for 0<n<lL,

n

o |

— e+ -

Note that the input audio for the above mixing procedure is the first half of the analysis windew

10.3.5.6 F/T-transform (hybrid QMF synthesis)

domain output signal Ze :

he hybrid synthesis:

- = HybridSynthesis(z/,"")

Fy

2o = QMFSynthesis(z),"*)
shall be carried out as defined in ISO/IEC 14496-3:2009, 4.6.18.4.

11 Immersive loudspeaker rendering/format conversion

11.1 Description

Note that the processing steps described above have to be carried out for each-hybrid QME band k

(recursively, for ascending k). In the following procedure the band index,k)is reintrodyced, i.e.

AF.nk _
%ch -

tjme domain signal frame of length L time domain samples per output/channel B, yielding the time

F,n,k

y/ h" The hybrid QMF frequency domain output signal z_"" is transformed to an Noufchannel

~Fv

5 carried out as defined in ISO/IEC 14496-3:2009, Eigure 8.21, i.e. by summing the sub-subbanfs of the
hree lowest QMF subbands to obtain the, three lowest QMF subbands of the 64bapd QMF
epresentation. The subsequent QMF synthesjs:

or the 5.0 and 571 channel output layouts, immersive loudspeaker rendering is chosen to|provide
verhead sound images using surround channel loudspeakers. The immersive loudspeaker renderer is

R
g
d downmixer that converts multichannel signals from transmitted channel configurations with N,
d
3

hannels'to desired reproduction format of either 5.1 or 5.0 system. It has a switching scheme petween
Drendering and 2D rendering using different elevation rendering for height input channels dgpending

n Hnn transmd Had hitctraam randarming2DTuna +0 neavnda aunrhaad e d HRase-BFreoper lxz
I I'ATIOT

itred-bitstream rendering3PFype-toprovideoverhead-sound-imase propes t is thus
O JV Pt oY P*YV R

also called ‘immersive format converter’. The system consists of two major building blocks:

— an initialization algorithm that takes into account static parameters like the input and output
format;

— a signal adaptive downmixing process that operates in a subband domain with a switching

scheme according to the transmitted flag rendering3DType.
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rendering3DType

4
bitstream > DMX process in o loudspeaker
Decoder > QMF domain o signals
mixer output 4
Signals
N DMX L reproduction
mixer output configurator layout
layout

In the
paramég
applies
list of 1
the ma

Input ¢

The optimal mapping for@each input channel is selected depending on the list of output loudspeaks

that ar
channdg
under

Output
azimut

Format Converter

Figure 53 — Main building blocks of the immersive format converter

initialization phase the format converter automatically generates optimized downmixi
ters (like the downmixing matrix) for the given combinationof input and output formats.

ules that has been designed to incorporate psychoacoustie’considerations. Each rule describ
pping from one input channel to one or several output loudspeaker channels.

hannels are

either mapped to a single output channel:

or panned to two output channels;

or (in case of the ‘Voice of God’ ¢channel) distributed over a larger number of output channels;
or (in case of the ‘elevation*rendering’) panned to multiple output channels with differe

panning coefficients over\frequency.

e available in the-desired output format. Each mapping defines downmix gains for the inp
| under consideration as well as potentially also an equalizer that is applied to the input chanr
onsiderationt

setups'with non-standard loudspeaker positions can be signalled to the system by providing t
h and ‘elevation deviations from a regular loudspeaker setup. Further, distance variations of

desired

ng
It

an algorithm that selects for each input loudspeaker the most appropriate mapping rule from a

es

nt

ut
1el

he
he

target loudspeaker positions are taken into account.

For each frame, a bit called rendering3DType is decoded by the decoder and passed to the immersive
format converter. The rendering3DType indicates whether the sound scene is appropriate for the 3D
rendering or 2D rendering over either 5.0 or 5.1 channel layout. For the height input channels, the
immersive format converter uses the “spatial elevation rendering” for 3D rendering when the
rendering3DType is TRUE and “timbral elevation rendering” for the 2D rendering when the
rendering3DType is FALSE. For the non-height input channels, non-elevation rendering uses the same
downmix coefficients regardless of the rendering3DType.
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The actual downmixing of the audio signals is performed on a hybrid QMF subband representation of
the signals. The algorithm makes use of two mechanisms to avoid signal deteriorations like comb-
filtering, coloration, or modulation artifacts.

— Phase-alignment of the multichannel input signals: Correlated input signals that differ in phase

are aligned prior to downmixing them. The alignment process makes use of an attraction
measure to only align the relevant channels for the relevant time-frequency tiles and to avoid
modifications to other parts of the input signal. The alignment is further regularized to avoid
artifacts due to rapid changes of the alignment phase modification terms. The phase-alignment

improves the output signal quality by avoiding narrow spectral notches due to out-
preserving normalization, thus minimizes modulation artifacts. For the downmix cases
in order to provide accurate synchronization of the rendered output.signal. This

explained in subclause 11.4.2.5.

energy scaling that may be inherent in the downmix matrix),

11.2 Syntax

Table 169 — Syntax of FormmatConverterFrame()

bf-phase

signal cancellations that could not be compensated for by energy normalization-becquse of a
limited frequency resolution. It further reduces the need of boosting signals [iin the energy

with the

‘elevation rendering’, the frequency components in the range 2,8 kHz ~ 10-kHz are not aligned

stage is

— Normalization of the downmix process to preserve the input_énergies (except for the desired

The FormatConverterFrame defines the proper renderingtype for the immersive format converijter.

Syntax No. of bits Mnem¢nic
FormatConverterFrame()
{
rendering3DType; 1 uimsbf
}

he flag rendering3DType is created at the encoder based on the audio scene. When the audio

5 = e

11.3 Definitions

11.3.1 Generalremarks

o ~Sila oY

udio signals that are the result of the format conversion process are referred to as output sign

—

scene is

lideband and highly decorrelated at a frame, the flag rendering3DType becomes false and r¢ndering
b achieved by the secondary downmix matrix Mpuxz. In all other cases, the flag becomes true and
endering is achieved by the primary downmix matrix Mpwmx, which provides elevated sound images.

udio signals that are fed into the format converter are referred to as input signals in the fallowing.

nls. Note

hatthe audio input signals of the format converter are audio output signals from the core decodgler.

Vectors and matrices are denoted by bold-faced symbols. Vector elements or matrix elements are
denoted as italic variables supplemented by indices indicating the row/column of the vector/matrix

element in the vector/matrix, e.g. [y,---»,--* ¥, ] =Y denotes a vector and its elements. Similarly, Mg

denotes the element in the ath row and bth column of a matrix M.
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11.3.2 Variable definitions

Nin Number of channels in the input channel configuration.
Nout Number of channels in the output channel configuration.
Mpmx Primary downmix matrix containing real-valued non-negative downmix

coefficients (downmix gains) for the non-elevation rendering and spatial
elevation rendering for 3D rendering over 2D layout. Mpux is basically of
tHrrerrsTot Vo < Vi) but possibly imcreasedto (Mo < (V=573
depending on the input and output layouts. See how the dimension is
changed in subclause 11.4.2.3.

Mpmx2 Secondary downmix matrix containing real-valued non-negative
downmix coefficients (downmix gains) for the non-elevation rendering
and timbral elevation rendering for 2D rendering over 2D layout. The
downmix coefficients for the horizontal input channels are identical to
those in Mpumx. The Mpwx is dimension of (Nout X Nin) butpossibly
increased to (Nou: X (Nin*+5)) depending on the input-and output layouts.
See how the dimension is changed in subclause 14.2.3.

Grq Matrix consisting of gain values per processing band determining
frequency responses of equalizing filters{for all rendering mapping.
Geq,1~5 are used for the non-elevation rendering and timbral elevation
rendering, Ggq7~14 are used for spatial elevation rendering, Geq,15~20 are
used for spatial coloration filter, and Ggq 21~ are used for modified EQ for
randomized setup in subclause'\1'1.4.1.6.5 and coloration filter in
subclause 11.4.1.6.7.6.

Irg Vector signalling which equalizer filters to apply to the input channels
(if any).

L Frame length measured in the time domain audio samples.

\Y Time domyain sample index.

n QME time slot index (= subband sample index).

Ly Frame length measured in QMF slots.

F Frame index (frame number).

K Number of hybrid QMF frequency bands, K = 71.

k QMF band index (1..64) or hybrid QMF band index (1.. K).

A B Channel indices.

eps Numerical constant, eps = 107,
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Flag from the bitstream identifying the rendering type for the elevation
rendering. True for the general audio scene and false for the highly
decorrelated wideband scene (e.g. applause). Accordingly, the primary
downmix matrix Mpmx is chosen when the rendering3DType is TRUE
and the secondary downmnix matrix Mpmxz is chosen when the
rendering3DType is FALSE in the immersive format converter.

Label of the input channel to be rendered by immersive format
converter (e.g. CH U 000).

o

vH0,1~6 (iin)

o

v1.0,1~6 (1in)

(JOLOR_A_B

11.4 Processing

Q. —

11.4.1 Initialization of the format converter
11.4.1.1 General description of the initialization

he initialization of the format cenverter is carried out before audio samples delivered by
ecoder are processed.

The initialization takes the(following input parameters into account.

— The sampling rate of the audio data to process.

— ‘The channel configuration of the desired output format (number and geometric pos
output channels).

Spatial elevation panning coefficients for the input channel (iin) for the

2.8~10kHz in order to provide overhead image. Note that the cogfficient

is always normalized to preserve the input power after mixing)The
number index represents output channels as shown in Table’178.

Spatial elevation panning coefficients for the input channel (iin) for
below 2.8 kHz and above 10kHz. Note that the coefficient is always

normalized to reserve the input power after mixing. The number indgx

represents output channels as shown in Table178.

Tone coloration filter to the output at the'azimuth of +B degrees from

the input at the azimuth of +A degrees based on the ratio between HRTF

at A and HRTF at B. It is determined/by a frequency dependent dynami
cue which represents loudspeaker-to-listener orientation.

()

the core

— The channel configuration of the audio data to process with the format converter (nunmpber and
geometric positions of input channels).

itions of

— Optional: Parameters signaling the deviation of the output loudspeaker positions from a
standard loudspeaker setup (random setup functionality).

It returns:

— The primary frequency dependent downmix matrix Mpux that is applied in the audio signal
processing of the format converter when the rendering3DType is TRUE. Note that the Mpux is
independent variable in the format converter and shall not be taken into account in the core
decoding process in subclause 5.5.3.1.2;
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The secondary frequency dependent downmix matrix Mpux2 that is applied in the audio signal
processing of the format converter when the rendering3DType is FALSE. The Mpwx: is identical
to Mpwy if there is no ‘height’ input channel or ’spatial elevation rendering’ is not possible.

The input parameters to the initialization algorithm are listed in Table 170.

Table 170 — Format converter initialization input parameters

Input format: number of channels and nominal channel setup geometry

fs Sampling frequency in Hertz.
Tazia For each output channel 4, an azimuth angle is specified, determining the deviation
from the standard format loudspeaker azimuth.
Reiea For each output channel 4, an elevation angle is specified, determining the

deviation from the standard format loudspeaker elevation.

Table 1

71 lists the output parameters that are derived during the initialization of thelformat converter.

Table 171 — Format converter initialization output parameters

Mbpwmx Primary Downmix matrix [linear gains] for spatial elevation rendering
(for rendering3DType == 1)

Mbwmxz Secondary Downmix matrix [linear gains] for timbral elevation rendering
(for rendering3DType == 0)

Note t
render

11.4.1

The fol
conver
labels

channe

nat the Mpux1 and Mpuxz include the same input-output downmix matrix for non-elevatipn
ng input channels.

2 Assignment of format converter channellabels to input/output format channels

‘mat converter initialization is based on.a system of rules that are defined in terms of format
er channel labels, see Table 180. To-.allow the application of the initialization rules, the chanmel
have to be assigned to the channels of the input and output formats. Each format converter
| label is associated with a segment of the surface of the unit sphere, as defined in Table 180. The

segmeits are designed to be non-overlapping.

The as
positio
angles
neares
positio
elevati

For ead

signment of channel labels to channels is done by geometrically matching the segments to the
n data associated with'the channels of the input and output formats. The azimuth and elevatipn
in degrees of th® position data associated with the channels shall be rounded towards the
integer nuniber before performing the channel label assignment. Note that the nominal channel
hs shall be(applied in the following matching to channel label sectors, i.e. the azimuth ahd
bn anglesswithout taking into account potential angle deviations signalled in r.;;4 and/or reea.

h'channel that is not an LFE (low frequency enhancement) channel:

If the nominal position of the current channel, defined by its azimuth angle and elevation angle, is

within

or on the border of one of the segments defined in Table 180 then:

— Assign the corresponding channel label (e.g. CH_M_L030) associated with the matching segment.

— Ad

d the angle differences between the nominal position of the current channel and the nominal

position associated with the matching segment (i.e. the angles in the second and third column
of Table 180) to the angle deviations stored in raz4 and reiea.
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Else (i.e. no matching sector found), then:

— Assign the CH_EMPTY label.

If an input or output format contains exactly one LFE channel, then the label CH_LFE1 shall be assigned

to this channel.

If an input or output format contains exactly two LFE channels, then the labels CH_LFE1 and CH_LFE2

shall be assigned to the two LFE channels in the order that minimizes the maximum azimuth

distance

from the channels to the assigned CH_LFE1 and CH_LFE2 nominal azimuth positions.

F an input or output format contains more than 2 LFE channels, then those 2 LFE channels o

I
g
(H_LFE2 nominal azimuth positions. The labels CH_LFE1 and CH_LFE2 shall be @ssigned as in
df two LFE channels. The remaining LFE channels shall not be considered further in the calcyl
d
'

Vith zeros.

11.4.1.3 Handling for unknown input channels

rules-based initialization and the downmix coefficients forumapping this input channel to th
dhannels shall be derived as specified in subclause 10.3:4.6.7.

11.4.1.4 Handling for unknown output formats

F the output format contains at least one chantiel with the label CH_EMPTY assigned to it, or i

unknown output formats.

11.4.1.5 Handling of deviations from standard loudspeaker positions

-

ubclause 11.4.1.6:9

%]

it of the

onsidered setup shall be selected that minimize the maximum azimuth distance to.the CH_LIFE1 and

the case
lation of

ownmix coefficients, i.e. the corresponding lines/columns of the downmiix) matrix shall remain filled

If the label CH_EMPTY is assigned to an input channel, this chiannel shall be considered unknown to the

b output

F at least

|

dne channel label is assigned to more than-one channel of the output format, the output format shall be
donsidered unknown and the derivation.of the downmixing coefficients shall be carried out as §pecified
in subclause 11.4.1.6.9. The rules-based derivation of downmix coefficients shall not be applied for

If the below conditions-are not met, the rules-based initialization is considered to have failed, thle output
brmat shall be conSideéred to be unknown, and the downmixing gains shall be obtained as dé¢fined in

The absolute~values of rai4 and rees shall not exceed 35 and 55 degrees, respectively. The minimum
angle betiveen any loudspeaker pair (without LFE channels) shall not be smaller than 15 degre¢s.

The'values of ra,i4 shall be such that the ordering by azimuth angles of the horizontal loudspeakiers does

ot (‘hnngp Likewise the nrdpring of the hpighf and low ]mldcppnkprc shall not rhnngp

The values of rees shall be such that the ordering by elevation angles of loudspeakers which are
(approximately) above/below each other does not change. To verify this, the following procedure is

applied:
For each row of Table 185 which contains two or three channels of the output format, do:

— Order the channels by elevation without randomization;
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— Order the channels by elevation with considering randomization;

— Ifthe two orderings differ, return an initialization error.

If the below conditions are not met, converter initialization is considered to have failed, and an error
shall be returned.

11.4.1.

11.4.1

6 Rules-based initialization algorithm

The ru
be app
the fo
implen

P . h
L GCILICI dl

es-based initialization algorithm is defined in the following subclauses. The algorithm shall not
ied if the output format is considered unknown as defined in the previous subclausesFof clarity
lowing description makes use of intermediate parameters listed in Table9172 but pn
lentation may omit the explicit use of these intermediate parameters.

Table 172 — Format converter initialization intermediate parameters

S, SP, S Vector of converter source channels [input channel indices]
D, D?, D3 Vector of converter destination channels [output channellindices]
G, G, GS Vector of converter gains [linear]
E, EP, ES Vector of converter EQ indices
Grq Matrix containing equalizer gain values for all EQ/indices and frequency bands

The superscript S/P is the discriminator for the elevation:rendering type. Those with designated

supers
primar
render
non-elg

The inI:mediate parameters describe the dowmixing parameters according to the mapping, i.e. as s¢ts

of par

The for

Cript P are initialized to be used for the ‘spatial elevation rendering’ and used to create the
y downmix matrix Mpmx, those with designated‘Superscript S are for the ‘timbral elevatipn
ng’ and used to create the secondary downmix matrix, and those without superscript are for the
vation rendering and used to create both theprimary and secondary downmix matrixes.

eters S;, D;, G;, E;, per mapping .

mat converter initialization qutput parameters are derived as described in Figure 54.
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For all the input channels, find the rendering rule

next input channel each input channel with next input channel

> the index of (ji) <

l no j next downmix rule
each downmix rule foi the input channel

for the input channel

Y

no
Destination

\ == VIRTUAL? —)\ Valid Fy
\ \

yes yes

no j next downmix rule for /
the input channel
/isPossibleELEV s

yes { elevation rendering l

renderElevSptIParms
{with the parameters of

non-elevation renderin
renderElevTmbrParms €

A

downmix
EQSR; GvH; and GvL )
S S .S S S S P P P P 24 P
s, d, g, e, gain’, n s,d,gvH,gvue,gmru,n
\ 4 A A,

collect all the initialization
parameters of
', D%, G, G'w,
E’, Geq 714, N
il

collect all the initialization
parameters of
s’, D%, G°, E’, Gain®, N°

collect all the initialization
parameters of
S, D, G, E, Gain, GEQ‘[T‘S’ N

s>, D%, G, E,

S, D, G, E, Gain,
Gain® N S5 D%, G, G, E, GE%W, N° e N
H L y EQ}I"Sl y
Post-proeessing for Post-processing for Post-processing for
Rapdom/Setup Random Setup Random Setup
§°, D%, G %, Geq, N° s, 0", G'w, 6", E, Geo, N° $,D, G, E, Geg, N
\ 4 \ Y

Merge the input-output mapping and Create downmix Matrixes, Mpyx and Mpuxz

A\

Viovx and Viomxz

Figure 54 — Rule-based downmix initialization flow

With following steps for each channel:

— Ifthe destination of the downmix rule for the input channel (ii,) is VIRTUAL, isPossibleElev defines
whether the input channel should be rendered by the elevation rendering defined in
subclause 11.4.1.6.7.
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— IfisPossibleElev returns TRUE,

— A set of parameters of sP, d?, gFy, gP1, eP, GEQ.eq(iiy) and nP and another set of parameters of
sS, ds, g5, eS, gains, and nS are initialized by the renderElevParms and renderTmbrParms,
respectively. The parameters of n? and nS indicate the number of output loudspeakers
required for the input channel (i), s?, dP, gPy, gP1, and eP are nP column vectors, s5, ds, g5, es,
and gainS are n® column vectors, Ggq eq(i;,,) iS @ 71 row vector representing the EQ
coefficients for the 71 bands of the input channel (i).

—  The initialization parameters are collected among the group of parameters each primarv
r (=] O r r 7 r J

or secondary, and the downmix rules for next input channel are investigated until all the

input channel mapping is found.

— | IfisPossibleElev returns FALSE, the current downmix rule shall be ignored and the next

downmix rule shall be investigated.

— Ifthe destination is not VIRTUAL, the downmix rule shall be investigated to determine whether the
ru:l‘(i is valid; by checking whether the output layout includes all of the channels invthe destination
co

mn.

— | If the downmix rule is valid,

— A set of parameters shall be initialized by the non-elevation rendering initialization and
added directly to the S, D, G, E, and Gain as specified in sub¢lause 11.4.1.6.3 and to the Ggq
as specified in subclause 11.4.1.6.4.

— The downmix rules for the next input channel shall‘be investigated until all of the input
channel mappings are found.

— | Ifthe downmix rule is invalid, the current downmix rule shall be ignored and the next downnix

rule shall be investigated.

— After collecting all of the initialization parameters for the ‘spatial elevation rendering’, ‘timbral
elgvation rendering’ and ‘non-elevation rendering’ post-processing for random setup shall be
applied.

— Cre¢ate the primary downmix matrix,.combining the ‘spatial elevation rendering’ and ‘non-elevatiqn
rendering’ parameters, and the secondary downmix matrix, combining the ‘timbral elevation
rendering’ and ‘non-elevation rehdering’ parameters.

11.4.1)6.2 Random setups pre-processing

Randoin output loudspeaker setups, i.e. output setups that contain loudspeakers at positions deviating
from tre positions défiried for the desired output format, are signalled by specifying the loudspeaker
positioh deviation.angles as input parameters rai4 and ree4. The angle deviations are taken into accoynt
as a pre-processing step.

Modify|the{channels’ azimuth and elevation angles according to Table 180 by adding ra;4 and rees to the
corresponding channels’ azimuth and elevation angles.

11.4.1.6.3 Derivation of input channel/output channel mapping parameters

The parameters vectors S, D, G, E define the mapping of input channels to output channels. For each
mapping i from an input channel to an output channel with non-zero downmix gain they define the
downmix gain as well as an equalizer index that indicates which equalizer curve has to be applied to the
input channel under consideration in mapping i.

The elements of the parameter vectors S, D, G, E are derived by the following algorithm:
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— Initialize the mapping counter i: i=1, iP=1, iS=1;

Initialize the EQ counter e: e=21 (EQ slots for e from 1 to 5 are occupied by subclause 11.4.1.6.4,

that for e from 7 to 14 are occupied by Table 177, and that for e from 15 to 20 are occupied by Table
174. The EQ counter e will be shared in subclauses 11.4.1.6.5 and 11.4.1.6.7.6 in an incremental

way).

For each input channel, ignoring channels with label CH_EMPTY assigned to them:

el

the Input channel also exists in the output format (e.g. input channel under considej
H_M_R030 and channel CH_M_RO030 exists in the output format), then:

— §;=index of source channel in input
EXAMPLE channel CH_M_R030 in ChannelConfiguration 6 is at second place according to Table
has index 2 in this format.

— D;=index of same channel in output

— G,‘=1,0
—E,':O
— i=i+1

Else (i.e. if the input channel does not exist in the output forinat)

— search the first entry of this channel in the Sourge.column of Table 182, for which the ch
in the corresponding row of the Destination column exist. The VIRTUAL destination sh
considered valid if the isPossibleElev retutns TRUE, which indicates the output format

ation is

181, i.e.

annels
a1l be

contains required channels for the elevdtion rendering of the input channel. The isPossibleElev,

renderElevSptlParms, and renderElevTmbrParms are defined in subclause 11.4.1.6.7.

ALL_U destination shall be considered valid (i.e. the relevant output channels exist) if the
format contains at least one.“€H_U_" channel. The ALL_M destination shall be considerec
(i.e. the relevant output channels exist) if the output format contains at least one “CH_M |
channel. If for no entry.in-Table 182 corresponding to the input channel the channels in

The
b output
valid

[

the

Destination column exist, the rules-based initialization shall terminate and the downmifx gains

shall be derived aceording to subclause 11.4.1.6.9.

If Destination column contains VIRTUAL, then:
[ sP, dPigPy, gP1, eP, n]= renderElevSptlParms (specified in subclause 11.4.1.6.7.4)

forn=1ton?

m=1iP

SPm=5sP, (iin)
DP,, = dpn(iin)
GPr= gan(iin)

GPrr= anH(iin)
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EPp = ePy(iin)

CPrmi= (iin)

CPmo = label of the output channel dP,(iin)
P=iP+1

[ ss, dS, g5, es, gain, nS |= renderElevSptlParms (described in subclause 11.4.1.6.7.5)

forn={1 tons
m =|is
SSm F SSn(iin)
DSk dSn(iin)
G F Gn(iim)
ESm¥ €Sa(iin)
CSmiF (iin)
CSmo|= 1abel of the output channel dP,(iin)
Gainsm = gainy
B=p+1
whare ii, js the input channel label.
Else, if Destination column contains AILL,U, then:
For eadh output channel x with “CHU_” in its name, do:

— |S; = index of source channel in input

— | D; = index of chanu€él x in output

— | G; = (value of Gain column) / sqrt(number of “CH_U_" output channels)
— | E; = value of EQ column

— |Gain; = (value of Gain column)

—i=itl

Else if Destimationmrcotummcontains AL M them:
For each output channel x with “CH_M_” in its name, do:

— S; = index of source channel in input

— D;=index of channel x in output

— G, = (value of Gain column) / sqrt(number of “CH_M_" output channels)
— E;=value of EQ column

— Gain;= (value of Gain column)
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— i=i+1
Else If there is one channel in the Destination column, then:

— §; = index of source channel in input

— D, =index of destination channel in output
— G;=value of Gain column

— E;=value of EQ column

— Gain; = (value of Gain column)

— i=it+1

Hlse (two channels in Destination column):

— §; = index of source channel in input

— D, =index of first destination channel in output
— G, = (value of Gain column) * g;

— E;=value of EQ column

— Gain;= (value of Gain column)

— i=it+1

— Si=8i1

— D;=index of second destination channel in output
— G; = (value of Gain column) * g,

— Ei=E;,

— Gain;= (value of Gain column)

— i=i+1

The gains g; and g; are computed by applying tangent law amplitude panning in the following why.

— Unwrap source destination channel azimuth angles to be positive.

— The azimuth angles of the destination channels are ¢, and «, (see Table 180).
— The azimuth angleé of the source channel ( = panning target) is o .

|0‘1 —a2|

R o, =
0

2

_atao,

— =
center
2

ol AY
center FsreJ PSS\ U, W]

{
U— (U

-10
. __ 8 1 with g_tanao tana +10

e P e

tana, +tana +107"°
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11.4.1.

6.4 Derivation of equalizer gains Ggg

Grq comprises a set of gain values for each frequency band k and equalizer index e. The 5 predefined
equalizers are combinations of different peak filters across different values of e for 1<e<5. Each
equalizer is a serial cascade of one or more peak filters and a gain:

Gk

g N

st fnrtono

EQE—IOZ‘)Hpeak(band(k)fs P.,.P,,.P, j

n=l

where

pand(k) is the normalized centre frequency of frequency band k, specified in Table 183, fsisH]

samplihg frequency, and function peak() is for negative G:
b* +(Q12—2Jf2b2 + 1
peak (b, /,0,G) = —
4 1010 2
b+ 2170+ 1
and otherwise:
G
10
b+ | 12 =2\ +
peak(),f,Q,G): "
b* +[Q2_2jf2b2 +f*

The pa

11.4.1

rameters for the equalizers are specified in Table 184.

6.5 Post-processing for random/setups

Once the output parameters are computed, they are modified according to the specific random azimy

and elg

vations angles. This step only has to be carried out, if not all ree4 are zero. The post-processi

algorithm for non-elevation(rendering is defined as follows.

For ead

if the
contair

h element i in Dy, do:

putput chanhel with index D; is a horizontal channel by definition (i.e. output channel lal
s the label_M_’), and

ifthis output channel is now a height channel (elevation in range 0..60 degrees), and

el

312

if input channel with index S; is a height channel (i.e. label contains ‘_U_’), then

— h= min(elevation of randomized output channel, 35)/35
— Geomp = h- +(1—-h)

Gain;

— Apply compensation gain to DMX gain: G, =G, -G

comp

— Define new equalizer Ggq, with the index e, where Gy, , =h+(1-h)- Gy, E
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—_— El' =e
— e=e+l
else if input channel with index S; is a horizontal channel (label contains ‘_M_")

— h =min(elevation of randomized output channel, 35)/35
— Define new equalizer Ggq,with the index e,

019(E)

where G, = max (0.6310, min(1.5849, (h - IEQ(D)* + (1 - h)) - Gq5,))

= lwel

o oo o

I
Iy
S
e
1
1
[

d 1o Nkl 1 C Jaee T olola 170
dliJu lDl{\Lll) IS UCIITICTU 11T 1T dUIT 170
— Ei=e
— e=-e+l

Table 173 — Inverse spatial elevation filter

Azimuth of D: Front centre Front Side/Rear
! (-1515) (-90 -15) or (15 90) [2180 -90] or [90 180]
D 1 1 1
IEQ(D; ey ey K
o GEos GEor GEos
NOTE EQo,in is defined in Table 177.

xplanation of the post-processing steps defined above,
is a normalized elevation parameter indicating:the elevation of a nominally horizontal outpu]
0 post-processing is applied.

he rule table (Table 182) in general applies a gain of the value in the gain column when maj
pper input channel (‘.U_’ in channel label) to one or several horizontal output channels
hannel label(s)). In case the output channel gets elevated due to a random setup elevation of]
he gain is partially (0<h<1) or fully (h=1) compensated for. Similarly the equalizer definiti

pwards a flat EQ-curve (GSQ,e =const.=1.0) for h approaching h = 1.

h the case that a horizontal input channel is mapped to an output channel that is elevated,
andom setup elévation offset ree 4, the equalizer G];‘Q'Ei is fully applied and IEQ(D;)%, an inversg
patial elevation./filter defined in Table 173, is partially (0<h<1) or fully (h=1) applied. As th
levation filter is designed to provide the tone color of overhead loudspeakers on h
pudspeakers, the inverse of the spatial elevation filter is used to provide the tone color of hd
pudspeakers on overhead loudspeakers. The modified EQ is thresholded within the level
6310, 1.5849].

channel

_M_") due to a random setup elevation offsetreles. For zero elevation offset h=0 follows and effectively

hping an
(_M_’ in
fset reieq,
bns fade

due to a
form of
e spatial
rizontal

rizontal
of 4 dB,

11.4.1.6.6 Spatial coloration filter for the horizontal input channels

When a horizontal input channel at side or rear is panned by two output loudspeakers, e.g. CH_M_L090
is panned by CH_M_L030 and CH_M_L110, the tone color changes. In order to avoid such a change in
tone color, a set of horizontal coloration filters of Ggq 1520 are defined as in Table 174. Here, the filter
name COLOR_A_B means the coloration filter for the output at the azimuth of +B from the input at the
azimuth of +A. The filtering algorithm is:

For each elementiin S do:

© ISO/IEC 2019 - All rights reserved
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A : the magnitude of the azimuth of the input channel with index S;
B : the magnitude of the azimuth of the output channel with index D;
If both S; and D; are horizontal channels and there exists a filter COLOR_A_B_in Table 174,

If the output channel has no deviation in azimuth and elevation, ( 7,,;p, = 0 and ;. 5,=0)

If ==60 &&B==30 Ei=15 (COLOR_60_30)
Elseif A==90 &&B==30 Ei=16 (COLOR_90_30)
Elseif A==60 &&B==110 Ei=17 (COLOR_60_110)
Elseif ==90 &&B==110 Ei=18 (COLOR 90_110)
Elseif ==135 && B ==110 Ei=19 (COLOR_135_110)

Elseif

A==180 && B==110

Ei=20 (COLOR_180_110)

Table 174 — Spatial coloration filters for horizontal channels

Hé:/::‘d COLOR_180_110 | COLOR_090_030 | COLOR_060_110 | COLOR_135_110 | COLOR_090_110 | COLOR_060_030

band Ggg20 Ggg,16 Ggq,17 GgQ,i9 Ggq18 Ggg,15
0 1.2207277 0.82575887 1.0478644 130402648 0.9383601 0.92212301
1 1.2207277 0.82575887 1.0478644 1.0402648 0.9383601 0.92212301
2 1.2207277 0.82575887 1.0478644 1.0402648 0.9383601 0.92212301
3 1.2207277 0.82575887 1.0473644 1.0402648 0.9383601 0.92212301
4 0.79365081 1.1754434 1.01643 0.9288547 1.0755285 1.1108547
5 0.79365081 1.1754434 1.01643 0.9288547 1.0755285 1.1108547
6 0.79365081 1.175443% 1.01643 0.9288547 1.0755285 1.1108547
7 0.79365081 1.1585163 1.0149473 0.90169001 0.98411781 1.1948091
8 0.79365081 1:1585163 1.0149473 0.90169001 0.98411781 1.1948091
9 0.79365081 1.26 0.92721885 1.0003462 1.0241666 1.26
10 0.79365081 1.208599 0.81262708 0.90693218 0.87535268 1.1219938
11 0.79365081 0.97740591 1.0512857 1.0171721 0.97889137 1.0496904
12 0:85933852 0.84453988 1.26 0.97543412 1.2534994 0.90018034
13 0.90390807 0.94619727 1.26 0.91973215 1.26 1.0997185
14 0.88763344 1.0500977 1.26 0.86256438 1.26 1.1820639
15 0.80779493 1.0856131 1.26 0.79612881 1.26 1.26
16 0.80421317 0.99716073 1.26 0.79365081 1.26 1.1002132
17 0.85141277 0.89153987 1.26 0.79365081 1.26 0.98295653
18 0.83064753 0.94386107 1.26 0.79365081 1.26 1.0519516
19 0.81076753 0.99713677 1.26 0.79365081 1.26 1.1632811
20 0.79365081 1.1471872 1.26 0.79365081 1.26 1.26
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Hg;lr;d COLOR_180_110 | COLOR_090_030 | COLOR_060_110 | COLOR_.135_.110 | COLOR_090_110 | COLOR_060_030

band Ggg,20 Ggq 16 Ggq17 Ggg 19 Ggg,18 Ggq15
21 0.79365081 1.26 1.26 0.79365081 1.26 1.26
22 0.79365081 1.26 1.26 0.79365081 1.26 1.26
23 0.79365081 1.26 1.26 0.79365081 1.26 1.26
24 0.79365081 1.26 1.1467814 0.79365081 1.26 1.26
25 0.79365081 1.26 1.0131826 0.79365081 1.233322 1.26
26 0.79365081 1.26 0.90711004 0.79365081 1.1852934 1.26
27 0.79365081 1.26 0.81770629 0.79365081 1.0953486 1.26
28 0.79365081 1.26 0.79365081 0.79365081 1.0236902 1.26
29 0.79365081 1.26 0.79365081 0.79365081 0.98883402 1.26
30 0.79365081 1.26 0.79365081 0.79365081 0.92739761 1.26
31 0.79365081 1.26 0.79365081 0.82225895 0:9255684 1.26
32 0.79365081 1.26 0.82704854 0.84583306 0.97202152 1.26
33 0.79365081 1.26 1.0166014 0.7936508{ 1.030863 1.26
34 0.79365081 1.26 1.2003248 0.79365081 1.1947373 1.26
35 0.79365081 1.26 1.2016704 0.79365081 1.26 1.26
36 0.79365081 1.26 1.0472132 0.79365081 1.26 1.26
37 0.79365081 1.26 0.92362517 0.79365081 1.218715 1.26
38 0.79365081 1.26 0.8078649 0.80314553 1.2225702 1.26
39 0.79365081 1.26 0:79365081 0.825122 1.1719567 1.148220B
40 0.79365081 1.26 0.79365081 0.82577235 1.0976481 0.95546333
41 0.79365081 1.26 0.79365081 0.82158899 1.0299088 0.81616014
42 0.79365081 1.26 0.79365081 0.81514698 0.98753756 0.79365081
43 0.79365081 11031394 0.79365081 0.84100527 0.99518955 0.79365081
44 0.79365081 0.95639628 0.79365081 0.89222193 1.0115879 0.79365081
45 0.79365081 0.79763001 0.79365081 0.88660526 0.97977269 0.79365081
46 0.79365081 0.79365081 0.89757115 0.85831517 0.99019438 0.79365081
47 0.79365081 0.79365081 1.0443652 0.86586368 1.0341145 0.79365081
48 0.79365081 0.79365081 1.1831371 0.84102261 1.0767646 0.79365081
49 0.79365081 0.79365081 1.26 0.86726952 1.1670161 0.79365081
50 0.79365081 0.79365081 1.26 0.89460015 1.26 0.79365081
51 0.79365081 0.79365081 1.26 0.80968457 1.26 0.79365081
52 0.79365081 0.79365081 1.26 0.79365081 1.26 0.80474436
53 0.79365081 0.79365081 1.26 0.79365081 1.26 0.87647426
54 0.79365081 0.87519455 1.26 0.79365081 1.26 0.93920386
55 0.79365081 0.98095393 1.26 0.79365081 1.26 0.99611974
56 0.79365081 1.0163895 1.26 0.79365081 1.26 0.97187245
57 0.79365081 1.0274936 1.26 0.79365081 1.26 0.93501246
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Hngr;d COLOR_180_110 | COLOR_090_030 | COLOR_060_110 | COLOR_135.110 | COLOR_090_110 | COLOR_060_030
band Geg.20 Geg.16 Ggq.17 Ggg.19 Grq .1 Geg.1s
58 0.79365081 1.0639353 1.26 0.79365081 1.26 0.95474315
59 0.79365081 1.1517589 1.26 0.79365081 1.26 1.0320153
60 0.79365081 1.22469 1.26 0.79365081 1.26 1.1006937
61 0.79365081 1.26 1.2404966 0.79365081 1.26 1.1356862
62 0.79365081 1.26 1.226367 0.79365081 1.26 1.1986256
63 0.79365081 1.26 1.2287724 0.79365081 1.26 1.26
64 0.79365081 1.26 1.223058 0.79365081 1.26 1.26
65 0.79365081 1.26 1.1695373 0.79365081 1.26 126
66 0.79365081 1.26 1.1292651 0.79365081 1.26 1.26
67 0.79365081 1.26 1.0702422 0.79365081 1.1744785 1.26
68 0.79365081 1.26 0.96692592 0.79365081 1.0516917 1.26
69 0.79365081 1.26 0.96692592 0.79365081 110516917 1.26
70 0.79365081 1.26 0.99395496 0.79365081 0.97151875 1.26
11.4.1)6.7 Elevation rendering

11.4.1

Elevati

6.7.1 General

bn rendering is intended to provide an overhead-sound image when using a 5.1 channel layo

When

he Destination column contains VIRTUAL, the variable isPossibleElev determines whether t
input channel shall be rendered by the elevation rendering and is determined by comparing the outp
channg|l configuration and the required output'channels for the spatial elevation rendering.

able 175 — Detail informationof the elevation rendering initialization parameters

SP |Mector of converter source-Chahnels [input channel indices] e

— Y Initialization parametgrs
DP |Vector converter destination channels [output channel indices] . .

. for spatial elevation
GPy |Vector of converter gains for 2.8~10kHz components renderin
GP, |Vector of converter-gains below 2.8kHz and above 10kHz components &

—— (renderElevSptlParms
EP |Vector of converter EQ indices
Ss | Vector of conyerter source channels [input channel indices] Initialization parametdrs
DS |NMector conveérter destination channels [output channel indices] for timbral elevation
GS |Vector.oficonverter gains [linear] rendering
ES |Vector’of converter EQ indices (renderElevTmbrParnis)
Grq |Matrix containing equalizer gain values for all EQ indices and EQ matrix for all
requency bands rendering types

When isPossibleElev is TRUE, two sets of parameters for the spatial elevation rendering and timbral
elevation rendering are initialized using renderElevSptlParms and renderElevTmbrParms. The
parameters of SP, DP, GPy, GPy, and EP, initialized by renderElevSptlParms, are for the spatial elevation
rendering, and SS, DS, GS, and ES, initialized by renderElevTmbrParms, are for the timbral elevation

rendering. The intermediate parameters describe the dowmixing parameters per mapping index i, i.e.

as sets

316

of parameters SP;, DP;, GPiy, GP;;, and EP..
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11.4.1.6.7.2 isPossibleElev : Decision whether elevation rendering is valid for the output layout

The isPossibleElev boolean function returns TRUE when all of the required output channels exist. The
required output channels are defined in Table 176, indicating 1 for the required channel and 0 for the
unnecessary channel. For example, CH_M_L030, CH_M_L110, and CH_M_R110 are required in order to
use elevation rendering for the input channel CH_U_L030. If any of the required output channels for the
input channel is not in the output channel configuration, isPossibleElev shall return FALSE and
elevation rendering shall not be applied for that input channel.

Table 176 — Required output channels for elevation rendering for isPossibleElev

Input Required Output Channels

Channel | v L030 | CH.M_R030 | CH_M_000 CHLLFE1 | CHMI110 | CH.MR110
CH_U_000 1 1 1 0 1 1
CH_U_L045 1 1 0 0 1 1
CH_U_R045 1 1 0 0 1 1
CH_U_L030 1 1 0 0 1 1
CH_U_R030 1 1 0 0 1 1
CH_U_L090 1 0 0 0 1 1
CH_U_R090 0 1 0 0 1 1
CH_U_L110 1 0 0 0 1 1
CH_U_R110 0 1 0 0 1 1
CH_U_L135 1 0 0 0 1 1
CH_U_R135 0 1 0 0 1 1
CH_U_180 1 1 0 0 1 1
CH_T_000 1 1 1 0 1 1

11.4.1.6.7.3 initElevSptiParms : Initialization of elevation rendering parameters based on the
input channel elevation

he initial values~of the spatial elevation filters and the elevation panning coefficients are| defined
h Table 177, Table 178, and Table 179 for the ‘height’ input channels, except CH_T_000. When 3 ‘height’
hput channel-(except CH_T_000) has the elevation higher than 35 degrees, the spatial elevation filter
oefficients/and elevation panning coefficients shall be updated according to the degree of the e]evation.
ote that the elevation sector is defined from +21 to +60 degrees for the height channels in Table 182.

— Ny e = 3

orthe alavation randaorinag af an innut
oF—+tre-erevatontenae i3 Pp

For convenience, eq(i;,) is defined as the EQ column, e.g. if the i;,, is CH_U_000, eq(i;,) is 9 (EQVFC).

annal an FQ ic calactad fram tho EOQ caoliymn afthe T4 b]e 182
HHResh-er-is-Sereeteatroh-+tie HrF-CotHRR-6+tHe—+1< .
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Table 177 — Spatial elevation filter initial values (for the 35 degrees in elevation)

Hybrid EQojiin ()
QMF

ba(rz;S) 7(EQVF) | 8(EQVB) | 9 (EQVFC) (EQl\?BC) (Eleloc) (Eg/S) (EQ?TM) (EQI\;IBA)
0 0.841395 | 0819093 | 0.68508532 | 0.770312 | 0.62528018 | 0.877674 | 0922571 | 0.877674

1 0.841395 | 0819093 | 0.68508532 | 0.770312 | 0.62528018 | 0.877674 | 0922571 | 0.877674

2 0874312 | 0922571 | 0.71188768 | 0.940445 | 0.62528018 | 0.901571 | 1143756 | 0.9885F3

3 0874312 | 0922571 | 071188768 | 0.940445 | 0.62528018 | 0.901571 | 1.143756 | 0:988553
4 0926119 | 0980995 0.83 1.015469 | 0.67516235 1 1117721 0} -1.051165
5 0926119 | 0.980995 0.83 1.015469 | 0.67516235 1 1117720 | 1051165
6 0944061 | 0.887837 | 0.76867877 1 0.72902365 | 0.905038 | 10023293 | 0.9513B5

7 0.944061 | 0887837 | 076867877 1 0.72902365 | 0.905038 (,1023293 | 0.9513B5
8 0944061 | 0.887837 | 0.76867877 1 0.72902365 | 0.905038-] 1.023293 | 0.9513B5

9 0908518 | 0958665 | 0.76867877 | 0.887837 | 070157643 | 1039122 | 0922571 | 1.0272p8
10 0908518 | 0958665 | 0.76867877 | 0.887837 | 070157643 [%1.039122 | 0922571 | 1.0272p8
11 0944061 | 0936843 | 079875133 | 0.838172 | 0.72902365 | 1.023293 | 0.940445 | 0.8609p4
12 0944061 | 0936843 | 079875133 | 0.838172 | 0.72002365 | 1.023293 | 0.940445 | 0.8609p4
13 0944061 | 0936843 | 079875133 | 0.838172 |:0.72902365 | 1.023293 | 0.940445 | 0.8609p4
14 0980995 | 0962351 0.83 0.922571- 0.64974255 | 0940445 | 0940445 | 0992354
15 0980995 | 0962351 0.83 0922571 | 0.64974255 | 0.940445 | 0940445 | 0.992354
16 0980995 | 0962351 0.83 0922571 | 0.64974255 | 0.940445 | 0940445 | 0.992354
17 0980995 | 0962351 0.83 0922571 | 0.64974255 | 0.940445 | 0940445 | 0.992354
18 0887153 | 0916638 | 072234819 | 0916638 | 0.63446387 | 09525 | 0.829592 | 0.90943
19 0.875087 | 0899232 | 071251848 | 0.899232 | 0.62583427 | 0.934412 | 0813839 | 0.8923F7
20 0933012 | 0863327 07596824 | 0.830823 | 0.66726037 | 0.917998 | 0.883436 | 0.8567p6
21 0922109 | 0849286, 075080472 | 0.817263 | 0.65946291 | 0.903015 | 0.869017 | 0.842743
22 0912036 | 0836276 | 074260266 | 0.804791 | 0.65225907 | 0.889235 | 0.855756 | 0.8298B2
23 0902688 |C0)824301 | 073499156 | 0.793266 | 0.64557314 | 0.876501 | 0.843501 | 0.8179p8
24 0.893979) ) 0.816315 | 0.72790004 | 0.813189 | 0.61527373 | 0.864685 | 0922978 | 0.8746p8
25 0885822 | 0.805907 | 072125921 | 0.802821 | 0.60966047 | 0.853661 | 091121 | 0.8635#5
26 0878166 | 0796173 | 071502508 | 0.793123 | 0.60439092 | 0.843349 | 0.900203 | 0.8531f14
27 090502 | 0802272 | 07368906 | 078401 | 0.64724144 | 0.866273 | 093538 | 0.9176p3
28 0897936 | 0793493 | 07311221 | 0775431 | 06421749 | 0856795 | 0925145 | 0.907563
29 07943 | 0785196 | 0.64673932 | 0.815915 | 0.56805749 | 0.815915 | 1.003794 | 0.918991
30 0788618 | 0777344 | 0.6421129 | 0.807755 | 0.56399394 | 0.807755 | 0.993756 | 0.909801
31 0.783206 | 0738062 | 0.63770643 | 0710275 | 0.53903577 | 0.769886 | 0.84093 | 0.790848
32 0778048 | 0731266 | 0.63350663 | 0703734 | 0.53548544 | 0.762797 | 0.833186 | 0.783566
33 0773116 | 0724785 | 0.62949109 | 0.697497 | 0.53209122 | 0.756036 | 0.825802 | 0.776621
34 0.659052 | 0545115 | 053661741 | 0.483973 | 0.48977268 | 0.566441 | 0.691546 | 0.584101
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Hybrid EQo,lin (-)
QMF
(71 10 11 12 13 14

bands) | 7(EQVF) | 8(EQVB) | 9(EQVFC) | \poypcy | (EQuoG) | (EQVS) | (EQBTM) | (EQVBA)
35 0.655171 | 0.540626 | 0.53345677 | 0.479988 | 0.48688833 | 0.561776 | 0.685851 | 0.579291
36 0.651447 | 0536328 | 0.53042478 | 0.476172 | 048412123 | 0.557311 | 0.6804 0.574686
37 0.647865 | 0532204 | 0.52750816 | 0.47251 | 0.48145865 | 0.553025 | 0.675167 | 0.570266
38 0644418 | 0528244 | 052470193 | 0468995 | 047889724 | 0.54891 | 0.670144 . |0.566024
39 0.641096 | 0.524436 | 0.52199696 | 0.465614 | 0.47642896 | 0.544953 | 0.665313. Y [0.561943
40 0.637889 | 0.520767 | 0.51938578 | 0.462356 | 0.39127933 | 0.54114 | 0.660658 | [0.558012
41 0.634793 | 0517232 | 0.51686507 | 0.459218 | 0.38937988 | 0.537467 | ~0656173 | [0.554224
42 0.631798 | 0513818 | 05144257 | 0456187 | 0.38754274 | 0.53392)3° 0.651843 | [0.550566
43 0.628901 | 0510523 | 0.51206767 | 0.453261 | 0.3857659 | 0.530496 | 0.647662 | [0.547035
44 0.626093 | 0507335 | 050978102 | 0.450431 | 0.38404333 0627183 | 0.643618 | 0.543619
45 0.623373 | 0504251 | 0.50756575 | 0.447693 | 0.38237503-}/0.523978 | 0.639706 | [0.540315
46 0.620731 | 0501262 | 0.50541522 | 0.445039 | 0.3807543 | 0.520873 | 0.635914 | [0.537112
47 0.618168 | 0.498367 | 05033286 | 0.442469 | 037918248 | 0.517864 | 0.632241 | |0.53401
48 0.615676 | 0.495557 | 0.50129925 | 0.439974 <] 037765354 | 0.514944 | 0.628675 | [0.530998
49 0.613254 | 0.49283 | 049932717 | 0437553" | 0.37616815 | 0.51211 | 0.625216 | [0.528077
50 0.610896 | 0.490179 | 0.49740738 | 0435199 | 0.37472162 | 0.509356 | 0.621853 | 0.525236
51 0.608602 | 0.487604 | 0.49553988 |.\0432913 | 0.37331462 | 0.50668 | 0.618586 | |0.522477
52 0.606366 | 0.485097 | 049371886~ 0.430687 | 0.37194246 | 0.504075 | 0.615406 | [0.519791
53 0.604187 | 0.482659 | 049194432 | 0428522 | 0.37060648 | 0.501541 | 0.612313 | [0.517178
54 0.602061 | 0.480282 |-049021294 | 0426412 | 0.36930199 | 0.499072 | 0.609298 | [0.514632
55 0599987 | 0.477968 \])0.48852472 | 0.424358 | 0.36803033 | 0.496667 | 0.606362 | [0.512152
56 0597962 | 0.475711 | 0.48687551 | 0.422354 | 0.36678748 | 0494321 | 0.603498 | [0.509733
57 0.595984 | (0.47351 | 0.48526614 | 0.4204 | 0.36557478 | 0.492034 | 0.600706 | [0.507375
58 0.594051. () 0.47136 | 0.48369163 | 0.418491 | 0.36438888 | 0.489801 | 0.59798 | [0.505072
59 0.5924627| 0.469263 | 048215364 | 0.416629 | 0.36322978 | 0.487622 | 0.595319 | [0.502825
60 0590313 | 0.467213 | 048064802 | 0.414809 | 0.36209614 | 0.485492 | 0.592718 | [0.500628
61 0588505 | 0.465211 | 04791756 | 0.413032 | 0.36098729 | 0.483411 | 0.590178 | [0.498483
62 0586734 | 0.463252 | 0.47773389 | 0.411293 | 0.35990055 | 0.481376 | 0.587694 | |0.496384
63 0.585001 | 0.461338 | 0.47632289 | 0.409593 | 0.35883726 | 0.479386 | 0.585265 | [0.494332
67 0583302 | 0459463 [ 047493928 [ 0407929 [ 035779541 [ 0477439 | 0582887 | 0.492324
65 0.581638 | 0.45763 | 047358472 | 0406301 | 0.356775 | 0475533 | 0.58056 | 0.490359
66 0.580006 | 0.455833 | 0.47225589 | 0.404705 | 0.35577402 | 0.473666 | 0578281 | 0.488434
67 0.578407 | 0.454074 | 047095362 | 0403144 |0.35479247 | 0471838 | 0.57605 | 0.486549
68 0576837 | 0.45235 | 0.46967542 | 0.401613 | 0.35382968 | 0.470046 | 0573862 | 0.484701
69 0.575697 | 0.451098 | 0.46874665 | 0.400502 | 0.3531302 | 0.468746 | 0.572275 | 0.48336
70 0.573327 | 0.448501 | 046681773 | 0398196 | 0.35167697 | 0.466048 | 0.56898 | 0.480578
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When the 'height’ input channel iin has higher elevation than 35 degrees, the spatial elevation filter is
calculated from EQléllin (eq(ijy)) in Table 177 by:

If the input channel, ii,, is frontal side : azimuth is in the range of (-90, 90)

20 - logyo (EQS i (q(iin)) ) + 0.05 - log, (fy - ,/6000) + 1 for fi - £, > 8000

EQ} ap(eq(iim)) =
Tab(€q(iin) { 20 - logy, (EQlé,nn(eq(iin)))+ 1 otherwise

EQIZ(,db(eqciin)) = EQlf_db(eq(iin)) * (1 + min(max(elv — 35,0),25) - 0.05)

1O(EQ‘Zﬁdb(eq(im))—1)/20—0.05-log2(fk-fs/eooo) for f, - f, > 8000

GXo ea(in) = {
Qeq(ijn) .
" 10(EQ§'db(eq(li“))_1)/ 20 otherwise

else (the input channel is rear side : azimuth is either in [-180, -90] or in [90, 180])

20 - logy, (EQ{;“n(eq(iin))) +0.07 - log, (fi - f;/6000) + 1 for f, - f; > 8000

EQ1ab(eq(im)) =
1,db( in)) { 20 - logy, (EQlé,lin(eQ(iin))) +1 otherwise

EQ5 ap(eq(iin)) = EQY g (eq(iin)) - (1 + min(max(elv — 35,0), 25),- 0:05)

10(EQan(catin))-1)/20-0.071oga fcfs/6000) o F 5 8000
S

GEoeq(iny =
Q i .
eatin) ; 10(EQ§'db(eq(li"))_1)/ 20 otherwise

where [fx is the normalized centre frequency of frequency band Kk, specified in Table 183, f; is the
sampling frequency, and elv is the elevation of the jgput channel.

When the ‘height’ input channel i, does not have higher elevation than 35 degrees, use the initial filfer
coefficients according to:

GIE(IQ,eq(iin) = EQSjin(eq(iin))

The sphtial elevation panning coefficients shall also be updated for the ‘height’ input channels, excgpt
CH_T_(00 and CH_U_180, for the'different elevation degrees. Table 178 and Table 179 show the initjal
panning coefficients for thednput channels with the elevation of 35 degrees. When the elevation of the
input ¢hannel is higher than 35 degrees, the ipsilateral gain applied to the input channel shall pe
reducefl and the contralateral channel shall be boosted with the gain difference g;(elv) and g¢(elv).
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Table 178 — Initial spatial localization panning coefficients for 2,8 kHz ~ 10 kHz
(35 degrees in elevation)

Gvho,1~6 (1in)
Channel
label, iin CH_M_L030 CH_M_R030 CH_M_000 CH_LFE1 CH_M_L110 CH_M_R110
(Gvho,1(iin)) (Gvho,z(iin)) (Gvno,3(iin)) (Gvno,4(iin)) (Gvuo,5(iin)) (Gvno,6(iin))

CH_U_000 0.49146774 0.49146774 0.34746769 0 0.44507593 0.44507593
CH_U_LO45 0.70916151 0.27444959 0 0 0.06962642 0.3T150770
CH_U_R045 0.27444959 0.70918131 0 0 0.31150770 0.56p82642
CH_U_LO030 0.70918131 0.27444959 0 0 0.56982642 0.311150770
CH_U_RO030 0.27444959 0.70918131 0 0 0.31150770 0.56p82642
CH_U_L090 0.56040317 0 0 0 0.81,550622 0.14#56093
CH_U_R090 0 0.56040317 0 0 0.14456093 0.81550622
CH_U_L110 0.34278116 0 0 0 0.91200900 0.22b25696
CH_U_R110 0 0.34278116 0 0 0.22525696 0.91200900
CH_U_L135 0.34278116 0 0 0 0.91200900 0.22b25696
CH_U_R135 0 0.34278116 0 0 0.22525696 0.91200900
CH_U_180 0.22851810 0.22851810 0 0 0.66916323 0.66p16323
CH_T_000 0.45328009 0.45328009 0.33519593 0 0.48822021 0.48822021

Table 179 — Initial spatial localization panning coefficients below 2,8 kHz and above 10 kHz
(35 degrees in elevation)

Gyro,1~6 (1in)

Channel
label, iin CH_M_L030 CH_M:R030 CH_M_000 CH_LFE1 CH_M_L110 CH_M| R110
(Gvro,1(iin)) (Gvroz(iin)) (Gvro,3(iin)) (Gvro,a(iin)) (Gyros(iin)) (Gvrofs(iin))
CH_U_000 0.61940062 0.61940062 0.43791625 0 0 0
CH_U_L045 1 0 0 0 0 0
CH_U_R045 0 1 0 0 0 0
CH_U_L030 1 0 0 0 0 0
CH_U_RO030 0 1 0 0 0 0
CH_U_LO90 0.36730000 0 0 0 0.93010002 0
CH_U=R090 0 0.36730000 0 0 0 0.93010002
CH,U_L110 0 0 0 0 1 0
CH_U_R110 0 0 0 0 0 1
CH_U_L135 0.34278116 0 0 0 0.91200900 0.22525696
CH_U_R135 0 0.34278116 0 0 0.22525696 0.91200900
CH_U_180 0.22851810 0.22851810 0 0 0.66916323 0.66916323
CH_T_000 0.45328009 0.45328009 0.33519593 0 0.48822021 0.48822021
For all height input channel ii,, the Gyu,1~6 and Gyi,1~¢ shall be initialized with Guro,1~6:
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Gyn,1~6(in) = Gyno,1~6(iin)

Gyr,1~6(iin) = Gyro,1~6(iin)

For each height input channel ij,, the Gyn,1~6 shall be calculated from Gyuo,1~6:

Aseto

If the input channel is CH_U_000,

GvH S(iin) — 10(0.2S-min(max(elv—35,0),25))/20 . GvHO S(iin)

GvH G(iin) — 10(0.25-min(max(e1v—35,0),25))/20 . GvHo 6(iin)

Elseif the input channel is not CH_U_180

if the input channel is side : azimuth is either in (-110, -70) or in (70, 110);

gl(elv) — 10(—0.05522-min(max(elv—35,0),25))/20
gc(elv) — 10(0.41879-min(max(elv—35,0),25))/20

else (the input channel is frontal or rear in [-70, 70], [-180/110], or [110 180] )
gl(elv) — 10(—0.04—7401-min(max(elv—35,0),25))/20

gc(elv) - 10(0.14985-min(max(elv—35,0),25))/20

For each output channels ipsilateral to the input’channel,
(e.g. CH_M_L030 and CH_M_L110 for CH_U_L045)

Gy 1(in) = g1(elv) * Gypo(iin)
where the I of Gyy 1 (ijn) represents the indices ipsilateral to the i;,

For each output channels contralateral to the input channel,
(e.g. CH_M_R030 and-CH_M_R110 for CH_U_L045)

Gyn,c(iin) T8c(elv) * Gypo,ciin)

where‘the C of Gy ¢ (ij,) represents the indices contralateral to the i,
Gyt (lin) = gc(elv) * Gypo,c(iin)

where the C of Gy ¢ (ij,) represents the indices contralateral to the i,

cp:\fia] localization panning coefficients for the inpnf channel is normalized to make the sum

powers be 1.

322

PGvH (ijn) = ’ g:l G\ZIH,O (ijn)

. 1 .
GVH,1~6 (lin) = Pg GVH,1~6(1in)
VH

If the input channel is in [-160, -110) or (110 160], Gy, ¢ (i) shall be updated :

of
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Gyr1(iin) = gi(elv) * Gypo;(iin)

Gyr,c(iin) = gc(elv) - Gyro,c(iin)

PGvL(iin)= ’ 2:1G\2/L,o(iin)

. 1 .
GVL,1~6(1i]"l) = Po GVL,1~6(1i1’1)
vL

=

1

I

ote that only the panning coefficients of the Gy, ;¢ for the rear input channels change and\{
he frontal /side input channel do not.

s a result of initElevSptlParms following parameters are derived:

GEQ_eq(iin): Updated spatial elevation filter coefficient vector (71band) for the)input channel i

Gyn1~6(iin) : Updated spatial elevation panning coefficients for the/input signal in the
.8~10 kHz

Gyr1~6(iin) : Updated spatial elevation panning coefficients for the input signal below 2.8

above 10 kHz

for spatial elevation rendering

enderElevSptlParms initializes the input-output.channel mapping for spatial elevation rend

an input channel (iin).

Initialize the mapping counter i=1;
Form=1to 6

— If Guum (i) >1
— sP;=index of(source channel i,
— dP;=index of channel m in output
— gPin =(value of Gain column) * Gyym (iin)
— gPa=(value of Gain column) * Gyi,m (iin)

— €=eq(iin)
~Xi=i+1
nP <=v-1;

teturn { sP, dP, gPy, gP1, eF, and nP }

hose for

n-

range of

kHz and

1.4.1.6.7.4renderElevSptlParms : Derivation of input-otuitput channel mapping and equalizer

bring for

Note that the initialization does not add the input-output channel mapping that the gain g*» is zero and

e

q(ijy) is from 7 to 15.

By applying the downmix rules defined in Table 182 with the spatial elevation filter and spatial
localization panning coefficients, the spatial elevation rendering parameters for each input channel is

S

ummarized as:

— CH_U_L135, CH_U_R135, CH_U_180, or CH_T_000
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324

Spatial elevation filter: the HRTF-based EQs (EQVB, EQVBC, or EQVOG)

— Spatial elevation panning: Filtered signal is multiplied by the same panning coefficients over all

frequency (the gPy is identical to the gP1,)

CH_U_L110,and CH_U_R110

Spatial elevation filter: the HRTF-based EQ (EQVBA)

— Spatial elevation panning: Filtered EQ signal is multiplied by the different panning coefficients

CH

CH

CH

| U_L090 and CH_U_R090

| U_L030, CH_U_R030, CH_U_L045, CH_U_R045

| U000

over frequency range
— 8Py for the elevation-effective range (2,8 k ~ 10 kHz)

— gPL for the rest frequency range: Use the “add-to-the-closest channel” method in order
provide enough envelopment and keep the audio channel wide enough.

Spatial elevation filter: the HRTF-based EQs (EQVS)

Spatial elevation panning: Filtered EQ signal is multiplied by the‘different panning coefficie
over frequency range

— gPu for the elevation-effective range (2,8 k ~ 10 kHz)

— gP for the rest frequency range: Panned at\90 degrees using front and surrou
loudspeakers in order to provide enough envelopment and keep the audio channel wi
enough.

Spatial elevation filter: the HRTF-based-EQs (EQVF)

Spatial elevation panning: Filtered-EQ signal is multiplied by the different panning coefficier
over frequency range

— 8Py for the elevation-effective range (2,8 k ~ 10 kHz)

— gPL for the restfrequency range: Use the “add-to-the-closest channel” method in order
provide engugh envelopment and keep the audio channel wide enough.

Signals for~‘the surround loudspeakers, CH_M_L110 and CH_M_R110, are delayed
approxiniately 3 msec in order to avoid front-back confusion using the precedence effect. H
details'see subclause 11.4.2.3

1ts

de

1ts

Spatial elevation filter: the HRTF-based EQ (EQVFC)

— Spatial elevation panning: Filtered EQ signal is multiplied by the different panning coefficients

over frequency range

— gPu for the elevation-effective range (2,8 k ~ 10 kHz)

— gP;. for the rest frequency range: panned among three frontal output channels, CH_M_L030,

CH_M_000, and CH_M_R030.
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— Signals for the surround loudspeakers, CH_.M_L110 and CH_M_R110, are delayed by
approximately 3 msec in order to avoid front-back confusion using the precedence effect. For

details see subclause 11.4.2.3

11.4.1.6.7.5renderElevTmbrParms : Derivation of input-output channel mapping and equalizer
for timbral elevation rendering

In the same manner as renderElevSptlParms, renderElevTmbrParms initializes another input-
output channel mapping for timbral elevation rendering for the same input channel ij,. The parameters

are initialized following subclause 11.4.1.6.3 but ignoring the downmix rules with a destinatig
VIRTUAL. As aresult, a set of s5, dS, g5, eS, and gainS$ are defined for the input channel iix by-the

Initialize the mapping counter i=1;

Search the first entry of the input channel in the Source column of the Table182 and the
in the Destination column exist below the entry with VIRTUAL destination.

If Destination column contains ALL_U, then:
For each output channel x with “CH_U_” in its name,.do:

sS; = index of source channel in input

ds; = index of channel x in output

g5 = (value of Gain column)/sqrt(number of “CH_U_" output channels)
eS; = value of EQ column

gain; = (value of Gain colum)

i=i+1

Else if Destination column contains ALL_M, then:

For each output chahnel x with “CH_M_” in its name, do:

sS; = indexwf source channel in input

ds; = index of channel x in output

g5(=)(value of Gain column)/sqrt(number of “CH_M_" output channels)
e5; = value of EQ column

gain; = (value of Gain column)

i=i+1

Else If there is one channel in the Destination column, then:

sS; = index of source channel in input

;I: field of
rocess.

thannels

ds; = index of destination channel in output
gsi = value of Gain column

eS; = value of EQ column

if eS; == 13 (EQBTM)

€5 =0 (No Process)

gain;= (value of Gain column)

© ISO/IEC 2019 - All rights reserved
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— i=i+1
Else (two channels in Destination column)
— s5;=index of source channel in input
— dS = index of first destination channel in output
— g5 = (value of Gain column) * g,
— eS;=value of EQ column
— ifes;== 13 (EQBTM)

— €5 =0 (No Process)

— gain;= (value of Gain column)

— i=i+1

— 85 =55

— dS = index of second destination channel in output
— g5 = (value of Gain column) * g,

_ eSi=eSy

— gain; = (value of Gain column)

— i=i+1

nS=1i-1[;
return { s5, dS, g5, eS, gain and ns }

The gains g1 and g, are computed by applying:tangent law amplitude panning in the following way.

1) | Unwrap source destination channel’ azimuth angles to be positive.

2)| The azimuth angles of the destination channels are ¢, and «, (see Table 180).

3)| The azimuth angle of the source channel ( = panning target) is «_. .

o, —a
4| «, :—| 1 > 2|
o+
5) acenter N f
6) & = (acenter - 6lsrc ’ Sgn(a2 - al)
, t —tana +107"
7 g _ 1 with g= ana, —tana +10

gl——,—ng & l_1+g2 tan o, +tana +107"°

11.4.1.6.7.6 Post-processing for random setups with elevation rendering

After the parameters of SP, D?, GPy, GPL, and EP are initialized based on channel information, they are
modified according to the azimuth and elevation deviations. For the convenience, C? ; refers the label of
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SPi, CPio refers the label of DPj g, p refers the elevation deviation of the CPj, and 7y, p refers the
azimuth deviation of the C?,

1) Elevation post-processing 1 : Find the “practically identical” channel

For each elementiin SP, do

flag()=0

For each element i in S?, do

Ifreep, > 20 and 1y, p,< 15
if (C?; == CH_M_L030 and ( C?;; == CH_U_LO30 || C?;; == CH_M_L045 )O\}
(C?j==CH_M_R030 and ( C?;; == CH_U_R030 || C?;; == CH_M_R045}) ||
(C?Pi==CH_M_000 and C?;; == CH_U_000) ||

flag(i)=1
For each element;j in SP, do
IfCPii==CPj; && i #]
GPiy =0
GPjr =0
flag()=1
}
If7e1ep, > 20 and 7y, p,< 25
if (C?;, ==CH_M_L110 and (*C?; == CH_U_L110 || C?;;==CH_M_L135)) ||
(C?4==CH_M_R110%and ( C*;==CH_U_R110 || C?;==CH_M_R135))
{
GP,'H =1
GPiL = 1
flag(i)51
For‘each element;j in SP, do
IfCPii==CPji && i;tj
GPin =0
GP]'L = 0
flag(j)=1
}
Foreachetementim St do
If 7o1e,p, > 20 and C?j, == CH_M_L110 and C?;; == CH_U_L090
For each elementj in SP, do
Ifre,e_Dj > 20 and C?j, == CH_M_L030 and C?;; == CH_U_L090
For each element k in SP, do
If CPy; == CH_U_L090
GPry =0
GPr, =0
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flag(k)=1
GPin =g1
GPi =g1
GPin =92
Gty =g»
flag(D)=1
flag(N=1

Ifrp,p, >20and CPjo==CH M R110 and C?; == CH U R090

For each element;j in S, do
lfrele,Dj > 20 and C?j, == CH_M_R030 and C?;; == CH_U_R090

For each element k in SP, do
If C?,; == CH_U_R090

GPkH = 0
GPr, =0
flag(k)=1
GPin = g1
GPi =g1
GPin =g»
GPiL =g>
flag(i)=1
flag(j)=1

The gains gi and gz are computed by applying tangent ]Jaw amplitude panning in the following way.

— Unwrap source destination channel azimuth\angles to be positive.

— The azimuth with the deviation for C*;, and C?j, are ¢, and «, .

— The azimuth angle of the source channel ( = panning target) is «, .

o — ety
— CZO [ . |
2
. . _ a, +a2
® onter = 2

- &= (acemer v asrc) ) Sgn(aZ - al)

_ -10
<& = g 1 with gztanot0 tana +10

2) Elevation post-processing 2 on panning coefficients : Find the “practically dual mono” channel

tane, +tana +107"°

For each element i in S, if flag(i)==0

If both CH_M_L030 and CH_M_R030 have elevation deviations more than 20 degrees
if C?; == CH_U_000
if C?;, == CH_M_L030 || CH_M_R030
GP iH = 1
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GPi =1
flag(i)=1
else
GPip =0
Gy =0
flag(i)=1
If both CH_ M_L110 and CH_M_R110 are elevated
if C°;==CH U 180

if C?;, == CH_M_L110 || CH_.M_R110

GP iH = 1

GP il = 1

flag(i)=1
else

GPi =0

GPiy =0

flag(i)=1

Elevation post-processing 3 on panning coefficients : Keep thé.central image
For each element i in S, if flag(1)==0

if C?; == CH_U_000 || CH_T_000 || CH_U_180
if only one of the output channels of GH-M_L030 or CH_M_R030 has an elevation d
more than 20 degrees, then
if C?;; == CH_U_000 || CH_TX000
if C?;, == CH_M_L030 || CH_M_R030
if C?;, islelevated
G 2 G iy x 10555
if ¢, == CH_U_000

2 TeleD;
G iL = G % 10207 35
if CP i == CH_T_OOO
3 TeleD;
G'u =Gy x 100 55
Slag(i)=1
else
2 TeleD;
G iH = G i % 1020735
2 Tele,D;

Gy =Gy x1020 35

eviation

Flag(=t
if c*,,==CH_M_000
2 TeleD;
Gy =G yx 1020 35
2 TeleD;
G iL = G o % 10207 35
fag()=1
if C",,==CH_U_180
if ", ==CH_M_L030 || CH_.M_R0O30
if C*, is not elevated
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2 TeleD;
Gy =G yx 10720 35
2 Tele,D;

G° g = G° 2 %X 107207 35

Slag(=1

if only one of the output channels of CH_M_L110 or CH_M_R110 has an elevation deviation
more than 20 degrees, then

if CP;==CH_U_180 || CH_T_000
if C?;, == CH_M_L110 || CH_M_R110
1f C?, is elevated

2 TeleD;

G’y =G iyx 1020 35

2 TeleD;

Gy =G x1020 35
Sag(i)=1
if C",==CH_U_000
if ", == CH_M_L110 || CH_M_R110
if C*,, is not elevated

P P _ilrele,Di
G iy=G gx10 20 35

2 TeleD;

G iL = G ipx 10720 35
Slag(i)=1

4) Eldvation post-processing 4 on panning coefficients : Keéprthe L/R balance when the contralateral
frontal|channel elevated

For each element i in S, if flag(i)==0

if CH_M_LO030 is elevated more than 20 degrees and CH_M_R030 is not
if C?;; == CH_U_RO030 || C?;; == CH_UxR045, do
if C?;, == CH_M_L030

_ 1 Telepj
GPig =GPy x 10 20 35

1.MeleD;

GPiL = GPIL X 10_%. 35
flag(i)=1
elseif C?;, ==-CH/M_L110

_ilrele,Di
GPig~GP g x 10 20 35

4 TeleD;

G =GPy x 10720 35
flag(i)=1

elseif C?; == CH_U_L090, do
if C?;, == CH_M_L030

8.7 "eleD;
GPig =GPy x 1020 35

flag()=1
elseif C?j, == CH_.M_L110

4 Tele,D;

GPiy =GPigx 10720 35
flag(i) =1

elseif C?;,, == CH_M_R110
G’y =0
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flag()=1
elseif CP; == CH_U_L110 || CP; == CH_U_L135, do
if C?;, == CH_M_L030

5,6_Tele,DL-
GPig =GPy x 1020 35

5.6 "ele,D;
GPiy =GP x 1020 35

flag(i)=1
elseif C?;, == CH M _L110

ISO/IEC 23008-3:2019(E)

4.6 "ele,D;
GPiy =GPiyx 10 20 35

_46TeleD;
GPiy =GPy x 10 20 35

flag(i)=1
elseif C?;, == CH_M_R110
1 TeleD;
GPiy =GPiyx 10720 35
1 TeleD;
GPiL = GPIL X 10—5 35

flag()=1

if C? ;== CH_U_LO30 || C?; == CH_U_L045, do
if C?, == CH_M_R030

1 Tele,D;
GPiy =GPiyx 10720 35
1 Tele,D;
GPi, =GPy, x10 20 35
flag(i)=1
elseif C?;, == CH_M_R110
4 Tele,Dy
GPin =GPiyx 10720 @6
4\Fete,D;
GPiL = GPIL X 10—5 35
flag(i)=1

elseif C? ; == CH_U_R090, do
if C?;, == CH-M_R030

8,7_Tele,DL-
GPiw= GP iy x 1020 35
flag(i)=1
élseif C?;, == CH_M_R110

_ 4 TeleD;
GPiy =GPipx 10 20 35

flag(i) =1
elseif C? ;. == CH M_R110

elseif CH_M_RO030 is elevated more than 20 degrees and CH:M_L030 is not

GPin =0
flag(i)=1
elseif C?; == CH_U_R110 || C?;; == CH_U_R135, do
if C?;, == CH_M_RO030

s,s_rele,Di
GPiy =GPiyx 1020 35
5.6 Tele,D;

GPi, = GPix 1020 55
flag(i)=1
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elseif C?;, == CH_M_R110
4.6 ele,D;
GPiy =GPigpx 10 20 35
4,6 Tele,D;
GPi, =GPy x 10720 35
flag(i)=1
elseif C?;, == CH_M_L110
1 TeleD;
GPin =GPipx 10720 35

by
GPiyy =GPy x10 20 35

flag()=1

5) Azjmuth post-processing on panning coefficients

fbifis = razia(CH_M_L030)+ rgz;4(CH_M_R030)

bbias = raza(CH_M_L110)+ ra;4(CH_M_R110)

For each elementiin SP,

if [bias > 10

if (CP;;==CH_U_000 || C?;;==CH_T_000 ) && ( C?;, == CH_M_L030)

_i.(fbias)
GPig =GP iy x 10 20 15

if C?;;==CH_U_000

_i_(fbias)
GPiy =GPy x10 20 15
elseif C?;; == CH_T_000

_i_(fbias)

GPiy =GPy x10 20 15
flag(i)=1

if fbias <-10
if (C?;==CH_U_000 || C?;; == CH.T_000 ) && ( C?j, == CH_M_R030)

i_(fbias)
GPiy =GP iy %1020 15
if C?;=="CGH_U_000
i.(fbias)
G =GPy x 1020 15
elseif C? ;== CH_T_000

1 .(fbias)

GPi, =GPy x 1020 15

flag(i)=1
if bbias=>10
if (\CP;; ==CH_U_180 || CP;; == CH_T_000 ) && ( C?;, == CH_M_L110)

1 _{hhinc\
GPin = GPipx 1020 15

1 (bbias)
GPiL = GPIL X 10% 15

flag(i)=1
if bbias <-10
if (CP;i == CH_U_180 || CP; == CH_T_000 ) && ( C?;, == CH_.M_R