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Foreword

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

by the respective organization to deal with particular fields of technical activity. ISO and IEC technical
committees collaborate in fields of mutual interest. Other international organizations, governmental apd nor
governmental, in liaison with ISO and IEC, also take part in the work. In the field of information technotogy,
and IEC have established a joint technical committee, ISO/IEC JTC 1.

SO

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

—

Attention is drawn to the possibility that some of the elements of this document-may be the subject of pater
rights. ISO and IEC shall not be held responsible for identifying any or all sueh patent rights. Details of any
patent rights identified during the development of the document will be inthe’ Introduction and/or on the ISQ list
of patent declarations received (see www.iso.org/patents).

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

For an explanation on the meaning of ISO specific termscand expressions related to conformity assessment, as
well as information about ISO's adherence to the World Trade Organization (WTO) principles in the Technigal
Barriers to Trade (TBT) see the following URL: wwa.is0.org/iso/foreword.html.

Amendment 3 to ISO/IEC 23008-3:2015 was' prepared by Joint Technical Committee ISO/IEC J[IC 1,
Information technology, Subcommittee SC'29, Coding of audio, picture, multimedia and hypermedia
information.

© ISO/IEC 2017 — All rights reserved Vv


www.iso.org/directives
www.iso.org/patents
www.iso.org/iso/foreword.html
https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

Introduction

The following text describes the Amendment 3 to the specification ISO/IEC 23008-3:2015 MPEG-H 3D Audio
in an "Amendment"-style, i.e. in "Replace A with B"-style. It includes additions and changes that serve a
number of purposes:

¢/ improving the coding efficiency especially for low bitrate coding modes (for scene based as well as-for
object based and for multichannel based content)

¢ adding descriptive metadata
¢| updating the MHAS description
¢/ some improvements for usage of MPEG-H 3D Audio in broadcasting applications

o[ atool for Advanced Loudness Control

a layered coding mode for coding of scene based content

It is envisioned that this amendment will be merged with the current(version of the MPEG-H 3D Audio
specification resulting in a second edition of the standard. Text with/yellow highlight shall be adjusted by the
editof of a new edition of ISO/IEC 23008-3.

For ease of review the document is structured by clauses, each‘of which reflect an approved set of changes.

New [Clauses, Tables and Figures are typically labelled)"AMDX.Y", where X is the number of the clause it
appeafrs in in this document and Y is an increasing integer counter.

Vi © ISO/IEC 2017 — All rights reserved
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Information technology — High efficiency coding and media
delivery in heterogeneous environments — Part 3: 3D audio,

AMENDMENT 3: MPEG-H 3D Audio Phase 2

1 Profiles and Levels

Add the following definition of profiles and levels to clause 4 Technical Overview:

4. X MPEG-H 3D Audio profiles and levels

4.X.1 Introduction

This subclause defines profiles and their levels for MPEG-H 3D Audio’

Complexity units are defined to give an approximation of the decoder complexity in terms of processing gower
required for the decoding process. The approximated procgssing power is given in "Processor Complexity
Units" (PCU), specified in Millions Operations Per Second (MOPS).

4.X.2 Profiles

The following Audio Profiles are defined:

1. The Main Profile of MPEG-H 3D Audio provides a complete set of features for low-bitrate and |high-
quality coding, and rendering forall playback scenarios, exclusively based on the first edition ¢f the

MPEG-H 3D Audio specificationSO/IEC 23008-3:2015 3D Audio.

2. 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 the Low-complexity Profile.

3. The Low Complexity Profile provides features for broadcasting and streaming with a reduced

complexity«of the decoder;

Table P1 — ‘Summary of the Location of and Normative Reference to the Definitions of MPEG-H 3D
Audio profiles. USAC and MPEG-H 3DA Main Profile are provided for information only

MPEG- | MPEG- | MPEG-H
defined usac | H3DA | H3DA 3DA
Tool / Module in__ | oM 123003 | Main | High | Low}
ISONEC & Profile | Profile | Complexi
ty Profile
block 14496-3 | 4611 | X X X X
switching
window AAC based 14496-3 | 4.6.11 X X X X
shapes additional windows 23003-3 | 6.2.9.3 X X X X
filter bank AAC based 14496-3 | 4.6.11 X X X X
additional USAC 23003-3 7.9 X X X X

© ISO/IEC 2017 — All rights reserved
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TNS 14496-3 | 4.6.9 X 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
synthesis 23003-3 7.2 X X X X
basic mid/side coding 14496-3 | 4.6.8.1 X X X X
MS MDCT based complex | »3003.3 | 772 | X X X X
PITUICLUT
quintization nop-uniform 14496-3 | 4.6.1 X X X X
uniform 23003-3 71 X X X X
Huffman 14496-3 | 4.6.3
enfropy context adaptive
coding . ) . 23003-3 74 X
arithmetic coding
sBR base 14496-3 | 4.6.18 X X X
enhanced 23003-3 7.5 X X X
. Parametric Stereo 14496-3 8.6.4/
pafametric 8.A
stefeo MPEG Surround 2-1-2
extension (incl. residual coding) 23003-3 | 6.2.13 . X X
Quad Channel Element | 23008-3 55 X X
ACELP 23003-3 | 7.14 X X X X
frequency scale factor based 14496-3 | 4.6.2 X X X X
domain LPC based
noige 23003-3 X X X X
shaping
Int II|glelnt IGF for FD 23008-3 X X X
Gap Filling
l IGF  for TCX and | 23008-3 X X
Improved TBE in ACELP Amd3
LPD coding LPD stereo 23008-3 X X
Amd3
Prgdictors frequency-domain
for| FD and | prediction and time- 22?:2:;3 X X
TCK domain post-filtering
Didcrete MCT
Multi- 23008-3
chgnnel Amd3 X X
coding
Format Generic downmix 10, X
Cohverter 23008-3 | A 3.1 X X (Note 4)
Iminersive Immersive rendering 11, X
Repdering within format converter 23008-3 Amd3.2 X X (Note 4)
Metadata Audio
stdtic Elements (MAE) and
metadata Audio . Scene | 23008-3 15 X X X
Information (ASI)
Decoder and Renderer
Dynamic Object Audio Metadata
object (OAM) 23008-3 7,8 X X X
metadata Decoder and Renderer
MPEG Surround | 23003-1 9 X
Extension Amd 3
SAOC-3D Decoder and Renderer 23008-3 9 X X
Decoder and Renderer 23008-3 X
HOA and 12 X X (Note 5)
Amd3

© ISO/IEC 2017 — All rights reserved



https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

Near Field X
Compensation 23008-3 X X (Note1)
Subband Directional | 23008-3 X
Prediction Amd3
Parametric  Ambiance | 23008-3 X
Replication (PAR) Amd3
Phase-based 23008-3 X
decorrelation Amd3
Binaural binaural 23008-3 13 X X X (Note2)
HOAZ2Binaural H2B 23008-3 X X X (Note2)
DRC-1 23003-4 X X X (Notg3)
DRC DRC-2 (single band) 23003-4 X X X
DRC-2 (multi band) 23003-4
DRC-3 (single band) 23003-4 X X X
Sample Rate 23008-3 | Amd3. X X
Converter Amd3 3
. Unguided clipping | 23008-3
Peak Limiter prevention 23003-4 D X X
Loudqess metadata and 23003-4 6 X X X
Loudness handling
Loudness compensation | 23008-3
X X
Amd3
MPEG-H 3D audio 23008-3 14 X X X
stream
MHAS Truncation message
and CRC packet type, 22%)33:3 X X
ASI packet type
Carriage of MPEG-H 3D
File Format | Audio in 1SO base | 250083 (Note 6)
N Amd2
media file format
Interfaces | o
and b N9 23008-3 | 17,18 X X X
rocessin Interaction data .and
P 9 local setup info
. Carriage  of -\ System
Carriage  Of | b o for theCinteraction | 220083 X X
system data . ; Amd4
with System Engine
Tonal Component | 23008-3
TCC Coding Amd3 X
IC Internal Channel 23008-3 X
Amd3
High Resolution | 23008-3
HREP Envelope Processing Amd3 X
Note 1¢Restrictions apply dependent on the levels
Note 2y Implementation of binaural rendering is only mandated if headphone reproduction is supported.
Nete.3: Multi-band DRC-1 shall be applied in the STFT domain of the TD format converter.
Note 4: The TD format converter downmix shall be applied for downmixing.
Note 5: In order to achieve target complexity for the LC profile at a given level implementers should study Annex G
IL‘IIU"LC G rl:c runuat clluapou:at;ull ;0 ;Ildcpclldcllt Uf thc 'JIUfI:C that ;O uocd fUI thc bltotl <darltll. A pIUfI:G :CVC: ;I Id;bﬂt i’ |S
part of the file format specification (see XXX).
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4.X.2.1 Levels of the Low Complexity Profile

Table P2 — Levels and their corresponding restrictions for the Low Complexity Profile

2]
c %)
€ - -g '_g‘
c 3 $ e o
Q- -_' = "‘ - S !'3!\ -g O
A N 28 ° +
Had o= o % % S (] + — —
°Smlo9@ ) o o ] ]
2 0T | @5 |3 £° | 8 o o
= Og |T o | = - o D = =
oy =@ | 4= [P “— O Y= ] (<] 4w O
= Owp| O g o ¢ o a(é o o g < 5
® 0d|lcw|loc°| Lo o 20 o 20
- (7] cE5|c8| =5 g- = c g— ] = g-:l:
s X |$E|%8|%8| s3 | % S 8 % 8 %
3 = =8|=5|=3| Lo | = w E = i '€
1 48000 10 |5 2 2.0 5 2 ch. + 3 static obj. VOTE"' | 2 2" order'+)3 static obj. NOTE "
2 48000 18 |9 8 7.1 9 6 ch. + 3 static obj. """ | 4 4" ofder + 3 static obj. "°TF'
3 48000 32 16 12 111 16 12 ch. + 4 obj. 6 6"'order + 4 obj.
4 48000 56 28 24 22.2 28 24 ch. + 4 obj. 6 6" order + 4 obj.
5 96000 56 28 24 22.2 28 24 ch. + 4 obj. 6 6" order + 4 obj.
NOTH 1 — In this context "static objects" are understood as channel-based signals without accompanying OAM data which
are n¢t also associated to a channel bed

pitstream that shall be decoded.

'he use of switch groups determines the subset of core'Channels out of the core channels in the

f the mae_AudioScenelnfo() contains switch groups (mae_numSwitchGroups>0), then the
blementLengthPresent flag shall be 1

'he number of channels of the signaled-referencelLayout shall not exceed the maximum number of
oudspeaker output channels as defined in the levels Table P2

Taple P3 — 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

Objects
Core Format Object only Worst
Level LC Converter | Renderer | HOA? | Renderer | DRC | Limiter | Binaural' | case PCU
1 33 3 0 3 9 6 4 7
2 59 10 0 17 16 18 5 19
3 106 36 7 36 29 24 6 27
4 186 113 7 93 50 30 9 46
5 373 226 14 186 50 34 19 92

' NOTE: The complexity numbers for binaural processing are calculated on the basis of BRIR filters of 1

second length measured in a BS.1116 compliant room.

2 NOTE: The complexity numbers for the HOA spatial decoding and rendering are based on the Low

10
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Complexity Combined HOA Spatial Decoding and Rendering described in Annex G.

4.X.2.

2 Restrictions for the Low Complexity Profile and Levels

In the low complexity profile the core decoder, format converter, object renderer, HOA renderer and DRC and

peak |

The following restrictions apply for HOA renderer and decoder:

imiter operate in time domain, MDC I-domain or STF I-domain.

Table P4 — Restrictions for the HOA spatial Decoding and Rendering according to the Level of the
Low Complexity Profile
Maximum allowed value’depending on
Restriction applies to Mpegh3daProfileLevellndication
Lvl 1 Lvl 2 Lvl 3 Lvl 4 Lvl|5

HOA order (max) 2 4 6 6 6
Number of Predominant Sounds (max) 3 5 7 8 8
Number of directional signals used in prediction (max) 2 3 4 5 5
The Near Field Compensation (NFC) processing may be N/A
applied to HOA content of an order which is smaller or (NFCqot 1 2 3 3
equal to: allowed)

NFC may be employed in not more than one signal group of type SignalGroupTypeHOA.

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

audio:

© IS0/l

drcFrameSizePresent and timgDeltaMinPresent shall be set to 0.
gaininterpolationType shall\be set to 1.
dependsOnDrcSetPrésent shall be set to 0 for drcinstructionsUniDrc() with downmixld == 0.

HOA signal groups.shall be restricted to one drcChannelGroup and DRC gains shall be applied t¢
HOA core channgels (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 drcinstructionsUniDrc() with downmixld == 0. If the bitstrean
should contain multiband DRC, the number of multiband DRC core channels shall be restricted a
follows:

(numAudioChannels +

the

o7

+

numHOATransportChannels + numHOATransportChannelsMB)
< (numCoreChannelsMax(Lvl) — dependsOnDrcSetPresentFlag — 1)

, Where:

— numAudioChannels, numAudioObjects and numHOATransportChannels are the number
O and HOA core channels as specified in Table 4.

EC 2017 — All rights reserved
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— numAudioObjectsMB and numHOATransportChannelsMB are the number of O and HOA core
channels out of numAudioObjects and numHOATransportChannels that contain multiband
DRC

— numCoreChannelsMax is the maximum number of core channels ("No of Core ch") depending
on the Mpegh3daProfileLevellndication field as defined in Table P2

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

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

Tahble P5 — Restrictions applying to DRC processing according to the Levels of the Low Complexity

Profile

Maximum allowed value depending on
Restriction applies to Mpegh3daProfileLevellndication

Lvl 1 Lvl 2 Lvl 3 Lvl 4 Lvl5
nDfcChannelGroupsTotal (Note 1) 5 9 16 28 28
drdCoefficientsUniDrcCount 4 4 4 4 4
bapdCount (Note 2) 2 4 4 4 4
sequenceCountTotal (Note 3) 24 28 32 48 63
drdinstructionsUniDrcCount 16 16 32 32 32
Nofe 1: Maximum allowed number of simultaneously active DRC chahnel groups in all applied DRC sets.
Nofe 2: Maximum allowed number of DRC bands for multiband DRC.
Note 3: Sum of all nDrcBands in drcGainSequence() structures-plus number of sequences with gainCodingProfile=3.

The fpllowing tool specific restrictions apply:

EXAM
LPD g

If the independent noise filling (INF) ofithe intelligent gap filling (IGF) is activated (i.e. if igflUseEnf==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.

The independent noise-filling of the intelligent gap filling shall not be employed in cases where igfBgn
corresponds to an ‘audio frequency higher than 8 kHz.

The LPD mode'shall only be employed at 3DA core coder sampling rates (as defined in Table 2 —
Syntax of mpegh3daConfig()) < 32000 Hz

PLE For a 48 kHz input signal, the encoder resamples the signal to a 32 kHz core coder sampling rate and the
ecoder operates at this lower sampling rate. After the core decoding the signal is resampled to 48 kHz.

The multi-channel coding tool (MCT) shall not employ more stereo boxes than specified in Table P9

Table P9 — Restrictions applying to MCT processing according to the Levels of the Low Complexity

Profile
Maximum allowed value depending on
Restriction applies to Mpegh3daProfileLevelindication
Lvl 1 Lvl 2 Lvl 3 Lvl 4 Lvl5
Number of stereo boxes in MCT 5 9 16 28 28

12
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The following restrictions apply to coding of audio objects and the associated OAM data:

Table P10 — Restrictions applying to Object Processing According to the Levels of the Low
Complexity Profile

Maximum allowed value n depending on

Mpegh3daProfilekevetndication

Restriction applies to

Lvi1 Lvl 2 Lvl 3 Lvl 4 Lvl 5

(number of objects without divergence) +

3-(number of objects with divergence > 0) <n 5 9 16 28 G

— Efficient Object Metadata Decoding is not permitted, i.e. lowDelayMetadataCoding shall be 1.
— Furthermore the OAM frame length shall comply to:

OAMFramelLength = 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_w|dth
Owidgth > 0.0° for non-uniform spread) it shall have, a‘divergence value equal to zero.

— If an object is defined with a divergence value > 0, it shall not have a spatial extent (spregd a
shall be equal to 0.0° for uniform spread;)spread_width a4 shall be equal to 0.0° for non-
uniform spread)

The following restrictions apply to binaural rendering:

The value of bsBinauralDataFormatID.in*BinauralRendering() should be set to 1 (if the FD Binaural renddrer is
implemented) or to 2 (if the TD Binaural renderer is implemented). The value of bsBinauralDataFormatlIp can
be set to 0 if the Parameterization of Binaural Room Impulse Responses according to 13.2.3 or 13.8.3 is
implemented.

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

In case of H2B filters, the number of BRIR filter pairs to be provided shall correspond to ‘Maximum H28 filter
order’ column in~kable P8. In the other cases, the following applies:

The number.of BRIR pairs in each BRIR set shall correspond to the number indicated in the relevant Jevel-
dependentrow of Table P8. The measured BRIR positions shall correspond to all nominal geometric posjtions
corresponding to the list of LoudspeakerGeometry indices in Table P8. The correspondence between
LoudspeakerGeometry index and nominal geometric position is defined in ISO/IEC 23001-8. Therebyj it is
ensured that one BRIR pair is available for each possible regular input channel configuration that can be|used
within the indicated level.

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

If binaural rendering is activated, the measured BRIR positions shall be passed to the
mpegh3dalocalSetupinformation(). Thus, all renderer stages are set to the target layout that is equal to the
transmitted channel configuration. As one BRIR is available per regular input channel, the Format Converter
can be passed through in case regular input channel positions are used.
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Table P8 — The binaural restrictions for the LC profile

Level | Number Maximum BRIR positions by means of BRIR positions by means of
of BRIR H2B filter Loudspeaker Position LoudspeakerGeometry according
pairs order Abbreviation to ISO/IEC 23001-8
1 3 1 L,RC 0,1,2
2 10 2 L, R, C, LS, Rs, Lc, Rc, Lsr, Rsr, Cs 0,1,2,4,5,6,7,8,9, 10,
L, R, C, Ls, Rs, Lc, Rc, Lsr, Rsr, Cs
oY Lo ’ ’ ’ '10,1,2,4,5,6,7,8, 9, 10, 13,.14,17,
3 21 3 Lss, Rss, Lv, Rc, Cv, Lvr, Rvr, Cuvr, 18, 19, 20, 21, 22. 25. 30, 31
Rs, Lvs, Rvs
L, R, C, Ls, Rs, Lc, Rc, Lsr, Rsr, Cs
oY Lo ’ ’ ’ 10,1,2,4,5,6, 7,8, 9,10, 13, 14, 17,
4 28 5 Lss, Rss, Lv, Re, Cv, Lvr, Rvr, ©vr, | g % 9" 50 751 20, 28724, 25, 27, 28,
Lvss, Rvss, Ts, Lb, Rb, Cb, Lvs, Rvs,
29, 30, 31, 37, 38,
Lbs, Rbs,
L, R, C, Ls, Rs, Lc, Rc, Lsr, Rsr, Cs
oY Lo ’ ’ ’ 10,1,2,4,5.6,7,8,9, 10, 13, 14, 17,
5 28 6 Lss, Rss, Lv, Re, Cv, Lvr, Rvr, Gvr, | g % 9" 50591, 22, 23, 24, 25, 27, 28,

Lvss, Rvss, Ts, Lb, Rb, Cb, Lvs, Rvs,
Lbs, Rbs,

29, 30,39, 37, 38,

The fpllowing 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[Kk] in SfrBrirParam() shall be l€ss‘than or equal to 1.0 (sec).

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

The values of nFilter[k] in VoffBrirParam()should be less than or equal to 256.

The fpllowing coding tools, modules, or features shall not be employed

Time warped filterbank

768 sample outputFramelength, i.e. coreSbrFramelLengthindex shall not be 0

The fpllowing text describes restrictions dependent on the length of the arithmetic coder codeword,
arith_[data(). For this\text the following definitions apply:

FsOut

core coder sampling rate as indicated by means of usacSamplingFrequencylndex or
usacSamplingFrequency in mpegh3daConfig()

FsMax

NchMax

Ncthpf

Nchlnf

14

H Ll <l IH 4 £ H 1 | - dlos £
ITIAAITTIUTTT dITUvVWTuU DGIIIHIIIIU alc vl d ylvcn 1Icvorinrino prutie

maximum number of decoder processed core channels of a given level in this profile
according to Table P2.

number of core coder channels in which the long term post filter (LTPF) is applied

number of core coder channels in which the independent noise filling (INF) is applied
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NDitSarith_datag(ch) number of bits used for arithmetic coding of spectral data, arith_data(), for core coder
channel ch for a given frame

NDItSavith_an = Xail channels NPitSarieh_datagy (ch), i.€. the sum of all bits used for the arithmetic coding of spectral
data of all core coder channel

— In any given audio frame Nbits,in,_an shall comply with the following restriction:

(3072'NchMax_z04'8'Ncthpf_2048'Nch1nf)'FsMax

Fsout

NDitSarith_an <

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

— The number of pre-roll frames, numPreRollIFrames, in an AudioPreRoll() extension payload shall hot
exceed 1 (one).

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

The following restrictions apply to the employed sampling rate-and the resampler block:
— The sampling rate that is signaled by means of usacSamplingFrequencylndex or
usacSamplingFrequency shall be one of the.values in the first column of Table P6.

— Depending on the above mentioned sampling rate and the profile level the resampler may employ one
of the resampling ratios indicated in Table P6.

Table P6 — Allowed Sampling Rates and Resampling Ratios

Allowed resampling ratio depending on
Allowed Mpegh3daProfileLevellndication
sampling rate

Lvl1 Lvi2 | Lvi3 | Lvi4 Lvl 5
96000 | N/A N/A N/A N/A 1
88200 | N/A N/A N/A N/A 1
64000 | N/A N/A N/A N/A 1.5
58800 | N/A N/A N/A N/A 1.5
48000 1 1 1 1 1or2
44100 1 1 1 1 1or2
32000 1.5 1.5 1.5 1.5 1.50r3
29400 1.0 1.0 1.9 1.9 T.00rs
24000 2 2 2 2 2
22050 2 2 2 2 2
16000 3 3 3 3 3
14700 3 3 3 3 3
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The following restrictions apply to the coding of the audio scene information structure:

Table P7 — ProfileLevel dependent restrictions to
selected fields of the mae_AudioScenelnfo()

Allowed maximum value depending on
Restriction applies to Mpegh3daProfileLevellndication
tvi- tvi-2 tvi3 tvi4 w5
mae_numGroups 5 9 16 28 28
mae_numSwitchGroups 2 4 8 14 14
miae_numGroupPresets 4 4 8 16 31
miae_bsGroupPresetNumConditions 5 9 16 16 16
mZZ:S?;:J[sg\r/\(/er;rggl)l(:l)dGroupPresetExtensions per 4 4 8 16 31
mae_bsNumDescLanguages 4 4 4 8 16
miae_bsDescriptionDataLength 256 256 256 256 256

— If mae_numSwitchGroups > 0, then elementLengthPresent shall be sét to 1.

4.X.2.3 Levels of the Main Profile
Currgntly blank — Placeholder for Main Profile
4.X.2.4 Levels of the High Profile

Currgntly blank — Placeholder for High Profile

In 5.8.2 replace Table 39 — Value of mpegh3daProfileLevellndication

Table 39 -<Value of mpegh3daProfileLevellndication

value Indication of Profile Indication of Level
0x00 reserved for ISO use -
0x01-0Oxff reserved for future profile definition

with

Table 39 — Value of mpegh3daProfileLevellndication

value Indication of Profile Indication of Level
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
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0x07 High Profile L2
0x08 High Profile L3
0x09 High Profile L4
O0x0A High Profile LS
0x0B Low Complexity Profile L1
0x0C Low Complexity Profile L2
0x0D Low Complexity Profile L3
O0x0E Low Complexity Profile L4
OxOF Low Complexity Profile LS
0x10-0OxFF reserved for future profile definition

Please also study Clause 31 of this Amendment document

© ISO/IEC 2017 — All rights reserved
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2 Technical Overview - Update

Replace Figure 1 — Block diagram of the 3D-Audio decoder. (DRC: Dynamic Range Control,
SAOC: Spatial Audio Object Coding, HOA: Higher Order Ambisonics, LN: Loudness Normalization,
PL: Peak Limiter) with:

=

Layout (e.g 5.1)
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[ Channeis) )] | (“TEEE T (vBaP fllback) [+ + 1
™ Loudspeaker feed
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Objects e -1 "] oi e
s . _ = — bre-2 |ore-s| Ly | BLTH Smtance | o
urep |— PRE-1 [ Object - + — oo Fol| (o) | (e T [ t.p e
(Objects) || Renderer - - — | sation | o
. —
&
MPEG-H compressed QAN
3D Audio ! .
Core ACIC Tranenart Cha X i Mixer Headphone feed
SA0C Transport Channels SAOC 3D H
E |Decoder - ; Sample o
3 Decoder : .| Rate Binaural —a
il HREP : Converter Renderer DRC-2 | LN | PL
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] SA0C side info ‘ !
F !
ﬁ HOA side info v ! 5
£ HOA - ES
£ Decoder ]
s HREP 2 E
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(HOA) —* @
HOA transport channels endered
| HOA
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(1o}
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Add [the following descriptive text after the“description of the "HOA Decoder and Renderer" in
clauge 4.2:

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.

In Table 1 — MPEG-H 3DA functional blocks and internal processing domain replace:

| Audio Core | MPEG-H 3D Audio Core Coder | FD or TD"

with

) MPEG-H 3D Audio Core Coder FD or TD"
Audio Core

MPEG Surround FD
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Replace Figure 2 — MPEG-H 3D audio decoder overview with signal processing context with:
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Audio Core Rendering g‘\ Mixer Processing End-Of-Chajn
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In clause ““4.2 Overview over the codec building blocks™ after the first paragraph add following text
and figure:

; Signal

( [
| |
| |
| |
| | ’
| |
' ' D/ Bit
| | | FAC FDNS ACELP.
| Bit | | Demux
I = Demux | I |
| I | | IGF |
| TNS | [ N :
| | |
I | I I TNS :
| Block | | 1 |
|| Switching | | I
| I | IMDCT TBE T
I IFilter Bank | ! '
I ilter Ban | T I :
~— e - - -
1 i |
\AA/ | |
| LPD |
= | > Stereo |
|
Transition | :
Windowing Q\ | I
|
|
P Part2 74 : |
|
I Y | Pitch I
X : > Enhancement |
)

|
' < Bit
eSBR Der@
N sbrRatio

MPEG
Surround

Figure AMD3.XX — Simplified block diagram of the typical MPEG-H core decoder configuration
Figure AMD3.XX 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 section “MPEG-H 3D Audio Core decoder”.
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3 MPEG Surround

Add the following new clause:
x MPEG Surround

x.1 Technical Overview

The output of the 3D Audio core decoder of the "channels / prerendered objects” path may be, flirther
processed by MPEG Surround (MPS). Figure AMD1.1 shows a schematic of a combined 3D Audio| core
decoder and a MPS decoder.

output
downmix MPEG ¢hannels
channels s d :
compressed data / 3D Audio S By ) SE—
: —= decodef: | — 5
bitstream core decoder

ancillary data

Figure AMD1.1: Block Diagram of a 3D Audio Core.Pecoder with an MPEG Surround decoder

If the SBR tool is active, a 3D Audio core decoder‘can typically be efficiently combined with a subsefuent
MPS decoder by connecting them in the QMF defnain in the same way as it is described for USAC in clause
4.3 of ISO/IEC 23003-1:2012, MPEG-D (MPEG. audio technologies), Part 3: Unified Speech and Audio Cpding,
2012. . If a connection in the QMF domain is.not possible, the tools need to be connected in the time domjain.

If MPS side information is embedded inte'a 3D Audio bitstream by means of the usacExtElement mechanism
(with usacExtElementType being ID_EXT_ELE_MPEGS), the time-alignment between the 3D Audio data and
the MPS data assumes the mostefficient connection between the 3D Audio core decoder and the [MPS
decoder. If the SBR tool in the 3D* Audio core decoder is active and if MPS employs a 64-band QMF dgmain
representation (see 6.6.3 in ISO/IEC 23003-1:2007, Information technology — MPEG audio technologies —
Part 1: MPEG Surround), the most efficient connection is in the QMF domain. Otherwise, the most effjicient
connection is in the time domain. This corresponds to the time-alignment for the combination of HE-AAC and
MPS as defined in 4.4, 4.5, and 7.2.1 of ISO/IEC 23003-1:2007, Information technology — MPEG gudio
technologies — Part.1: MPEG Surround.

The additional_delay introduced by adding MPS decoding after 3D Audio decoding is given by clause 4.5 of
ISO/IEC 23003-1:2007, Information technology — MPEG audio technologies — Part 1: MPEG Surroundl and
dependscon whether HQ MPS or LP MPS is used, and whether MPS is connected to the 3D Audio| core
decoder’in the QMF domain or in the time domain.

[f multiple S|gnal groups of type SlgnaIGroupTypeChanneIs are present |n the bitstream, one extehsion
, the

correspondmg channel elements shaII d|rectly foIIow that extenS|on element

If the MPEG Surround tool shall be used for one signal group of type SignalGroupTypeChannels, all core
coder channels belonging to that signal group shall be fed to the MPEG Surround tool.

x.2 Syntax and Data Structure
The bitstream syntax and data structure are identical to the definitions in ISO/IEC 23003-1:2007, Information

technology — MPEG audio technologies — Part 1: MPEG Surround and ISO/IEC 23003-1:2007/Amd.3:201x,
MPEG Surround extension for 3D Audio.
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x.3 Tool Description

The processing of the MPEG Surround tools are fully specified in ISO/IEC 23003-1:2007, Information
technology — MPEG audio technologies — Part 1: MPEG Surround and ISO/IEC 23003-1:2007/Amd.3:201x,
MPEG Surround extension for 3D Audio

22 © ISO/IEC 2017 — Al rights reserved


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

4 3D Audio Phase Il - HOA (Subband Directional Prediction, Parametric Ambiance
Replication, Phase-based Decorrelation, HOA Layered Coding)

The following changes are related to HOA Matrix Encoder / Decoder

In Table 23 — Syntax of HOARenderingMatrix() replace:

precisionLevel 2 uimsbf
if (gainLimitPerHoaOrder) { 1 uimsbf
with:
maxHoaOrder = sqrt(NumOfHoaCoeffs)-1;
precisionLevel 2 uimsbf
isNormalized 1 uimsbf
if (gainLimitPerHoaOrder) { 1 uimsbf
In the same Table, replace
if (isFullMatrix) { 1 uimsbf
firstSparseOrder 1 uimsbf
with:
if (isFullMatrix==0) { 1 uimsbf
nbitsHoaOrder = ceil(log2(maxHoaOrder+1));
firstSparseOrder. nbitsHoaOrder uimsbf
In the same Table, replace
}else { /* isAnyValueSymmetric==0 */
if { isAnySignSymmetric) { 1 uimsbf
for (i=0; i<numPairs; ++i)
signSymmetricPairs][i] = boolVal 1 uimsbf
with:
} else {
if (isAnySignSymmetric) { 1 uimsbf
for (i=0; i<numPairs; ++i)
signSymmetricPairs][i] = boolVal; 1 uimsbf
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In Table 25 — Syntax of DecodeHoaMatrixData() replace:

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

-

with

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

f(isNormalized) {
currentScalar = 0.0;
for (i = 0; i < inputCount; ++i) {
for (j = 0; j < outputCount; ++j) {
if (loutputConfigl[jl.isLFE)
currentScalar += hoaMatrix[i * outputCount + j] ¥
hoaMatrix[i * outputCount + jl;

}

currentScalar = 1.0/sqrt(currentScalar);
for (i = 0; i < inputCount; ++i) {
for (j = 0; j < outputCount; ++j) {
if(loutputConfig[j].isLFE)
hoaMatrix[i * outputCount #-}*= currentScalar;

In subclause 5.3.6 HOA Rendering Matrix Data Elements add before precisionLevel:

maxHoaOrder HOA Order of the transmitted matrix.
isNormalized Indicates if the HOA rpndpring matrix D is energy normalized.
(N+1)?

so that || D||f = X{-1Xo; Dfn =1 with | being the non-
LFE loudspeakers in the outputConfig.

In the same subclause before firstSparseOrder:
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nbitsHoaOrder Number of bits reading firstSparseOrder.

7(E)

In Table 24 5.4.3.3 Decoding of HOA Rendering Matrix Coefficients after:

In this case the code words to decode the individual matrix elements’ for the
loudspeaker are reduced or completely omitted accordingly.

Add:

If the bitfield isNormalized was set to 1 the final HOA rendering matrix D is create
dividing each weighting value in the L rows of the HOA rendéring matrix that are associ
with non-LFE loudspeakers by the matrix’s Frobenius Norm Y%, S‘:;DZ D?, computed

its L rows associated with non-LFE loudspeakers.

The following changes are related to the chaptex<2 Higher Order Ambisonics (HOA).

Replace Figure 33 — Simplified block-diagram of the decoder with:
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In subclause 12.1.1 Block Diagram replace:

The fixed subset of the (I — M) HOA coefficient signals is re-correlated, this means the decorrelation at the
HOA encoding stage is reversed. Next, all of the (I — M) HOA coefficient signals are used to create the
ambient HOA components. The predominant HOA components are synthesized from the M predominant
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signals and the corresponding parameters. Finally, the predominant and the ambient HOA components are
composed into the desired full HOA representation, which is then rendered to a given loudspeaker setup.

with:
The fixed subset of the (I — M) HO A coefficient signals is re-correlated, this means the decorrelation at the

HOA encoding stage is reversed. Next, all of the (I — M) HO A co efficient signals ar e us ed to create the
ambient HOA component. The ambient HOA component is input to the Directional Signals Synthesis and the

Preligrimmary HOA-Composition—T e Directionat-Sigmats—Symnthesis treates a mew HOA Tepresentatiormfrom the
ambient HOA component by prediction. The predominant HOA component is synthesized from the M
predgminant sound signals and the corresponding parameters. The predominant and the ambient HOA
compgonent are composed into the preliminary HOA representation, which is then input to the Parametric
Ambience Replication (PAR). The PAR adds missing ambience components to the preliminary” HOA
representation, which is parametrically created from its input signals. Finally the output of the~PAR, the
preliminary HOA representation and the output of the Directional Signals Synthesis are composed to the
decofled HOA representation that is rendered to the loudspeaker setup by the HOA Renderer

Replpace Figure 34 — The architecture of the HOA decoder tools with:
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In subclause'12.1.2.1  HOA Decoding Tools replace:

— Ambient Synthesis

— HOA Compositions

with:

— Ambience Synthesis

— Preliminary HOA Composition

— Sub-band Directional Signals Synthesis
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— Parametric Ambience Replication Decoder

— HOA Composition

7(E)

Add new subclause 12.1.2.X "Layered Coding for HOA™ after subclause 12.1.2.2 "HOA Renderer":

12.1.2.X Layered Coding for HOA

For the streaming of the compressed HOA sound field representation over a transmission channelwith
varying conditions layered coding is a means to adapt the quality of the received sound representation {
transmission conditions, and in particular to avoid undesired signal dropouts.

time-
o the

For layered coding the compressed HOA sound field representation is subdivided into/a high priority [base
layer of a relatively small size and additional enhancement layers with decremental_priorities and arhjitrary
sizes. Each enhancement layer is assumed to contain incremental information to.complement that of all Jower
priority layers in order to improve the quality of the compressed HOA sound field-representation. The ideq is to
control the amount of error protection for the transmission of the individual layers according to their prior|ty. In
particular, the base layer is provided with a high error protection, which is reasonable and affordable due|to its
low size.
Replace Table 119 — Syntax of HOAConfig() with:
Table 119 — Syntax'of HOAConfig()
Syntax No. of Mnemonic
bits
HOAConfig()
{
HoaOrder = escapedValue(3,5,0); 3,8 uimsbf
NumOfHoaCoeffs = ( HoaOrder+ 1 )A2;
IsScreenRelative; 1 uimsbf
UsesNfc; 1 bslbf
if (UsesNfc) {
NfcReferenceDistance; 32 bslbf
}
HOADecoderConfig();
}
NOTE: HoaQtder = 30 ... 38 are reserved.
Replace Table 120 — Syntax of HOADecoderConfig() with:
Table 120 — Syntax of HOADecoderConfig()
Syntax No. of Mnemonic
bits
HOADecoderConfig(numHOATransportChannels)
{
MinAmbHoaOrder = escapedValue(3,5,0) — 1; 3,8 uimsbf
MinNumOfCoeffsForAmbHOA = (MinAmbHoaOrder + 1)A2;
NumOfAdditionalCoders = numHOATransportChannels —
MinNumOfCoeffsForAmbHOA,;
NumLayers = 1;
NumHOAChannelsLayer[0] = numHOATransportChannels;
if(SingleLayer == 0){ 1 Bslbf
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HOALayerChBits = ceil(log2(NumOfAdditionalCoders));
NumHOAChannelsLayer[0] = codedLayerCh + HOALaye uimsbf
MinNumOfCoeffsForAmbHOA; rChBits
remainingCh = numHOATransportChannels —
NumHOAChannelsLayer[0];
while (remainingCh>1) {
HOALayerChBits = ceil(log2(remainingCh));
NumHOAChannelsLayer[NumLayers] = HOALaye uimsbf

NumHOAChannelsLayer[NumLayers-1] + rChBits
codedLayerCh + 1;
remainingCh = remainingCh —
NumHOAChannelsLayer[NumLayers];
NumLayers++;
}
if (remainingCh) {
NumHOAChannelsLayer[NumLayers] =
NumOfAdditionalCoders;
NumLayers++;

}

uimsbf
bslbf

uimsbf
uimsbf
uimsbf

CodedSpatialinterpolationTime;
SpatialinterpolationMethod;
CodedVVecLength;
MaxGainCorrAmpExp;
HOAFrameLengthindicator;

NOWON-=-2W

if MinAmbHoaOrder < HoaOrder ) {
DiffOrderBits = ceil( log2(HoaOrder- MinAmbHOaOrder+1))
MaxHOAOrderToBeTransmitted = DiffOrder + DiffOrder uimsbf
MinAmbHoaOrder; Bits
}
else {
MaxHOAOrderToBeTransmitted*= HoaOrder;

}
MaxNumOfCoeffsToBeTransmitted =
(MaxHOAQrderToBeTransmitted + 1)72;
MaxNumAddActiveAmbCoeffs =
MaxNumOfCoeffsToBeTransmitted
- MinNumOfCoeffsForAmbHOA;
VqConfBits = ceil{log2( ceil( log2( NumOfHoaCoeffs+1 ))));
NumVVecVgElementsBits; VqConfBits uimsbf
if( MinAmbHoaOrder == 1) {
UsePhaseShiftDecorr; 1 bslbf
}

if(SingleLayer==1) {
HOADecoderEnhConfig();

i

AmbAsignmBits = ceil( log2( MaxNumAddActiveAmbCoeffs ) );
ActivePredldsBits = ceil( log2( NumOfHoaCoeffs ) );

i=1;

while( i * ActivePredldsBits

+ ceil( log2( i) ) < NumOfHoaCoeffs ¥

i++:
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NumActivePredldsBits = ceil( log2( max( 1,i—1)));
GainCorrPrevAmpExpBits = ceil( log2( ceil( log2(
1.5 * NumOfHoaCoeffs ) )
+ MaxGainCorrAmpExp + 1) );
for (i=0; i<NumOfAdditionalCoders; ++i){
AmbCoeffTransitionState[i] = 3;

Add the following tables before Figure 35 — Example for HOAConfig() .in~subclause 1
Configuration of HOA elements:

Table AMD3.HLC.1 — Syntax of HOAEnhConfig()

p.2.1

Syntax No. of Mnemonic
bits
HOAERhConfig()
HOALayerldxBits = ceil(log2(NumOfAdditionalCoders+19);
Layerldx HOALayerld uimsbf
xBits
HOADecoderEnhConfig();

© ISO/IEC 2017 — All rights reserved
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Table AMD3.HLC.2 — Syntax of HOADecoderEnhConfig()

Syntax No. of Mnemonic
bits
HOADecoderEnhConfig()
{
MaxNoOfDirSigsForPrediction = MaxNoOfDirSigsForPrediction + 1; 2 uimsbf
NoOfBitsPerScalefactor = NoOfBitsPerScalefactor + 1; 4 uimsbf
if(PredSubbandsldx < 3) { 2 uimsbf
NumOfPredSubbands =
NumOfPredSubbandsTable[PredSubbandsldx];
PredSubbandWidths =
PredSubbandWidthTable[PredSubbandsldx];
}
dise {
CodedNumberOfSubbands 5 uimsbf
NumOfPredSubbands = CodedNumberOfSubbands+1;
PredSubbandWidths =
getSubbandWidths(NumOfPredSubbands);

30

—_———

iff ( NumOfPredSubbands > 0 ) {

FirstSBRSubbandidx;

NumOfBitsPerDirldx =
NumOfBitsPerDirldxTable[DirGridTableldx};

}
if( ParSubbandTableldx < 3 ) {
NumOfParSubbands =
NumOfParSubbandsTable[ParSubbandTableldx];
ParSubbandWidths =
ParSubbandWidthTable[ParSubbandTableldx];
}
dise {
CodedNumberOfSubbands
NumOfParSubbands =-€odedNumberOfSubbands+1;
ParSubbandWidths.=
getSubbandWidths(NumOfParSubbands);
}

ift NumOfParSubbands > 0 ) {
LastFirstOrderSubbandldxBits =

ceil( log2(NumOfParSubbands + 1) );
LastFirstOrderSubbandidx;

FirstSBRSubbandldxBits = ceil( log2 (NumOfPredSubbands+1));

MaxNumOfPredDirs = 2*( MaxNumOfPredDirsLog2);
MaxNumOfPredDirsPerBand = escapedValue(3,2,5) + (3

FirstSBR uimsbf

Subband

IdxBits

3 uimsbf
2 uimsbf
2 uimsbf
5 uimsbf

LastFirst uimsbf
OrderSu

for (idx = 0; idx < NumOfParSubbands; idx++) {
UseRealCoeffsPerParSubband[idx];

}

for (idx = 0; idx < LastFirstOrderSubBandldx; idx++) {

UpmixHoaOrderPerParSubband[idx] = 1;
MaxNumOfDecoSigs[idx]=
(UpmixHoaOrderPerParSubband[idx] + 1)*2;

bbanechebe
NN

Bits

1

bslbf
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for (idx = LastFirstOrderSubBandIdx;
idx < NumOfParSubbands; idx++) {
UpmixHoaOrderPerParSubband[idx] = 2;
MaxNumOfDecoSigs[idx] =
(UpmixHoaOrderPerParSubband[idx] + 1)"2;

Table AMD1.1 — Syntax of getSubbandWidths()

Syntax No. of bits

Mnemonic

getSubbandWidths(NumberOfSubbands)

totalBwSum = 0;
if(NumberOfSubbands > 1) {
CodedBwFirstBand 1.
bw[0] = CodedBwFirstBand+1;
totalBwSum = totalBwSum + bw[0];
if(NumberOfSubbands > 2) {
for (nb = 1; nb < NumberOfSubbands-2; nb++) {
bw[nb] = bw[nb-1] + bw_diff; 1.
totalBwSum = totalBwSum + bw[nb];

}
bw[nb] = bw[nb-1] + bw_diff; 5
totalBwSum = totalBwSum + bw[nb};

}

}
bw[NumberOfSubbands-1] = 64 — totalBwSum;
return(bw);

uclbf

uclbf

uimsbf

Remove Figure 35 — Example for HOAConfig()

Replace Table 121 — Syntax of HOAFrame with:

Table 121 — Syntax of HOAFrame

Syntax No. of bits

Mnemonic

HOAFrame()

{
NumOfDirSigs = 0;
NumOfVecSigs = 0;

NumOfTAaddHoaChans = 0;

for(lay=0; (lay< NumLayers); ++lay){
NumOfDirSigsPerLayer[lay] = 0;
NumOfAddHoaChansPerLayer[lay] = 0;
NumOfContAddHoaChansJlay] = 0;
NumOfNewAddHoaChans[lay] = 0O;

}
hoalndependencyFlag; 1

© ISO/IEC 2017 — All rights reserved
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32

for(i=0; i< NumOfAdditionalCoders; ++i)}{
ChannelSidelnfoDatal(i);
HOAGainCorrectionData(i);
switch ChannelType[i] {
case 0:
DirSigChannellds[NumOfDirSigs] =i + 1;
NumOfDirSigs++;
for(lay=0; (lay< NumLayers); ++lay){
if( (l\/linl\ll|mﬁf(‘nnffc|:nrAmhl-lﬁA + | ) <

NumHOAChannelsLayer[lay]){
NumOfDirSigsPerLayer[lay]++;
}
}
break;
case 1:
VecSigChannellds[NumOfVecSigs] =i + 1;
lay = 0;
while( (MinNumOfCoeffsForAmbHOA + i)

= NumHOAChannelsLayer{lay]) {
Iay ++;

}
VecSigLayerldx[NumOfVecSigs] = lay;
NumOfVecSigs++;
break;
case 2:
for(lay=0; (lay< NumLayers); ++lay){
if( (MinNumOfCoeffsForAmbHOA + i) <
NumHOAChannelsLayer[lay]){
if (AmbCoeffTransitionState[i] == 0){

ContAddHoaCoeffllay]
[NumOfContAddHoaChansJlay]]
= AmbCoeffldx]i};
NumOfContAddHoaChans[lay]++;
}
Yelse{
if(AmbCoeffTransitionState[i] == 1) {
NewAddHoaCoeff[lay]
[NumOfNewAddHoaChans]
= AmbCoeffldx([i];
NumOfNewAddHoaChans[lay]++;
}
AddHoaCoeffPerlLayer[lay]
[NumOfAddHoaChans]
= AmbCoeffldx([i];
NumOfAddHoaChansPerLayer[lay]++;
: }
AddHoaCoeff[NumOfAddHoaChans] = AmbCoeffldx[i];
NumOfAddHoaChans++;

break;

}

for (i= NumOfAdditionalCoders;
i< NumHOATransportChannels; ++i){
HOAGainCorrectionData(i);
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for(i=0; i< NumOfVecSigs; ++i){
VVectorData ( VecSigChannellds(i) );
}

if(SingleLayer==1) {
HOAEnhFrame();

mpegh3daFrame() in Table 26) is set to 1.
NOTE: If SingleLayer == 1 set NumLayers = 1.

Add the following table into Section 12.2.2 after Table 121

Table AMD3.HLC.3 — Syntax of HOAEnhFrame

Syntax No.of bits Mnemonic
HOAEnNnhFrame()

if( ((SingleLayer==1) & (NumOfDirSigs > 0)) |
((SingleLayer==0) & (NumOfDirSigsPerLayer[lay]) > 0) X
HOAPredictionInfo()

}
if NumOfPredSubbands > 0) {
HOAD:irectionalPredictionInfo();

}

if NumOfParSubbands > 0) {
HOAPariInfo();

}

}
Note: lay is the index of the currently active HOA enhancement layer

If SingleLayer==0 then use NumOfPredSubbands and NumOfParSubbands from the
HOADecoderEnhConfig of the carfesponding layer with index lay

Replace Table 122 — Syntax-of ChannelSidelnfoData(i) with:

Table 122 — Syntax of ChannelSidelnfoData(i)

Syntax No. of bits Mnemo
nic
ChannelSidelnfoData(i)
ChannelType]i] 2 uimsbf
switch ChannelTypeli]
{
case 0:
ActiveDirslds]i]: 10 uimsbf|
break;
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case 1:
if(hoalndependencyFlagX{
if(CodedVVecLength==1){
NewChannelTypeOne(Kk)[i];
}

NbitsQ(K)[i]

if (NbitsQ(K)[i] == 4) {
Codebkldx(k)[il;
N1 |mV\le_c|ndj,c_es(k)[i]++;

}
elseif (NbitsQ(k)[i] >= 6) {
PFlag(k)[i] = O;
CbFlag(k)]i];
}
}

else{
if(CodedVVeclLength==1)

}

bA;

bB;

if (bA + bB) == 0) {
NbitsQ(k)[i] = NbitsQ(k-1)[il;
PFlag(k)[i] = PFlag(k-1)[il;
CbFlag(k)[i] = CbFlag(k-1)[i];
Codebkldx(k)[i] = Codebkldx(k-1)[i];
NumVveclndices(k)[i] =

}

else{

if (NbitsQ(k)[i] == 4) {
Codebkldx(k)]il;
NumVveclindices(k)[i]++;

}

elseif (NbitsQ(k)[i] >= 6) {
PFlag(Kk)[il;

CbFlag(k)[i];

}

¥
}

break;

case 2:
AddAmbHoalnfoChannel(i);
break;

default:

NewChannelTypeOne(k)[i] = (1!=ChannelType(k-1)[i]));

NumVveclIndices(k-1)[i;

NbitsQ(k)[i] = (8*bA)+(4*bB)*uintC;

1 bslbf

4 uimsbf
3 uimsbf
NumVWecV _uimshf
qElements

Bits

1 bsibf

1 bsibf

1 bslbf

2 uimsbf
3 uimsbf
NumVVecV uimsbf
qElements

Bits

1 bslbf

1 bslbf

}
}

NOTE Codebkldx =4 ... 6 are reserved.
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Replace Table 126 — Syntax of VVectorData() with:

Syntax No. of bits Mnemonic
VVectorData(i)

if (CodedVVeclLength == 1) {
VVeclLengthUsed = VVVeclengthli];
VVecCoeffldUsed = VVecCoeffld][i];

Telseq]
VVeclLengthUsed = VVecLength;
VVecCoeffldUsed = VVecCoeffld;

}

if (NbitsQ(k)[i] ==4) {
If (NumVveclndices(k)[i] == 1) {

Vvecldx[0] = Vvecldx + 1; nbitsldx uimsbf
WeightVal[0] = ((SgnVal*2)-1); 1 uimsbf
} else {
Weightldx; 8 uimsbf
for (j=0; j< NumVveclIndices(k)[i]; ++j) {
Vvecldx[j] = Vvecldx + 1; nbitsldx uimsbf
if (j<8) {
WeightVal[j] = ((SgnVal*2)-1) * 1 uimsbf
WeightValCdbk[Weightldx][j];
} else {
WeightVal[j] = ((SgnVal*2)-1) * 1 uimsbf

WeightValCdbk[Weightldx]{6+j%2];

}
}

}
else if (NbitsQ(k)[i] == 5) {
for (m=0; m< VVeclLengthUsed; ++m){
aVal[i][m] = (VecVal /128.0) — 1.0; 8 uimsbf

}
else if(NbitsQ(k)[i] >= 6){
for (m=0; m< VVeckengthUsed; ++m){
huffldx = huffSelect(VVecCoeffldUsed[m], PFlag]i],

CbFlag[il);

cid = huffDecode(NbitsQ(i], huffldx, huffVal); dynamic huffDecods
aVallillm] = 0.0;
ifscid > 0 ) {

aVal[i][m] = sgn = (sgnVal * 2) - 1; 1 bslbf

if (cid > 1) {

aVal[i][m] = sgn * (2.0*(cid -1 ) + intAddVal); cid-1 uimsbf

}

}

}
)

NOTE: See 12.4.1.10.X for computation of VVecLength and nbitsldx
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Include following changes in Table 127 Syntax of HOAPredictionlInfo(), which is defined in Section
12.2.2 (changes highlighted in grey)

Table 127 — Syntax of HOAPredictioninfo()

Syntax No. of bits Mnemonic
HOAPredictionInfo()
{
PredldsBits = cell( log2(NumOitDirSigsPerLayer[lay| + 1) );
if(PSPredictionActive){ 1 bslbf
NumActivePred = 0;
if(KindOfCodedPredlds){ 1 bslbf
NumActivePred = NumActivePredlds + 1; NumActivePredidsBits uimsbf
i=0;
while( i < NumActivePred){
Predlds]i] = Predlds[i] + 1; ActivePredldsBits yuimsbf
i++;
}
}
elsef
for (i=0; i<(HoaOrder +1)2; i++) {
if(ActivePred[i]) { 1 bslbf

NumActivePred ++;

}
}

}
NumOfGains=0;

for (i=0; i<NumActivePred * MaxNoOfDirSigsForPrediction; i++) {
if (PredDirSiglds]i] > 0) { PredldsBits uimsbf
PredDirSigldsJi] =
DirSigChannellds[PredDirSigldsJ[i] - 1 ;
NumOfGains++;

}

}

for (i=0; i< NumOfGains; i++) {
bsPredGains NoOfBitsPerScalefactor uimsbf
PredGains[i] — bSPredGainS _ 2(NoOfBltsPerScaIefactor—1)

}

}

Note: lay,is\the index of the currently active HOA enhancement layer.
|n case ‘of-SingleLayer==1 set lay to zero.
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Add the following tables before Figure 36 — Two examples for HOAFrame()

Table AMD1.2 — Syntax of HOADirectionalPredictionInfo()

Syntax No. of bits Mnemonic
HOAD irectionalPredictionInfo()
{
if( UseDirectionalPrediction ) { 1 bslbf
if ({hoalndependencyFlag) {
KeepPreviousGlobalPredDirsFlag; 1 bslbf
}
else{
KeepPreviousGlobalPredDirsFlag = 0;
}
if( |KeepPreviousGlobalPredDirsFlag) {
NumOfGlobalPredDirs = NumOfGlobalPredDirs + 1; MaxNumOf bslbf
PredDirsLo
g2
NumBitsForRelDirGridldx = ceil(
log2( NumOfGlobalPredDirs ) );
for (idx=0; idx < NumOfGlobalPredDirs; idx++) {
GlobalPredDirslds[idx]; NumOfBitsP uimsbf
erDirldx
}
}
else{
/* Keep values from previous HOADirectionalPredictionInfo
payload for NumOfGlobalPredDirs and
GlobalPredDirslds. */
}
SortedAddHoaCoeff = sort(AddHoaCoeffPerLayer(lay],
‘ascend’);
for ( band = 0; band < Num©OfPredSubbands; band++ ) {
for ( dir = 0; dir < MaxNumOfPredDirsPerBand; dir++) {
for ( hoaldx = 0;
hoaldx <\IMinNumOfCoeffsForAmbHOA;
hoaldx#+ ) {
DecodedMagDiff[band][dir][hoaldx] = O;
BecodedAngleDiff[band][dir][hoaldx] = O;
}
h
}
for ( band = 0; band < NumOfPredSubbands; band++ ) {
if (lhoalndependencyFlag) {
KeepPreviousDirPredMatrixFlag[band]; 1 bslbf
}
else{
KeepPreviousDirPredMatrixFlag[band] = 0;
}
if (!KeepPreviousDirPredMatrixFlag[band]) {
UseHuffmanCodingDiffMag; 1 bslbf
if( band < FirstSBRSubbandldx ) {
UseHuffmanCodingDiffAngle; 1 bslbf
for ( dir = 0; dir < MaxNumOfPredDirsPerBand; dir++) {
if ( DirlsActive[band][dir] ) { 1 bslbf
RelDirGridldx; NumBitsFor uimsbf
RelDirGridld
X
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PredDirGridldx[band][dir] =
GlobalPredDirslds[RelDirGridldx];
for (hoaldx = 0;
hoaldx < MinNumOfCoeffsForAmbHOA;
hoaldx++ ) {
readDirPredDiffValues (band, dir, hoaldx,
UseHuffmanCodingDiffAbs,
UseHuffmanCodingDiffAngle,

FirefQRPQuhhandldy);

}
for (idx = 0;
idx < NumOfAddHoaChansPerLayer[lay];
idx++ ) {
readDirPredDiffValues (band, dir,
SortedAddHoaCoefflidx] -1,
UseHuffmanCodingDiffAbs,
UseHuffmanCodingDiffAngle,
FirstSBRSubbandldx);

}

Note: lay is the index of the currently active HOA enhancement layer.
n case of SingleLayer==1 set lay to zero.

Table AMD1.3 — Syntax for readDirPredDiffValues()

Syntax No. of bits Mnemonic
eadDirPredDiffValues(band, dir, hoaldx,
UseHuffmanCodingDiffAbs,
UseHuffmanCodingDiffAngle,
FirstSBRSubbandldx)
if(UseHuffmanCodingDiffAbs){
if( band < FirstSBRSubbandldx ) {
DecodedMagDifffband][dir][hoaldx] = 1..10 viclbf
HuffmanMagDiffNoSbr[HuffmanCodedMagDiff];
else {
DecodedMagDiff[band][dir][hoaldx] = 1.12 viclbf
HuffmanMagDiffSbr[HuffmanCodedRealMagDiff];
}
if(DeecodedMagDiff[band][dir][hoaldx] < -8){
DecodedMagDiff[band][dir][hoaldx] = -8 - 1. uclbf
runLengthCodedVal;
{
else if (DecodedMagDiff[band][dir][hoaldx] = 9){
BecodedMagBifffband}didirealdx}=90—+ 1= tehof
runLengthCodedVal;
}
}
}
else {
DecodedMagDiff[band][dir][hoaldx] = CodedMagDiff -7; 4 uimsbf
if(DecodedMagDiff[band][dir][hoaldx] < -7){
DecodedMagDiff[band][dir][hoaldx] = -7 - 1. uclbf
runLengthCodedVal;
{
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else if (DecodedMagDiff[band][dir][hoaldx] = 8){
DecodedMagDiff[band][dir][hoaldx] = 8 + 1.
runLengthCodedVal;

}

}
if( band < FirstSBRSubbandldx ) {
if(UseHuffmanCodingDiffAngle) {
DecodedAngleDiff[band][dir][hoaldx] = 1.7

uclbf

viclbf

nnr‘TnhlnAnglnniff[l-ll |'FF(‘nde_dAn,g,|,eni'FFJ|;

}

else {
DecodedAngleDiff[band][dir][hoaldx] = 4
DecTableAngleDiff{CodedAngleDiff];

uimsbf

Table AMD1.4 — Syntax of HOAPariInfo()

Syntax No. of bits

Mnemonic

HOAParinfo()

if (UsePar) { 1
for (band = 0; band < NumOfParSubbands; band++){
for(n = 0;

n < MaxNumOfDecoSigs[band];

n++) {

for(m = 0;
m < MaxNumOfDecoSigs[band];
m++) {
DecodedParMagDiff {band][n][m] = 0;
DecodedParAngleRiff [band][n][m] = 0;

}

}

if (lhoalndependencyFlag) {
KeepPreviousParMatrixFlag[band]; 1

}

else{
KeepPreviousParMatrixFlag[band] = O;

}
if (IKeepPreviousParMatrixFlag[band]) {
ParDecorrSigsSelectionTableldx[band] 2
if (UpmixHoaOrderPerParSubband[band] == 2) {
NumOfDecorrSigsPerParSubband =
NumOfDecorrSigsPerParSubbandTable[
ParDecorrSigsSelectionTableldx[band]]
ParSelectedDecorrSigsldxMatrix =
ParSelectedDecorrSigsldxMatrixTable[
ParDecorrSigsSelectionTableldx[band]]

1

bslbf

bslbf

uimsbf

J
else{

NumOfDecorrSigsPerParSubband =
NumOfDecorrSigsPerFirstOrderPar
SubbandTable[

ParDecorrSigsSelectionTableldx[band]]

ParSelectedDecorrSigsldxMatrix =
ParFirstOrderSelectedDecorr
SigsldxMatrixTable [

ParDecorrSigsSelectionTableldx[band]]
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if (UseReducedNoOfUpmixSigs){ 1 bslbf
for(n = 0;
n < MaxNumOfDecoSigs[band]; n++) {
UseParUpmixSig[band][n]; 1 bslbf

}
}

else {
for(n = 0;

n< I\/I:n(l\ll|mﬂfnnr\nQigc[hand]; n++) {

UseParUpmixSig[band][n] = 1;
}

}

UseParHuffmanCodingDiffAbs; 1 bslbf

if( |UseRealCoeffsPerParSubband[band] ) {
UseParHuffmanCodingDiffAngle; 1 bslbf

}

for(n = 0;
n < MaxNumOfDecoSigs[band];
n++) {
if(UseParUpmixSig[band][n]) {
for(m = 0;
m <
NumOfDecorrSigsPerParSubband ;
m++) {
¢ = ParSelectedDecorrSigsldxMatrix[n]{m];
readParDiffValues(band, n, c,
UseParHuffmanCodingDiffAbs,
UseParHuffmanCodingDiffAngle);

Table AMD1.5 — Syntax for readParDiffValues()

Syntax No. of bits Mnemonic
eadParDiffValues (band, idx,-decoldx, UseParHuffmanCodingDiffAbs,
UseParfiuffmanCodingDiffAngle)

if(UseParHuffmanCodingDiffAbs) {
if(UseRealCoeffsPerParSubband[band]) {
DecodedParMagDiff[band][idx][decoldx] = 1..10 viclbf
HuffmanMagDiffSbr[HuffmanCodedParMagDiff];
else’{
DecodedParMagDiff[band][idx][decoldx] = 1.12 viclbf
HuffmanMagDiffNoSbr[HuffmanCodedRealParMagDiff];

if (DecodedParMagDiff [band][dir][hoaldx] < -8)

DecodedParMagDiff[band][idx][decoldx] = -8 - 1. uclbf
runLengthCodedVal;
}
else if (DecodedParMagDiff [band][dir][hoaldx] = 9)
DecodedParMagDiff[band][idx][decoldx] = 9 + 1. uclbf
runLengthCodedVal;
}
else {
DecodedParMagDiff[band][idx][decoldx] = 4 uimsbf

CodedParMagDiff - 7;
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if (DecodedParMagDiff [band][dir][hoaldx] < -7)

DecodedParMagDiff[band][idx][decoldx] = -7 - 1. uclbf
runLengthCodedVal;
}
else if (DecodedParMagDiff [band][dir][hoaldx] = 8)
DecodedParMagDiff[band][idx][decoldx] = 8 + 1. uclbf
runLengthCodedVal;

}

else {

if(lUseRealCoeffsPerParSubband[band]){
if(UseParHuffmanCodingDiffAngle) {
DecodedParAngleDiff[band][idx][decoldx] = 1.7 viclbf
DecTableAngleDifffHuffCodedParAngleDiff];

DecodedParAngleDiff[band][idx][decoldx] = 4 uimsbf
DecTableAngleDiff[CodedParAngleDiff];

Replace "Table 128 — SingleLayer definition" with the foHowing table and add the addit
definitions of elements following the new Table 128 :

Table 128 — SingleLayer definition

onal

Value

Meaning

/* reserved */

HOA signal is provided in a single layer

With:

Table 128 — SingleLayer definition

Value

Meaning

HOA signal is provided in multiple layers; enables the signaling of the
distribution of the HOA transport channels into the different layers

HOA signal is provided in a single layer

codedLayerCh

This element indicates for the first (i.e. base) layer the number of include]
transport signals, which is given by codedLayerCh +
MinNumOfCoeffsForAmbHOA. For the higher (i.e. enhancement) layers,
element indicates the number of additional signals included into an

enhancement layer compared to the next lower layer, which is given by

ecodadl sarCh—4 1

HOALayerChBits

NumLayers

NumHOACannelsLayer

© ISO/IEC 2017 — All rights reserved
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This element indicates the number of bits for reading codedLayerCh.

this

This element indicates (after the reading of the HOADecoderConfig()) the

total number of layers within the bit stream.

This element is an array consisting of NumLayers elements, of which the i-th
element indicates the number of transport signals included in all layers up to

the i-th layer.
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HOAENhConfig() This payload contains the HOA enhancement configuration data of an HOA
enhancement layer in the HOA Layered Coding Mode.

HOALayerldxBits This element indicates the number of bits used for signaling the element
Layerldx.

Layerldx This element indicates the index of the HOA enhancement layer payload,
where the index is defined in the range from zero to NumLayers-1.

HOAPecoderEnhConfig() This payload contains all configuration elements for the HOA enhancement

layer payloads.

In subclause 12.3.1 Definitions of HOA Config replace:

NumOfHoaCoeffs

With:

NumpfHoaCoeffs

IsScreenRelative

This element determines the number of HOA coefficients of the\coded HOA
representation, which is equal to the number of HOA coefficients to be
reconstructed.

This element determines the number of HOA coefficients of the coded HOA
representation, which is equal to the number of HOA coefficients to be
reconstructed.

This element indicates if the HOA representation shall be rendered with
respect to the reproduction screen. size as described in clause 18.X.

In subclause 12.3.1 Definitions of HOA Config replace:

MaxNumAddActiveAmbCoeffs

With:

This element determines the maximum number of additional HOA channels
that can be used additionally for the coding of the ambient HOA
representation.

MaxHOAOrderToBeTransmitted This element indicates the maximum HOA order of the additional ambient

HOA coefficients to be transmitted.

MaxNumOfCoeffsToBeTransmitted This element indicates the maximum number of HOA coefficients to be

MaxNumAddActiveAmbCoeffs

VqCaqnfBits

transmitted, computed depending on MaxHOAOrderToBeTransmitted.

This element signals the maximum index for the signaling of additional
ambient HOA coefficients.

This element indicates the number of bits necessary to signal the element
NumVVecVgElementsBits

NumVVecVqElementsBits

UsePhaseShiftDecorr

PredSubbandsldx

42

This element indicates the number of bits used to signal the element
NumVveclindices in ChannelSidelnfoData()

This element signals the usage of the phase shift de-correlation in the
ambience synthesis, where true means it is used.

This element signals the table index for the sub-band configuration of the
Sub-band Directional Signals Synthesis
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This element contains the number of sub-band groups used for the Sub-band
Directional Signals Synthesis

This table contains the number of sub-band groups for each
PredSubbandsldx for the Sub-band Directional Signals Synthesis

PredSubbandWidths[idx] This array of NumOfPredSubbands elements contains the number of QMF
sub-bands per sub-band group of the Sub-band Directional Signals
Synthesis
PredSubbandWidthTable This table contains the bandwidths of the sub-band groups for each.tablg
index PredSubbandsldx for the Sub-band Directional Signals Synthesis
Table AMD1.6 — Directional Prediction Subbands Table
PredSubbandsldx NumOfPredSubbandsTable = PredSubbandWidthTable
0 (]
1 [1,1,1,2,2,2,3,6, 10,,35]
2 1,1,1,1,11,1111,1,22,2,2,4,5,7,11, 18]
getSubbandWidths() This function reads a flexible sub-band.group configuration.

FirstSBRSubbandldxBits

FirstSBRSubbandldx

MaxNumOfPredDirsLog2

MaxNumOfPredDirs

MaxNumOfPredDirsPerBand

DirGridTableldx

NumOfBitsPerDirldx

NumQOfGridPointsTable

NUmMOfBitsPerDirldxTable

This element determines the number; of bits for reading
FirstSBRSubbandldx.

the samples are reconstructed by the SBR tool. To deactivate the speci
SBR processing in the Sub-band Directional Signals Synthesis set the value
of this element to NumOfPredSubbands + 1.

Indicates the first sub-band group of the Directional Signals Synthesis w{ere
|

This element signals the logarithm to the base of two from the maximum
number of sighals that are predicted in the Sub-band Directional Signals
Synthesis;

This element signals the maximum number of signals that are predicted |n the
Sub=band Directional Signals Synthesis.

This element contains the maximum number of predicted signals per suli
band group of the Sub-band Directional Signals Synthesis.

This index determines the grid of potential directions of directional sub-band
signals created at the Sub-band Directional Signals Synthesis.

The element determines the number of bits for signaling the index of a viftual
loudspeaker position index.

This table determines the number of potential directions of directional sup-
band signals created at the Sub-band Directional Signals Synthesis.

This table determines the number of bits used to code each single potential
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direction of a directional sub-band signal created at the Sub-band Directional
Signals Synthesis.
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Table AMD1.7 — Quantized Direction Index Table

DirGridTableldx NumOfGridPointsTable NumOfBitsPerDirldxTable
0 256 8
1 484 9
2 900 10
3 reserved reserved
ParSubbandTableldx This element signals the table index for the sub-band configuration of the
Parametric Ambience Replication decoder
NumOfParSubbands This element signals the number of sub-band groups used by the Paramietric
Ambience Replication decoder
NumfParSubbandsTable This table contains the number of sub-band groups for each PAR sub-band

ParS

ParS

LastH

Lastl

UseR

Upm

MaxN

group table index ParSubbandTableldx

LibbandWidths This array of NumOfParSubbands elements contains the humber of QMF
sub-bands per sub-band group of the Parametric Ambienhce Replication
decoder.

LibbandWidthTable This table contains the bandwidths of the sub=bahd groups for each table
index ParSubbandTableldx for the PAR decoder

Table AMD1.8 — PAR Subbands-Table
ParSubbandTableldx NumOfParSubbandsTable ParSubbandWidthTable
0 0 I
1 4 [1,1, 22, 40]
2 8 [1,1,1,2,2,5,10,42]
irstOrderSubbandldxBits This element determines the number of bits required for reading

LastFirstOrderSubbandldx

FirstOrderSubbandldx  This element'indicates the index of the last PAR sub-band group that uses an
HOA order of one.

lealCoeffsPerParSubband[idx] This Boolean array indicates for each PAR sub-band group if the
mixing matrix consists of real-valued non-negative (true) or complex valued
elements matrix (false).

xHoaOrderPerParSubband[idx] This array contains the HOA order used in each PAR sub-band group

lumOfDecoSigs[idx] This array contains the maximum number of de-correlated signals per PAR
sub-band group.

Add

the following subclause after subclause 12.3.1  Definitions of HOA Config

12.3.x Syntax of getSubbandBandwidths()

This function reads the bandwidth for NumberOfSubbands sub-band groups.

CodedBwFirstBand This element signals the bandwidth of the first sub-band group by the number
of QMF sub-bands

NumberOfSubbands This element contains the total number of sub-band groups
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bwl[idx] This array holds the bandwidth of each sub-band group in the number of
QMF sub-bands

bw_diff This element contains the differentially coded bandwidth of a sub-band group

Replace the subclause 12.3.2.1 HOAFrame() with the following subclause

12.3.2.1 HOAFrame()

The HOAFrame() holds the information that is required to decode the L samples of a HOA frame of forder
HoaOrder.

HOAFrame() This block of data contains the data required to decode one frame of L
samples of the coded HOA representation.

NumOfDirSigs This elements determines the number of active directional signals in the
current HOAFrame().

NumOfVecSigs This element determines the numberof active vector-based signals in the
current HOAFrame().

NumOfAddHoaChans This element determines the'total number of additional ambient HOA
channels in the current HOAFrame().

NumOfDirSigsPerLayer[lay] This elements determines the number of active directional signals in the
current HOAFrame() that are actually used in the HOA enhancement laygr

lay.
NumOfAddHoaChansPerLayer{lay]

Thiselement signals the total number of additional ambient HOA coefficignts
actually used in the HOA enhancement layer /ay.

NumOfContAddHoaChans[lay]” This elements determines the number of continuous additional ambient HOA
coefficients in the current HOAFrame() that are actually used in the HOA
enhancement layer /ay.

NumOfNewAddHeaChans[lay] This element determines the number of newly introduced additional ambient
HOA channels in the current HOAFrame() that are actually used in the HDA
enhancement layer lay.

hoalndependencyFlag This flag signals that the current frame is an independent frame that can pe
decoded without having knowledge about the previous frame. Otherwise this
flag is equal to the usacindependencyFlag.

£l
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NumOfAdditionalCoders channels of flexible ChannelType.
HOAGainCorrectionData(i) This payload contains data for the inverse gain correction of channel i.

DirSigChannellds[NumOfDirSigs] This element stores the channel index of each active directional signal of
the current frame.

VecSigChannellds[NumOfVecSigs] This element stores the channel index of each active vector-based signal
of the current frame.
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VecSigLayerldx[i] This element indicates for the i-th vector based channel element of the current

frame the index of the enhancement layer that transmits the corresponding
vector-based signal.

ContAddHoaCoeff [lay][NumOfContAddHoaChans]

NewA

AddH

AddH

HOA

Add

12.3.

HOA

HOA

HOA

This 2D array contains the HOA coefficient indices for each continuous
additional ambient HOA coefficient actually used in the HOA enhancement

layer lay. For these HOA coefficients the AmbCoeffTransitionState word is of
value 0 in the current frame.

\ddHoaCoeff [lay][NumOfContAddHoaChans]

This 2D array contains the HOA coefficient indices for each additionalambient
HOA coefficient, which was not present in the preceding frame used.in the
HOA enhancement layer /ay.

oaCoeffPerLayer(lay] This array contains the HOA coefficient indices for each additional ambient
HOA coefficient actually used in the HOA enhancement layer lay.

oaCoeffllay] This element stores the HOA coefficient number of gach additional ambient
HOA channel in the current frame.

EnhFrame() This payload contains the frame data for.the HOA enhancement payloads
HOAPredictionlnfo(), HOADirectionalPredictionInfo() and HOAParInfo().

the subclause 12.3.2.X after 12.3.2.1 HOAFrame()

P.X HOAEnhFrame()

Predictioninfo()

This payload contains data for the prediction of dominant sound sources from
the active\directional signals of the current frame.

DirectionalPredictioninfo  This/payload contains data for the Sub-band Directional Signals Synthesis.

Parlnfo This payload contains data for the Parametric Ambience Replication.

In subclause 12.3:12.2°  ChannelSidelnfoData(i) add after Codebkldx[i]

Num

Vvecindices(k)[i] The number of vectors used to dequantize a vector-quantized V-vector.

In subclause 12.3.2.2  ChannelSidelnfoData(i) add before PFlag[i]

NewChannelTypeOneli] This flag indicates if in the previous frame (k-1) the transport channel was not

46

initialized as a Vector-based Signal.
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In subclause 12.3.2.5  VVectorData( VecSigChannellds(i) ) remove:

NumVveclndices The number of vectors used to dequantize a vector-quantized V-vector.

Add the following subclauses after 12.3.2.6 HOAPredictionInfo():

12.5.2.X HOADIrectionalPredictioninto
This Payload contains data for the Directional Signals Synthesis.

UseDirectionalPrediction This flag indicates if the Directional Signals Synthesis is performed in the
current frame.

KeepPreviousGlobalPredDirsFlag This flag indicates that the elements NumOfGlobalPredDirs,
NumBitsForRelDirGridldx and GlobalPredDirslds réad from the previous
HOADirectionalPredictionInfo payload are used,

NumOfGlobalPredDirs This element determines the available numbér of global, broadband
directions.
NumBitsForRelDirGridldx This element indicates the number ©f,bit required for reading

GlobalPredDirslds.

GlobalPredDirslds This array contains the indices-for the NumOfGlobalPredDirs directions,
where each index belongs 16 a direction from the grid of positions selectgd by
DirGridTableldx.

o

SortedAddHoaCoeff This array contains'the HOA coefficients indices from AddHoaCoeff sorte
ascendingly.

KeepPreviousDirPredMatrixFlag[band] ¢», This Boolean is true if the signal prediction matrix is kept from
the previeus frame and false if the mixing matrix is update by new magnifude
and angle differences.

UseHuffmanCodingDiffMag _This Boolean element is true if the magnitude differences are encoded by
Huffman coding.

UseHuffmanCodingDiffAngle This Boolean element is true if the angle differences are encoded by Huffman
coding.

DirlsActive This Boolean element is true if the current direction of the current sub-band
group has been transmitted.

RelDirGridldx This element holds the relative index of the current direction index stored|in
GlobalPredDirslds

PredDirGridldx[band][dir] This 2D array contains the direction indices belonging to the direction gril
selected by DirGridTableldx for all active directions of each sub-band grpup

readDirPredDiffValues() This function reads the coded magnitude and angle differences.

12.3.2.x.1 Syntax for readDirPredDiffValues()

This function reads the magnitude and phase differences for the Directional Signal Synthesis.
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HuffCodedMagDiff This element signals the Huffman coded magnitude difference using Table

F.x Huffman Table for Decoding HuffmanMagDiffNoSbr

DecodedMagDiff[band][dir][idx] This 3D array holds the decoded magnitude difference from Table F.x
Huffman Table for Decoding HuffmanMagDiffSbr for the prediction of each
directional signal with the index dir of a sub-band group with the index band
from the HOA coefficient with the index idx

runL

HuffCodedAngleDiff This element signals the Huffman coded angle difference using Table F.X

DecodedAngleDiff[band][dir][hoaldx] This 3D array holds the decoded angle difference from Table F.x

HuffCodedSbrMagDiff This element signals the Huffman coded magnitudedifference using Table
F.x Huffman Table for Decoding HuffmanMagDiffSbr.

Code¢dMagDiff This element holds the magnitude difference indéex quantized with 4 plain bits.

Code¢dAngleDiff This element holds the angle differenceindex quantized with 4 plain bits.

12.3.R.x HOAParinfo

This Payload contains data for the PAR decoder.

UseRar This Boolean is true'ifthe PAR decoding is performed in the current frame.

KeepPreviousParMatrixFlag[idx] This Boolean is true if the mixing matrix is kept from the previous frame

ParDecorrSigsSelectionTableldx[idx] This table index determines the number and the corresponding

Num

escape word has been signaled.
Huffman Table for DecTableAngleDiff

Huffman Table for DecTableAngleDiff for the prediction of each directional
signal with the index dir of a sub-band group with the index band from the
HOA coefficient with the index idx

and false if the mixing matrix is update by new magnitude and angle
differences:

indices of the de-correlated signals that are used to create one up-mix signal.

DfDecorrSigsPerParSubband This element indicates the number of de-correlated signals that are used
to create one up-mix signal, which is obtained for
UpmixHoaOrderPerParSubband[idx] of two from Table F.x Table for
ParDecorrSigsSelectionTableldx referring to
NumOfDecorrSigsPerParSubbandTable and
ParSelectedDecorrSigslidxMatrixTable and for
UpmixHoaOrderPerParSubband[idx] of one from Table F.x Table for
ParDecorrSigsSelectionTableldx referring to

NumOfDecorrSigsPerFirstOrderParSubbandTable and

ParDecorrSigsSelectionTableldx[idx]

ParSelectedDecorrSigsldxMatrix[sig][idx] This matrix contains the NumOfDecorrSigsPerParSubband

48

indices of the de-correlated signals that are used to create the up-mix signal
with the index sig, where the matrix is obtained for
UpmixHoaOrderPerParSubband[idx] of two from Table F.x Table for
ParDecorrSigsSelectionTableldx referring to
NumOfDecorrSigsPerParSubbandTable and
ParSelectedDecorrSigslidxMatrixTable and for
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UpmixHoaOrderPerParSubband][idx] of one from Table F.x Table for
ParDecorrSigsSelectionTableldx referring to
ParFirstOrderPermldxVectorTable exploiting the index
ParDecorrSigsSelectionTableldx[idx].

This elements signals that not all up-mix signals are created.

For each PAR sub-band group of index idx the elements of the Boolean
matrix are true if the up-mix signal with an index n is created or false if it is not

UseParHuffmanCodingDiffAbs  This Boolean indicates by true that the magnitude differences ate

UseParHuffmanCodingDiffAngle This Boolean indicates by true that the angle differences. are Huffman

12.3.2.x.1 readParDiffValues|()

created.

Huffman coded.

coded.

The index is equal to the index of the de-correlated\signal used to create|the
current up-mix signal. It is obtained from Table /F.x"Table for
ParDecorrSigsSelectionTableldx referring)to
NumOfDecorrSigsPerParSubbandTable'and
ParSelectedDecorrSigsldxMatrixTable-fer the current value of
ParDecorrSigsSelectionTableldx.

This function reads magnitude and phase differences”of the mixing matrices that are used by the|PAR

decoder.

HuffCodedParMagDiff

runLengthCodedVal

DecodedParMagDiff[band][idx][decoldx] This 3D array holds the decoded magnitude differences for the

HuffCodedParAngleDiff

DecodedParAngleDiff[band][idx][decoldx]  This 3D array holds the decoded angle differences for the

HuffmanCodedRealParMagDiff This element signals the Huffman coded magnitude difference using

This element signals the Huffman coded magnitude difference using Table
F.x Huffman\Table for Decoding ParHuffmanMagDiffNoSbr

This run‘length code determines magnitude difference if a corresponding
escape word has been signaled.

prediction of each virtual loudspeaker signal with the index idx of a sub-band
group with the index band from the de-correlated signal with the index
decoldx

This element signals the Huffman coded angle difference using Table F.X
Huffman Table for ParDecTableAngleDiff

prediction of each virtual loudspeaker signal with the index idx of a sub-band
group with the index band from the de-correlated signal with the index id

CodedParMagDiff

CodedParAngleDiff

© ISO/IEC 2017 — All rights reserved

Tabte FxHuffrmam Table for Decoding ParHuffmmanivtagDiffSbr———

This element holds the coded magnitude difference index quantized with 4
plain bits.

This element holds the coded angle difference index quantized with 4 plain
bits.
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In su

bclause 12.4.1.2  Global Parameter replace:

Dprep = MaxNoOfDirSigsForPrediction  Maximum number of directional signals used for the prediction of

With

dominant sound sources

Dprep = MaxNoOfDirSigsForPrediction  Maximum number of directional signals used for the prediction of

Dsg =

DMAX

In su

rmax

With

rmax

Add

12.4.

£(1

for

}

dominant sound sources

MaxNumOfPredDirsPerBand Maximum number of directions per sub-band for Sub-band
Directional Signals Synthesis

= MaxNumOfPredDirs; Maximum number of different directions over all sub-bands for Sub-
band Directional Signals Synthesis

bclause 12.4.1.2  Global Parameter replace:

Determines the maximum speaker distance of the listening setup.

Determines the maximunispéaker distance of the listening setup. In
case the actual ¢loudspeaker distances are unknown
(hasLoudspeakerDistance == 0) ' is set to infinity (Ia—).

the following subclauses after 12.4.1.2 ~ Global Parameter
1.2.1 Upper and lower bounds of sub-band groups for Sub-band Directional Signals Synthesis
NumOfPredSubbands;

=1;

(b=0; b < NumOfPredSubbands — 1; b++)

U(b~4D) = L(b) + PredSubbandWidths[b] — 1;
LBF1) = Ub+1)+1;

UB

> f(R -1+ PrdenhhqndWidfhc[R — 1] =1,

12.4.1.2.2 Upper and lower bounds of sub-band groups for PAR
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G = NumOfParSubbands ;

Lppr(1) =1;

for (g=0; g < NumOfParSubbands —1; g++)

{
Upar(g+ 1) = Lpar(g) + ParSubbandWidths [g] — 1;

Lpar(@+ 1) = Uppr(g+ 1D + 1

bl

J
'UPAR(G) = [’PAR(G - 1) + ParSubbandWidths [G - 1] - 1;

12.4.1.2.3 Orders Np,r(g) for each sub-band group g =1, ..., G for PAR
for (g=0; g < NumOfParSubbands; g++)

{
Npar(g + 1) = UpmixHoaOrderPerParSubband|[g];

Add the following subclause after subclause "12.4.1.2 Global Parameter"

12.4.1.x Frame and user dependent parameters

My ay (k) Number of all actually used (ayers for the k-th frame (to be specified) at the

decoder side. Note that-in the case of layered coding (indicate]
SingleLayer==0) this number must be less or equal to the total numf
layers present in the¢bit'stream, i.e. Mj,y < NumlLayers. In the case of s
layered coding (indicated by SingleLayer==1) M; 5y is set to one.

Dependent on the choice of M,y (k) the number Iypp 1ay (k) of additional transport channels actually us
spatial HOA decoding (i.e. additional to the*Oy;n channels that are implicitly always used) is comput
follows:

if(SingleLayer | (!SingleLayer & #; oy (k) == NumlLayers))
{

IappLay (k) = NumOfAdditienalCoders;

}
else
{
Inppray (k) =\NumHOAChannelsLayer[0] - MinNumOfCoeffsForAmbHOA ;
for (m=1; (MyX Mpay ; m++){
Iappay (K) = NumHOACannelsLayer[Mpay(k) —1] - MinNumOfCoeffsForAmbHOA;
}
}

The number is required to extract from the total side information the part that is relevant for the actually
transport signals. For this reason, in the following, it is used for the conversion of the bit stream paramet

d by
er of
ngle-

d for
d as

used
brs to

the parameters used in the description of the actual spatial HOA decoding in subclause 12.4 2

In subclause "12.4.1.5 Assignment vector v up assign (k)" replace NumOfAdditionalCoders by

IADD,LAY (k)

12.4.1.5 Assignment vector vayg assien (k)
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for (i=0; i <lpppray (k); i++){
if(ChannelType[i]==2){
vAMB,ASSIGN(k)[i"'l] = AmbCoeffIdx[i];

}
else{
Vame,assion (k) [1+1]=0;
}
}
nIdx 3

for (i=Izppray (k); i < NumHOATransportChannels; i++){

Pampassion (k) [i+1]=nIdx;
NIdx++;

In subclause "12.4.1.6 Tuple set Mp;r (k)" replace NumOfAdditionalCoders by I,5p,.ay (k)

12.4./1.6 Tuple set Mz (k)

Mpr[(k)=0;

for (i50; i < Iapp,Lay (K); i++)

if(ChannelTypel[i]==0)

Mpir(k)=Mpr(k) U (i + 1, ActiveDirslds][i]);

In syibclause "12.4.1.7 The sets Ig(k), 9p(k) and I, (k)" replace NumOfAdditionalCoders by
IADD LAY (k)

12.4./1.7 The sets J;(k), Ip(k) and Ty (k)
~7E(k) = @;

.7]) (k = @;

JuU) = {1, ... O 5

for (i§0; i < Iapp,Lay (k); i++)
gwitch(AmbCoeffTransitionState[i]){

case 0:

{
Ty (k)FIy (k) U {AmbCoeffldx[i]} ;
break;

}

case .

{
Ig (k)ETg (k) {AmbCoeffldx[i]} ;
breal;

s

case 2:

{
95 (k)=Jp (k) U {AmbCoeffldx[i]} ;
}

}
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In subclause 12.4.1.10.2 VVecLength and VVecCoeffld replace:

The size of the Vector codebook depends on the value NumVveclndices and on the HOA order. If the variable
NumVveclindices is set to 1, the vector codebook containing HOA expansion coefficients derived from Annex
F is used. If NumVveclindices is larger than 1, the Vector codebook with O vector is used in combination with
256x8 weighting values (Table in Annex F.12). For the HOA order 4, the Vector codebook with 32 entries as
derived from the Table in Annex F.6 is used.

With:

The size of the Vector codebook depends on the value Codebkldx(k)[i], on the value Num\/veclndicep(k)[i]
and on the HOA order. If NumVveclindices is larger than 1, the 256x8 weighting values (Tablé in Annex [F.12)
are used. If NumVveclndices is larger than 8, the last 2 columns of the 256x8 weighting values (Table in
Annex F.12) are used repeatedly with a modular operator.

If the Codebkldx(k)[i] is set to 0, a codebook containing the HOA expansion coefficients derived from Annex
F.9 is used.

If the Codebkldx(k)[i] is set to 1 the V-vector codebook is generated based-on the loudspeaker directions [in
Annex F.LP and used with scaling. If the Codebkldx(k)[i] is set to 2, the! V-vector codebook based on the
loudspeaker directions in Annex F.LP is generated and used without further scaling. If the Codebkldx(k)[|] is
set to 3, the V-vector codebook with 64 entries as shown in the Jable in Annex F.2D is used. If the
Codebkldx(k)[i] is set to 7, a vector with O vectors is used. Far the HOA order 4, the Vector codebook with 32
entries as derived from the Table in Annex F.6 is used.

Add the following changes concerning Section 12.4.1.10.2 (VVecLength and VVecCoeffld)

The codedVVeclLength word indicates:
0) Complete vector length~(NumOfHoaCoeffs elements). Indicates that all of the coefficients fgr the
predominant vectors{NumOfHoaCoeffs) are specified.

1) Vector elements 1 to MinNumOfCoeffsForAmbHOA and all elements defined in
ContAddHoaCoeff[lay] are not transmitted, where lay is the index of layer containing the \Jector
based signal corresponding to the vector. Indicates that only those coefficients of the predonjinant
vector(corresponding to the number greater than a MinNumOfCoeffsForAmbHOA are spegified.
Further those NumOfContAddAmbHoaChan[lay] coefficients identified in ContAddAmbHoaChah[lay]
are 'subtracted. The list ContAddAmbHoaChan[lay] specifies additional channels corresponding|to an
order that exceeds the order MinAmbHoaOrder.

2) Vector elements 1 to MinNumOfCoeffsForAmbHOA are not transmitted. Indicates that those
coefficients of the predominant vectors corresponding to the number greater than a

MinNumQOfCaoeffsForAmbHQA are annrifind

In case of codedVVeclLength==1 both the VVecLength[i] array as well as the VVecCoeffld[i][m] 2D array are
valid for the VVector of index i, in the other cases both the VVeclLength element as well as the
VVecCoeffld[m] array are valid for all VVector within the HOAFrame. For the assignment algorithm below a
helper function is defined as follows.

switch CodedVVeclLength{
case O:
VVecLength = NumOfHoaCoeffs;
for (m=0; m<VVecLength; ++m) {
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VVecCoeffld[m] = m;

}

break;

case 1:

for (i=0; 1 < NumOfVecSigs; ++i) {
lay = VecSigLayerldx[i];

VWecLength[i] = NumOfHoaCoeffs — MinNumOfCoeffsForAmbHOA —

NumOfContAddHoaChans[lay] - (NewChannelTypeOne[i] * NumOfNewAddHoaChans[lay]);

Coeffldx = MinNumOfCoeffsForAmbHOA;

for (m=0; m<\Weclengthl[i]; +i+m) £

Coeffldx++;

if(NewChannel TypeOne[i]) {

blslnArray = ( isMemberOf(Coeffldx, ContAddHoaCoeff[lay],

NumOjfContAddHoaChans[lay]) || isMemberOf(Coeffldx, NewAddHoaChans[lay],
NumOffNewAddHoaChans[lay]) );
while (blslnArray) {

CoeffFldx++;

bilsInArray = ( (isMemberOf(Coeffldx, ContAddHoaCoeff[lay],
NumOjfContAddHoaChans[lay]) || isMemberOf(Coeffldx, NewAddHoaChans[lay]g
NumOffNewAddHoaChans[lay]) );
}

+

else{

blslnArray = isMemberOf(Coeffldx, ContAddHoaCoeff[lavi,
NumOfContAddHoaChans[lay]);

whille (blslnArray) {
CoeffFldx++;
blsInArray = isMemberOf(Coeffldx, ContAddHoaCoeff[lay],

NumOfContAddHoaChans[lay]);

}

}
VWecCoeffld[il1[m] = Coeffldx-1;
}
¥
break;
case 2:
VWWecLength = NumOfHoaCoeffs — MinNUumOfCoeffsForAmbHOA;
for (m=0; m< VWecLength; ++m) {
VWecCoeffld[m] = m + MinNum@fCoeffsForAmbHOA;
}

Add the grey marked changes for the pseudo code given in Section 12.4.1.10.5 (Conversion of VVec
elemgnt)

if (CodedVVeckength == 1) {
WeclLengthlsed = VVeclLength[i];
WecCoetfldUsed = VVecCoeffld[i];
} else {
WeclengthUsed = VVeclLength;
WecCoeffldUsed = VVecCoeffld;

X
for (m=0; m<0; ++m) {

v, (k) = 0;
h
if (NbitsQKI[i] == 4) {
FNorm = 1.0;

for (m=0; m< O; ++m) {
TmpVVec[m] = O;
for (J=0; j< NumVveclndices(k)[i]; ++j) {
TmpVVec[m]+=WeightVal [j]*VecDict[Codebkldx].[Vvecldx[j]1]1[m]:
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}

}
if (doScaling) {
FNorm = 0.0;
for (m=0; m<O0; ++m) {
FNorm += TmpVVec[m] * TmpVVec[m];
}
3

for (m=0; m< VWecLengthUsed; ++m) {
idx = VVecCoefflDUsed[m]:

v, (k) = TmpWec[idx] * (N+1)/sqrt(FNorm);

}
elseif (NbitsQ(K)[i] == 5) {
for (m=0; m< VVecLengthUsed; ++m) {
U(I)VVecCOefﬂdUsed[m] (k) = (N+1)*aVaI [i] [m] ;
¥

}
elseif (NbitsQ(K)[i] >= 6) {
for (m=0; m< VVecLengthUsed; ++m) {
vOyyeccoeriidusedm) () = (N+1) * (2°(16 — NbitsQ(K) [i1)*aval [i]1[m])/2"15;
if (PFlag(kK)[i] == 1) {
v(l)VVecCoefﬂdUsed[m] (k) += flOOT(O.S + 1J(l)VVecCc)efﬂd[m] (k—1) = 214) #2714
}
¥
}
if ( (CodedVVecLength == 1) & ((Mpay(k) —1) > VecSigLayeridx[i]) ) {
for (m=0; m< VVWecLengthUsed; ++m) {
Coeffldx = VVecCoeffldUsed[m];

it (isMemberOf(Coeffldx, ContAddHoaCoeff[Mjy(k) — 11,
NumOfContAddHoaChans[My(k)—11) ) {

v(i)Coefﬂdx (k)= 0;

Add before subclause 12.4.1,10.6 Tuple set M ygc(k):

selectCodebk

switch Codebkddx {

case 0:
cdblen” = 900;
nbitsldx = 10;
doScaling = 1;
break;

case 1:
cdbLen = 34;
nbitsldx = 6;

doScaling = 1;
break;

case 2:
cdbLen = 34;
nbitsldx = 6;
doScaling = 0O;
break;

case 3:
cdbLen = 64;
nbitsldx = 6;
doScaling = 1;
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break;

case 7:
cdbLen = (N+1)*(N+1);
it (N==4){

cdbLen = 32;

nbitsldx = ceil(log2(NumOfHoaCoeffs));
doScaling = 1;

In subclause "12.4.1.10.6 Tuple set Mygc(k)" replace NumOfAdditionalCoders by Iypp 4y (k)

12.4.1.10.6 Tuple set My (k)

Mygd(k)=0;

for (i$0; i < Iapp,ray (k); i++){
if(ChannelTypel[i]==1)

Mygc(k)=Mygc (k) U (i + 1, vO(k));

Add the following subclauses after 12.4.1.10.6 Tuple set

12.4./1.x Tuple sets Mz (k, b) for Sub-band Directional Signals Synthesis

Qvar|= NumOfGridPointsTable;

for (1=0; b < NumOfPredSubbands; b++)

{
Joir(k,b) = @;
if(KeepPreviousDirPredMatrixFlag[b])
ﬁDIR(k' b) = ﬁDIR(k —1,b);
)
glse
Mpir(k,b) = 0;
for (d=0; d < MaxNumOfPredDirsPerBand; d++)
if (DirlsActive[b][d])
{
Qspq(k—1,b) = ﬂl(,r“ Sg&igﬁndx[b“d] ; // according to tables F.9 - F.11
Mpr(k,b) = Mpr(k,b) U{(d + 1, 2s54(k — 1,b))};
}
;
}
}

12.4.1.x Sub-band prediction indicator bsgp (k) for Sub-band Directional Signals Synthesis

bsgp(k) = UseDirectionalPrediction ;
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12.4.1.x Prediction coefficient matrices A(k, b) for Sub-band Directional Signals Synthesis

Since the prediction coefficient matrix elements are coded differentially, before starting to decode/convert the
elements for a k-th independency frame it is necessary to initialize the quantized values to zero for the
previous frame as follows:

if (hoalndependencyFlag(k) )

{
for \‘U—G, b<NumOfPredSubbands; ‘U-i--i-)
{
for (d=0; d < MaxNumOfPredDirsPerBand; d++)
{
for (n=0; n < MaxNumOfCoeffsToBeTransmitted; n++)
{
IntQuantMag(k — 1)[b][d][n] = 0;
IntQuantAngle(k — 1)[b][d][n] = 0;
¥
¥
}
¥

The actual decoding/conversion is assumed to be performed as follows:

for (b=0; b < NumOfPredSubbands; b++)

{
if((KeepPreviousDirPredMatrixFlag[b] ! = 0) && 'hoalndependencyFlag)

Ak b) = Ak — 1,b);
for (d=0; d < MaxNumOfPredDirsPerBand ;d+<~+){
for (n=0; n < MaxNumOfCoeffsToB€Fransmitted; n++){
IntQuantMag(k)[b][d][n ] = IntQuantMag(k — 1)[b][d][n ];
IntQuantAngle(k)[b][d][n ]<= IntQuantAngle(k — 1)[b][d][n ];

}

else

for (d=0; d < MaxNumOfPredDirsPerBand; d++)

{
if (DirlsA&tive[b][d])
{

for' (n=0; n < MaxNumOfCoeffsToBeTransmitted; n++)
{
if((n+1) € Je(k) U Ip(k) U Ty(k) X
IntQuantMag(k)[b][d][n] = IntQuantMag(k — 1)[b][d][n]
+ DecodedMagDiff[b][d][n];
if(IntQuantMag(k)[b][d][n] == 0){
IntQuantAngle(k)[b][d][n] = 0;

}
elseq
IntQuantAngle(k)[b][d][n] = IntQuantAngle(k — 1)[b][d][n]
+ DecodedAngleDiff[b][d][n];
/I constrain the quantized angle to lie in interval [-7,...,8]
IntQuantAngle(k)[b][d][n] = ((IntQuantAngle(k) [b][d][n] + 7)mod16) -7,
}

if (IntQuantMag(k)[b][d][n] > 8){
g\ (IntQuantMag(k)[b][d][n]-8)
FloatMag = (;) ;
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else{
FloatMag = IntQuantMag(k)[b][d][n] - 1/8
}

FloatAngle = IntQuantAngle(k)[b][d][n] - /8;
A(k,b)[d+ 1][n + 1] = FloatMag - exp(i- FloatAngle);

}
else{
A b)[d+ 1][n+ 1] = 0;
) Y Ya £NA 4 PN I S e | fa¥
T UAITCITag U TO U I — U,
IntQuantAngle(k)[b][d][n] = O;
}
}
}
else
{ .
for (n=0; n < MaxNumOfCoeffsToBeTransmitted; n++)
{
IntQuantMag(k)[b][d][n] = 0;
IntQuantAngle(k)[b][d][n] = O;
Ak, b)[d+ 1][n + 1] = 0;
}
}
¥
5
5
}
12.4.fl.x Mixing matrices Mp,(k, g) for Parametric Ambience Replication
Sincg the mixing matrix elements are coded differentially, before starting to decode/convert the elements for a
k-th independency frame it is necessary to initialize the )quantized values to zero for the previous frame as
follows:

if (hopIndependencyFlag(k) )

{

58

for (g=0; g < NumOfParSubbands; g++)

for (d=0; d < MaxNumOfDecoSigs(g); d++)

{
for (n=0; n < MaxNumOfDecoSigs(g); n++)
{
IntQuantMagPAR(k — 1)[g][d][n] = 0;
IntQuantAnglePAR(k — 1)[g][d][n] = 0;
}
}
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The actual decoding/conversion is assumed to be performed as follows:
for (g=0; g < NumOfParSubbands; g++)

if((KeepPreviousParMatrixFlag[g] ! = 0) && 'hoalndependencyFlag)

Mppr(k, 9) = Mpar(k — 1, 9);
for (d=0; d < MaxNumOfDecoSigs(g); d++){

for-tm=t; m<MaxNumOfBecoSigstg);m++)t
IntQuantParMag(k)[g][d][n ] = IntQuantParMag(k — 1)[g][d][n ];
IntQuantParAngle(k)[g][d][n] = IntQuantParAngle(k — 1)[g][d][n ];

}

else

Ngic(k, g) = NumOfDecorrSigsPerParSubbandTable
[ParDecorrSigsSelectionTableldx[g]];
CurrParSelectedDecorrSigsldxMatrix = ParSelectedDecorrSigsldxMatrixTable
[ParDecorrSigsSelectionTableldx[g]];
for (d=0; d < MaxNumOfDecoSigs(g); d++)
{
for (n=0; n < MaxNumOfDecoSigs(g); n++){
IntQuantParMag(k)[g][d][n ] = 0;
IntQuantParAngle(k)[g][d][n] = 0;
Mpar(k, g)[d + 1][n + 1] = 0;
}
if(UseParUpmixSig[g][d] ! = 0)

for (n=0; n < Ngc(k, g); n++)
{
CurrColldx = CurrParSelectedDecorrSigsldxMatrix [d][n];
IntQuantParMag(k){gl[d][CurrColldx ] = IntQuantParMag(k — 1)[g][d][CurrColldx ]
+ DecodedParMagDiff[g][d][CurrColldx ;
if(IntQuantParMag(k)[g][d][CurrColldx ] == 0)

{
IntQuantParAngle(k)[g][d][CurrColldx ] = 0;
}
else
¢
IntQuantParAngle(k)[g][d][CurrColldx ] =
IntQuantParAngle(k — 1) [b][g][d][CurrColldx ]
+ DecodedParAngleDiff[b][d][CurrColldx |;
// constrain the quantized angle to lie in interval [-7,...,8]
IntQuantParAngle(k)[g][d][CurrColldx | =
((IntQuantParAngle(k) [gl[d][CurrColldx ] + 7)mod16 ) -7
}
if (IntQuantParMag(k)[b][d][n] > 8)
{
8 (IntQuantParMag(k)[b][d][n]-8)
FloatParMag = (—) ;
7
else
{
FloatParMag = IntQuantParMag(k)[b][d][n] - 1/8
}

FloatParAngle = IntQuantParAngle(k)[b][d][CurrColldx ] - 7/8;
Mpar(k, g)[d + 1][CurrColldx + 1] = FloatParMag - exp(i- FloatParAngle);
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}

12.4.1.x Permutation matrices Pp,(k, g) for PAR

for (g=0; g < LastFirstOrderSubBandldx; g++)

}\‘ISIG (}\, S) il }\V‘uuleDC\.ul I SisDPCl Fil DtCl dcn Pal SubbaudTa‘ulc
[ParDecorrSigsSelectionTableldx[g]];
CurrParPermldxVector =
ParFirstOrderPermldxVectorTable[ParDecorrSigsSelectionTableldx[g]];
for (d=0; d < MaxNumOfDecoSigs(g); d++)

{
for (n=0; n < MaxNumOfDecoSigs(g); n++){
Pppr(k, g)[n + 1][d + 1] = 0;
}
Ppar(k, g)[CurrParPermldxVector[d]+1][d + 1]= 1;
}
}
for (g= LastFirstOrderSubBandldx; g < NumOfParSubbands; g++)
{
Ngic(k, g) = NumOfDecorrSigsPerParSubbandTable
[ParDecorrSigsSelectionTableldx{g}];
CurrParPermldxVector =
ParPermldxVectorTable[ParDeconrSigsSelectionTableldx[g]];
for (d=0; d < MaxNumOfDecoSigs(g); d++)
{
for (n=0; n < MaxNumOfDecoSigs(g); n++){
Pppr(k, g)[n + 1][d + 1] = 0;
}
Ppar(k, g)[CurrParPermldxVector[d]+H{d + 1]= 1;
}
}

12.4.11.x Indicator bp,g (k) for use of PAR

bpar(k) = UsePAR ;
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Replace Figure 40 — Architecture of spatial HOA decoder with:
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In subclause, 12.4.2.1  General Architecture replace:

In the Prédominant Sound Synthesis processing block the HOA representation of the predominant gound
componént Cpg(k) is computed from the frame Xpg(k) of all predominant sound signals. It uses the tuplg sets
Mprlk) and Mygc(k), the set {(k) of prediction parameters and the sets Jz(k), Ip(k), Jy(k) of coefijicient
indices of the ambient HOA component, which have to be enabled, disabled and to remain active in the|(k)t"

ffame.

In the Ambience Synthesis processing block, the ambient HOA component frame C,yg (k) is created from the
frame C; omp(k) of the intermediate representation of the ambient HOA component. Note that this processing
also comprises an inverse spatial transform to invert the spatial transform applied in the encoder (see Annex
0) for decorrelating the first Oy coefficients of the ambient HOA component.

Finally, in the HOA Composition processing block the ambient HOA component frame C, g (k) and the frame
Cps (k) of the predominant sound HOA component are superimposed to provide the decoded HOA frame C(k).

In the following, the individual processing blocks are described in more detail.
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With:

In the Predominant Sound Synthesis processing block the HOA representation of the predominant sound

component Cps(k) is computed from the frame Xpg(k) of all predominant sound signals. It uses the tuple sets

Mpr(k) and Mygc(k), th e set {(k) of p rediction parameters and the sets Jz(k), Ip(k), Jy(k), which c ontain
indices of coefficient sequences of the ambient HOA component, which are to be enabled, to be disabled and

activg but not be enabled or disabled, Tespectively. itionally, a modified version Cpgr(k) O Cps(K) 1S

computed by fading in coefficient sequences with indices contained in the index set Jz(k) and f ading o.ut
coefflcient sequences with indices contained in the index set 7, (k). The modified version is only needed\for
the later computation of the modified version Cpgg r(k) of the preliminary decoded HO A re presentation (See
Sec. [1.5) to be input to the PAR decoder.

In the Ambience Synthesis processing block, the ambient HOA component frame C,\g (k) is created from the
frame C; ovp(k) of the intermediate representation of the ambient HOA component. Note that.this processing
also fomprises an inverse spatial transform to invert the spatial transform applied in the-éncoder (see Annex
0) forl decorrelating the first Oy coefficients of the ambient HOA component.

The |ambient HOA component frame C,yg(k) an dth e fr ame Cpg(k) of t hé pred ominant soun d HOA
compgonent are superposed in the Preliminary HOA Composition processing,block to provide the frame
Cpre (k) of th e pr eliminary de coded HO A re presentation. Ad ditionally, th.e frame Cprgr(k) of a mo di fied
versipn of the preliminary decoded HOA representation is computed by-replacing the frame Cpg(k) by its
modified version Cpg (k) for th e superposition. Th e re sulting mo dified\t1O A re presentation Cprg (k) is t hen
successively input into the PAR decoder instead of the original version Cpri (k) to avoid signal discontinuities
after performing on Cprg £ (k) the truncation and coefficient selection(see Sec. 0).

Finally, in the HOA Composition processing block the ambiént HOA component frame €,y (k) and the frame
Cps(K) of the predominant sound HOA component are superimposed to provide the decoded HOA frame C(k).

In the Sub-band Directional Signals Synthesis procéssing block the frame Cp, (k) of the HOA representation of
the cpmposition of all predicted sub-band directiofyal signals is computed. Each directional sub-band signal is

assumed to be predicted by a complex valuediweighted sum of the transmitted coefficient sequences of the
ambient HOA component C g (k), where thétindices of the transmitted coefficient sequences are assumed to
be ainong the first Oyax. T he p rediction:o-f e ach d irectional s ignal r elated to the j-th sub-band, j =1, ... ,F,
belorlging to the b-th sub-band group is.carried out using the prediction coefficients matrix A(k, b) € CPsB*Omax
and the tuple set Mpr(k, b). The Fassumed sub-bands are uniquely assigned to B sub-band groups, which
are determined by the sub-band gfoup configuration specified in the HOAConfig(). It defines for each b-th sub-
band| group a lower index bound L(b) and a n u pperindex b ound U(b) suc h that sub -bands wit h ind ices
betwg¢en these bounds, i.e, with £(b) < j < U(b), are assumed to belong to this sub-band group.

Per qub-band group there are at most Dsg potential active direction trajectories, where the indices identifying
the aftive direction trajectories for the b-th sub-band group are assumed to be contained in the set 7z (k, b) S
{1,...| Dsg}. For each'index d € J,r(k, b) of an active direction trajectory the respective direction is denoted by

Qg5 [k, b), béth of which are assumed to be contained as tuples in the set Mpr (k, b), i.e.

ﬂDIR(k. b) = {(d. Qg q(k, b))| d € pr(k, b)}-

R‘??te that the set 7z (k, b) can be computed from My (k, b), since it contains the first elements of all tuples of
DIR(k: b)
In order to avoid artifacts in the predicted directional sub-band signals due to changes of the estimated

directions and prediction coefficients between successive frames, the prediction is performed on concatenated
long frames consisting of two temporally successive frames. In particular, that means that each quantity

M ~
pir(k, b) and A(k, b) is related to the (k + 1)-th and k-th frame. The quantity b sgp(k) (which can be equal to
zero or one) indicates if a prediction of sub-band directional signals is to be performed related to the frames k

and k + 1 at all.
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The frame Cp (k) is assumed to have only non-zero contributions for those coefficient sequences of the
ambient HOA component that are not already transmitted within the transport channels. Further, if coefficient
sequences of the ambient HOA component are faded in (or faded out respectively), the corresponding
coefficient sequences of the HOA representation Cp (k) are faded out (or faded in respectively).

Note further that the time domain coefficient sequences of the HOA representation Cp (k) of the composition
of all predicted sub-band directional signals receive a delay of Dowr = 577 samples due to the successive
application of the QMF based analysis and synthesis filter banks, which is expressed by the breve symbol

dbove the varliapbles.

Within the Parametric Ambience Replication (PAR) Decoder processing block ambient components, whigh are
potentially still missing within the preliminary decoded HOA representation Cprp(k), are~parametfically
replicated from the modified version Cpgg (k) Of it. The replication is carried out in the frequency-domain psing
Quadrature Mirror Filters (QMF) with F =64 sub-bands (see ISO/IEC 23003-1;2007, Information
technology — MPEG audio technologies — Part 1: MPEG Surround). Each individual sub=band j, j = 1J..., F,
is processed using the corresponding parameters of the g-th sub-band group, g.=71,...,G, to which it is
uniquely assigned. The assignment is determined by the PAR related sub-band gfoup configuration spegified
in the HOAConfig(). It defines for each g-th sub-band group a lower index bound £;,r(g) and an upper jndex
bound Upar(g) such that sub-bands with indices between these bounds, i.e, with Lpar(D) < j < Upar(b), are
assumed to belong to this sub-band group. The PAR related side information-for the k-th frame consists ¢f the
mixing matrices Mp,r(k, g) and the permutation matrices Pp,g(k, g)cfor’ the individual G sub-band gfoups
g =1,...,G, as well as the quantity bp,g(k), which indicates (by a zero or 6ng) whether PAR is to be performed for the
frames k and k + 1 at all.

In a last step, in the Final HOA Composition processing block)the frame Cpgrg(k) of the preliminary deqoded
HOA representation, the frame Cp (k) of the HOA representation of the composition of all predicted sub{band
directional signals and the frame Cp, (k) of the replicated;ambient HOA component are superposed to prpvide
the frame C(k) of the decoded HOA representatién, considering the delay between the individual [HOA
representations to be superposed.

In the following, the individual processing blocks are described in more detail.

Add at the end of subclause 12.42.2 Channel Reassignment:
Note that for the case that the flag UsePhaseShiftDecorr has a value of 1, it is assumed that the frame

Ciamp(k + 1) instead of C{aup(k) is obtained from the transport channels, which has to be ensured|by a
respective modification af'the spatial HOA encoding stage.

In subclause'12.4.2.4.1 General replace:

As illustrated in Figure 41, the processing can be subdivided into four processing steps, which are desdgribed
in the-following.

With:

Additionally, the frame Cpsr(k) of a modified version of Cps(k) is computed, where the modification only
consist of fading in coefficient sequences with indices contained in the index set Jz(k) and fading out
coefficient sequences with indices contained in the index set J,(k). The modified version is only needed for
the later computation of the modified version Cprgr(k) of the preliminary decoded HOA representation (see
Sec. 0) to be input to the PAR decoder. As illustrated in Figure 41, the processing can be subdivided into four
processing steps, which are described in the following.

© ISO/IEC 2017 — Al rights reserved 63


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

Replace Figure 41 — Predominant sound synthesis with:
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¢ case of single- Iayered coding (indicated by SlngIeLayer==1 (see Table 120)), the sample values of the

bclause 12.4.2.4.2 Compute HOA representationof active directional signals replace:

ample values of the faded out and faded in directional HOA components are then determined by

X WDIR(L + l) if de gDIR(k)
corouti(k, 1) = Z Cl()n)zn(k =Lk D ywypc(L +D  if d € Jygc(k)
dengR,NZ(k_l) 1 else

l
comrani(k, D) = Z cgfful(k k1) - {WDIR() i o

deIpirNZ (k)

e Ipir Nz (k) denotes the set of those first elements of Mpr (k) where the corresponding second element
N-zero.

@ wpr(L +1)  if d € Iprnz(k)
cprout,i(k, 1) = Z iRk =L kD ywyge(L +1)  if d € Type(k)
dE?D[R‘Nz(k—l) 1 else

lf d € :]DIR(k - 1) U jVEC(k - 1)

l
cprn,i (kD) = Z C[(;f}){“(k k1) - {WDIR() L

deIpir,Nz (k)
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where Jpir nz (k) denotes the set of those first elements of My r(k) where the corresponding second element
is non-zero.

In the case of multiple layered coding (indicated by SingleLayer==0 (see Table 120)), the sample values of the
faded out and faded in directional HOA components are then determined by

wpr(L + 1) - 1 if d € JIprnz () A€ Tg(k) UIp(k))
wpir(L + 1) - wpir(L + 1) if d € Ipirnz(k) Al € Tg(k)
- TD=3 T k= Lk WHIRtE+ ) WhRtH - €IpRNz eIt ,
DIR,0UT,i deiprnz(k—1) CDIRL iWVEc(L n l) if de 7VEc(k)
ll . WDIR(l) lf d € gDIR,Z(k) NI E jD(k)
1 else
@ l wpr(D) - wpr (D) if (d € Ipr(k — 1) U Jygc(k — 1))At € Tp(k)
CDIR,IN,i(k' l) = Z CDIR,l,i(k; k, l) ' { WDIR(l) . WDIR(L + l) if (d € ‘7DIR(k - 1) U jVEC(k | N 1)) Al E 7E(k) ’
d€Tpmrnz (k) lkl wpr(L + D) if (d & Tpir(k — 1) U Tygelk- 1)) Ai € T5(k)
1 else

where Jpr 7 (k) denotes the set of those first elements of Mpr(k) where théycorresponding second elempnt is
zZero.

In subclause 12.4.2.4.4.2 Spatio-temporal interpolation of V-vectors replace:

— If there are coefficient sequences of.the ambient HOA component that are explicitly additipnally
transmitted and faded in during the k<th frame (of which the indices are contained in the set J;(k)), the
respective coefficient sequences of.the HOA representation Cygc(k) created from transport chanfel [i]
have to be faded out using the fade-out part of the window wpg.

With:

— |If there are coefficient sequences of the ambient HOA component that are explicitly additipnally
transmitted,and faded in during the k-th frame (of which the indices are contained in the set Jz(k)), and
the parameter NewChannelTypeOnel[i] equals zero, the respective coefficient sequences of the [HOA
representation Cygc (k) have to be faded out using the fade-out part of the window wpz. The respgctive
V-veetor elements in vl(i) (k) are discarded from the spatio-temporal interpolation in the following Trame
k% 1)by setting them to zero.

Add at the end of subclause 12.4.2.4.5 Compose complete predominant sound component :

The modified predominant sound HOA representation Cpsr(k) is computed from Cps(k) by fading in
coefficient sequences with indices contained in the index set 7z (k) and fading out coefficient sequences with
indices contained in the index set (k). In particular, the individual samples cpsr,(k,1) of the modified
predominant sound HOA representation Cps (k) are computed according to
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Insu

cpsn(k, D) - wpr(D if n € Jg(k)
cpspn(k, ) =S cpsn(k, ) ~wpr(L+1)  if n€Jp(k) for n=1,..,0,l=1,..,L.
cpsnl(k, ) else

bclause 12.4.2.5  Ambience Synthesis replace:

The f

wher
o™
pm
enco
The g

With

rst Oyyn coefficients of the ambient HOA component are obtained by

Cams,1(k) ] [CI,AMB,l (k) ]

Cams,2 (k) ¢1am,2(k)
: | = p@EMINNMIN | | :

CAMB,0MIN (k)Jl | C1,AMB,0MIN (k)Jl

b w(VmINNMIN) denotes the mode matrix of order Ny With respect to the predefined directions

N on =1, ..,Omin, defined in Annex F.1.5. Note that the multiplication ,by the mode matrix
NNMIN) represents the inverse spatial transform intended to invert the spatial-transform applied in the
Jer (see Annex C.5.3.3.2) for decorrelating the first Oy coefficients of the) ambient HOA component.
ample values of the remaining coefficients of the ambient HOA componént-are set according to

campn (K, ) = crampn(k, D) for Oyy < <0 .

The fjirst Oy coefficient sequences of the ambient HOA*component are computed as outlined in the following

two 9
comg

ubclauses. The sample values of the remaininghigher-order coefficient sequences of the ambient HOA
onent are set according to

CAMB,n(k' l) = CI,AMB,n(k' l) fOr OMIN <n S O

By défault the first Oy HOA coefficient sequences are reconstructed with the method outlined in subclause

12.4.
used

Add
12.4.

The f

D .5.1. If Ny is of value 1, an alternative synthesis method described in subclause 12.4.2.5.2 can be
In this case the flag UsePhaseShiftDecorr signals which of the two processing methods shall be applied.

the following twa subclauses at the end of subclause 12.4.2.5 Ambience Synthesis:
P.5.1 Spatialitransform

rst Oypnacoefficient sequences of the ambient HOA component are obtained by

[€amB,1 (k) [€1amB,1 k)

1 ]
[camp2(k) | [ 1, amB,2 (k) |
: [ = Py - |: |
{CAMB,OMIN (k)Jl | C1,AMB,0MIN (k)Jl

where $mINNMIN) denotes the mode matrix of order Ny defined in Annex F.1.5 with respect to the

predefined directions Q,(QNM‘N), n =1, .., 0y defined in Annex F.2-F.11. Note that the multiplication by the
mode matrix represents the inverse spatial transform intended to invert the spatial transform applied in the
encoder (see subclause C.5.3.3.2) for de-correlating the first Oy coefficient sequences of the ambient HOA
component.
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12.4.2.5.2 Phase based transform

If the flag UsePhaseShiftDecorr is == 1, the following processing is applied to reconstruct the first four

coefficient sequences of the ambient HOA component by

[CAMB'I({()] [c(3) - Avoo(k) + c(2) - [eramp1 (K) + € amp2(K)] |
MBI T B oo (k) + ¢(5) - [erampa (k) — cramp2 (k)] + (6) - € amp () |
camp3 (k)| = c (k)

LAMB 4
camp,s (k)

c(4) - [cramp 1 (k) + cjamp2(K)] — Ayoo (k)

with the coefficients ¢ as defined in Table AMD1.9 and A.¢,(k) and B,q,(k) are the-frames of +90 degree

phase shifted signals A and B defined by
A(k) = c(0) - [CI,AMB,l (k) — Ci,AMB,2 (k)],

B(k) = c(1) - [c;amp 1 (k) + cpampCk)]:

Note that the phase shift operation introduces a delay of one frame,In order to avoid this delay in the de
for the case that the flag UsePhaseShiftDecorr has a value of 4 it'is assumed that the Channel Reassigr]
processing block (see subclause 12.4.2.3) provides the frame €, amp(k + 1) instead of C; vp(k), which ¢
maintained by a respective modification at the spatial HOA 'encoding stage.

Table AMD1.9 — Coefficients for phase-based transform

c(n)
1.0140887535122356
0.22902729095022714
0.98199999999999998
0.16084982644276205
0.51316810111307576
0.97489691762770481
-0.88020833333333337

|| WN|~O|S

Add the follawing subclauses after 12.4.2.5 Ambience Synthesis:
12.4.2.x Preliminary HOA composition

Incase of single layered coding:

coder
ment
BN be

ln-the case of sinale-lavered codina (indicated by Sinalel aver==1 (see Table 120)) _the frame C ()
) Y I 4 9 4 A 777 P

preliminary decoded HOA representation is computed by

Cpre(k) = Camp(k) + Cps(k) = Cpmp(k) + Cpr(k) + Cpp (k) + Cygpc (k).

Additionally, the frame Cprg (k) of a modified version of the preliminary decoded HOA representati
computed by

Cprer(k) = Camp (k) + Cpgr(k).
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This modified HOA representation is assumed to be successively input to the PAR decoder instead of the
original version Cprg(k) to av oid si gnal di scontinuities af ter pe rforming on  Cprg (k) the trun cation and
coefficient selection (see subclause 12.4.2.x.2 Truncation and Coefficient Selection).

In case of multiple layered coding:

In the case of multiple layered coding (indicated by SingleLayer==0 (see Table 120)), the coefficient
sequences cprg,; (k) ,i=1,...,0, of the preliminary decoded HOA representation Cpgg (k) are computed by

came,i (k) if i € Jy(k)
cprei (k) = < €amp,i(k) + cpgi(k) if i € Tg(k) U Tp(k).
cps,i (k) else

This |means that the transmitted coefficient sequences with indices i € Jgz(k) U Iy (k) U Jy(k) actually
represent the original HOA representation instead of its ambient component. Hence, for, the transmitted
coefflcient sequences which are neither faded in nor faded out within the current frame, nothing has to be
addefl to them. For the transmitted coefficient sequences that are faded in (or faded qut))within the current
framg, i.e. those with indices i € Jz(k) U Ip(k), the corresponding coefficient sequenegs"of the predominant
sounl HOA representation Cps(k) are added, which are supposed to have been appropriately faded out (or
fadeq in) at the Predominant Sound Synthesis.

Similarly, the coefficient sequences cpgrg r; (k) of the modified version of the preliminary decoded HOA frame
Cpre t(k) are computed by

cams,i (k) if\i€e Jy(k)
cpreri (k) = { camp,i(k) + cpgpi(k) if BETg(k) U Tp(k).
cps,r; (k) else

Note|that if the number of actually used layers changé€s between two successive frames (i.e. if M,y (k) #
May[k — 1)), with the above computation there occurs.in general a discontinuity in all coefficient sequences
of thg preliminary decoded HOA representation and its'modified version between the (k — 1)-th and k-th frame.
One possible solution for this problem is to introduce an additional delay of one frame within the preliminary
HOA|composition and to fade out and fade in the coefficient sequences at the discontinuity.

12.4.2.x Sub-band Directional Signals Synthesis

The purpose of the Sub-band(Directional Signals Synthesis is to approximate the non-transmitted coefficient
sequences of the residualy(ie. ambient) HOA component by a composition of directional sub-band signals,
which are predicted by -awweighted/scaled sum of the transmitted coefficient sequences of the residual (i.e.
ambient) HOA component, where the scaling is complex valued in general. In particular, each directional sub-
band| signal related to the j-th sub-band, j € {1,...,F}, is represented parametrically by complex valued
prediftion scaling“factors matrices A(k,b) and tuple sets Mpr(k, b) related to the b-th sub-band group
(b €1, ..,B) which includes the j-th sub-band. Per sub-band group there are at most Dgg potential active
direcfion trajectories, where the indices identifying the active direction trajectories for the b-th sub-band group
are gssumed to be contained in the set Jyr(k,b) € {1,...,Dsg}. For each index d € Jpr(k,b) of an active
direcfionvtrajectory the respective direction is denoted by 05 ,(k,b), both of which are assumed to be

contained as tuples in the set Mpr(k, b), i.e.
Mpir(k,b) = {(d:-QSB,d (k, b))' d € Tpr(k, b)}-

Note that the set Jpr(k, b) is assumed to consist of the first elements of the tuples of Mpr(k,b), and can
hence be computed from Mpr(k, b).

Further note, that in the absence of predominant sound signals the ambient component corresponds to a
"truncated" version of the original HOA representation. Truncation in this context means that the original HOA
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representation is approximated by only I of its total O coefficient sequences, i.e. by those that were
transmitted within the I transport channels.

The detailed architecture of the Sub-band Directional Signals Synthesis is illustrated in Figure AMD1.1. The

individual processing units to compute the frame Cp (k) of the HOA representation of the composition of all
predicted sub-band directional signals will be described in the following.
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Figure AMD1.1 — Sub-band directional signals synthesis
12.4.2,X:4-Analysis Filter Banks
Each- frame cavpn(k) , n=1,..,0 , of an individual coefficient sequence of the ambient [HOA
répresentationC, g (k)is first decomposed into frames of individual sub-band signals€avp,(k,j), j = 1)..., F.

FUI ﬁdb;l bl.lll.l‘ll.)dlll.‘lI j, j —_ 1,...,F, t;IU fldlllcb Uf tilc bullJ'IUdlld biglldib Uf tilc illu'iviu'uai HGA bUCIICient
sequences are collected into the sub-band HOA representation Cyg(k,j) as

[ﬁAMB,l(k:j)

= . ¢ k,j .

Camp(k, ) =| AMB'Z(: ])| for j=1,..,F.
LR

The filter bank is assumed to be based on Quadrature Mirror Filters (QMF) with a total of F = 64 sub-bands
(ISO/IEC 23003-1:2007, Information technology — MPEG audio technologies — Part 1: MPEG Surround).

© ISO/IEC 2017 — Al rights reserved 69


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

Note

that, in contrast to the HOA coefficient sequences cpyp (k) their sub-band representations ¢™ayg (X, j)

are complex valued in general. Further, the sub-band signals are decimated in time compared to the original
time-domain signals by a factor of F. As a consequence, the number of samples in the frames ¢y, (k, j) is
Lgg: = L/F. Itis assumed that L is an integral multiple of F to assure that Lgg has a positive integer value.

A further important implementation issue is that the coefficient sequences of the ambient HOA representation

with i

ndices greater than Oy,x are assumed to be zero. Hence, the application of the analysis filters can be

restricted to the HOA coefficient sequences cavgp, (k) with indices n = 1, ..., Oyax Only. The s ub-band signal

fram@S T ampn (K, J) Wt INAICES T = Oyax + 1, ..., U Can be Set to Zero.

12.4.

In or

P.x.2 Synthesis of directional sub-band HOA representation for individual sub-band groups

Her to avoid artifacts due to changes of the directions and prediction coefficients between successive

framgs, the computation of the directional sub-band HOA representation is based on the concept.of overlap

add i
relats

comg

To cq
signg

using
matri

h the sub-band domain. Hence, the HOA representation (;’~D,F(k,{') of active directional'sub-band signals
d to the j-th sub-band, j =1, ..., F, is computed as the sum of a faded out com ponent and a faded in

onent:

CD,F(kJ) =€ prour(k j) + € prin(k, ).

mpute the two individual components, in a first step the instantaneous frame of all directional sub-band
Is X~ ((kq; k; j) for the j-th sub-band is computed by

X (ky; k; ) = Alky, D)C pup(k, j)  for ky € {kk+A\and L£(b) <j < UD).

the ambient sub-band HOA representation € sz (k, j) for. the k-th frame and the prediction coefficients
K A(kq, b) for the b-th sub-band grou p incl uding the j-thO)sub-b and and f or t he ( k, )-th f rame, where

ki € {k, k + 1}. The (matrix) frame X ;(k; k; j) is assumed-td‘be composed of the (row) frames of the individual

direc

Note
not a

In a9

band
as

ional sub-band signals x™ 4(ky; k; ), d = 1, ..., Dsg,dceording to

B X1 (ks k5 )
X (ky; ko= 5 : |
X1,Dgg (ke ks J)

that all elements of the frame x; 4 (ky5'%; j) of a directional signal are zero if the corresponding direction is
Ctive, i.e., if the corresponding dirégtional trajectory index d is not contained in the set Jpr(k, b).

econd step, the instantapeeous sub-band HOA representation 5](3"_%1(k1; k; j) of the active directional sub-

signal ¥, 4(ky; k; j) with-direction index d € Jp g (k, b) with respect to the direction 25 4(k, b) is obtained

Ei ks ks ) = ¥ (Qspalk, b)) FraChess s ),

where 1p(!253_d(k, b)) € R? denotes the mode vector with respect to the direction 2sp4(k,b) which is

comg

Assu

70

uted as described in Annex F.1.5.
ming the matrices Cp rour(k, /), Cprin(k, j), and €z (ks; k; j) to be composed of their samples by
_ éprouti(kj; 1) .. éproura(k.j;Lss)
Corour(k,j) = : € RO*LsB
éproutok.j;1) .. Eprouro(kJ;Lsp)
_ ormna(k ;1) o Eprinai(k,j; Lsg)
Corin(k,j) = : : € ROxLsB,
éormnok, ;1) . Cprino(k i Lsg)
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- 5](36,113,1,1 (k1; k;j; 1) . 5](;’[131111 (kli k;j; LSB)

cg?'l(kl; k;j) = @ : @ : € ROstB’
~(d . L .
CpF10 (k1; k;]; 1) « Cprio (k1; k;]; LSB)

7(E)

the sample values of the faded out and faded in components of the HOA representation of active directional

sub-band signals are finally determined for 1 <1 < Lgg, 1 <j < F and L(b) <j < U(b) by

(d)
Cp,FouTn\%, J, 1) = L Cppin\ 5, ;) Wsgllsg T 1)
dEjDIR(k,b)
~ . ~(d .
eprinn(k, ;D) = Z C](J,lz,l,n(k + Lk 50 - wsg(D)

deipir(k+1,b)
where the vector
wsg = [wsg(1) wsp(2) ... wsp(2Lsp)]” € R?LsB

represents an overlap add (periodic Hann) window function to be applied.6nythe sub-band signals, of
the elements are defined by

© =3[t~ eos ez )]
wsg() = 3 cos T[ZLSB .

12.4.2.x.3 Synthesis Filter Banks
The individual time domain coefficient sequences ¢, (k), n =1,...,0, of the HOA representation Z‘D_F

the composition of all predicted sub-band directional signals are synthesized from the corresponding sub
coefficient sequences ¢pr,(k,j), j =1,.., F\by the Synthesis Filter Banks. Note that the synthesized

which

k) of
band
time

domain coefficient sequences have a delay of Dowr = 577 samples due to the successive application ¢f the

QMF based analysis and synthesis filter'‘banks, which is expressed by the breve symbol above the variab

12.4.2.x.4 Coefficient Sequence Selection and Fading

In a final step, the preliminary computed HOA representation ED,F(E) of the composition of all predicted

les.

sub-
e not

band directional signals is modified to have only contributions for those coefficient sequences, which hay
been explicitly transmitted for the ambient HOA component. Further, for those coefficient sequences

f the

ambient HOA(component that are explicitly additionally transmitted and faded in (or faded out), the respéctive
coefficient.sequences of the preliminary HOA representation Z‘D,F(k) of the composition of all predicted sub-

band dirfectional signals have to be modified by fading them out (or fading them in), respectively. Due

the

delay.‘between Cpyp(k) and Cpr(k) of Dour samples the fading of the coefficient sequences of Cpg[k) is
performed across frame boundaries, as illustrated in Figure AMD1.2. The modified HOA representation ¢f the
composition of all predicted sub-band directional signals is denoted by Cp (k) with its coefficient sequgnces

. 2 L1 4
Conc ), T — L, ., U
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eamMB,n (k+1) CAMB,n (b —1) CAMB,» (k) eAMB,n (k+ 1)
T ’ b} ( hd a

‘ T ‘
| e NN \ _

J ép . (k) épo, (k+1) ép.n (k) ép.n (k+1)

(al) Example of a faded coefficient sequence ép ,, of the (b) Example of a faded coefficient sequence ép ,, of
HPA representation of the composition of all predicted the HOA representation of the composition of all pre-
sup-band directional signals in the case the respective dicted sub-band directional signals in the case the
opfficient sequence canp.,, of the ambient HOA com- respective coefficient sequence eanp.,, of the ami-
pdnent is faded out, ie. ifn € Zy(k—1) A n € bient HOA component is faded in, i.e. if(» ¢
I(k) N né&(Zuk+1)UTp(k+1)UIyk+1)) (Tu (k=1 UIg (k=10 UIpn(k=1)) A nednlk) A

neIy(k+4+1)

Figure AMD1.2 — lllustration of faded coefficient sequences of Cp(k)-

For the case that a coefficient sequence cpyp , of the ambient HOA component is_faded out in the k-th frame
(i.e. 0 € Ip(k)) as illustrated in Figure AMD1.2a, the fade in of the coefficient sequence ¢p,, in the k-th frame
begins Dowr samples later, where in particular the fading in is finished only at the Doyvr-th sample of the
(k + [)-th frame.

Similarly, for the case that a coefficient sequence cpyg, of the ambient,HOA component is faded in in the k-th
frame (i.e. n € Jg(k)) as illustrated in Figure AMD1.2b, the fade out-of the coefficient sequence ¢y, in the k-th
frame¢ begins Doyr sSamples later, where in particular the fading-out is finished only at the Dyyg-th sample of
the (k + 1)-th frame.

Finally, it has to be considered that a fade in or fade eut of the coefficient sequences €pr, (k) of the HOA
representation of the composition of all predicted, sub-band directional signals is only required if it is not
alreafly present, resulting from overlap-add processing.

In the case that bsgp(k — 1) = 0 and bsgp(k).= 1, there is already a fade in within each of the k-th frames
Cprnfk), n=1,..,0, such that is not negessary to apply an additional fade in. Similarly, in the case that

bsgp(fc — 1) = 1 and bggp(k) = 0, there is already a fade out within each of the k-th frames Cprn(k), n=

1.

,P, such that is not necessary to‘apply an additional fade out. Altogether, the computation of the sample

valugs ¢p,(k, 1), n=1,..,0, l =4;<.,L, of the coefficient sequences of the HOA representation of the
composition of all predicted sub-band directional signals is hence formally expressed by

72

(wpir(l + L — Dour) if 1<1<DoupAn€Ip(k—1)Absgp(k—2)=1
wpir(L+ 2L — Doup)  if 1 <1< DoupAn € Jg(k — 1) Abggp(k — 1) =1
1 if 1<1<DgurA
medy(k—1)UuIg(k—1)UIpk —1)
Vv (n € Ip(k — 1) A bsgp(k — 2) = 0)
Vv (n € Jg(k — 1) A bggp(k — 1) = 0)}

ED,n(k' l) = 5D,F,n(k' l) . Wpir (l — DQI\/[LT) lf DQML‘ < l < L An € jn(k) /\ ECDD(k — 1) = 1
wpir(l + L — Doumr) if Doup <!<LAnE€JIg(k)Absgp(k) =1
1 if Doup <!<LA

{n & Jy(k) U Ig(k) U Tp (k)
0 else
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12.4.2.x Parametric Ambience Replication (PAR) Decoder

The Parametric Ambience Replication (PAR) Decoder, as illustrated in Figure AMD1.3, replicates an ambient
HOA component Cp,(k) to complement the missing ambience in the preliminary reconstructed HOA
component Cpri (k). The replicated ambient component is created in the sub-band domain, where its sub-
band representation Cp, (k, j) related to the j-th sub-band is assumed to be of order Np,r(g) depending on the
corresponding g-th sub-band group g = 1, ..., G. The orders Npar(g) for each sub-band group g =1, ...,G are
specified in subclause 12.4.1.2.3 Orders Np,r(g) for each sub-band group g =1, ..., G for PAR. The sub-

baned B atto TR D d—and ated—by 8 o Bpart— NS yirtual

loudspeaker sub-band signals Xp, (k, j) at directions !ZgNPAR(g)), d=1,..,0par(g), defined in the tables |n the
Annexes F.2 — F.11. These up-mix sub-band signals are computed as a mixture of the sub-band signals
Xpec(k,j), which are themselves created by de-correlation filters from the virtual loudspeakef subiband
signals representing a so-called truncated and sparse sub-band HOA representation Csp(k;y). The lafter is
obtained from the sub-band HOA representation Cpri(k,j) by reducing its order to Npag€g) and setting all
coefficient sequences to zero which are zero in the intermediate representation \of the ambient [HOA
component C; amp (k). The number of de-correlated sub-band signals to be mixed for.the creation of each up-
mix sub-band signal is allowed to vary over time according to the values of NumOfDecorrSigs
PerParSubbandTable in order to adapt to the diffuseness of the ambient HOQA component to be repligated.
This number, denoted by Ng;;(k, g) specified in subclause 12.4.1.x Permutation matrices Pp,g(k, g) for
PAR , offers the possibility to control the amount of side information required to code the mixing matrices
Mopar(k, g) for the individual sub-band groups g = 1,...,G. Further, fobNgc(k, g) < Opar(g) the mixing|uses
de-correlated sub-band signals obtained from virtual loudspeaker Isignals Xsp(k,j) at directions ip the
neighborhood of the direction of the up-mix signal. This operation prévents that directional components ¢f the
truncated and sparse sub-band HOA representation Csp(k, j) are undesirably spatially distributed ovpr all
directions for the replication of the ambient HOA component.)An additional aspect is that for each number
Ngig(k,g) and each individual up-mix sub-band signal it is specified in Table F.x Tableg for
ParDecorrSigsSelectionTableldx referring to NumOfDecorrSigsPerParSubbandTable and
ParSelectedDecorrSigsldxMatrixTable, which de-correlated sub-band signals have to be mixed. In ordler to
decrease the mutual correlation between each _group of de-correlated sub-band signals to be mixed, the
assignment of the virtual loudspeaker signals tQ the de-correlation filters is adapted to the choice gf de-
correlated sub-band signals. This assignmentyis expressed through the permutation matrices Pp,r(k, ) for
the individual sub-band groups g = 1, ..., G, Fhe individual processing units of the PAR Decoder to compute
the frame Cp, (k) of the replicated ambient"HOA component will be described in the following.
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Figure AMD1.3 — PAR Decoder.

12.4.2.x.1 Analysis Filter Banks

EaCh fl’ame CPRE,F,n (k), n= 1, ey OPAR,MAX’ Of the f|rSt

OparMax = m;XOPAR 9)
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coefficient sequences of the modified version Cpgrg r(k) of the preliminary decoded HOA representation is first
decomposed into frames of individual sub-band signals €prg ,(k,j), j = 1,...,F. For each sub-band j =1, ..., F,
the frames of the sub-band signals of the individual HOA coefficient sequences are collected into the sub-
band HOA representation Cpre(k, j) as

Cpre1 (K, ))
~ ¢ k,j '
Cpre(k,j) = Erre2( E]) for j=1,..,F.

LCPRE,OPAR‘MAX (kI])J

The filter bank is assumed to be based on Quadrature Mirror Filters (QMF) with a total of F = 64 sub-Qands
(ISO/IEC 23003-1:2007, Information technology — MPEG audio technologies — Part 1: MPEG(Surround)).

12.4.2.x.2 Truncation and Coefficient Selection

For each j-th sub-band belonging to the g-th sub-band group, g =1, ...,G, a-trincated version €gp(k j) of
Cpre(k, j) of order Npsr(g) is computed, which is composed of the individual-coefficient sequences accdrding
to

[Z'sp,l(k,]')
~ . c k,j ¢
Csp(k,j) = [ sea( . 2 ‘ for Lpar(g) S§< Upar(g) g=1,..,G.

ESPrOPAR(g) (k. ))

The coefficient sequences €sp ,(k,j) with n = 1, ..., Oparlg) of the truncated HOA representation Csp(k, |) are
either taken from €pgg (k, j) if their index is containgd'in the index set of the transmitted coefficient sequgnces
of the ambient HOA component, defined by

Iampact(k): = Jg(k) U Ip (k) U Ty(k),
or set to zero else, i.e.:

Cspa(k,)) ={ pren (K, ) ampact( ).
0 else

12.4.2.x.3 SpatialTransform

Each truncatéd,HOA sub-band representation Csp(k, j) of the j-th sub-band belonging to the g-th subiband
group, g = ..., G, is subjected to a spatial transform, which means the rendering to Opar(g) virtual |[loud-

speaker.signals xsp 4 (k, j), at the directions .QSVPAR(“’)), d =1, ...,0par(9), defined in the tables in the Anfgexes
F.2=F11. Arranging the individual virtual loudspeaker signals in the matrix Xsp(k, j) according to

[xSP,l(k'j)

]

~ , X K,j .

Xsp(k,j) = I se.2( 5]) I for Lpar(g) <j < Upar(9), 9=1...,G,
leP,OpAR(g)(klj)J

the spatial transform is expressed by means of multiplying the truncated HOA representation €Csp(k, j) with the
inverse of the mode matrix Y(Nrar(@.Nrar(@) (defined in Annex F.1.5) with respect to these directions by

Xsp(k,j) = (W(NPAR(Q)'NPAR(Q)))_I Csp(k,j)  for Lpar(g) <j < Upar(9).
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12.4.2.x.4 Computation of de-correlated sub-band signals

For the computation of the de-correlated signals X~ pgc(k, j) for the j-th sub-band belo nging to t he g-th sub-

band

group, the virtual loudspeaker sub-band signals x”sp 4(k, j), d = 1, ..., Opar(g) are first a ssigne d to the

Opar(g) de-correlation filters. To ob tain co ntinuous in put si gnals for th e de -correlation fi lters ov er-lap add

Brocessing is employed. In particular, the input signals X~ wpec(k, j) to the de-correlation filters for the j-th sub-

and

To ¢
perm

éSP(I‘

wher
the (
input
g =1

wher
Synt
each
signg
in IS
Table

dlie COITputed as thresummof = fadedout bUHIpUIIBIIi. dllid da 1adeq i bumpunenl.

X . ~ . ~ .
moec(k, j) =X INDEC,OUT(k:]) +X INDEC,IN(k:])-

bmpute the two individual components, in a first step the instantaneous frame X pgeci(kiSk;j) of all
uted virtual loudspeaker sub-band signals of the sparse and truncated HOA sub-band representation

,j) for the k-th frame is computed by
Xinpeci(ke; k; ) = Ppar(ky, 9) - Xsp(k,j)  for ky € {k —1,k} and Lpar(9) <d1<Upar(9),

2 Poar(ky, g) is the permutation matrix for the g-th sub-band group includinghe j-th sub-band and for
t,)-th frame, where k; € {k — 1,k}. The sample values of the faded out and-faded in components of the
signal frames to the de-correlation filters are determined for 1 < [\<1Lgg, Lpar(9) <Jj < Upar(9),
,,G,and d =1, ..., 0par(g) by

Finoecouta (K J; D) = Zinoeca (k — 15 k; j; D~wsg (Lsg + 1)
fINDEC,IN,d (k,j; l) = leDEc,I,d (k; k}f; l) ' Wsp (l),

b wgp(l) denote the elements of the window funetion vector wgg defined in subclause 12.4.2.x.2
hesis of directional sub-band HOA representation-for individual sub-band groups. In a next step,
d-th output signal Xpgcq(k,j), d = 1, ..., Opar(ghnis computed by applying to the d-th input sub-band
| Xinpec,a (K, j) one of the ten different 3" orderIR de-correlation filters (indexed from 0 to 9) as specified
D/IEC 23003-1:2007, Information technology*— MPEG audio technologies — Part 1: MPEG Surround
A.29, where the index of the used all-pass filter is selected in dependence on the signal index d

accoirding to Table AMD1.11.

Table AMD1.11— Assignment of signal index to filter index

Signal index Filter set
d X
1 0
2 1
3 2
4 3
5 4
6 5
7 7
8 8
9 9

12.4.2.x.5 Ambience Replication

The replicated ambient HOA component for the j-th sub-band belonging to the g-th sub-band group, g =
1,...,G, is represented by means of up-mix signals being virtual loudspeaker sub-band signals ¥p, 4(k, ) at

the d
band

irections ﬂ((iNPAR(g)), d =1,...,0par(g), defined in the tables in the Annexes F.2 — F.11. The up-mix sub-
signals are computed by re-assigning the de-correlated signals back to the virtual loudspeaker directions

and successively mixing them. For the purpose of signal continuity overlap-add processing on the up-mix

76
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signals is carried out. In particular, the up-mix signals Xp, (k, j) for the j-th sub-band are computed as the sum

of a faded out component and a faded in component:

Xpalk, ) = Xpaour(k,j) + Xeam(k, ).

To compute the two individual components, in a first step the instantaneous frame Xy, (ky; k; j) of all u
sub-band signals for the k-th frame is computed by

p-mix

Xpai(ky; k; j) = Mppr(ky, 9) (T)PAR(kl' 9)) - Xpec(k, )
for k1 € {k -1, k}lLPAR(g) S] < uPAR(.g) and g = 1,..,G.

Here, Ppr(k,, g) denotes the inverse of the permutation matrix describing the re-assignmentfor the g-th

sub-

band group and the (k,)-th frame, where k, € {k — 1,k}. Further, Mp,r(k,, g) is the Corfresponding mpixing

matrix. Assuming the matrices Xpa our(k, /), Xpain(k, /), and Xpa(ky; k; d)j to be cofmposed of their sar
by

_ Tpaour,i (k5 1) . Xpaourai(k,j; Lsg)
Xpaour(k,j) = : : € COPAR(DXLsB
Xpa0UT0par(@) Ko J3 1) o Zpaout,0par(ayKid; Lsp)
Tpani(k,j; 1) wor Xpaing K J5Lse)
Xeam(k,j) = : - : € COPAR(O)XLsB
XpaNopar@) (K J; D o TpmiNopar(e) (K J; Lsg)
- fPA,I,l (klﬁ kl_]l 1) j?PA,I,l (klﬁ k,], LSB)
Xpai(kss ks j) = : : € COPAR(DXLsB
XpaL0paR(9) (ey; K Js 1)V . XpA10par(g) (k1; k; j; Lsg)

the sample values of the faded out and fadéd”in components of the up-mix sub-band signals are detern
fori<i< LSB! LPAR(g) S] < uPAR(g)r g= 1, ...,G, andd = 1, "'IOPAR(g) by

Tpaouralk, j; D) = Zpara(k — 1 k; j; 1) - wsg(Lsg + 1)
Zpana(k, j; D) = Zparalk; ks ;D - wsg (D),

where wgp(l) denote thé.elements of the window function vector wgg defined in subclause 12.4
Synthesis of directional sub-band HOA representation for individual sub-band groups.

12.4.2.x.6 Inverse Spatial Transform

The virtual loudspeaker signals Xpa(k, ) representing the replicated ambient HOA component for th
sub-band“belonging to the g-th sub-band group, g =1, ..., G, are subjected to an inverse spatial transfo
provide_their HOA representation Cpy (k,j), Which is expressed by means of multiplication with the

matrix $(VPar@Npar®) (defined in Annex F.1.5) as

hples

nined

2.x.2

e j-th
rm to
mode

Coar(R,J) = PONPARINIRR) X 02Tk, J) Tor Lpar(9) <J < Upar(g) and g =T, .G

The final output HOA representation €p (k, ) is obtained from €py(k, j) by filling it up with zeros to have an

order Npag max 1-€.
Cpar(k,j) = [gPA'I(k‘j)] € CNparMAXXLsB  for j=1,..,F.

12.4.2.x.7 Synthesis Filter Banks and Coefficient Selection and Fading
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In a first step, the frame Cp, p(k) € RO*L of the preliminary parametrically replicated ambient HOA component
is computed as follows:

Its first OparMmax time d omain c oefficient s equences ¢pp,(k), n =1, ..., Oparmax, are sy nthe sized from t he
corresponding sub-band coefficient sequences ¢ pp,(k,j), j=1,..,F, bythe Sy nthe sis Filter Banks. The
remaining time-domain coefficient sequences ¢”p, , (k) with indices n = Op pg max + 1, ..., O are set to zero. Note
that the synthesized time domain coefficient sequences have a delay of Dyvr= 577 s amplesd ue tothe
successive application of the QMF based analysis and synthesis filter banks, which is expressed by the breve

symbJol above the variables.

In a $econd step, the frame Cp, (k) of the preliminary parametrically re plicated am bient HOA componént-is
modified to have only contributions for those coefficient sequences, which have not been explicitly transmitted

for the ambient HOA component. Further, for those coefficient sequences of the ambient HOA compahent that
are eixplicitly additionally transmitted and faded in (or faded out), the respective coefficient sequences of the

HOA |representation EPA‘F(k) of the parametrically replicated ambient HOA component have t¢-be modified by
fading them out (or fading them in), respectively. Duevto the delay between Cyyg(k) and'Cpy p(k) of Dowmr
samples the fading of the coefficient sequences of Cp, (k) is pe rformed ac ross fr ame bo undaries as
illustiated in Figure AMD1.100. The resulting HOA representation of the parametrically replicated ambient

HOA|component is denoted by € pa(k) with its coefficient sequences ¢ py (k), n=1 ..., 0.

CAMB,n (K —1) CAMB.. (k—1)

CAMB,n (k) CAMB.n (k+1)
T A Y )

CaMB,n (k) CAMB.n (k+1)

Doumrp
P ANNN % AN
A |
epa. ., (k) cpan (k+1) epa.n (k) Cpa.n (k+1)

1

a) Example of a faded coefficient sequence épy ,, of
he HOA representation of the parametrically replicated

(b) Example of a faded coefficient sequence épy ,, of
the HOA representation of the parametrically repli-

gmbient HOA component in the case the respective co- cated ambient HOA component in the case the re-

flicient sequence capp,, of the ambient HOA comi spective coefficient sequence eapyp.,, of the ambi-

ponent is faded out, ie. ifn € Ty(k—1) A &n & ent HOA component is faded in, i.e. if n ¢

Iok) A né (Zu(k+1DUIp(E+ 1) UIp (EAN) (Tu (k NWUIg(k-1UIp(k—=1) A n€Ir(k) A
neIy(k+1)

Figure AMD1.100-= Illustration of faded coefficient sequences of Cp, (k).

For the case that a coefficient'sequence c,yg , Of the ambient HOA component is faded out in the k-th frame
(i.e. 1 € Ip(k)) as illustrated in Figure AMD1.100a, the fade in of the coefficient sequence €p, ,, in the k-th
frame begins Doyr Samples later, where in particular the fading in is finished only at the Dqyg-th sample of the
(k + 1)-th frame.

Similarly, for théCase that a coefficient sequence cyp,, of the ambient HOA component is faded in in the k-th
frame (i.e. n'€Jg(k)) as illustrated in Figure AMD1.100b, the fade out of the coefficient sequence €p, ,, in the
k-th frame begins Dyvr samples later, where in particular the fading out is finished only at the Dqyg-th sample
of thg (k# 1)-th frame.

Finally, it has to be considered that a fade in or fade out of the coefficient sequences ¢p, i, (k) of the HOA
representation of the composition of all predicted sub-band directional signals is only required if it is not
already present, resulting from overlap-add processing.

In the case that bpag(k — 1) = 0 and bpar(k) = 1, there is already a fade in within each of the k-th frames
Cparn(k),n=1,..,0, such that is not necessary to apply an additional fade in. Similarly, in the case that
bpar(k — 1) = 1 and bpag(k) = 0, there is already a fade out within each of the k-th frames €ppp,(k), n =
1, ..., 0, such that is not necessary to apply an additional fade out. Altogether, the computation of the sample
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values Cpa,(k, ), n=1,..,0,1=1,..,L, of the coefficient sequences of the HOA representation of the

parametrically replicated ambient HOA component is hence formally expressed by

1 if 1<1<DgueA
nedylk—1)UTgk —1) UIp(k — 1)
Ve F5tk—rbrarte—2—"6}
V (n € Jg(k — 1) Abppr(k — 1) = 0)}
Coan(k, 1) = Coarn(k, D) - Y wpp (1 — Dour) if Domp <!<LANEIL(K) Abppr(k—1) St
wpir (L + L — Do) if Dowp <1< LAN€EIg(k) Abppr(k) =1
1 if Domp <!<LA

{n & Jy(k) UIg(k) U Tp (k)

V (n € Jg(k) A bpar(k) £)0)}
0 else

12.4.2.6 HOA composition
Finally the decoded HOA frame C(k) is computed by

C(k) = Camp(k) + Cpr(k) + Cpp (k) +Cygc (k) = Camp(k) + Cps(k).
With:

12.4.2.x Final HOA composition

The frame C(k) of the finally reconstructed’HOA representation is computed by a superposition of the frame

Cpre (k) of the preliminary decoded HOA representation, the frame Cp (k) of the HOA representation ¢
composition of all predicted sub-band*directional signals and the frame Cpa (k) of the replicated ambient
component. For the superposition the delay between the individual HOA representations to be supery
has to be considered. Hence/.the computation of the sample values ¢,(k,l),n=1,..,0,1=1,...,L, ¢
individual coefficient sequenees of C(k) is given by

CPRE,n(k - 1:L + l— DQMF) if 1 < l < DQMF

Cn (k) = Cpn(k, D) + Cpan(k, 1) + '
' (ep) D,n( ) PA,n( ) {CPRE,n(k'l_DQMF) if DQMF<ZSL

Add new-subclause 12.4.X "Layered Coding for HOA" at the end of section 12:

12.4.x Layered Coding for HOA

12.4.x.1 General

f the
HOA
osed
f the

This section describes the layered coding for HOA sound field representations. First the structure of the
compressed HOA sound field representation is described. Based on this description it is shown how the side
information is divided in case of HOA layered coding mode. In the following sub clauses the initialization of the

decoder and the behavior of the decoder in case of drop outs of enhancement layers are described.

12.4.x.1 Structure of compressed HOA sound field representation
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In the following the compressed HOA representation is described and structured from the perspective of
layered coding. It can be generally decomposed into the following components:

* A basic compressed HOA sound field representation consisting of a number of complementary
components (ID_USAC_SCE, ID_USAC_CPE type of usacElementType in Table 26), being the
monaural transport signals representing either predominant sound signals or coefficient sequences of
the original HOA representation

. Basic side information (In EXT ELE HOQOA fypn of ||c9r~|:v+|:|nmnnfT\J/pn inTable R) which describes

for each of these monaural s@nals_how it spatially contributes to the sound field. This can b€
separated into the following two different components:

o Side information related to individual (monaural) transport signals, which is independent’of the
existence of other transport signals. Such side information may for instance.specify a
monaural signal to represent a directional signal (meaning a general plane wave) with a
certain direction of incidence. Alternatively, a monaural signal may be¢specified as a
coefficient sequence of the original HOA representation having certain index.

o Side information related to vector based signals in the mode CodedVVecLength = 1, of which

the directional distribution is specified by means of a vector.JFhis side information is
dependent on the transmitted coefficient sequences of the original HOA component. In the
mentioned mode particular components of this vector are impliCitly set to zero and are not
part of the compressed vector representation. These components are those with indices
equal to those of coefficient sequence of the original HOA-representation, which are part of
the basic compressed sound field representation. That\means that if individual components of
the vector are coded, their total number depends.on the basic compressed sound field
representation, in particular on which coefficient sequences of the original HOA
representation it contains.
If no coefficient sequences of the originall HOA representation are contained in the basic
compressed sound field representation, the dependent basic side information for each vector-
based signal consists of all the vector.components and has its greatest size. In the case that
coefficient sequences of the original HOA representation with certain indices are added to the
basic compressed sound field representation, the vector components with those indices are
removed from the side information for each vector-based signal, thereby reducing the size of
the dependent basic side infarmation for the vector-based signals.

Enhancement side information~(ID_EXT_ELE_HOA ENH_LAYER type of usacExtElementType in
Table 8) to parametrically improve the basic compressed HOA sound field representation consisting
of the following components:

o Parameters related to the (broadband) spatial prediction to (linearly) predict missing portions
of the sound field from the directional signals.

o Parameters related to the Sub-band Directional Signals Synthesis and the Parametric
Ambience Replication, which allow a frequency dependent, parametric prediction of additional
monaural signals to be spatially distributed in order to complement a so far spatially
incomplete or deficient compressed HOA representation. The prediction is based on
coefficient sequences of the basic compressed sound field representation. An important
aspect is that the mentioned complementary contribution to the sound field is represented
within the compressed HOA representation not by means of additional quantized signals, but

rather by means of extra side information of a comparably much smaller size. Hence, the two
mentioned coding tools are especially suited for the compression of HOA representations at
low data rates.

The layered coding mode is indicated by SingleLayer==0 in the HOADecoderConfig(). Referring to the above
described structure of the compressed HOA sound field representation, the base layer for one single frame is
composed of the basic side information contained in the HOAFrame(), the payloads containing the transport
signals included in the base layer (SCEs and CPEs) and one payload HOAEnhFrame() with enhancement
side information.
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The individual (NumLayers — 1) enhancement layers each contain payloads with additional transport signals
(SCEs and CPEs) and one payload HOAEnhFrame() with corresponding enhancement side information
adapted to the increased number of transport signals

This structuring of the information contained in the bitstream corresponds to the different types of HOA
extension elements provided in the mpegh3daExtElement()s. The same structuring of information can be
found in corresponding configuration information, which consists of the configuration information for the HOA
— Syntax of mpegh3daDecoderConfig() )
ment

information.

Ana_logou_sly

(ID_EXT_ELE_HOA_ENH_LAYER) configuration to the payload “in| the
mpegh3daFrame() each layer has its own enhancement configuration information. Whereas onlythe |base
layer (Layerldx == 0) additionally contains the basis HOA configuration information. Note: in _case of gingle

layer HOA coding the enhancement information in the configuration, as well as in the frame payload is
embedded into the basis information and not sent as separate extension payload packet.

Furthermore, it shall be noted that in case of layered coding the information of the sound field is still part of
one and the same SignalGroup of SignalGroupTypeHOA.

For illustration of the concept the following Figure X1 shows exemplarily for-a two layer HOA coding the
ordering of the MHAS packets in a stream.

Config Payload Payload
HOAConfig() HOAFrame() HOAFrame()
HOAEnhConfig() HOAEnhFrame() HOAEnhFrame()

mpegh3daSingleChannelElementConfig()
mpegh3daSingleChannelElementConfig()
mpegh3daSingleChannelElementConfig()
- -
HOAEnhConfig()
mpegh3daSingleChannelElementConfig()

mpegh3daSingleChannelElementConfig()

mpegh3daSingleChannelElementConfig()
mpegh3daSingleChannelElementConfig()

mpegh3daSingleChannelElementConfig()

mpegh3daSingleChannelEleme&ni()
mpegh3daSingleChannelElément()

mpeghsdaSingIeCha:ﬁneIEIement()
g -

mpegh3daSingleChannelElement()
mpegh3daSingleChannelElement()

mpegh3daSingleChannelElement()

HOAEnhFrame()
mpegh3daSingleChannelElement
mpegl{FdaSingleChannelElement

()
()
mpegh3daSingleChannelElement()
tipegh3daSingleChannelElement()

()

mpegh3daSingleChannelElement

HOAEnhFrame()

mpegh3daSingleChannelElement()
mpegh3daSingleChannelElement()
mpegh3daSingleChannelElement()
mpegh3daSingleChannelElement()
mpegh3daSingleChannelElement()

Figure X1: Ordering of the. MHAS packets for an exemplary HOA layered coding with 2 layers (base
and enhancement layer):-“The packets are sent starting from the left box to the right box and ip the
boxes from top to bottom. The light blue blocks compile the base layer and the yellow blocks compile
the enhancementdayer.

The figure clarifies an exception for the general ordering of the payloads in 3daFrame(). Generally, the
informationtef.one SignalGroup is ordered in a way, that first all extension payloads are sent followed Qy the
SCE and)CPE packets belonging to this group. In case of layered coding this convention is modified to [allow
for an(easy extraction of the packets belonging to different layers. As shown in figure X1 the HOAEnhFrame()
packet shall directly precede the SCE or CPE packets belonging to the same layer. The partitioning ¢f the
payload information and the ordering shall be the same as signaled in the HOAConfig().

Note: To enable a reasonable division of the HOA transport channels into the base and enhancement layer,
described by their assignment to the mpegh3daChannelElments(), the parameter MinAmbHoaOrder in
HOADecoderConfig() has to be set to -1 by the encoder. Otherwise the transport channels corresponding to
the always transmitted ambiance, described by the minimum ambiance order, would end up in the highest
layers, respectively in the last mpegh3daChannelElments(). Typically this information should be sent in the

base layer. In case MinAmbHoaOrder=-1 the assignment of the transport channels to the
mpegh3daChannelElments() is completely flexible and can be defined by the encoder.

12.4.x.2 Initialization of the Decoder for HOA layered coding
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As already shown in Figure X1, the complete configuration information shall be sent in the base layer. This
ensures that for the initialization of the decoder, e.g. in case of a configuration change, all configuration
information is available to initialize the complete decoder including all necessary core decoder instances for all
layers. This means the decoder is initialized in the same way as in the single layer mode.

12.4.x.3 Decoder behavior in HOA layered coding mode

available. For the HOA spatial decoding process only the HOAEnhFrame() information of the highest available
layer| for which all lower layers are also present, may be used. All other HOAEnhFrame() packets should not
be uged.

In cage an enhancement layer is not available, in the loop over all elements of the frame in mpegh3daFrame()
the corresponding elements to the missing enhancement layer are not present. To allow fgr.a most similar
procgssing of all decoder instances the missing information starting with the first missing.enhancement layer
could be replaced by dummy payloads and the core decoder instances could be set to coancealment mode and
their putput signals could be faded out appropriately. The parsing of the HOAEnhFrame() blocks are skipped
for ngn-available layers and the HOAEnhFrame() of the next lower layer shall be uséd;for decoding.

After|a dropout of an enhancement layer the decoding can only be started agaip at a random access point. If
the random access point is an IPF, the pre-roll information could be used to s€amlessly start the decoding of

the rlewly available HOA transport channels. An appropriate fade in could to be performed on the output
signdls of the transport channels.

In Anpnex C.5.3 Spatial HOA Encoding replace:

A pogsible architecture of the spatial HOA encoder is depicted in the following Figure C.6.

Direction Mpir (k—=1)
[ (k) and o Sl e il ~\ it -
) \:L'L‘LUII' Myge (k—1)
Estimation |- = * B -
hs 4 1
o v Xpslhe@ . vy (k—=2) — \ z1(k—2)
t = Cain -
. 1 .
HOA |Cappdk—1) | 1 Cm,a (k—2) e (k1) CO]:“‘)] e1(k=2), b1k ~2)
¥ . N (R = Vlyd ! = Fo———————— —-
—_— - -
Decompo- "1 Ambient |- |, Channel
sition ) Cp o, (k 1) Assien- . .
va T (k—1) Component e A5SIE yr (k—2) , . zr (k—2)
.. = Modification va (k—2) ment | ZL T Gain ———————————
St A S S T we.r (k = 1) Cl e (5~ 2), 61 (k= 2)
! I~ I -. A -
: —————————————————————— j—_———— - ) i
1 1 -
L Ck=2) e -
I
1

Figure C.6 — Architecture of spatial HOA encoder

First, the k-th frame C(k) of the HOA representation is input to a Direction and Vector Estimation processing
block, which is assumed to provide the tuple sets Mpr(k — 1) and Mygc(k — 1).

Using both tuple sets Mpr(k — 1) and Mygc(k — 1), the initial HOA frame C(k — 1) is decomposed in the
HOA Decomposition into the frame Xpg(k — 1) of all predominant sound (i.e. directional and vector-based)
signals and the frame C,yg(k — 1) of the ambient HOA component. Note the delay of one frame, respectively,
which is due to overlap add processing in order to avoid blocking artifacts. Furthermore, the HOA
Decomposition is assumed to output some prediction parameters {(k — 2) related to the predominant sound
HOA component computed from the directional signals. Additionally, a target assignment vector v, 1(k — 1)
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containing information about the assignment of predominant sound signals, which were determined i

n the

HOA Decomposition processing block, to the I available channels is assumed to be provided. The affected
channels can be assumed to be occupied, meaning they are not available to transport any coefficient

sequences of the ambient HOA component in the respective time frame.

In the Ambient Component Modification processing block, the frame C,yg(k — 1) of the ambient
component is modified according to the information provided by the target assignment vector v, t(k —

v [ » - U v U A v, U U A U U A v

HOA
1). In

particular, it is determined which coefficient sequences of the ambient HOA component are to be transmitted

assignment vector v, 1(k — 1)) about which channels are available and not already occupied by predorinant

sound signals. Additionally, a fade in and out of coefficient sequences is performed if the indices of the chosen
coefficient sequences vary between successive frames. The case that only the first 0y coefficient
sequences of the ambient HOA component €, (k — 2) are chosen to be perceptually coded, corresporids to

a reduction of the order of the ambient component from 0 to Oyy.

Furthermore, it is assumed that the first Oyy coefficient sequences of the ambient HOA component €y
2) are always chosen to be perceptually coded to be and to be transmitted. Imorder to de-correlate
HOA coefficient sequences, it is proposed to transform them to directional signals (i.e. general plane

functions) impinging from some predefined directions .Q;NM‘N), d =1,.., Oy related to order Nyy.

s (ke —
hese
wave

Along with from the modified ambient HOA component €y 5(k — 1) a)temporally predicted modified anbient
HOA component Cp v 5(k — 1) is computed to be later used in the Gain Control processing block in order to

allow a reasonable look ahead.

The information about the modification of the ambient HOA.ecomponent is directly related to the assignm
all possible types of signals to the available channels. The final information about the assignment is ass

bnt of
imed

to be contained in the final assignment vector vg(k-2). In order to compute this vector, information

contained in the target assignment vector v, 1 (k —¢1)is exploited.

The Channel Assignment assigns with the Jnformation provided by the assignment vector v,(k — ) the
appropriate signals contained in Xps(k — 2)vand that contained in Cy A (k — 2) to the I available channels,
yielding the signals y;(k — 2), i = 1, ...;&85Further, appropriate signals contained in Xpg(k — 1) and that in

Cpamp(k — 1) are also assigned to_the I available channels, yielding the predicted signals yp;(k
i=1,..,1.

Each of the signals y;(k —2)\0=1,...,I, is finally processed by a Gain Control, where the signal g

- 2),

Bin is

smoothly modified to achieve-a value range that is suitable for the perceptual encoders. The predicted gignal

frames yp;(k — 2), i =531, allow a kind of look ahead in order to avoid severe gain changes bet

ween

successive blocks. The-gain modifications are assumed to be reverted in the spatial decoder with thg gain

control side informatioh, consisting of the exponents e;(k — 2) and the exception flags g;(k — 2),i =1, ...,

With:

I.

The,architecture of the spatial HOA encoder can be separated into two successive parts, which are illusirated

in Figure AMD1.4 and Figure AMD1.5, respectively.
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Figure AMD1.5 — Architecture of spatial HOA encoder (part 2)
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In the first part, the k-th frame C(k) of the HOA representation is input to a Direction and Vector Estimation
processing block, which is assumed to provide the tuple sets Mpr(k — 1) and Mygc(k — 1).

Using both tuple sets Mpr(k —1) and Mygc(k — 1), the initial HOA frame C(k — 1) is decomposed in the
HOA Decomposition into the frame Xpg(k — 1) of all predominant sound (i.e. directional and vector-based)
signals and the frame C,\g(k — 1) of the ambient HOA component. Note the delay of one frame, respectively,

which—s—ate—to—overap—add—processing—in—order—to—avoid—blocking—artifacts—urthermore—theq HOA
Decomposition is assumed to output some prediction parameters {(k — 2) related to the predominant,qound
HOA component computed from the directional signals. Additionally, a target assignment vector@y + (K — 1)
containing information about the assignment of predominant sound signals, which were determined ih the
HOA Decomposition processing block, to the I available channels is assumed to be provided-/The affected
channels can be assumed to be occupied, meaning they are not available to transport-any coefiicient
sequences of the ambient HOA component in the respective time frame.

In the Ambient Component Modification processing block, the frame C,yp(k1) of the ambient |[HOA
component is modified according to the information provided by the target assignment vector v, t(k —[1). In
particular, it is determined which coefficient sequences of the ambient HOA component are to be transmitted
in the given I channels, depending, amongst other aspects, on the infermation (contained in the farget
assignment vector v, 1(k — 1)) about which channels are available and,not already occupied by predomnjinant
sound signals.

It is assumed that the indices of the selected coefficient sequences to be transmitted are contained in the set
Iampact(k —2). They are constrained to be not greater than Oyax = (Nwax + 1)*, where Nyax < M is a
predefined order that is specified in the HOAConfig(). Reducing the value of this maximum order can be|used
to decrease the computational complexity as well as to increase the coding efficiency.

Additionally, a fade in and out of coefficient sequénces is performed if the indices of the chosen coefficient
sequences vary between successive frames. The”indices of ambient HOA coefficient sequences thgt are
selected to be transmitted and supposed to befaded out, faded in or not faded at all in the (k — 2)-th frame are
contained in the sets Iy (k — 2), Jg(k — 2), and"Jy(k — 2), respectively.

Furthermore, it is assumed that the first 0,y coefficient sequences of the ambient HOA component Cayg (k —
2) are always chosen to be perceptually coded to be transmitted. In order to de-correlate these |HOA
coefficient sequences, it is proposed to transform them to directional signals (i.e. general plane wave

functions) impinging from somé-predefined directions .inNM‘N), d =1, ..., Oy related to order Nyy.

Along with the modified ‘ambient HOA component Cy 5 (k — 1) a temporally predicted modified ambient|HOA
component Cpy o (k = 1)'is computed to be later used in the Gain Control processing block in order to allow a
reasonable look ahead.

The informatien’about the modification of the ambient HOA component is directly related to the assignmént of
all possible-types of signals to the available channels. The final information about the assignment is asspmed
to be centained in the final assignment vector v,(k —2). In order to compute this vector, information
contained in the target assignment vector v, 1 (k — 1) is exploited.

The goal of the Directional Sub-band Signals Prediction, which is carried out in the frequency domain pusing

Quadla‘lwc I"V‘“IIUI F”tb‘lb (Q?V‘il':) Vv;til F — 04‘ DUIU'IUdIIdb ib ‘lU dpplu)\illldtb‘ ti 1 iuug fldlllb‘ Uf t;lc dIIIIU;UI It HOA
component [ Caup(k —2) Camp(k —1)] by a composition of predicted directional sub-band signals. Each
directional sub-band signal is assumed to be predicted by a weighted sum of active coefficient sequences of
the ambient HOA component, i.e. those coefficient sequences whose indices are contained in the set
Iameact(k — 2). The idea is that these coefficient sequences will be transmitted within the I transport channels
and, hence, will be available at the decompression stage to approximate the non-transmitted coefficient
sequences of the ambient HOA component by their predicted versions.

The prediction of each individual directional sub-band signal to be performed at the decompression stage is
based on parameters of the corresponding sub-band group including the sub-band of interest. It is assumed
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that there are F sub-bands that are assigned t o B sub-band groups, which are determined by the sub-band
group configuration to be specified in the HOAConfig() (see subclause 12.4.1.2.1 Upper and lower bounds
of sub-band groups for Sub-band Directional Signals Synthesis) It defines for each b-th sub-band group
a lower index bound £(b) and an u pper i ndex b ound U(b) such that sub-bands with indices bet ween the se
bounds, i.e. with L(b) <j < U(b), are assumed to belong to this sub-band group. The parameters for each b -
th sub-band group, b =1, ..., B, comprise on the one hand the prediction coefficients matrix A(k — 2, b), which
is used to compute the directional sub-band signals from the active coefficient sequences of the ambient HOA

component. On the other hgrfl\d,( the parameters ;irlcb:‘lude the tugle SkeE\]V[QIR(k_IZ: b)_Eo ntaining di rectior}

nnnnn firct alana + Jd o
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eachltuple of the set

MDIR k — 2, b) denotes the index of an active direction trajectory, of which there are at most Dgz. The second
element g5 ;(k — 2,b) of e ach tupl e indi cates the corr esponding dire ction. Note that the inde xipg of t he
direction trajectories is important to provide continuous directional sub-band signals on the one hand, and to
expldit temporal dependencies between successive prediction coefficient matrices A(k — 2,b) for-an efficient
coding on the other hand.

Furthier, for an efficient coding of the directions for the individual sub-band groups it is |assumed that all of
them|are contained in the ordered direction set D iz (k — 2), of which the number of.elements is constrained to

be ngt greater than a predefined number of Dy,x, 0f which a typical value is 8 or 16,“Hence, the coding of the
directions for the individual sub-band groups may be done by their index of the corresponding direction in the

set D pir(k — 2).

The Directional Sub-band Signals Predijction also_outputs the binary. quantit)i(BS p(k — 2) indicating if a
predittion of sub-band directional signals is to be performed related 10 the frames —BPand k= 1 at all.

The [Channel Assignment assigns with the information provided by the assignment vector v, (k — 2) the
apprgpriate signals contained in Xps(k — 2) an d th at co ntained in Cy A(k — 2) to the I av ail able chann els,
yielding the signals y;(k—2), i=1,...,1. F urth er, appro.priate signa Is conta ined in Xpg(k — 1) and thatin
Cp amp(k — 1) ar e al so as signed to th e I ava ilable cha nnels, yie Iding the pre dicted sig nals yp ;(k —2),
i=1).,1.

Each| of the signals y;(k —2),i=1,...,1, is finaMy proce ssed by a Gain Control, where the s ignal gain is
smogthly modified to achieve a value range that is suitable for the perceptual encoders. The predicted signal
framIs ypi(k—2),i=1,..,1, allow akindof look ahead in or der to av oid severe gain chang es betwe en
succgssive blocks. The gain modifications are assumed to be reverted in the spatial decoder with the gain
contrpl side information, consisting ofthe exponents ¢;(k — 2) and the exception flags g;(k — 2),i =1,...,1.

The pecond part of the spatialhHOA encoder consists of the computation of side information related to
Parametric Ambience Replication (PAR). The main idea of PAR is to complement the preliminary encoded
HOA |representation by petentially missing ambient components, which are parametrically replicated from itself.
For that purpose, in a (first step the HOA representation Ccomp(k — 2) is reconstructed by a spatial de coder
using the signals z;(k.=2), i = 1,...,1, and the side information

A(k N 2) = {MDIR(k - 2)!MVEC(k - 2)! el(k - 2)! e € (k - 2)! ﬁl(k - 2)1 ] ﬁ[(k - 2)1

vk —2),8(k = 2),Ig(k = 2),Ip(k — 2), Ty (k — 2),

AL AN 2
(4

» yal 2.4 s yal o n ALl 2.4 ALl FANE = yal
JVLpIR\V — 4,1 ), ..., JVLpIR\V — 4, D ), A\R — 4,1 ), ..., A\ — 4, D), Uggp\"t — L}J

obtained in the first part of the spatial HOA encoder. This side information does obviously not contain any
PAR related components. Hence, the PAR decoder has to be omitted for this special spatial HOA decoding.
Due to the successive application of the QMF based analysis and synthesis filter banks in the Sub-band
Directional Signals Synthesis of the spatial HOA decoder, the reconstructed HOA representation Ccomp(k — 2)
has a delay of Dour = 577 samples, which is expressed by the breve symbol above the variable. Hence, in a
next step, the reconstructed HOA representation Ccomp(k — 2) is delayed by L — Dqyr samples to align it with
the frames of the original HOA representation. Finally, the original HOA representation (delayed by 3 frames)
C(k —3) and the delayed reconstructed HOA representation Cqomp(k — 3) together with the index sets
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Jg(k —3), Ip(k — 3), and Jy(k — 3) are input to the PAR Encoder processing block, which provides PAR
related side information. The PAR is assumed to be carried out in the frequency domain using Quadrature
Mirror Filters (QMF) with F = 64 sub-bands. Each individual sub-band j, j =1,...,F, is processed using the
corresponding parameters of the g-th sub-band group, g =1, ...,G, to which it is uniquely assigned. The
assignment is determined by the PAR related sub-band group configuration specified in the HOAConfig() (see
also subclause 12.4.1.2.2 Upper and lower bounds of sub-band groups for PAR). It defines for each g-th
sub-band group a lower index bound Lpar(g) and an upper index bound Upar(g) such that sub-bands with
indices between these bounds, i.e. with Lpsr(g) <j < Upar(g), are assumed to belong to this sub-band

aronp—Tha DADR ralatad cida infarmaatingy ~nn
oo T T 7 7 v oot O ora T o ot o COToToto— O —tHC— ikt

matrices Ppag(k — 4, g) and the numbers Ng;;(k — 4, g) for the individual G sub-band groups g = 1, ..., G,

aicte Af tha oaivine maateisanc A Ll
gt tcCcS

Mprpthe—4-g—the—permuiation

In Annex C.5.3.3  Ambient Component Modification replace:

sequences of the ambient HOA component. In particular, it makes the decisioh, which of the coefficient
sequences of the ambient HOA component C,\(k — 2) are to be chosen to be perceptually coded. Further, a
fade in and out of coefficient sequences is performed if the indices of the chosen coefficient sequenceq vary
between successive frames. It is assumed that the first Oy coefficient\séquences of the ambient |[HOA
component Cpyp(k — 2) are always chosen to be perceptually coded-\In order to de-correlate these [HOA
coefficient sequences, it is proposed to transform them to directional signals (i.e. general plane wave
functions) impinging from some predefined directions 2yn 4, d 5 4, 5., Oyn- The resulting modified frafe of
the ambient HOA component is denoted by Cy 4 (k — 2). The inferfmation about the choice of the ambient|HOA
coefficient sequences to be transmitted, about their assignment'and about the assignment of the predonfinant
sound signals to the given I channels is assumed to be contained in the assignment vector v, (k — 2).

The Ambient Component Modification processing block has the purpose to appropriately*'modify the coe%‘cient

With:

sequences of the ambient HOA component:in particular, it makes the decision which of the coefficient
sequences of the ambient HOA component, Cvg(k — 2) are to be chosen to be perceptually coded. Further, a
fade in and out of coefficient sequences(is performed if the indices of the chosen coefficient sequenceq vary
between successive frames. It is assumed that the first Oy coefficient sequences of the ambient |HOA
component C,yp(k — 2) are always’chosen to be perceptually coded. In order to de-correlate these [HOA
coefficient sequences, it is proposed to transform them to directional signals (i.e. general plane [wave
functions) impinging from some’predefined directions 2yy 4, d = 1, ..., Oyin- The resulting modified frame of
the ambient HOA componeht-is denoted by Cy (k — 2). The information about the choice of the ambient|HOA
coefficient sequences to e transmitted, about their assignment and about the assignment of the predonfinant
sound signals to the.given I channels is assumed to be contained in the assignment vector v, (k — 2)} The
case that only the_first Oy ycoefficient sequences of the ambient HOA component €,y (k — 2)are chogen to
be perceptually(coded corresponds to a reduction of the order of the ambient component from 0 to Oy The
indices of ambient HOA coefficient sequences to be transmitted are assumed to be output in the set

Jampact(ke=22).

The Ambient Component Modification processing<block has the purpose to appropriately modify the coe%cient

v

ifrAnnex C.5.3.3.1 Computation of the assignment vector replace:

The actual computation of the assignment vector v, (k — 2) is summarized in Table C.1. Along with its
computation auxiliary quantities consisting of the sets Jamp act(k — 2), Ip(k — 2) and Jg(k — 2) are computed,
which contain the indices of ambient HOA coefficient sequences that are supposed to be active, disabled and
enabled in the (k — 2)-th frame, respectively. The set Jyup act(—2) is assumed to be initialized to an empty set.

Further, during the computation of the assignment vector, the set Jyypp(k — 2) of indices of all non-active
ambient HOA coefficient sequences which might potentially be activated in the (k — 2)-th frame is assumed to
be determined. This set is assumed to have WNaugp(k—2) elements denoted by

iAMB,P,l (k - 2)' ey iAMB,P,]\fAMB'p(k—Z) (k - 2)
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actual computation of the assignment vector v,(k — 2) is summarized in Ta ble C. 1. Al ong wi th its

computation the set Jyyp acr(k — 2) of indices of active ambient HOA coefficient sequences to be transmitted
for the (k — 2)-th frame is computed together with additional auxiliary quantities consisting of the sets 7, (k —

2) an

d Jz(k — 2), which c ontain the i ndices o f ambient H OA c oefficient sequences t hat a re supposedtob e

disabled and enabled in the (k — 2)-th frame, respectively. The set Jayp act(—2) is assumed to be initialized to
an empty set.

Furth
ambi
be

iAMB,I
whiclk
withir

Repl
C.5.3
As al
CAMB

sequ

The

Cp amp Low (kK — 1) is obtained from Cp s (k — 1) by taking,enly the first Oy rows:

er, during the computation of the assignment vector, the set 7, p(k — 2) of i ndices o f a Il n on-active

bent HOA coefficient sequences which might potentially be activated in the (k — 2)-th frame is assumed.to
determined. This set is assumed to have WNaupp(k—2) el ementsde notedby

1k —2), ..., iaMB PV amp p(k-2)(k — 2). Itis in particular assumed to be a subset of Jay g a 1L = {1, ¢, Omax};
denotes the set of indices of ambient HOA coefficient sequences that might be chosen to be(transmitted
the I transport channels.

hce Annex C.5.3.3.2 Computation of the modified ambient HOA compongnt with:

.3.2 Computation of the modified ambient HOA component

ready mentioned, it is assumed that the first Oy;y coefficient sequences of the ambient HOA component
k — 2) are al ways ch osen to be pe rceptually co ded. In or derto de -correlate th ese HO A co efficient

bnces, it is proposed to apply a transform to them as outlined in-subclause C.5.3.3.2.1.

same is done for the temporally predicted ambient HOA component, where it is assumed that

-1
Xpamprow(k — 1) = (PEMNNMINY " Cp yvip 1 ow (k — 1.

By further assuming the frame Cy 4(k — 2) of\the€ mo dified am bient HO A co mponent an d th e te mporally
predicted frame Cpya(k — 1) of th e mo dified am bient HO A co mponent to be co mposed by me ans of its
samples as
CM,A,I(k - 2'1) CM,A,I(k - 21 L)
cmaok —21) .. cmaolk—2,L)
and
copmartk —11) .. cpmar(k—1,L)
CP,M,A(k - 1) = )
cpmaolk =11 .. cpmaolk—1,L)
the individual samples are computed by
(*amB,Lown(k — 2,1 if 1<n<Oun
CAMB,Tl(k - 2' l)W(l) lf ne jE(k —_ 2)
CM,A,n(k - 2, l) = CAMB,n(k - 2, l)W(L + l) lf ne gD(k - 2)
campn(k — 2,0 if n€Jampacrtk —2)\(Jek —2) UTp(k — 2))
0 else

and

88
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Xamprown(k =1L, if 1<n <Oy
CP,M,A,n(k - 1! l) = CAMB,Tl(k - 1, l) lf OMIN <n S 0
0 else

C.5.3.3.2.1 Transform for the 0\ low order coefficient sequences of the ambient HOA component

By default the first Oyy HOA coefficient sequences of Cayp(k — 1) and Cpamp(k — 1) are transtormpd to
provide the signal frames X,vprow(k —2) and Xpamprow(k — 1), respectively, where the transfofm is

described in subclause C.5.3.3.2.2 If Ny;y is of value 1, an alternative synthesis method described
C.5.3.3.2.3 can be used. In the latter case the flag UsePhaseShiftDecorr has to be set to 1.

C.5.3.3.2.2 Spatial Transform

in

The first Oy coefficient sequences of the ambient HOA component are subjected to a spatial trangform,
where they are transformed to directional signals (i.e. general plane wave)functions) impinging from some

predefined directions (™™, d = 1, ..., Oy

Assuming Cavp Low (k — 2) to be the matrix created from Cyvg(k ~2)"by taking only the first Oy rows
transform is given by

=1
Xamprow(k — 2) = (PN €y ow (k — 2),

where $WmiNNMIN) denotes the mode matrix of corder Ny with respect to the predefined direq
Q0N 5 — 1, . Oy, defined in Annex F.1.5.

The same is done for the temporally predicted ambient HOA component, where it is assumed
Cp amLow (k — 1) is obtained from Cp 4oy (k — 1) by taking only the first Oyy rows:

-1
XpampLowlk — 1) = (POMINNMINY €y ) p ow (k= 1).

C.5.3.3.2.3 Phase-based transform
The phase-based transform for the first Oyy HOA coefficient sequences of Cayg(k — 1)is defined by

Xamg,Low,1 (K —2) d9) - (Sk—=2) + M(k - 2))
Xamerow2(K—2)| _ [d(9) -(M(k —2) —S(k—2)) ]
Xamprows(K —2)| ~ |d(8) - (Bigo(k — 2) + d(5) - camp2(k — 2)) |
Xam,Low,4(K — 2) camp3(k—2) |

with' the coefficients d as defined in Table 36, the signal frames S(k — 2) and M(k — 2) being defined by

Sk-2) = Asoo(k—2) +d(6) - camp2(k—2)
M(k—2) = d(4)-campi(k—2) +d(5) campa(k —2)

and A,qo(k — 2) and B, 4o (k — 2) are the frames of +90 degree phase shifted signals A and B defined by

Ak —2)
B(k — 2)

d(0) - camp,Low,1(k—2) +d(1) - campa(k —2)
d(2) - camLow,1(k—2) +d(3) - campa(k — 2)
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The phase-based transform for the first Oy HOA ¢ oefficient s equences o f Cp amp(k — 1) is def ined
accordingly. Note that this kind of transform introduces a delay of one frame.

Table AMD1.12 — Coefficients for phase-based transform

d(n)
0.34202009999999999
0.41629927335044281
0.14319999999999999
0.53170257350013528
0.93969259999999999
0.15152053650908184
0.53517399036360758
0.57735026918962584
0.94060406122874030
0.500000000000000

OO N[O|O| (W DN|—=|O|>

Add following subclauses after C.5.3.3 Ambient Component Modification:
C.5.3.x Directional Sub-bands Signals Prediction

The purpose of the Directional Sub-band Signals Prediction is to*approximate the ambient HOA component by
a cornposition of directional sub-band signals, which are predicted by a weighted sum of those coefficient
sequences of the ambient HOA component that are supposed to be transmitted within the I given transport
chanpels, i.e. the coefficient sequences with indices _contained in the set Jyyp acT(k — 2). The idea is that
thesq coefficient sequences will be available at the, decompression stage to approximate the non-transmitted
coefflcient sequences of the ambient HOA componentby their predicted versions.

The prediction of each individual directional sub-band signal to be performed at the decompression stage is
basefl on parameters of the corresponding>sub-band group including the sub-band of interest. It is assumed
that fhere are F sub-bands that are assigned to B sub-band groups, which are determined by the sub-band
group configuration to be specified in.the HOAConfig() (see subclause 12.4.1.2.1 Upper and lower bounds
of sub-band groups for Sub-band-Directional Signals Synthesis). It defines for each b-th sub-band group
a lower index bound £(b) and_an-tpper index bound U(b) such that sub-bands with indices between these
bounfls, i.e. with L(b) < j < U(b), are assumed to belong to this sub-band group.

The |parameters for each'b-th sub-band group, b =1,..,B, comprise on the one hand the prediction

the
continuo
successive predlctlon coeff|C|ent matrices A(k — 2, b) for an efficient codmg on the other hand

Further, for an efficient coding of the individual sub-band directions it is assumed that all of them are
contained in the ordered direction set Dz (k — 2), of which the number of elements is constrained to be not
greater than a predefined number of Dprpp, Of which a typical value is 8 or 16. Hence, the coding of the
individual sub-band directions may be done by their index of the corresponding direction in the set Dpr(k — 2).

In order to avoid artifacts in the predicted directional sub-band signals due to changes of the estimated
directions and prediction coefficients between successive frames, the prediction is performed on concatenated
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long frames consisting of two temporally successive frames. In particular, that means that each quantity
Dpir(k — 2), Mpr(k —2,b) and A(k — 2,b), b = 1,...,B, is related to the (k — 1)-th and (k — 2)-th frame. At
decompression, these parameters are then assumed to be used to perform overlap add processing with the
predicted directional sub-band signals.

Note that in the absence of predominant sound signals the ambient component corresponds to a "truncated"
version of the original HOA representation. Truncation in this context means that the original HOA
representation is approximated by only I of its total O coefficient sequences, i.e. by those that are chosen to

o tranamittad waithie tho 7 deo oot aboooale
MoolrarTorTimiecuvviIirnTrr une rourarn |\JPUIl VTTAUATITIUTIO ..
A possible architecture for the Directional Sub-band Signals Prediction is illustrated in Figure AMD1T.6| The
individual processing units to compute the prediction parameters will be described in the following.
(TS TT T TN
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Figure AMD1.6 — Directional sub-band signals prediction
C¢5.3.x.1 Analysis Filter Banks
= I £ LL Y 4 PaY £ HPRPN DN | 1 £L o 4 £ 4l lo. + HOA
cac—irame—TCavpate — L), T — 1,..., 0, Of afr matvigtar—coetictent—sequence—or e amuotent

representation Cpyp(k — 1) is first decomposed into frames of individual sub-band signals €amp,(k —1,)),
j=1,..,F. For each sub-band j, j =1,..,F, the frames of the sub-band signals of the individual HOA
coefficient sequences are collected into the sub-band HOA representation Cayg(k — 1,)) as
[Z'AMB,l (k- 1,j)]
~ . ¢ k—1,j
Camp(k —1,j) = | a2 . 2 |

| ams0Ck — 1,7)]

for j=1,..,F.
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The filter bank is assumed to be based on Quadrature Mirror Filters (QMF) with a total of F = 64 sub-bands,
which are also employed for perceptual coding. Note that, in contrast to the HOA coefficient sequences

campn(k — 1) their sub-band representations ¢™y g, (k — 1, j) are complex valued in general. Further, the sub

band

signals are decimated in time compared to the original time-domain signals by a factor of F. Asa

consequence, the number of samples in the frames ¢ yyp,(k — 1,j) is Lsg: = L/F. Itis assumed that L is an
integral multiple of F to assure that Lgg has a positive integer value.

C.5.3.x.2 Direction Estimation

The
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Hirection estimation processing block has the purpose to analyze the input HOA representation and
ute for each b-th sub-band group, j = 1,..., B, a set Mpr(k — 2,b) of tuples specifying directions of/sub-
general plane wave functions with a major contribution to the sound field for sub-bands belonging to'the
and group. In this context the term "major contribution" may for instance refer to the maost -power
ared to sub-band general plane waves impinging from other directions. However, it may alsg refer to a
elevance in terms of the human perception.

ler to avoid artifacts in the predicted directional sub-band signals at decompression~due to changes of
stimated directions and prediction coefficients between successive frames, the direction estimation and
rediction of directional sub-band signals are supposed to be performed on concatenated long frames,
consist of the (k — 1)-th a nd (k — 2)-th in put frame. At de compression, th.&'qu antities es timated on
long frames are then assumed to be used to perform overlap add jprocessing with the predicted
ional sub-band signals.

Jirection estimation for sub-bands j related t o t he b-th sub-band.gf,oup is as sumed to pr ovide the set

k — 2, b) of tuples consisting on the one hand of the indices d(€ ¥y r(k — 2, b) identifying the individual
e) direction trajectories as well as on the other hand the respective estimated directions 23 4(k — 2,b),

Mo — 2 b) = {(d, 255,40k S2b))| d € Tprw(k — 2, b)),

ndex set Jpr(k — 2, b) is as sumed to be a subset of {1, ..., Dsg}, where Dgg is t he maximum number of
ble directions per sub-band group, and henge per sub-band. The value of Dgg can b e s pecifiedint he
Config() and is typically small for the reason of coding efficiency. In this context, the indexing of the
ion trajectories is important to provide-gontinuous directional sub-band signals on the one hand, and to
it temporal dependencies between suecessive prediction coefficient matrices A(k — 2,b) for an efficient
g on the other hand. To further increase the coding efficiency for the side information, the individual

ions Qg 4, (k — 2,b) of all sub-band groups are constrained to be contained in the direction set D pr(k —
hich itself is constrained to:dontain not more than Dprip directions. The value of Dprgp can be specified

in the HOAConfig() as a power)to the base 2, of which a typical value is 16 or 8. Hence, the coding of the

direc
set D

ions for the individual sub-band groups may be done by their index of the corresponding direction in the
[ bir(k — 2). One possible idea for the direction estimation is illustrated in Figure AMD1.7 .
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Figure AMD1.7 — Proposed-architecture of direction estimation

In a first step a full-band direction estimation is performed on a direction grid consisting of Q test direg¢tions

.Qq(ﬁ‘l), q =1,...,0Q (with Q set in the,HOAConfig() and the directions defined in Annexes F.2 — F.11) using
the concatenated long frame

Camp(k — 2k — 1) = [Camp(k — 2)  Camp(k — 1)]
consisting of the previous and current input frames, Cpyp(k — 2) and Cpyg(k — 1), of the full-band [HOA
representation of the‘ambient component. The number Q of test directions for the direction estimation is [to be
specified in the HOAConfig().

This direction‘search is assumed to provide a number of Dgg(k — 2) < Dpggp direction candidates 2, 4 (4 — 2),
d =1, ...Dpg(k — 2), which are supposed to be contained in the set D¢, (k — 2), i.e.

ﬁCA(k -2)= {-QCA,l(k -2), -"'-QCA,DFB(k—Z)(k - 2)}-

A’ typical value for the maximum number of direction candidates per frame is Dprrp = 16. The dirgction

estimation can be accomplished e.g. by combining the information obtained from a directional power
distribution of the input HOA representation together with a simple source movement model for the Bayesian
inference of the directions.

In a second step, the direction search is carried out for each individual sub-band group, however not on the
initial direction grid consisting of Q test directions, but rather on the candidate set D, (k — 2). The number of
directions for the b-th sub-band, b = 1, ..., B, denoted by Dsz(k — 2, b), is assumed to be not greater than Dgg,
which is typically distinctly smaller than Dprep . As the full-band version, the direction search for each individual
b-th sub-band group, b = 1, ..., B, is also supposed to be performed on long concatenated frames of sub-band
signals belonging to this sub-band group
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consi

EAMB(k = 2k—1)) =[Camp(k — 2,)) Camp(k —1,)] j=L(b),.., UD)

sting of the previous and current frame. In a last step, the desired set Dpr(k —2) of all full-band

direction candidates, which do actually occur as sub-band directions, is determined as

ﬁDIR(k - 2) = {QCA,d(k - 2)| Hb € {1, ,B} and d € jDIR(k - 2, b) S. t. -QCA,d(k - 2) = -QSB,d(k - 2, b)}
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e able to refer to them. the directions of the set Dy (k —2) are finally denoted by @yoingp 4k — 2).
» » Djornep (k — 2) with Djoinep (k — 2) denoting their number.

.x.3 Computation of directional sub-band signals for individual sub-band groups

processing block is assumed to compute for each b-th sub-band group, b =1, ...,B, long~frames of
ional sub-band signals ¥, (k — 2; k — 1;), d = 1, ..., Dgg, related to the (k — 2)-th and (k — 1)~th frame for
sub-band j contained in this sub-band group, i.e. for j = £(b), ..., U(b).

clearer presentation of the computation, all potential Dgg directional signals for each j-th sub-band of a
and group b are arranged in the matrix X(k — 2;k — 1;j) as

%k —2k—1;)) ]
%(k -2;k—1;)) = X, (k — Z;If_ L)) | € CPsB¥2LsB,

EDSB(k -2,k—1;))

assumed that the frames of the inactive directional sub*band signals, i.e. those long signal frames

— 2; k — 1;j) whose index d is not contained within the/setJyr(k — 2, b) for the corresponding sub-band
b, are set to zero.

emaining long signal frames %, (k — 2; k — 1; j), €. those with index d € Jpr(k — 1,b), are assumed to

llected within the matrix X ,cr(k — 2; k — 1;¢) € CPssk-1)*2LsB  One possibility to compute the active
ional sub-band signals contained therein‘is:-to minimize the error between their HOA representation and
Ib-band HOA representation of the input:ambient component. The solution is given by

Xacr(k — 2,4 1;)) = (Psp(k — 2, b))+EAMB(k -2k=-1;),

b ()" denotes the Moore-RPenrose pseudo-inverse and Wsg(k — 2,b) € RO*Psek—1b) denotes the mode
k with respect to the direction estimates in the set {Qsg 4(k — 2,b)|d € Tpir(k — 2,b)}.

.x.4 Prediction of directional sub-band signals for individual sub-band groups

brediction of«allrdirectional sub-band signals related to each j-th sub-band of the b-th sub-band group,
,...,B, which are contained in the matrix %(k—z;k—l;j), is assumed to performed by a matrix
lication—of EAMB(k —2;k —1;j) with the matrix A(k — 2, b) with all potential prediction coefficients. In
ular, the predicted version of %(k — 2;k —1;j), which is denoted by ip(k —2;k—1;j), is assumed to

be ¢

mbuted by
g Y

Note

Xo(k — 2,k —1;)) = ACk — 2,b)Camp(k — 2,k — 1;j) for j=L(b),..,U(D) and b=1,..,B.

that per construction all rows of A(k — 2,b) except for those with index d € 7,r(k — 2,b) are zero,

meaning that obviously only the active directional sub-band signals are predicted. Further, all columns of
A(k —2,b) except for those with index n € Iy acT(k — 2) are also zero, meaning that for prediction only
those HOA coefficient sequences are considered which are supposed to be transmitted and to be available for
prediction at HOA decompression.
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At HOA decompression, the original sub-band HOA representation €,y (k — 1,5) is in general not available,
but instead only a perceptually decoded version of it, which is used for the prediction of the directional sub-
band signals. In the case the core coder to encode the individual transport signals employs spectral band
replication (SBR), it does not make sense to exploit any phase relationships for the prediction from "replicated
high frequency content" by using complex valued prediction coefficients, since the SBR cannot be assumed to
preserve any phase relationships. Instead, it is more reasonable to use only real valued prediction coefficients
for the frequency region affected by SBR.

|y that raccaon tha - nradict £ o _ara occod dta ba

OF o a ctian coaffiniantc oo o caomaplav—valbiaed foracub - band araotinc Lo a”er
o thot oo SoUTh S PretrC o CoOCTOIC Mo arcaoSur e Uto—oC—CoOmpPorC X v araC OO Suo— oot grooupo—0—ot

than the sub-band group index jsgr (specified in the HOAConfig()), and real valued for the remaining| sub-
band groups, i.e.

DsgX0 < ;
A(k—2,b)€{(CD - for %_] <.]SBR.
R”sB for ]SBRSJSB
It is reasonable to set the sub-band group index jsgr to be the highest one such that the frequency
corresponding to the lowest sub-band in this group is below the SBR frequency.

C.5.3.x Parametric Ambience Replication (PAR) Encoder

The main idea of Parametric Ambience Replication (PAR) is to complement the preliminary encoded |[HOA
representation by potentially missing ambient components, which are‘parametrically replicated from itself. The
replication is performed in the sub-band domain assuming F sub-bands that are assigned to G subiband
groups. The assignment is determined by the PAR related sub-band group configuration, which is specifled in
the HOAConfig() (see subclause 12.4.1.2.1 Upper and lower,bounds of sub-band groups for Sub-pand
Directional Signals Synthesis). It defines for each g-th (sub-band group, g =1, ...,G, a lower index hound
Lpar(g) and an upper index bound Upar(g) such that sub-bands with indices j between these bounds, i.g. with
Loar(8) <j < Upar(g), are assumed to belong to this 'sub-band group. The sub-band representation ¢f the
replicated ambient component for the j-th sub-band-is assumed to be of order Npsr(g) depending oh the
corresponding g-th sub-band group. The ordersiNpsr(g) for each sub-band group g =1, ..., G are specifled in
the HOAConfig(). The mentioned sub-band representation of the replicated ambient component is hence
represented and created by means of Opir(g) = (Npar(g) + 1)? virtual loudspeaker sub-band signgls at

directions .QgNPAR(g)), d=1,..,0par(g), 0efined in the tables in annexes F.2 and F.3. These up-mix subjband
signals are computed as a mixture of the sub-band signals created by de-correlation filters from the yirtual
loudspeaker sub-band signals representing the truncated sub-band HOA representation of Ccomp(k|—3).
Truncation in this context means-for sub-bands j belonging to the g-th sub-band group the reduction ¢f the
order to Npar(g) and the setting of all coefficient sequences to zero, whose indices are not contained in gither
of the sets Jg(k — 3), Ip(k~—=3), or Jy(k — 3). The number of de-correlated sub-band signals to be mixgd for
the creation of each up=mix sub-band signal is allowed to vary over time according to the values in Table F.x
Table for ParDecorrSigsSelectionTableldx referring to NumOfDecorrSigsPerParSubbandTable| and
ParSelectedDecortSigsldxMatrixTable in order to adapt to the diffuseness of the ambient HOA comppnent
to be replicated. This number, denoted by Ng;;(k — 4, g), offers the possibility to control the amount of side
information required to code the mixing matrices Mp,r(k — 4, g) for the individual sub-band groups g = 1J...,G.
Further, forn\WNgc(k,g) < Opar(g) the mixing uses de-correlated sub-band signals obtained from \yirtual
loudspeaker signals Xqomp(k,j) at directions in the neighborhood of the direction of the up-mix signal] This
operation prevents that directional components of the truncated sub-band HOA representations of Ccomp(k —
3)are undesirably spatially distributed over all directions for the replication of the ambient HOA compdgnent.
Anadditional aspect is that for each number Ng;;(k — 4,g) and each individual up-mix sub-band signd| it is

sub-band signals have to be mixed. In order to decrease the mutual correlation between each group of de-
correlated sub-band signals to be mixed, the assignment of the virtual loudspeaker signals to the de-
correlation filters is adapted to the choice of de-correlated sub-band signals. This assignment is expressed
through the permutation matrices Ppsr(k — 4, g) for the individual sub-band groups g = 1, ..., G. Note that for
PAR overlap add processing is used to handle time varying parameters. Hence, each parameter indexed by
the index k — 4 is assumed to be valid jointly for the frames k — 4 and k — 3. A possible realization of the PAR
encoder may be decomposed into two parts, which are illustrated in Figure AMD1.8 and Figure 27. The first
part is concerned with the task how to determine the numbers Ng;;(k — 4, g) of de-correlated sub-band signals
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to be mixed for the creation of each up-mix sub-band signal related to the g-th sub-band group, g =1, ...,G.
These numbers unambiguously specify the permutation matrices Ppsr(k— 4 g), g = 1, ...,G, through Table F.x
Table for ParDecorrSigsSelectionTableldx referring to ParPermldxVectorTable. The second part of the
PAR encoder deals with problem of computing the mixing matrices Mpar(k — 4, g), g = 1, ...,G. Both parts will

be described in more detail in the following.

C.5.3.x.1 Part 1 of PAR Encoder
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Figure AMD1.8 — Part 1 of PAR Encoder
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In the first part of the PAR encoder, as illustrated Figure AMD1.8, both, the frame of the reconstructed HOA
representation C.omp(k —3) and the frame of the delayed original HOA representation C(k — 3), are first
decomposed into frames of individual sub-band HOA representations for each of the F assumed sub-bands by
the application of the Analysis Filter Banks, as described in subclause 12.4.2.x.1 Analysis Filter Banks. The
resulting individual sub-band HOA representations are then subjected to a Spatial Transform dependent on
the corresponding sub-band group (see subclause 12.4.2.x.3 Spatial Transform for a detailed description of

tha nrocessina)——The framas of all racidting virtuial Ianid cnaalkkar ociih hand cianale far tha 1 th o band
tHE—pPT g —re— e S—o—anr— e Surtig— A taa—oua-5peake—Sup-Baa—StgHchS—o—He——t—5uo
j=1,..,F, are denoted by Xcomp(k — 3,j) and Xoric(k — 3,j), respectively. In a next step, for each g-tH sub-

band group, g=1,...,G, the number Ng;;(k — 4,g) of de-correlated sub-band signals to be mixed"fgr the
creation of an up-mix sub-band signal is determined from a comparison between the extended frames

[Xcomp(k—4,))  Xcomp(K—3,))], Lpar(g) <j < Upar(g)

of the virtual loud-speaker sub-band signals of the preliminary reconstructed HOA{representation anfd the
extended frames

[Xoric(k—4,)) Xoric(k—3,))], Lpar(g) <j < Upsr(®)

of the virtual loud-speaker sub-band signals of the original HOA represéntation. The idea is that the number
Ngig(k — 4,g) may be chosen, on the one hand, in dependence on the diffuseness of the ambient [HOA
component to be replicated, and on the other hand, in dependence/on the available data rate for the PAR side
information. As a rule of thumb, the value of Ngc(k —4,g) should be increased the more diffusengss is
missing in the preliminary reconstructed HOA representation gompared to the original HOA representation. On
the contrary, if a low PAR side information data rate is desired this value should be kept low. An imp¢rtant
constraint is that Ngg(k—4,g) is allowed. “only to have values as that| of
NumOfDecorrSigsPerParSubbandTable given in Table) F.x Table for ParDecorrSigsSelectionTakleldx
referring to NumOfDecorrSigsPerParSubbandFable and ParSelectedDecorrSigsldxMatrixTable] The
permutation matrices Ppar(k — 4,8), g = 1, ..., G,aWhich define the assignment of the virtual loud-speakel| sub-
band signals to the de-correlation filters,” are selected according to Table F.x Table| for
ParDecorrSigsSelectionTableldx referring. to ParPermldxVectorTable dependent on the numbers
Ngic(k—4,g). The dependence expressed by Table F.x Table for ParDecorrSigsSelectionTableldx
referring to ParPermldxVectorTable is chosen to minimize the mutual correlation between the signals|to be
mixed. As a pre-processing step for-the subsequent computation of the mixing matrices in the second part of
the PAR Encoder, the sub-band HOA representation of the reconstructed HOA component Ccoump(k - 3) is
subjected to a Truncation, a Ceefficient Selection and a sub-band group dependent Spatial Transform| (see
subclauses 12.4.2.x.2 Truncation and Coefficient Selection and 12.4.2.x.3 Spatial Transform [for a
detailed description of the ;processing) to provide the frames of all virtual loud-speaker sub-band signals
Xsp(k — 3,j) for each jéthjsub-band, j = 1, ..., F.

C.5.3.x.2 Part-2 of PAR Encoder

In the second part of the PAR Encoder, depicted in Figure AMD1.9, the virtual loud-speaker sub-band signals
Xsp="3,j), representing the reconstructed HOA component C.qoup(k — 3) are subject to a de-correlatipn. In
particular, the de-correlated sub-band signals Xpgc(k — 3,j) for the j-th sub-band belonging to the g-th| sub-
band group, i.e. for Lpar(g) <j < Upar(g), are computed according to the description in subclause 12.4]2.x.4

3 5 PARK — 4, gJ Tor the
assignment of the virtual loud-speaker sub-band signals Xsp(k — 3,j) to the de-correlation filters.

In a final step, the permutation matrix Mpsr(k — 4, g) for each g-th sub-band group, g =1, ..., G, is computed
such as to approximate the extended frames

[Xoric(k—4,)) Xoric(k—3,)] = [Xcomp(K—4,)) Xcomp(K—3,))], Lpar(g) <j < Upar(g)

of the virtual loud-speaker sub-band signals of the residual between the original and preliminary reconstructed
HOA representation for all sub-bands j belonging to the g-th sub-band group by the following mixture
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Mppr(k — 4 8)(Ppar(k — 4, g))_l[xDEC(k —4j) Xpec(k—=3,)], Lpar(® <j < Upar(g)

of the de-correlated signals created from the virtual loud-speaker sub-band signals of the preliminary
reconstructed HOA representation.
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Figure AMD1.9 — Part 2 of PAR Encoder

98 © ISO/IEC 2017 — Al rights reserved


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

In subclause C.5.4.1 Conversion to ActiveDirSigs[i] replace:

if (DirIdx+1 == Ipr(k — 2)[NoOfActDirs]){
ActiveDirSigs[DirIdx] = 1;

NoOfActDirs++;
}
Wit
if (Dirldx+1 == Jp;r(k — 4)[NoOfActDirs])
ActiveDirSigs[Dirldx] = 1;
NoOfActDirs++;
}

In subclause C.5.4.2 Conversion to ActiveDirslds[idx] replace:

for (i=0; i<I; i++){
if (TYPE;(k —2) == DIR){
ActiveDirlds [NoOfActDirs] = 2} ,nr(k — 2);
NoOfActDirs++;

With:

for(i=0;i<I;i++)
if (TYPE,(k — 4) == DIR)X
ActiveDirlds[NoOfActDirs] = 20} ,xr (k — 4);
NoOfActDirs++;

In subclause C.5.4.3 Conversion of prediction parameters {(k — 2) (replacement of all (k-2) with (k-

4)) replace completee-subclause with:

C.5.4.3 Conversion“of prediction parameters {(k — 4)

The prediction-parameters {(k — 4) = {pTYPE (k—4),Pnp(k — 4), Py r(k — 4)} are converted to an intermg
coded representation, which corresponds to that used in the description of the HOAPredictionInfo payld

Table 127 — Syntax of HOAPredictionInfo, as follows:

First the flag PSPredictionActive is set which indicates whether a spatial prediction is performed at all:

PSPredictionActive = 0;
if (Tpir(k — 4) # O)
for(n=0; n < O0; n+ +)
for (d =0; d < Dpggp; d + +){
if (PinD,a+1,n+1(k —4) # 0){
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PSPredictionActive = 1;

}

In the case that PSPredictionActive == 1, the number NumActivePred of directions for which directional
signals are predicted is computed as follows:

}

Num
for (n
[

)
}

Depe
direc

!

q
q

ctivePred = n;
=0;n < 0; n+ +)

if(prypEn+1(k —4) == 1§

NumActivePred++;

nding on the value of NumActivePred it is decided whether the indices n of the directions QE,N), for which
ional signals are predicted, are either

oded by a bit array ActivePred consisting of O elements, of which the n-th element indicates if the
rediction for the direction .Qf,N) is predicted or not. The bit array is computed aceording to

form=0; n < O0; n+ +){
ActivePred[n] = prypgns+1(k — 4);
}

oded by the coded number NumActivePredlds = NumActivePred~1 and the array Predlds consisting

f indices n of the directions .Qle), for which directional signals are predicted. The array Predlds is
omputed according to

actldx = 0;
formn=0; n < O0; n+ +)
if (PrypEn+1(k —4) == 1){
Predlds[actldx] = n;
actldx + +;
}
}

The decision about which kind of coding is‘Used is indicated by the value of KindOfCodedPredIds, which is set

to ze
Num/

wher

ro in the first case or to one in-the second case. The decision is taken dependent on the value of
\ctivePred according to

1 if NumActivePred < My,

KindOfCodedPredlds = {0 else

b My, /S the greateStinteger satisfying

[log,(My)] + My - [log,(0)] <O.

The ¢lements'pinp qn(k — 4) of the matrix Pyp(k — 4), which are indices of predominant sound signals to be
used|for,the prediction of signals at the directions Qle), are coded according to

Totalldx = U;

forn=0; n < O0; n+ +)

if (prypen+1(k—4) == 11

100

PredDirSiglds[Totalldx] = pinp d+1n+1(k —4);
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Totalldx + +;

}

The corresponding quantized prediction factors pgrqn(k —4), wWhich are elements of the matrix Pyr(k — 4),
are coded according to

form=0; n < 0; n+ +){
if (prypen+1(k—4) == 14
if (Pinp,d+1,n+1(K —4) # 01
PredGains[Totalldx] = pqrd+1n+1(k —4);
Totalldx + +;

In subclause C.5.4.4 Coding of ambient HOA coefficients side irfformation replace:

for (i=0; i<I; i++){
if (TYPE;(k —2) == AMB ){
if (COEFFIDX;(k —2) == COEFFIDX;(k —3) )

{
AmbCoeffldxChanged|i] = false;
}
else
{
AmbCoeffldxChanged[i] =true;
CodedAmbCoeffldx[NoOf€oeffs++] = COEFFIDX;(k — 2);
}
}
}
With:

for(i=0;i<I;isk+)
if (TYPE; (k&%) == AMB ){
if (COEFFIDX; (k — 4) == COEFFIDX;(k —5) )

AmbCoeffldxChanged|i] = false;

}
else
{
Amb€oeffldxChangedfil—=-true:;
CodedAmbCoeffldx[NoOfCoeffs++] = COEFFIDX;(k — 4);
}
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In subclause C.5.4.5 Coding of channel type replace:
for (i=0; i<I; i++){

ChannelType[i] = TYPE,(k — 2);
}

With:

for(il=0;i<I;i++X
ChannelTypeli] = TYPE;(k — 4);
}

In subclause C.5.4.6 Conversion to CodedGainCorrectionExp[n] replace:

for (i=0; i<I; i++){
(odeLength = 0;
gwitch(e;(k —2)){

case 0O:
{
CodelLength = 1;
break;
}
case -1:
{
CodelLength = 2;
break;
}
default:
{
CodeLength = e;(k—2) + 2;
}

Sl

1f(IndependencyFlag){
GainCorrPrevAmpEXxpli] = ceil( 1og2( gigci(k —3) ) );

Sl

for(1=0; 1 < (CodeLength &,1); 1++){
CodedGainCorrectionExp[1] = 0;

S

CodedGainCorrectionExp[1] = 1;
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With:

for(i=0;i<Il;i++)
CodelLength = 0;
switch(e;(k — 4)X

case 0:
{
CodelLength = 1;
blca'r\,
}
case -1:
CodelLength = 2;
break;
}
default:
{
CodelLength = e;(k — 4) + 2;
}

}

if(IndependencyFlag){
GainCorrPrevAmpExpli] = ceil( 1092( gigc,;(k —5) ) );

}
for(I=0; | < (CodelLength — 1); I++)
CodedGainCorrectionExp][l] = 0;

}
CodedGainCorrectionExpl[l] = 1;

In subclause C.5.4.7 Conversion to Gain€errectionException[i] replace:
for(i=0; i < I; i++){

GainCorrectionException[i] =8, (k — 2);

}

With:

for(i=0; i < I; i++)
GainCorrectionException[i] = 3,,,(k — 4);
}

In subclause C.5.4.8 Coding of VVVector replace:

Aspreviously described an assignment vector v, (k — 2) containing the side information for each trar

sport

channel is Inrn\/ir’lnd The r1I||nn1'i7nd vector data for the ’rrnncpnr‘t channels Pnn'fnining vector-h

predominant sound signals is assigned to the bit stream as follows:

for (i=0; i < J; i++){
if (TYPE;(k — 2) == VEC)
{
1=0;
for (q = ©; q < WeclLength; g++){
VecVal[i][q] = vgl)JANT(k —2)[q + Oyinl;
1++;
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}
}
With:

As previously described an assignment vector v, (k — 4) containing the side information for each transport
channel is provided. The quantized vector data for the transport channels containing vector-based

predominant sound signals is assigned to the bit stream as follows:

for (i0; i < J; i++){
if (TYPE;(k — 4) == VEC)

1=0;
for (g = 0; g < VVecLength; q++_){
VecVallillq] = v anr(k — 4)[q + Opn];
[++;

Add the following subclauses after C.5.4.8  Coding of VVector:

C.5.4.x Coding of parameters for directional sub-band signals-prediction

1. NumOfGlobalPredDirs = Djongp(k — 4);

2. UseDirectionalPrediction = {0 else

3. for (d =0; d < NumOfGlobalPredDirs; d++)

coefficient.matrix A(k —4,b).

coefficient matrix A(k —4,b).

where 0 denotes a zero matrix with the same dimmensions as A(k — 4, b).

1 if 3b e {1,...,B}\suchthat A(k—4,b) #0

{
GlobalPredDirslds[d] = q such that 2ongp 41 (k — 4)= 2,062

}

4 for (b=0; b < NumOfPredSubbands; b++)

{
UseHuffmanCodingDiffMag[b] is set to 1 or 0 depending on whether it is more efficient to use
Huffman code or not for the differential coding for the magnitudes of all elements of the

prediction

UseHuffmanCodingDiffAngle[b] is set to 1 or 0 depending on whether it is more efficient to use
Huffman code or not for the differential coding for the angles of all elements of the prediction

foral Fal ! W] Ad Pa¥dmy Ta¥ D n ] 1 )
urfu=yv,u NVidAINUTTIVIT TeSUulIrsrclrodriy, utt)

1 lf d E iDIR(k - 4, b)

{
DirlsActive[b][d] = {
0 else
if (DirlsActive[b][d] == 1)
{
RelDirGridldx[b][d] = q such that 2;o;ygp q+1(k — 4)= 2 441 (k — 4,b)

}

}
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}

5. Since the prediction coefficient matrix elements are coded differentially, before starting to encode the
elements for a (k — 4)-th independency frame it is necessary to initialize the quantized values to zero
for the previous frame as follows:
if (hoalndependencyFlag(k — 4) )

for (b=0; b < NumOfPredSubbands; b++)

and-d++)\ [
for (n = 0; n < MaxNumOfCoeffsToBeTransmitted; n++)

{
IntQuantMag(k — 5)[b][d][n] = 0;
IntQuantAngle(k — 5)[b][d][n] = O;

}

The actual encoding is assumed to be performed as follows:

for (b=0; b < NumOfPredSubbands; b++){
for (d = 0; d < MaxNumOfPredDirsPerBand; d++) {
for (n = 0; n < MaxNumOfCoeffsToBeTransmitted; n+4+){
if((n+1) € Tg(k) UIp(K) U Ty (k) ){
FloatMag = |A(k — 4, b)[d + 1][n +-1]};
IntQuantMag(k — 4)[b][d][n] = 0;
IntQuantAngle(k — 4)[b][d][n}. =0;
if(FloatMag > 1) {

IntQuantMag(k — 4)[b}[d][n] = IM + 8.5J
} In(%/7)
elsef

IntQuantMag(k — 4)[b][d][n] = |FloatMag - 8 + 0.5];
}

FloatAnglé = arg(ﬁ(k —4,b)[d+ 1][n + 1]);
if(FloatAngle < —7 - g - :—6 I
IntQuantAngle(k — 4)[b][d][n] = 8;

}
elsef

IntQuantAngle(k — 4)[b][d][n] = lFloatAngle . % + O.SJ;
}

DecodedMagDiff[b][d][n] = IntQuantMag(k — 4)[b][d][n]
—IntQuantMag(k — 5)[b][d][n];

DecodedAngleDiff[b][d][n] = 0;

/I If the magnitude after quantization is equal to zero,

/I the transmitted difference in quantized angle differences is ignored.

/I Hence, in that case it is reasonable to code the difference

TT8S-eTHeientas-posSsitre-oy-Setthgtto-Zere:
if(IntQuantMag[b][d][n] ! = 0)
DecodedAngleDiff[b][d][n] = IntQuantAngle(k — 4)[b][d][n]
—IntQuantAngle(k — 5)[b][d][n];
/I Constrain the angle difference to lie in interval J-pi,pi].
if (DecodedAngleDiff[b][d][n] < —7X
DecodedAngleDiff[b][d][n]+= 16;
}

else{
if (DecodedAngleDiff[b][d][n] > 8)
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DecodedAngleDiff[b][d][n]—= 16;

}
}
}
else{
IntQuantAngle(k — 4)[b][d][n] = 0;
}
}
nlcn{

DecodedMagDiff[b][d][n] = 0;
DecodedAngleDiff[b][d][n] = 0;
IntQuantMag(k — 4)[b][d][n];
IntQuantAngle(k — 4)[b][d][n] = 0;
}

C.5.4.x Coding of parameters for Parametric Ambience Replication (PAR)

1 UsePar:{l if3ge{1,..,G}suchthat Mpyr(k—4,g) # 0
0 else
2 for (g =0; g < NumOfParSubbands; g++)

1 if Mpar(k—4,8)= Mpar(k—5,8) .

KeepPreviousParMatrixFlag[g]={0 1
else

Set ParDecorrSigsSelectionTableldx[g] according to Table 26 depending on value of
Ngig(k — 4,g) = NumOfDecorrSigsPerParSubbandTable

1 ., Fanyzerorow in Mpar(k — 4,2) .

UseReducedNoOfUpmixSigs[g] = {0 1
else

if (UseReducedNoOfUpmixSigsfg]==1){
for (n=0;n < MaxNumOfDecoSigs[g]; n++){
0 (n+1)—throwin Mppr(k —4,g) is zero ,

UseParUpmixSig[g][n] = {1 Clse

}

UseParHuffmanCodingDiffAbs[g] =
{1 for'Huffman coding the differences of magnitudes of Mpar(k —4,g) and Mppr(k—5,8) .
Q_.“for conventional coding ’

if (UseRealCoeffsPerParSubband[g]==0){
UseParHuffmanCodingDiffAngle[g] =

1 for Huffman coding the differences of angles of Mpar(k —4,g) and Mpar(k—5,8) .

{0 for conventional coding ’

}

3. Since the elements of the mixing matrices Mp,r(k — 4,8), g = 1, ..., G, are coded differentially, before
starting to encode the elements for a (k — 4)-th independency frame, which means that the
hoalndependencyFlag in the HOAFrame() payload is set to one, it is necessary to initialize the
quantized values to zero for the previous frame as follows:

for (g =0; g < NumOfParSubbands; g ++){
for (d=0; d < MaxNumOfDecoSigs(g); d++){
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for (n=0; n < MaxNumOfDecoSigs(g); n++){
IntQuantMagPAR(k — 5)[g][d][n] = 0;
IntQuantAnglePAR(k — 5)[g][d][n] = 0;

}
The actual encoding is assumed to be performed as follows:
for (o 0. o Nazaa O fPRaxColbhlh o d a1 (
for-(g—=0+g<NumOfParSubbands g+

for (d=0; d < MaxNumOfDecoSigs(g); d++){
for (n=0; n < MaxNumOfDecoSigs(g); n++){
FloatMagPAR = |Mppr(k — 4, g)[d][n]];
IntQuantMagPAR(k — 4)[g][d][n] = 0;
IntQuantAnglePAR(k — 4)[g][d][n] = 0;
if(FloatMagPAR > 1)

{

IntQuantMagPAR(k — 4)[g][d][n] = W +85

7

}
else
{

IntQuantMagPAR(k — 4)[g][d][n] = [FloatMagPAR - 8 + 0.5];
}
FloatAnglePAR = arg(Mpar (k — 4, ¢)[d][a]);
if(FloatAnglePAR < —7 - g - %){

IntQuantAnglePAR(k — 4)[g][&][n] = 8;
}
elsef

IntQuantAnglePAR(k =(4)[g][d][n] = lFloatAnglePAR . % + O.SJ;
}

DecodedParMagDiff[fg][d][n] = IntQuantMagPAR(k — 4)[g][d][n]
—IntQuantMagPAR(k — 5)[g][d][n];
DecodedParAngleDiff[g][d][n] = 0;
/I If the magnitude after quantization is equal to zero,
/l the transmitted difference in quantized angle differences is ignored.
/I Hencej-in that case it is reasonable to code the difference
/las efficient as possible by setting it to zero.
if(ntQuantMagPAR[b][d][n] ! = 0}
DecodedParAngleDiff[b][d][n] = IntQuantAnglePAR(k — 4)[g][d][n]
—IntQuantAnglePAR(k — 5)[g][d]
/I Constrain the angle difference to lie in interval ]-pi,pi].
if (DecodedParAngleDiff[g][d][n] < —7X
DecodedParAngleDiff[g][d][n]+= 16;
}

elsef
if (DecodedParAngleDiff[g][d][n] > 8}
DecodedParAngleDiff[g][d][n]—= 16;

<~

}

else

{
}

IntQuantAnglePAR(k — 4)[g][d][n] = 0;
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Add the following section after C.5 HOA Encoder:

C.x MPEG Surround Encoder Tool

The following building blocks are specified for very low bitrate coding of channel content (see Figure AMD1.10,
Figure AMD1.11 and Figure AMD1.12):

- Pre-rendering/mixing: A pre-rendering/mixing stage is used on the encoder side to convert a channel

and-objectinput stene intoa chanmetstene beforeencoding:

-| Format conversion: Format conversion can be applied on the encoder side to lower the number ‘of
channels to achieve good rate / distortion results for a given bit rate.

-| MPEG Surround encoding: MPEG Surround can be applied with the following tree configurations: 5-2-
5, 7-2-7 or 9-2-9 based on 7-2-7 with an arbitrary tree extension.

-| 3D Audio core encoder: Either the format converted channels or the MPS stereo downmix is coded
with a 3D Audio core encoder. The MPS side information is multiplexed into an mpegh3daExtElement.

-| Phase 1 SAOC 3D encoder can be applied for encoding object signals.

channels

— i
7 N channels M channels e ijo_wnmm _| 3D Audio compressed data / bitstream
... ] pre-rendering = format ) Surround " | core encoder
objects mixing conversion encoding .
ancillary data

Figure AMD1.10 — Block Diagram of a 3DAPhase 2 encoder with an MPEG Surround encoder

channels
e
—_—
— 7 channels M channels

- i format i
I T 3D Audio —— compressed data / bitstream

. mixing conversion core encoder
objects 00

— s . \\

—_—
—_—
—_—

Figure AMD1.11 — Block Diagram of a 3DA Phase 2 encoder with reduced number of channels

objects

YYvy

compressed data / bitstream

= -

3D Audio
encoder
(incl. SAOC 3D)

OAM

Figure AMD1.12 — Block Diagram of a 3DA Phase 2 encoder with reduced number of channels

108 © ISO/IEC 2017 — Al rights reserved


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

In Annex F.1.5 Definition of the mode matrix replace:

S(Nl) [S[())(.Q(NZ)) S- l(ﬂ(NZ)) 50 (Q(NZ)) Sl (Q(NZ)) S- Z(H(NZ)) S- Z(H(NZ))

where 0, = (N; + 1)2.

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

With:

S(Nl):=[50(ﬂ(1v2)) 5—1(Q(Nz)) Sol(ﬂ(Nz)) 511(9(Nz)) S—z(ﬂ(Nz)) S—lz(ﬂgNz))

denoting the mode vector of order N; with respect to the directions .Q(NZ)

where 0; = (N; + 1)2.

Correct table numbering mismatch for annex F.23 (correct references to the 4ables in the stan

text accordingly!)

si@8?)] e

Replace Annex F.23 HOA Tables for Dynamic Range Control with the-folowing clauses:

F.23 Spherical grid for DRC DSHT for order N=1

Inclination 8 inrad, Azimuth'g)in rad,

0.33983655
1.57079667
2.06167886
2.06167892

F.x Spherical grid for DRC DSHT for order-N=2

Inclination '@ in rad,
1.57079633
.35131567
.21127801 -
.21127606
.31812905 -
.00975782 -
.31812792
41880319
41880555 -

NNFRPOKREFREN

F.x Spherical.grid for DRC DSHT for order N=3

0.
3.
1.
1.
2.
0.
2.
1.
1.

3.14159265
0.
1
1

00000000

-95839324
-1:95839316

3.
3.
3.
3.

Azimuth ¢ inrad,

00000000
14159265
18149779
18149755
45289512
00009218
45289621
19514740
19514441

RRRRRERRRRR

14159271
14159267
14159262
14159262

1.41002219
-36874571
-36874584
.36874598
.41002213
-41002214
-41002230
-41002223
-41002209

Inclination 8 in rad, Azimuth ¢|nrad, 9
0.49220083 0.00000000 0.75567412
1.12054210 -0.87303924 0.75567398
2.52370429 -0.05517088 0.75567401
2.49233024 -2.15479457 0.87457076
1_!:7!'\0'7'7/1.0 n_nnnnnnnn r\_o74|:7r\7|:
2.02713647 1.01643753 0.75567388
1.61486095 -2.60674413 0.75567396
2.02713675 -1.01643766 0.75567398
1.08936018 2.89490077 0.75567412
1.18114721 0.89523032 0.75567399
0.65554353 1.89029902 0.75567382
1.60934762 1.91089719 0.87457082
2.68498672 2.02012831 0.75567392
1.46575084 -1.76455426 0.75567402
0.58248614 -2.22170415 0.87457060
2.00306837 2.81329239 0.75567389
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F.x Spherical grid for DRC DSHT for order N=4

Inclination 6 in rad, Azimuth ¢ in rad,

1.57079633 0.00000000 0.52689274
2.39401407 0.00000000 0.48518011
1.14059283 -1.75618245 0.52688432
1.33721851 0.69215601 0.47027816
1.72512898 -1.33340585 0.48037442
1.17406779 -0.79850952 0.51130478
0.69042674 1.07623171 0.50662254
1.4/47/8/35 1.43955690 0.5215584538
1.67073876 2.25235428 0.52835300
2.52745842 -1.33179653 0.52388165
1.81037110 3.05783641 0.49800736
1.91827560 -2.03351312 0.48516540
0.27992161 2.55302196 0.50663531
0.47981675 -1.18580204 0.50824199
2.37644317 2.52383590 0.45807408
0.98508365 2.03459671 0.47260252
2.18924206 1.58232601 0.49801422
1.49441825 -2.58932194 0.51745117
2.04428895 0.76615262 0.51744164
2.43923726 -2.63989327 0.52146074
1.10308418 2.88498471 0.52158484
0.78489181 -2.54224201 0.47027748
2.96802845 1.25258904 0.52145388
1.91816652 -0.63874484 0.48036020
0.80829458 -0.00991977 0.50824345

F.x Spherical grid for DRC DSHT for order N=5
Inclination 8 inrad, Azimuth ¢ h.rad, g9
1.57079633 0.00000000 0.34493574
2.68749293 3.14159265 0.35131373
1.92461621 -1.22481468 0.35358151
1.95917092 3.06534485 0.36442231
2.18883411 0.08893301 0.36437350
0.35664531 -2415475973 0.33953855
1.32915731 £1,.05408340 0.35358417
2.21829206 2.45308518 0.33534647
1.00903070 2.31872053 0.34739607
0.99455136 -2.29370294 0.36437101
1.13601102 -0.46303195 0.33534542
0.41863640 0.63541391 0.35131934
1.78596913 -0.56826765 0.34739591
0.56658255 -0.66284593 0.36441956
2.25292410 0.89044754 0.36437098
2,67263757 -1.71236120 0.36442208
0.86753981 -1.50749854 0.34068122
1.38158330 1.72190554 0.35358401
0.98578154 0.23428465 0.35131950
1.45079827 -1.69748851 0.34739437
2.09223697 -1.85025366 0.33534659
2.62854417 1.70110685 0.34494256
1.44817433 -2.83400771 0.33953463
2.37827410 -0.72817212 0.34068529
0.82285875 1.51124182 0.33534531
0.40679748 2.38217051 0.34493552
0.84332549 -3.07860398 0.36437337
1.38947809 2.83246237 0.34068522
T.61795773 —2.27837285 0.32429427%
2.17389505 -2.58540735 0.35131361
1.65172710 2.28105193 0.35358166
1.67862104 0.57097606 0.33953819
2.02514031 1.70739195 0.34739443
1.12965858 0.89802542 0.36442004
2.82979093 0.17840931 0.33953488
1.67550339 1.18664952 0.34068114
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F.x Spherical grid for DRC DSHT for order N=6

Inclination 8 inrad, Azimuth ¢ in rad,
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1.57079633 0.00000000 0.23821170
2.42144792 0.00000000 0.23821175
0.32919895 2.78993083 0.26169552
1.06225899 1.49243160 0.25534085
1.01526896 -2.16495206 0.25092628
1.10570423 -1.59180661 0.25099550
1.47319543 1.14258135 0.26160776
2.15414541 1.066359269 0.24442720
0.20805372 -0.52863458 0.25487678
0.50141101 -2.11057110 0.25619096
1.98041218 0.28912378 0.26288225
0.83752075 -2.81667891 0.25837996
2.44130228 0.81495962 0.26772416
1.21539727 -1.00788022 0.25534092
2.62944184 -1.58354086 0.26437874
1.86884674 -2.40686906 0.25619091
0.68705554 -1.20612227 0.25576026
1.52325470 -1.98940871 0.26169551
2.39097364 -2.37336381 0.25576025
0.98667678 0.86446728 0.26014219
2.27078506 -3.06771779 0.25099551
2.33605400 2.51674567 0.26455002
1.29371004 2.03656562 0.255766032
0.86334494 2.77720222 0.25092620
1.94118355 -0.37820559 0.26772409
2.10323413 -1.28283816 0. 24442725
1.87416330 0.80785741 0.23821179
1.63423157 1.65277986 0.26437876
2.06477636 1.31341296 0.25595469
0.82305807 -0.47771423 0.26437883
2.04154780 -1.85106655 0.25487677
0.61285067 0.33640173 0.24442716
1.08029340 0£10986230 0.25595472
1.60164764 <1.43535015 0.26455000
2.66513701 1.69643796 0.26014228
1.35887781 -2.58083733 0.25838000
1.78658555 2.25563014 0.25487674
1.83333508 2.80487382 0.26169549
0.78406009 2.08860099 0.25099560
2.94031615 -0.07888534 0.26160780
1.34658213 2.57400947 0.25619094
1.73906669 -0.87744928 0.26014223
0:60210739 1.33550547 0.26455007
2).38040297 -0.75104092 0.25595462
1.41826790 0.54845193 0.26772418
1.77904107 -2.93136138 0.25092628
1.35746628 -0.47759398 0.26160765
1.31545731 3.12752832 0.25838016
2.81487011 -3.12843671 0.25534100
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Inclination 6 in rad, Azimuth ¢ in rad,

1.57079633 0.00000000 0.19495795
2.45610519 0.00000000 0.19495809
0.39336242 1.03016214 0.19791987
0.89422674 -2.33320867 0.19872783
0.43545329 -1.90611766 0.20164788
2.82600944 2.32040743 0.18728551
1.59930590 0.43907779 0.18583001
0.64/745165 2.112804721 0.20Z275/761
1.90012440 2.19672239 0.19118821
0.77544211 1.42837415 0.18728574
0.69899330 -0.36084163 0.18728569
2.04670638 -3.01527456 0.19927210
2.12677074 1.22510187 0.18728884
0.23447523 2.63866702 0.19927208
2.40003196 -2.63346362 0.19791989
1.45925921 -0.93421891 0.18728903
2.73580260 -0.95164110 0.19927196
1.48655587 -1.60786838 0.20474450
1.68102326 -2.09640999 0.19679660
2.36367468 2.19127430 0.19694872
2.32176930 -0.62030401 0.18583004
2.04546892 1.72866718 0.20474448
0.77250696 2.81267760 0.19495808
1.69576568 2.96849129 0.18583019
0.58175363 -2.82533899 0.18583001
2.87203994 0.51065147 0.20273763
1.39561603 0.84819515 0.20164795
1.88874012 -0.76208433 0.19872768
1.51281601 -2.91380498 0.19495791
1.08945861 2.38896622 0.19812700
1.83804298 -2.57622643 0.20273767
1.47075901 2.08646502 0.18728889
1.36153209 -2.47361065 0.19812703
1.15458107 0.35914488 0.19927210
2.23247953 -1.21160054 0.20164792
2.46336120 2.94460384 0.19682398
1.22791750 2.91409534 0.20129566
1.05015851 =2.89422460 0.20129569
2.12820204 ~2.18619520 0.18728575
2.53612755 1.47084632 0.19679675
2.46546154 -1.76957871 0.19682388
1.55027992 2.54237851 0.19872776
2.84242076 -2.37565709 0.19791995
1.23439281 1.32812183 0.19694863
0.69294302 0.32555256 0.19791995
2.05614763 2.67444874 0.20164784
1.09765326 1.83278284 0.19679663
1.12592284 -0.14469268 0.20273758
1.96529200 -0.24906723 0.20129567
1.96552627 -1.69235565 0.19694871
1.76960407 -1.25179553 0.19118810
1.91136466 0.76951720 0.19872771
1.07406395 -0.69991724 0.19679662
0.69689253 -1.09648035 0.19694872
1.68400415 1.21349142 0.19118831
2.39207241 0.70375526 0.19812696
0.94043078 0.86239912 0.19682389
0.88424480 -1.70121947 0.19118805
1.24865844 -1.99210255 0.18728907
024866045 052230150 0190682390
1.16191600 -1.27749516 0.20474460
2.03676720 0.25756109 0.20129581
1.59547480 1.65945485 0.20474451
1.50944693 -0.45747372 0.19812716
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Inclination 8 inrad, Azimuth ¢ in rad,
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1.57079633 0.00000000 0.16035506
2.37045281 3.14159265 0.15319651
1.16118114 -2.76809755 0.14493850
1.96701676 -2.93113550 0.15659032
0.44283230 2.79053078 0.16051177
2.27466442 -1.58633222 0.15823741
1.90257136 -1.34326395 0.15410190
1.226/12/0 -0.50245103 0.15555055
1.18223758 3.09331226 0.16269226
0.77757990 -3.00089450 0.15370974
1.71069627 1.52817508 0.15330871
2.10766509 -2.12432828 0.15659023
1.91267082 1.11619994 0.15721852
1.50641800 -1.38243964 0.15314283
1.90689598 0.26039435 0.15542290
1.87573690 -1.75821192 0.15263979
0.66839369 0.92054291 0.15198113
2.99900287 1.37574537 0.15918574
1.25503817 1.48780173 0.15554994
2.12588745 1.55120363 0.15777865%
1.46867749 -1.78074999 0.15251277
1.42058775 0.80011364 0.14438414
1.39768944 -2.42566469 0.15882669
1.68448339 2.64994016 0.15410149
2.68318874 2.44896055 0.15624640
1.18069550 -2.06498432 0115624611
0.95913015 -0.72316181 0.15330920
1.46298411 1.86944950 0.15860486
2.29917993 2.02407291 0.15772368
2.19757565 0.59478929 0.14875234
1.38002876 -0.71570078 0.15860447
1.66966479 -2.13711058 0.15319630
1.10433150 -1556966543 0.15772351
1.51539913 1.17237827 0.15450396
1.67195210 ~0.98489422 0.15912839
0.42176814 -1.52602006 0.15232202
1.06037388 1.88421174 0.14355622
0.80107740 1.50114356 0.16035524
2.52167695 -2.05535482 0.15604687
2.28748597 -2.58806117 0.15620875
2.58630438 1.56214454 0.15317153
2.72391006 -0.27193316 0.15370972
1:62712008 -0.39597375 0.14355623
2).34174815 0.09134393 0.16051150
1.06986925 0.59872741 0.16355869
1.92177200 -0.65082006 0.16077195
0.34213508 0.27645779 0.16434890
1.94986982 2.34291415 0.15314342
2.30898057 1.08877369 0.15232257
1.98986693 2.91045974 0.15264014
1.59231399 3.06757473 0.15823739
1.29864641 2.69395181 0.14576771
2.29317210 2.58349572 0.15251182
0.05793299 -2.59778561 0.14875351
1.99058472 -0.17696672 0.15658029
2.73125795 -2.83579628 0.15882635
2.15451150 -1.01207152 0.14576802
1.07129033 1.08091974 0.15708292
1.52711913 2.26168806 0.15912867
1 16236502 013916825 015708284
1.81256106 0.70838029 0.16434891
1.85530369 -2.50737902 0.15620805
0.74434685 0.30249140 0.14438364
1.49824071 0.40090739 0.15198070
1.56474110 -2.81849429 0.15604718
2.32808998 -0.50109067 0.15441122
1.87070391 1.92956677 0.15353048
2.88720571 -1.59178147 0.14493905
0.79687026 -1.22448828 0.15777882
0.49073383 -2.49121159 0.15636169
0.86597756 2.72407864 0.15441117
0.90380271 -2.41570722 0.15918617
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.69379152
.77950388
.38197320
.54311968
.21275328
-12072521
.51475687
.62938152
.82751400

.15722882
-87939660
.59711308
-11209930
-10763361
.31432004
.64396568
.64839067
.22838738

[eNeloNoNoNoNoNoNa]

-15658036
.15317146
.15542262
.16269195
-15353067
.16077173
.15721788
-15636234
.15450447
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F.x Spherical grid for DRC DSHT for order N=9
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Inclination 8 inrad, Azimuth ¢ in rad,
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1.57079633 0.00000000 0.12828036
2.16373203 3.14159265 0.12214120
2.55778055 1.07800687 0.12411909
0.36041732 1.91355038 0.12214053
1.86313281 0.70422900 0.12980341
0.68734931 0.62766121 0.12595879
2.53087449 -3.07674104 0.12686568
1.9585¢6165 -0.00599526 0.12591541
1.99735356 -1.78523667 0.12686523
2.54599177 -1.14448038 0.12980331
1.41727037 2.10029510 0.12827997
1.42975298 -2.03832959 0.12040441
0.49591158 -2.80876714 0.12828003
1.94504826 2.64716384 0.12980323
1.46050203 0.65963288 0.12411898
0.81994922 1.60055042 0.12980342
2.90039010 -2.83032233 0.12595875
1.17750420 -2.52395452 0.12980367
2.23201026 -1.41758015 0.12980324
1.83260522 3.00221101 0.12040296
0.27280823 0.57309173 0.12827984
1.82697936 -1.42107305 0.12411958
0.64885136 -0.63755903 0.12214100
2.92668990 -0.74715817 0.12411960
0.83608830 3.07605331 0.22595899
2.13647090 -0.37015260 0.12591690
1.17248048 -2.96343400 0.12411921
2.27278176 -0.78829766 0.12214053
2.33382027 0.02692246 0.12827987
1.44091653 -1.38509544 0.13113000
1.49774230 -2.75550338 0.12686541
1.64796000 2.38538463 0.12686567
0.86423080 -2./72191030 0.12040420
1.88340220 -0.70858136 0.12827970
1.84991189 -2.51360023 0.12591545
1.55433945 2.75646776 0.12411975
1.05621052 2.19619507 0.12040388
1.62064026 -1.72752451 0.12595883
1.1356564F -0.61914701 0.12980332
1.13683848 1.80774348 0.12214042
0.73983145 -2.25726397 0.12214044
0:29726235 -0.84075556 0.12591620
0.52655839 2.71448092 0.12686515
0.42942711 -1.90719617 0.12591540
0.91398906 1.08067861 0.12411953
2.68849385 2.50148936 0.12411959
2.36098369 -1.86914671 0.12214058
1.83657803 -2.89541550 0.12828043
1.27526530 1.01421481 0.12595902
2.35129951 2.23269302 0.12040288
1.30431251 0.32225872 0.12595868
0.90231487 2.60267985 0.12411967
2.30337398 2.71898541 0.12980326
1.39373392 -0.35543690 0.12214089
1.49751408 -3.13733860 0.12595843
2.01751030 -1.08299197 0.12040386
1.17568045 1.40534497 0.12686527
2.19236789 -2.70093341 0.12591627
2.56023704 -0.43012045 0.12686513
1510907056 238409767 012214025
1.28573634 2.50420996 0.12595853
0.84660824 -1.75673313 0.12686549
0.70805638 2.10420981 0.12980326
1.48574685 1.70727610 0.12591670
1.99776782 2.26037793 0.12214140
1.68420229 0.34882309 0.12686573
1.84850208 1.58929972 0.12591555
2.05336705 0.37361712 0.12214035
0.13006441 -2.96000913 0.12591661
1.76189826 1.97111953 0.12591598
2.71326544 -1.80095205 0.12040383
1.75573602 -0.35227870 0.12591593
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Add

F.xH

1.19314055 2.90104754 0.13112995
1.63811123 0.98412082 0.12040459
1.07280135 0.65657785 0.13113003
0.91115869 -0.28257823 0.12980346
1.29046828 -1.01963661 0.12411946
2.37826460 0.55252527 0.12040438
2.13871758 1.83860212 0.12828036
2.24254365 1.40568224 0.12686556
1.65398515 -1.06244312 0.12595861
0.64259427 -1.30247588 0.12828045
2.51222922 -2.44030027 0.12827971
1.79529243 -2.10829994 0.12828002
1.51732931 -0.70668218 0.12686586
0.92550987 -0.95463482 0.12040314
1.08652419 -2.13466658 0.12980337
1.20141169 -0.04579864 0.12040323
2.14184722 -2.24301998 0.12591668
2.54887172 1.74602244 0.12595856
1.05541584 -1.36282902 0.12595851
0.91981071 0.23029246 0.12411927
2.71843378 0.31100130 0.12595908
1.53660179 1.34230146 0.12827978
2.16591389 0.92821735 0.12980362
0.56817609 0.00264963 0.12686571
2.92170819 1.46142465 0.13112985
1.91166616 1.21479777 0.12214024
0.55577503 1.21928553 0.12040379
1.22767373 -1.71900109 0.12411923

the following tables after Annex F.23 ~ HOA Tables for.Dynamic Range Control:

116

uffman Table for Decoding HuffmanMagDiffNoSbyr
HuffmanMagDiffNoSbr|
HuffmanWord Codeword Length HuffmanWord]
0101010 7 -8 (escape for run-length code)
0101110111 10 -7
010111001 9 -6
01011000 8 -5
0101000 7 -4
0101101 s -3
01000 5 -2
00 2 -1
1 1 0
014 3 1
01001 5 2
0101111 7 3
0101011 7 4
01011001 o l6)
010111010 9 6
010111000 9 7
0101110110 10 8
0101001 7 9 (escape for run-length code)
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F.x Huffman Table for Decoding HuffmanMagDiffSbr

HuffmanWord Codeword Length HuffmanMagDiffSbr[HuffmanWord]
0100111100 10 -8 (escape for run-length code)
010011111111 12 -7

0100111101 10 -6

01001110 8 -5

0100001 7 -4

010001 6 -3

01010 5 -2

00 2 -1

1 1 0

011 3 1

01011 5 2

010010 6 3

0100110 7 4

0100000 7 5

0100111110 10 6

010011111101 12 7

010011111100 12 8

010011111110 12 9.(escape for run-length code)

F.x Huffman Table for Decoding DecTableAngléDiff

HuffmanWord Codeword\length DecodedAngleDiff[HuffmanWord]
0111111 7 -7
0110111 7 -6
000111 6 -5
011000 6 -4
011110 6 -3
0000 4 -2
010 3 -1
1 1 0
001 3 1
01110 5 2
00010 5 3
011001 6 4
000110 6 5
OTToTT0 7 6
0111110 7 7
011010 6 8
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F.x Huffman Table for Decoding ParHuffmanMagDiffNoSbr

Codeword
HuffmanWord Length ParHuffmanMagDiffNoSbr[HuffmanWord ]
001110000 9 -8 (escape for run-length code)
00111001 8 7
001001 6 6
00101 5 5
10100 5 4
0100 4 3
1011 4 2
100 3 1
11 2 0
011 3 1
000 3 2
0101 4 3
10101 5 4
00110 5 5
001111 6 6
001000 6 7
0011101 7 8
001110001 9 9 (escape forrun-length code)

F.x Huffman Table for Decoding ParHuffmanMagDiffSbr

HuffmanWord Codeword Length * ParHuffmanMagDiffSbr[HuffmanWord]
1000011000 10 -8 (escape for run-length code)
11111101 8 -7

100001101 9 6

11111111 8 5

100000 6 4

11110 5 -3

1001 4 2

110 3 -1

0 1 0

101 3 1

1110 4 2

10001 5 3

111110 6 4

1000010 7 5

10000111 8 6

11111100 8 7

11111110 8 8

1000011001 10 9 (escape for run-length code)
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F.x Huffman Table for Decoding ParDecTableAngleDiff

HuffmanWord Codeword Length ParDecodedAngleDiff[HuffmanWord]
100111 6 -7
111001 6 6
10000 5 .5
10010 5 -4
0011 4 3
000 3 2
110 3 -1
01 2 0
101 3 1
1111 4 2
0010 4 3
10001 5 4
111011 6 5
111010 6 6
100110 6 7
111000 6 8

© ISO/IEC 2017 — All rights reserved
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F.x Table for ParDecorrSigsSelectionTableldx referring to NumOfDecorrSigsPerParSubbandTable and
ParSelectedDecorrSigsldxMatrixTable

ParDecorrSigs NumOfDecorrSigs ParSelectedDecorr
SelectionTableldx PerParSubbandTable SigsldxMatrixTable
0 1 { {0},

{1},

{2},

(21

{4},
{5},
{6},
{7},
{8}

1 2 { {0, 2,
{1, 4},
{2, 4},
{3, S}
{1, 4}
{3, 5}
{1, 6},
3 7}
{1, 8

2 4 { {0,
{1,
{Q,
{0,
{1,
{2,
{1,
{1,
{0,

= WWWN WN AN
NNPAPArPhroaobr~NwW
00 00 O) O1 U1 N U1 00 GO
B it i e e e el

3 9 { {0
{0,
{0,
{0,
{0,
{0,
{0,
{0,
{0,

8},
8},
8},

(o]
-

8},
8},
8},
8},

R G G UL U UL I WL [ N

MNONNNNNNNN
W W W W wwwww
NI NI NI NI N N NI NS
oo ooa
(2NN oNo NN NN Ne))
NNNNNSNSNNSN

(o]
-

F.x Tlable-for ParDecorrSigsSelectionTableldx referring to ParPermldxVectorTable

P

SelectionTableldx ParPermldxVectorTable
0 {0, 1, 2, 3, 4, 5, 6,
1 {0, 1, 3, 7, 2, 5 6
2 {0, 1, 3, 7, 5, 4, 6,
3 {0, 1, 2, 3, 4, 5 6

8}
4}
8}
8}

NN ® N
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F.x Table for ParDecorrSigsSelectionTableldx referring to
NumOfDecorrSigsPerFirstOrderParSubbandTable and
ParFirstOrderSelectedDecorrSigsidxMatrixTable

ParDecorrSigs NumOfDecorrSigs ParFirstOrderSelectedDecorr
SelectionTableldx PerFirstOrderParSubbandTable SigsldxMatrixTable
0 1 { {0},
{1},
{2
{3},
{4},
}
1 2 { {0, 2},
{1, 3},
{2, 3},
{2, 3}
}
2 3 { {0, 1, 23},
{0, 1, 3},
{0, 2, 3}
{1, 23}
}
3 4 { {0, 1, 2, 3, 4},
{0 1, 2, 3, 4},
{0, 1, 2, 3, 4},
{0, 1, 2, 3, 4}
}

F.x Table for ParDecorrSigsSelectionTableldxreferring to ParFirstOrderPermidxVectorTable

ParDecorrSigs

SelectionTableldx ParFirstOrderPermldxVectorTable
0 {0, 1, 2, 3}

1 {0, 1, 3, 2}

2 {0, 1, 2, 3}

3 {0, 1, 2, 3}

Add before F.12 Table of 256x8 weighting values, WeightValCdbk:

F.LP Table ofloudspeaker directions

Index- g5 in $q In
q deg deg

Q -

1 90 30
7 90 =30
3 90 0
4 90 110
5 90 -110
6 90 22
7 90 -22
8 90 135
9 90 -135
10 90 180

© ISO/IEC 2017 — All rights reserved
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Index | 64 in ¢q In
q deg deg

11 90 90
12 90 -90
13 90 60
14 90 -60
15 55 30
16 55 -30
17 55 0
18 55 135
19 55 -135
20 55 180
21 55 90
22 55 -90
23 0 0
24 105 45
25 105 -45
26 105 0
27 55 110
28 55 -110
29 55 45
30 55 -45
31 90 45
32 90 -45
33 90 150
34 90 -150

F.2D Table of 64 horizontal-only directions

=3
Q
@
x

64 inrad

¢q inrad

O~NO O WN-OKN

©

-
o

Index

4 inrad

¢q inrad

1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327

0.073140204
0.171314974
0.269489745
0:367664515
0.465839286
0.564014056
0.662188827
0.760363597
0.858538367
0.956713138

20
21
22
23
24
25
26
27
28
29
30

1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327

1.938460842
2.036635612
2.134810383
2.232985153
2.331159924
2.429334694
2.527509465
2.625684235
2.723859005
2.822033776
2.920208546

andnaannaz

[N QI (I (I L QS Y
OO ~NO OGP WN -

122

7570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327

654887968
1.153062679
1.251237449
1.349412219
1.44758699

1.54576176

1.643936531
1.742111301
1.840286072

31
32
33
34
35
36
37
38
39

570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
1.570796327
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3.116558087
3.214732858
3.312907628
3.411082398
3.509257169
3.607431939
3.70560671

3.80378148
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Index

q 64 inrad ¢q inrad

40 1.570796327 | 3.901956251
41 1.570796327 | 4.000131021
42 1.570796327 | 4.098305791
43 1.570796327 | 4.196480562
44 1.570796327 | 4.294655332
45 1.570796327 | 4.392830103
46 1.570796327 | 4.491004873
47 1.570796327 | 4.589179644
48 1.570796327 | 4.687354414
49 1.570796327 | 4.785529184
50 1.570796327 | 4.883703955
51 1.570796327 | 4.981878725
52 1.570796327 | 5.080053496
53 1.570796327 | 5.178228266
54 1.570796327 | 5.276403036
55 1.570796327 | 5.374577807
56 1.570796327 | 5.472752577
57 1.570796327 | 5.570927348
58 1.570796327 | 5.669102118
59 1.570796327 | 5.767276889
60 1.570796327 | 5.865451659
61 1.570796327 | 5.963626429
62 1.570796327 | 6.0618012
63 1.570796327 | 6.15997597
64 1.570796327 | 6.258150741
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5 Optimizations and Improvements for Low Bitrate Coding
The following bit stream syntax is based on ISO/IEC 23008-3:2015, clause 5.

In Table 11 — Syntax of mpegh3daCoreConfig() replace

tw_mdct; 1 bslbf

noiseFilling: 1 bslibf
with:

tw_mdct; 1 bslbf

fullbandLpd; 1 bsibf

noiseFilling; 1 bslbf

In Table 25 — Syntax of fd_channel_stream() replace:

Syntax No. of bits Mnemonic

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

{

with:
Table 1 — Syntax of fd_channel_stream()
Syntax No. of bits Mnemonic
fd_channel_stream(common_window, common/tw, tns_data_present, noiseFilling, fullbandLpd,
indepFlag)
{

and in the same table replace:

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

}
with:
if (fac_data_present) { 1 uimsbf
if (fullbandLpd) {
fac_length = (window_sequence==EIGHT_SHORT_SEQUENCE) ? ccfl/32 : ccfl/16;
1laleca [
JArAT
fac_length = (window_sequence==EIGHT_SHORT_SEQUENCE) ? ccfl/16 : ccfl/8;
fac_data(1, fac_length);
}

Also replace in “Table 32 — Syntax of mpegh3daCoreCoderData()*:
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Ipd_channel_stream(indepFlag);
}
else {
if ( (nrChannels == 1) || (core_mode[0] '= core_mode[1]) ) {
tns_data_present[ch]; 1 uimsbf
}
fd_channel_stream(common_window, common_tw,
tns_data_present[ch], noiseFilling, indepFlag);
with
Ipd_channel_stream(noiseFilling, fullbandLpd, indepFlag);
}
else {
if ((nrChannels == 1) || (core_mode[0] != core_mode[1])) {
tns_data_present[ch]; 1 uimsbf

}

fd_channel_stream(common_window, common_tw,
tns_data_present[ch], noiseFilling, fullbandLpd, indepFlag);

Add [fable AMD2.1 — Syntax of tbe_data() at the end of 5.2.3.2

Table AMD2.1 — Syntax of tbe"data()

Syntax No. of bits Mnemonic
be_data()
A
L
tbe_heMode; 1 uimsbf
idxFrameGain; 5 uimsbf
idxSubGains; 5 uimsbf
Isf_idx[0]; 7 uimsbf
Isf_idx[1]; 7 uimsbf
if (tbe_heMode == 0) {
tbe_hrConfig; 1 uimsbf
tbe_niConfig; 1 uimsbf
idxMixConfig; 2 uimsbf
if (tbe_hrConfig == 1) {
idxShbFrGain; 6 uimsbf
idxResSubGains; 5 uimsbf
}else
idxShbExcResp[0]; 7 uimsbf
idxShbExcResp[1]; 4 uimsbf
}
}else {
oe_nivonig = 1,
}
}
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In ISO/IEC 23008-3:2015 Table 37 — References to USAC syntactic elements replace:

The following bit stream syntax is based on ISO/IEC 23003-3:2012, clause 5. These syntax elements
have to be added to ISO/IEC 23008-3. The added syntax elements have to be removed from Table 37
in ISO/IEC 23008-3 if existing.

Syntax of Defined in

ics_infa() ISQ/IEC 23003-3:2012 5 3_Tahle 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
Ipd_channel_stream() | ISO/IEC 23003-3:2012, 5.3, Table 31
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

with:

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 80
fac_data() ISO/IEC 23003-3:2012, 5.3, Table 39
UsacSbrData() ISO/IEC 23003-3:2012, 5.3, Table 40
Mps212Data() ISO/IEC 23003-3:2012,45.3, Table 52

Table AMD2.2 — Syntax of Ipd_channel_stream()

Add Table AMD2.2 — Syntax of Ipd_channel_stream() (based on Table 31 in ISO/IEC 23003-3:2
to subclause 5.2.3.2:

012)

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
max_sfb; 4 uimsbf
} else {
window_shape = max_sfb = 0;
}
} else {
ins data present = 0;
}
acelp_core_mode; 3 uimsbf
if (fullbandLpd) { NOTE 1
Ipd_mode; 3 uimsbf
bpf_control_info = 1;
} else {
Ipd_mode; 5 uimsbf
bpf_control_info; 1 uimsbf
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}
core_mode_last; 1 uimsbf
fac_data_present; 1 uimsbf

first_Ipd_flag = !core_mode_last;

first_tcx_flag = TRUE;

k=0;

if (first_Ipd_flag) { last_lpd_mode = -1; } NOTE 2

nbDiv = (fullbandLpd == 1) ? 2 : 4;
while (k < nbDiv) {
if (k ==0){
if ( (core_mode_last == 1) && (fac_data_present == 1) ) {
fac_data(0, ccfl/8);
}
}else {
if ( (last_lpd_mode == 0 && mod[k] > 0) ||
(last_Ipd_mode > 0 && mod[k] == 0) ) {
fac_data(0, ccfl/8);
}
}
if (mod[k] == 0) {
acelp_coding(acelp_core_mode, fullbandLpd);
last_lpd_mode = 0;
k+=1;
}else {
window_sequence = EIGHT_SHORT_SEQUENCE; NOTE 3
tex_coding(lg(mod[k]), first_tcx_flag, ths_data_present, noiseFilling,
enhancedNoiseFilling, indepklag);
last_Ipd_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);
}

NOTE 1: Ipd_mode defines the contents of the array mod[] as described in ISO/IEC 23003-3,
Table 89 or, if fullbandLpd is equal to 1, in ISO/IEC 23008-3, Table AMD2.5

NOTE 2: first_Ipd_flag is defined in ISO/IEC 23003-3, subclause 6.2.10.2.

NOTE 3: The number of spectral coefficients, Ig, depends on mod[k] according to ISO/IEC 23003-3,

Table 148 or, if fullbandLpd is equal to 1, in ISO/IEC 23008-3, Table AMD2.7
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Add Table AMD2.3 - Syntax of acelp_coding() (based on Table 36 in ISO/IEC 23003-

3:2012:FDAML1) to subclause 5.2.3.2:

Table AMD2.3 — Syntax of acelp_coding()

Syntax No. of bits Mnemonic
acelp_coding(acelp_core_mode, fullbandLpd)
{
TTearn_enerygy; 2 uimsbhf— ]
nb_subfr = coreCoderFramelLength / 256; NOTE
for (sfr = O; sfr < nb_subfr; sfr++) {
if ((sfr == 0) || ((nb_subfr == 4) && (sfr == 2))) {
acb_index|sfr]; 9 uimsbf
}else {
acb_index|sfr]; 6 uimsbf
}
Itp_filtering_flag[sfr]; 1 bmsbf
switch (acelp_core_mode) {
case 0
icb_index[sfr]; 20 uimsbf
break;
case 1
icb_index[sfr]; 28 uimsbf
break;
case 2
icb_index[sfr]; 36 uimsbf
break;
case 3
icb_index[sfr]; 44 uimsbf
break;
case 4
icb_index[sfri; 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();
}
}
NOTE: coreCoderFramelLength designates the core frame length in samples and is equal to either
1024 or 768.
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In subclause 5.5.4.4.1.2 replace

Table 59 — Value of bl

with

window_sequence bl
EIGHT_SHORT_SEQUENCE | ccfl/ 8
All other sequences ccfl

Table 59 — Value of bl

window_sequence bl
EIGHT_SHORT_SEQUENCE | ccfl/ 8
medium TCX ccfl / 2
All other sequences ccfl

In subclause 5.5.4.4.3.2 replace

The rfesult, quantized energy information of scalefactor bands in the IGE¥€gion, is stored in igf_curr[ ][ ][ ]. For
requantization use the formula:

igf_curr[ch]l[gl[sfb]l = 2~(igf_curfch][gl[sfb]*0.25)

for eqach channel ch, windowgroup g and scalefactor band sfb’in scope.

with

The rfesult, quantized energy information of scalefactorbands in the IGF region, is stored in igf_curr[ ][ ][ ]. For
requantization use the formula:

igf_curr[ch][g]l[sfb] = 22¢(igf_curr[ch][gl[sfb]-igf_emphasis)*0.25)

for eqch channel ch, window group g and-scalefactor band sfb in scope and where igf_emphasis is defined as:

igf_emphasis
igf_emphasis

In subclause 5.5.4.4.7 replace

igf_gpply_whitening(pMDCT[],pMDCT_flat[])

{

stpp = swb_offset[m_igfStartSfb];

for (i

}

igfMin - 3; 1 < stop; i++) {

pbower«spec[i] = pMDCT[i] * pMDCT[i];

0; 1i1f IGF is running in FD mode
40; if IGF is running in TCX mode

fo%.;._g-ﬂ\ll-n; < cfnp ’2; I-L-L) {

env[i

1

= le-3;

for 0 = -3; j <= 3; j+H) {
env[i] += power_spec[i+j];

}
for (i
env[i

}

130

1

stop-3; 1 < stop; i++) {
= env[stop-4];
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for (i = igfMin; 1 < stop; i++) {
n = INT(log(env[i])/1og(2));
pMDCT_Fflat[i] = pMDCT[i] * pow(2, 21 — 0.5 * n);
}
}

with:

The TGF whitening Is performed by dividing the spectrum in pMDCTT[] by the scaled square root of its
estimated spectral envelope in env[]:

21

Jenv[k]

where the spectral envelope is estimated by filtering the squared spectrum using a moying average filter
length 7 where each filter coefficient equals 1.

PMDCTyyq¢[k] = pMDCT[k] - Jk =igfMin,igfMin+ 1, ...,igfBgn — 1

igf_apply_whitening(pMDCT[], pMDCT_flat[])
{

stop = swb_offset[m_igfStartSfb];
for (i = igfMin; 1 < stop - 3; i++) {
env = le-3;
for g =1 -3; J<=1i+3; j++) {
env += pMDCTLj] * pMDCTLi];
}

n = MAXCO; INT(log(env)/10g(2)));

fac = pow(2, 21 — 0.5 * n);

pMDCT_Fflat[i] = pMDCT[i] * fac;
}

for (; 1 < stop; i++) {
pMDCT_flat[i] = pMDCT[i] * fac;
}
}

Add subclause 5.5.5.4.x IGE core rescaling after subclause 5.5.5.4.11 IGF-ENF Processing:
5.5.5.4.x IGF core resecaling

If IGF is used in . J€X mode, i.e. fullbandLpd is equal to 1 and the current frame is LPD/TCX codeq
decoded IGF levels are used for rescaling the MDCT coefficients in the IGF range. This process mimid
quantization noise adjustment described in ISO/IEC 14496-3:2009 subclause 4.6.2 for the TCX core codg

After décoding the IGF levels as described in subclause 5.5.5.4.4, for each IGF scalefactor ban
corresponding IGF level stored in igf_curr[ ] is multiplied on the MDCT coefficients of the TCX spectrum
current frame:

, the
s the
r.

1 the
Df the

for (tile = 0; tile < nT; tilet+) {

for (stb = m_igfStartSfh; sfb < m_igfStopStb; sfb++)
width = (swb_offset[MIN(sfb + 1, m_igfStopSTtb)] - swb_offset[sfb]);
for (bin = 0; bin < width; bin++) {
tb = swb_offset[sfb]+bin;
pMDCT[tbh] *= igf_curr[sfb];
}
}

As TCX does not support grouping of windows, i.e. num_windows = 1, the window index w is always 0.
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Add subclauses 5.5.x Fullband LPD and 5.5.x Time-domain Bandwidth Extension after 5.5.6
Audio Pre-Roll :

5.5.x Fullband LPD
5.5.x.1 Tool Description

In the fullband LPD mode, the ACELP core mode (see subclause 7.14 in ISO/IEC 23003-3:2012) is operated

at haJf the sampling frequency as the MDCT based TCX core mode (see subclause 7.15 in ISO/IEC 23003-
3:2012), i.e.

fsrex = 2 fsacep

To agljust the output signals at different sampling frequencies, the ACELP output is upsampled applying a
time-pgomain resampler. The lacking effective bandwidth ranging from f; aceLp/2 to fs1cx/2 in,casé of ACELP
procgssing in comparison to TCX in combination with Enhanced Noise Filling (see subtlause 5.5.x.8.5
Enhanced Noisefilling in TCX) is covered by the Time-Domain Bandwidth Extension (see subclause 5.5.x

Timetdomain Bandwidth Extension). This section describes the decoding of fullband LPD and related changes
in degoding of existing tools.

5.5.x}2 Data Elements
fullbandLpd this flag signals the usage of the fullband LPD tool.
window_shape window shape of the current subframie.

5.5.x|3 Helper Elements

fsTox sampling rate of the fullbafd) TCX.

fs.acelp sampling rate of the ACELP.

Ig number of spectfal coefficients of the current TCX subframe.

r[] TCX noise @eneration flag array, contains only the values 1 and 0.

rrl ] reconstructed spectrum.

X1 output of the IMDCT.

nfBgmn subband index; this index indicates the start of the TCX noise generation.
nfEng subband index; this index indicates the stop of the TCX noise generation.
g re-scaling gain factor.

ZtcxAs time-domain output of TCX sampled at fs tcx.

Zrex b time-domain-o. |+p| 1t of TCX cnmplnd at fb,;-\u:l_r-

ZACELP time-domain output of ACELP sampled at fs aceLp.

ZouT mixed time-domain output sampled at fs tcx.

z fb[ ] decoded windowed time domain signal of the fullband TCX @ fs tcx.
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z Ib[] decoded windowed time domain signal of the fullband TCX @ fs aceLp-

5.5.x.4 Framing

In case of fullband LPD coding, i.e. fullbandLpd is equal to 1, long TCX frames correspond to
coreCoderFramelLength samples @ fstcx and medium TCX frames correspond to coreCoderFramelLength/2
samples @ f;tcx. For ACELP, the standard frame size of coreCoderFramelLength/4 samples @ fsacer as
described in subclause 7.14 in ISO/IEC 23003-3:2012 is used, while coreCoderFramelLength=1024 is fixed.

AMD2.1-

Figure AMD2.1 — possible frame combinations in fullband LPD within one superframe

ACELP ACELP
256 @ fsaceLp 256 @ fsaceLp
ACELP medium TCX
256 @ fs aceLp 512 @ fs Tox
medium TCX ACELP
512 @ fs rcx 256 @ Fs ACELP
medium TCX medium TCX
512 @ fs rcx 512 @ fs Tcx
long TCX
1024 @ fS, TCX

I coreCoderFramelLength

5.5.x.4.1 Mode coding
In case of fullband LPD,_ i-e. fullbandLpd is equal to 1, the Ipd mode coding is the same as described in
subclause 6.2.10 in ISO/IEC 23003-3:2012, while one “superframe” consists of only two frames instead df four.
Due to this, Table 89-n TSO/IEC 23003-3:2012 changes to Table AMD2.5.

Table AMD2.5 — Mapping of coding modes for Ipd_channel_stream() in case of fullband LPD

meaning of bits in bit-field Ipd_mode ﬁ:)nda[llnt;:?ries
Ipd_mode bit 2 bit 1 bit 0
0.3 0 mod[1] mMod[0]
4 1 0 0 mod[1]=2
mod[0]=2

In case of fullband LPD, as there are only two frames, coding mode 3 is not applicable, thus changing Table
92 in ISO/IEC 23003-3:2012 to Table AMD2.6.
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Table AMD2.6 — Coding modes indicated by mod[ ] in case of fullband LPD

In ca
148 i

Tak

5.5.x

The time-domain (TD) resampler is used to upsample the/time-domain output of ACELP (see subclause 7.14
D/IEC 23003-3:2012) and the Forward Aliasing Cafcellation tool (see subclause 7.16 in ISO/IEC 23003-
2) by the factor of 2, in order to bring the output.to. the same sampling rate as the fullband MDCT based

in IS
3:201
TCX

Every
the in

filter
signg

The 1

bitstream
value of . .
coding mode in frame
mod[x]
element
0 ACELP acelp_coding()
1 meadftmnT T CX(CC72) tcX_codng()
2 long TCX (ccfl) tex_coding()

e of fullband LPD, as there are only two frames, coding mode 3 is not applicable, thus, changing Table
n ISO/IEC 23003-3:2012 to Table AMD2.7.

le AMD2.7 — number of spectral coefficients as a function of mod[] and coreCoderFramelLength
(ccfl)
value of number Ig_ o_f spectral ZL L M R ZR
mod[x] coefficients
1 ccfl/2 0 ccfl/2 0 ccfl/2 0
2 ccfl ccfl/4 | ccilf2 | ccfl/2 | ccfl/2 | ccfl/4

5 TD resampler

putput.

put signal (fs,n

N-1
Sout (i) = Y By (= K)
k=0

esampler introduces a delay of 30 samples at f; o, to the upsampled signal s,,,;.

Table AMD2.8 — interpolation filter coefficients bk

2 samples of the time-domain input signal are separated by a zero-valued sample to form a sequence
with & sampling frequency (fsout) Which is increased by the factor of 2 compared to the sampling frequency of
= fsout/2). Subsequently, the upsampled sequence s; is filtered using an FIR interpolation
df length N given by the symmetric filter coefficients by in Table AMD2.8 to form the time-domain output
| sout for each sample of index.iby:

134

k by

30 1
29,731 063487604
28, 32 0
27, 33 -0.20701353
26, 34 0
25, 35 0.11879487
24, 36 0
23, 37 -0.07926575
22, 38 0
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5.5.x.6 LPC filter

21,39 0.05615642
20, 40 0
19, 41 -0.04070711
18,42 0
17,43 0.02957617
16, 44 0
15, 45 -0.02122066
14, 46 0
13,47 001483115
12, 48 0
11,49 -0.00993903
10, 50 0
9, 51 0.00624819
8, 52 0
7,53 -0.00355476
6, 54 0
5, 55 0.00170582
4, 56 0
3, 57 -0.00057701
2,58 0
1,59 0.00006013
0, 60 0

Yet, as there are only 2 ACELP frames per superframecn case of fullbandLPD, the maximum number of
filters to be present within 1 superframe changes frem 5 to 3. The LPC-filters LPC2 and LPC3 are not

while the remaining LPC-filters correspond to LPCO, LPC1 and LPC4. Thus, in case of fullbandLPO
conditions of presence of LPC-filters are definéd according to Table AMD2.9, and possible quantiz

modes are defined according to Table AMD2.10X

LPC-
ised,
, the
ation

Table AMD2.9 — Conditions for the{presence of a given LPC filter in the bitstream in fullbandLFD

LPC filter Present if
LPCO first_lpd_flag=1
LPC1 mod[0]<2
LPC4 always

Table AMD2.10X — Allowed absolute and relative quantization modes,

corresponding bitstream signaling of mode_lpc
and coding modes for codebook numbers nk

Pos<in . , o Binary Nk
Bitstr. Present if Filter | Quantization mode mode_Ipc Code mode
1. always LPC4 | Absolute 0 (none) 0
2. | first_Ipd_flag=1 |LPco |-Aosolte ____ 9 0 0
Absolute 0 10 0
Relative to
3. mod[0]<2 LPC1 | (LPCO+LPC4)/2 1 11 1
(NOTE 1)
Relative to LPC4 2 0 2
NOTE 1: in this mode, there is no second-stage AVQ quantizer

5.5.x.7 ACELP decoding
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In case of fullband LPD, i.e. fullbandLpd is equal to 1, ACELP is decoded and processed as described in
subclause 7.14 in ISO/IEC 23003-3:2012. Subsequent to the ACELP synthesis and prior to writing it to the
output buffer, the ACELP output is upsampled by the factor of 2 using the time-domain resampler described in
subclause 5.5.x.5. TD resampler. The TD resampler is initialized by filtering previous samples to enable
delayless upsamling.

5.5.x.8 TXC decoding

5.5.x:84-TFCXfrequency-band-offset-tables

For the noise filling, Intelligent Gap Filling, and Temporal Noise Shaping algorithms applied in the MDET
basefl TCX, a vector swb_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 codedJusing
windgw_sequence == EIGHT_SHORT_SEQUENCE, these TCX band offsets are based on the sampling-rate
depepdent swb_offset _short window[] values defined in Tables 4.130—4.141 in ISO/IEC  14496-3:2009,
subclause 4.5.4 and may be abbreviated swb_offset in functions or algorithm descriptions gvailable to both
long-window and 8-short-window FD coding and/or to both FD and LPD (i. e. MDCT based-TCX) coding.

The gwb_offset_tcx[] vector for a given TCX window is determined using value Ig from ‘TFable AMD2.7:
swb_poffset_tcx[i] = swb_offset_short_window][i] - f(Ig),

where f(Ig) = Ig / 128, with Ig being based on vector mod[ ] defined according”to Table AMD2.2 — Syntax of
Ipd_dghannel_stream() in subclause 5.2.3.2.

5.5.x|8.2 TCX noise generation

The poise filling in MDCT based TCX is applied as described)in ISO/IEC 23003-3:2012 subclause 7.15.3.
Howgver, the noise filling start index, Ig/6 and stop index, Ig-are modified as follows if fullbandLpd ==1.

A rur] 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 = (1g/6) & 2040;
nfEnd = enhancedNoiseFilling ? igfBgn : Ig;
nfEnd = min(nfEnd, min(lg, swb_offset_tcx[max_sfb]));
} elge {
nfBgn = (1g/6);
nfEnd = Ig;
¥
for (i = 0; i1 < nfBgn;\i++) {
rifi] = 1;
¥

for (i = nfBgnz i < nfEnd; i += 8) {
int k, maxK\'= min(nfEnd, i+8);
tmp = O,
for (K5 i; k < maxK; k++) {

mp/ = x_tcx_invquant[k] * x_tcx_invquant[k];
}

if (tmp = 0) {
for (k = i1; k < maxK; k++) {

rifk] = 1;
}
} else {
for (k = 1; k < maxK; k++) {
ri[k] = O;
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5.5.x.8.3 Adaptive Low-Frequency De-emphasis

The purpose of the adaptive low-frequency emphasis and de-emphasis (ALFE) processes is to improve the
subjective performance of the frequency-domain TCX codec at low frequencies. To this end, the TCX low-
frequency MDCT spectral lines are amplified prior to quantization in the encoder, thereby increasing their
quantization SNR, and this boosting is undone prior to the inverse MDCT operation in the decoder.

The ALFE operates on the spectral lines in vector x[] directly after the above-noted inverse quantization, hoise
filing and if enabled, frequency-domain prediction (i. e. x[] represents either the x_tcxyinVquanf[] or
outputSpecCurr(]). If both fullbandLpd and enhancedNoiseFilling are zero the conventionaFALFE algofithm,
described as a four-step “de-shaping” procedure in ISO/IEC 23003-3:2012 subcl. 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 23003-3:2042) subcl. 7.15, by

IpcGains[k] = sqrt(g1[k] * g2[k]), i. e. the geometric mean of g1 and g2 at each index k.

The ALFE decoding is done as follows. First, the minimum and maximum:ef the first nine gains — the low
frequency gains — are found using comparison operations executed within a loop over the gain indices 0 {o 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))*?° and the line at index alfebength is not attenuated:

alfeLength = 1g 7/ 8;
tmp = 32 * min;
if ((max < tmp) && (tmp > 0)) {
fac = tmp = pow(max / tmp, 1/(4 * alfeLength));
/* gradual lowering of lowest alfeLength lines: */
for (i = alfelLength-1; i >= 0; i--).
x[i] *= fac;
fac *= tmp;
}
}

5.5.x.8.4 Adaptive Low-Frequency De-emphasis

In MDCT based TCX coding, the reconstructed spectrum rr[] is fed into an inverse MDCT. The non-windpwed
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 subclause 7.15.3. If fullbandLpd is equal to 1, the rescaling of
the spectrumyis—performed in the MDCT domain. The stop index of the core coder rescaling depends on
enhancedNoiseFilling:

rsEndr=“enhancedNoiseFilling ? min(lg, igfBgn) : 1g;
rr[d= rr[i]g; i =0 .. rsEnd - 1

— 5.5.X.8.5 Enhanced Noise Filling tm TCX

In MDCT based TCX coding, Enhanced Noise Filling is carried out by the Intelligent Gap Filling (IGF) tool as
described 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 and
rescaling, but before the de-shaping is applied to the spectrum.

5.5.x.8.6 De-shaping
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The spectrum de-shaping is applied to the reconstructed spectrum according to ISO/IEC 23003-3:2012
subclause 7.15.3. If fullbandLpd is equal to 1, the inverse FDNS operation consists in filtering the
reconstructed spectrum r{i] using the recursive filter:

rr[i] = a[i]-r[i]+b[i]-rr[i-1], i = 0 ... l1g/2-1,
where a[i] and bJi] are derived from the left and right gains g1[k], g2[k] using the formulas:

alli 2-91Tk]-g2[ K]/ Col[k]+a2[K])

71 =
bLi]1 = (92[k1-91[k1)/(91[K1+92[KI)
In the¢ above, the variable k is equal to i/(Ig/M) to take into consideration the fact that the LPC spectrums)are
decimated, where M=coreCoderFramelLenght/16.

The gpectral coefficients between Ig/2 and Ig are filtered by holding the last calculated filter coefficiénts:
rr[i] = a[i]-r[i]+b[i]-rr[i-1], i = 1g/2 ... 1g-1,
whereg a[i] and bJi] are derived from the left and right gains g1[M-1], g2[M-1] using the fermulas:

a[i] = 2-g1[M-1]-92[M-1]1/(g1[M-1]+g2[M-1]),
b[i]1 = (92[M-1]1-91[M-11)/(91[M-1]+g2[M-1)

5.5.x{8.7 Temporal Noise Shaping in TCX

In MDCT based TCX coding, Temporal Noise Shaping (TNS) is applied as in short-block FD channels (i.e.
chanpels and frames with window_sequence==EIGHT _SHORT-SEQUENCE) and follows the bitstream
syntgx and description specified in ISO/IEC 23003-3:2012, subck 5:3.2 and 7.8. If tns_data_present # O for a
giver| Ipd_channel_stream(), a single-window instance of tns, data() is read for each TCX spectrum.

The TNS decoding (i.e. synthesis filtering) process for @ach TCX spectrum is performed after the arithmetic
decofling, noise filling, frequency-domain prediction\and enhanced noise filling steps, as referenced in
ISO/IEC 23003-3:2012, subclause 7.8 and, in casé.of Intelligent Gap Filling with TTS, subclause 5.5.5.4.5.
The ¢nly difference is that the swb_offset_short-Window][] values employed for frequency band restriction of
the TNS filtering process are multiplied with “a*factor fimod[k]), as described in subclause 5.5.x.8.1 TCX
freqyency band offset tables.

5.5.x/8.8 Inverse MDCT in TCX

The fleconstructed spectrum rrl.is-fed into an inverse Modified Discrete Cosine Transform (IMDCT) to obtain
the non-windowed time domain) output signal x[] as described in ISO/IEC 23003-3:2012. If fullbandLpd is
equal to 1, it is necessary to perform two independent IMDCTs, one for the fullband TCX output z_fb[] and one
for the down-sampled lowband TCX output z_Ib[] which will be later used for initializing the ACELP core. The
down-sampling by the-¢oenstant factor of 2 is achieved by applying an IMDCT of half the length of the regular
IMDQT, i.e. by applying an IMDCT of length Ig/2.

5.5.x}8.9 TCX'windowing

In cape of fullband LPD, i.e. fullbandLpd is equal to 1, the windows applied to the TCX frames prior to the
transform’and after inverse transform are depicted in Table AMD2.10.

Table AMD2.10 — window shapes for TCX frames in fullband LPD

Frame Window Shape (schematic)

medium TCX
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coreCoderFramelLength/2 @ fs rcx

i i
long TCX | |
coreCoderFramelLength @ fs rcx
However, when switching from or to FD mode, the TCX windows are adapted in fullband LPD modg, i.e.
fullbandLpd is equal to 1, while the windows for the FD core remain the.same. The TCX transitions wihdow
shapes are schematically depicted in Table AMD2.11 and Table AMD2:12:
Table AMD2.11 — transition window shapes of length N=1024’samples for medium TCX frames|in
fullband LPD
Transition Window-Shape (schematic)
medium TCX >
LONG_STOP_SEQUENCE / [ [ I
STOP_START_SEQUENCE » | | b
medium TCX >
[ | I
EIGHT_SHORT_ SEQUENCE I | | I
| | |
LONG.START_SEQUENCE /
STOP) START_SEQUENCE > . \ v
I | I
medium TCX o : : : '
EIGHT_SHORT_SEQUENCE >
——
medium TCX Lo | N
| | |
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Table AMD2.12 — transition window shapes of length N=1536 samples for long TCX frames in fullband

LPD
Transition Window Shape (schematic)
long TCX >
LONG STOP_SEQUENCE / 1 |/I/I i [ N| ||

The

In ad
wind
wind
(KBD

5.5.x

In ca
7.16
signg
using

STOP_START_SEQUENCE

3
z

long TCX >

EIGHT_SHORT_SEQUENCE

LONG_START_SEQUENCE /
STOP_START_SEQUENCE >

long TCX

EIGHT_SHORT_SEQUENCE -

long TCX

alculation formulae of the window shapes aré described in subclause 7.9.3.2 of ISO/IEC 23003-3:2012.
cordance to the previous frame, the left ‘slope of the window shape and according to the presence of
w_shape, the right slope of the window shape can either be a sine or a KBD window. For
w_shape == 1, the window coefficients used for the IMDCT are given by the Kaiser — Bessel derived
) window, otherwise the sine window'is employed (see subclause 7.9.3.2 of ISO/IEC 23003-3:2012).

9 Forward Aliasing Cancellation (FAC) tool

5e of fullband LPD, i.e.:fullbandLpd is equal to 1, the FAC tool is decoded as described in subclause
n ISO/IEC 23003-3:2012. Subsequent to the decoding and prior to writing it to the output buffer, the FAC
| is upsampled by.the factor of 2, the same way as described in subclause 5.5.x.7 ACELP decoding,
the time-domain-resampler described in subclause 5.5.x.5 TD resampler.

The gifferent eore coder sampling frequencies fsacep & fs7ox in case of fullband LPD need to be considered

when
buffe

determining the length of the FAC transform (fac_length) for decoding (fsacep) and writing to the output
[ (fs fox)

fac_|

eNyttT=—CoreCoderFrametength 732 @ ¥; acer If transitiontng between ACELPand

EIGHT_SHORT_SEQUENCES;

fac_length = coreCoderFramelLength / 16 @ f; acevp if transitioning from ACELP to LONG_STOP_SEQUENCE

or fro

m LONG_START_SQUENCE to ACELP;

fac_length = coreCoderFrameLength / 8 @ fs acep if transitioning between ACELP and TCX;
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5.5.x.10 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 subclause 7.17 in ISO/IEC 23003-3:2012. While the control coefficient for the

inter-

harmonic attenuation « and the post-filter gain g, are determined based on the ACELP synthesis signal
before resampling (see subclause 5.5.x.7 ACELP decoding), 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 Iengths must be considered (see subclause 5.5.x.9 Forward Allasmg Cancellation (FAC) tool).

changmg thevalue of bpf control |nfo in Table 90 |nISO/IEC23003 3 2012 to bpf_ control |nfo 1.

5.5.x.11 Coding mode switching

pstantly

As described in subclause 5.5.x.8.8. Inverse MDCT in TCX, the MDCT based TCX decoder generates 2

time-domain output signals at sampling frequencies f;acelp and fsrcx, respectively. Thessignal sampl
fs.aceLp is used to update the ACELP memories to enable seamless transitions when switching between N
based TCX and ACELP.

To avoid discontinuities, crossfading is applied as given by

ed at
IDCT

Nxfade -k :

Zouyr [Nframe_ xfade + k] = ZTCX,FB [Nframe_ xfade + k] . N— + Zrcx,LB [Nframe_ xfade + k] . N__

xfade xfade
fOT'k—O xface_l

and depicted schematically in Table AMD2.13 for switching-from MDCT based TCX to ACELP, and by
K Neo  _k
zourlkl = Zrexpplk] ( ) + zrexelk] <%>
Nxfacle Nxfade

fOT'k—O xface_l

and depicted schematically in Table *AMD2.14 for switching from ACELP to MDCT based TCX, V
Ntrameis the frame length of the TCX.frame in samples at f; rcx and N,sqq4. is the length of the crossfade

in samples at f; r¢cx, Which corresponds to the delay of the TD resampler (30 samples at f; rcx) describ
subclause 5.5.x.5 TD resampler,.

Table AMD2.13 — schematic depiction of switching from TCX to ACELP

codingsmode

TCX

ACELP

frame’index

n-1

fullband TCX output

upsampled lowband TCX and
ACELP output

ZACELP

vhere
ange
ed in

mixed fullband output

Table AMD2.14 — schematic depiction of switching from ACELP to TCX

coding mode

ACELP

TCX
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frame index n-1 n
|
full TCXoutput | e
ullband TCX output !/ —
[
upsampled lowband TCX and | ————————————————— e
ACELP output | ZACELP l\ _______ Ztex.LB

5.5.x

5.5.x

This
tool i

mods.

5.5.x

Figur
deco
band
high

mixed-fultbandoutput

Time-domain Bandwidth Extension

1 Introduction

clause describes the decoding process of time-domain bandwidth extension (TBE)~-The TBE decoder
5 used to enable low bit rate coding of speech via the MPEG-H 3D audio codec’s,LPD path for ACELP
2 General Overview

e AMD2.2 shows a high level framework of the TBE decoder. The input bit stream is de-multiplexed and
jed by the MPEG-H 3D Audio core decoder to produce the ACELP low band (LB) excitation and low

synthesis. The TBE bit stream is parsed and the parameters.are/passed to the TBE decoding tool. The
band synthesis is performed using the TBE parameters ‘and the harmonically-extended high band

excitation signal.

The
band
samp
the o
whiclt
band

bynthesized high band is then up-sampled and spectrally flipped in the time-domain to generate a high
component associated with the final decoded audio. The low band is also up-sampled to the same
ling rate as the high band, and then mixed with\the “delay-adjusted” high band component to generate
utput. In particular, the low-band core decoder'may exhibit more delay than the high band processing,
would require that the high band is delayéd accordingly before mixing with low band such that the low

and high band are time-aligned to avoid.any artifacts.
=777 77T L
TBE 1 I High band
bitstream | TBE I synthesis
| | decoding | f/ad/2
I
| + HE LB:excitation
| | Resampler,
| Nonlinear | LB/HB Output
|| modeling | | delay +——»
l | adjuster,
!___ | and mixer
LB excitation
ACELP
bitstream ACELP
—» (MPEG-H 3D Audio, > 0-f/4
LPD core decoder) Low band
synthesis

Figure AMD2.2 — Simplified block diagram of the MPEG-H 3D audio core decoder with TBE tools.
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5.5.x.3 Overview of the TBE Decoding Tools

Figure AMD2.3 shows an overview of the TBE decoder tools. The TBE frame converter parses the TBE bit
stream configuration data, tbe_data(), as described in Table AMD2.1, and passes the parameters to the TBE
decoding module. The parameters associated with the TBE configuration data are described in subclause
5.5.x.4 Definitions of TBE payloads. The acelp_coding() configuration data as described in Table AMD2.3 is
used by the MPEG-H 3D audio LPD core decoder to generate the low band excitation, E; 5 (E_LB). The
nonlinear modeling module is used to generate the harmonically-extended high band excitation signal, Eyg

—(E_HE).

tbe_heMode

idxFrameGain

Y

idxSubGains g
Isf_idx[O, 1] =
tbe_data() TBE )
Frame tbe_hrConfig >
Converter idxMixConfig (
idxShbFrGain ) TBE
o decoding
idxResSubGains
idxShbExeResp[0,1]
acelp_coding() ACELP ¢ tbe_nlConfig
(MPEG—H 3D
Audio, LPD core E_LB Nerlfineer E_HE
decoder) > mode)ind >
VF

A4

High band
synthesis

—

Figure AMD2.3 — Overview of the TBE decoder tools
The TBE decoding process includes the following steps:
— TBE decoding
— Nonlinear'modeling
— (Resampling of LB excitation
~" Harmonically extending the LB excitation based on tbe_nlConfig

~— Dequantization of high band parameters

Lina-cn. $ral feaniianaing tapanaral ~oieae (aain obhonae and Aot feoan)

rabdaa—eonficieh

ation,

e opPeota moUuCTCTIC ST tCrTpPoTraTr—gaints (gat T oSrapCo—ara—gar T rart o)y

AT ocormgoT

high band reference gain, residual gain shapes, high band excitation inverse function.

— High band LP estimation
— High band excitation generation
— A: Spectral flip in time domain and decimation of E_HE

— B: Adaptive whitening of A
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— 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.

5.5.x{4 Definitions of TBE payloads

tbe_data()

tbe_heMode

idxFrameGain

idxSubGains

Isf_idx[O]

Isf_idx[1]

tbe_RrConfig

tbe_nlConfig

idxMixConfig

idxShbFrGain

idxRg¢sSubGains

idxShbExXcResp[0]

This element contains information about the high band audio content:

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 resolution
configuration (tbe_hrConfig) is enabled.

This payload 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 LSFs used to
estimate the LSP and then subsequently‘the interpolated sub-frame LP
parameters.

This payload contains LSF data associated with the second stage LSFs used
to estimate the LSP and then sabsequently the interpolated sub-frame LP
parameters.

This flag signals whetherthe current frame uses high resolution configuration.
The flag is only read ffom the bit stream 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 bit stream if the tbe_heMode is set to
zero. The default value of tbe _nIConfig is set to 1, if tbe_heMode is set to 1.

This payload contains data to control HB excitation generation based on B
and€ in subclause 5.5.x.5 TBE Decoder Processing. The flag is only read
from the bit stream if the tbe_heMode is set to zero.

This payload contains data for the overall high band target gain. The flag is
only read from the bit stream if the tbe_heMode is set to zero and
tbe_hrConfig is set to 1.

This payload contains data for temporal sub-frame residual gain shape
adjustment. The flag is only read from the bit stream if the tbe_heMode is set
to zero and tbe_hrConfig is set to 1.

This payload contains data to filter the HE excitation B in subclause 5.5.x.5

idxShbExcResp[1]

TBE Decoder Processing. The flag is only read from the bit stream if the
tbe_heMode is set to zero and tbe_hrConfig is not set to 1.

This payload contains data to filter the HE LB excitation B in subclause
5.5.x.5 TBE Decoder Processing. The flag is only read from the bit stream if
the tbe_heMode is set to zero and tbe_hrConfig is not set to 1.

5.5.x.5 TBE Decoder Processing
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5.5.x.5.1 General Overview

An overview of TBE decoder processing steps is shown in Figure AMD2.4.

ACELP
bitstream

ACELP

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

(MPEG.H 3D Audic - LPD core
T

decoder)

LB Exc

Nonlinearymodeling

§ tbe_hrConfig

v
Resampling
. tbe_nlConfig
Harmonic ‘
extension
HE Exc
HB Excitation Generation
A
Spectral flip A . B
and -
decimation e
v
Temporal S
—» envelope >
Noise modulation

HB'excitation

TBE
¢ bitstream

De-quantize
HB parameters

v

HB LP estimation

) J
Synthesis, 1/A(z)

estimation

»
!

Temporal envelope
adjustment

v

Spectral flip and
upsampling

# HB synthesis

Figure AMD2.4 — Overview of the TBE decoder processing

5.5.x.5.2 De-quantization of HB Parameters

The codebooKks-Used to de-quantize some of the high band TBE parameters are summarized in

AMD2.15. Rseudo-code that describes the de-quantization process is given below.

[able

Table AMD2.15 — List of codebook tables used to de-quantize some of the high band TBE parameéters

Codebook Table

Parameter

SHABLUDB_GainFrameobit

Gain Trame, lTable A.0, o5 DIl

SHBCB_SubGain5bit

Subframe gains, Table X.5, 5 bits

tbeLSFCB1_7b

LSF first stage, Table X.1, 7 bits

tbeLSFCB2_7b

LSF second stage, Table X.2, 7 bits

tbeExcFilterCB1_7b

tbeExcFilter1, Table X.3, 7 bits

tbeExcFilterCB2_4b

tbeExcFilter2, Table X.4, 4 bits
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frameGain = SHBCB_GainFrame5bit[idxFrameGain];

Jj = 4*idxSubGain;
for (i =0; i < 4; i++) {
subGain[i] = SHBCB_SubGain5bit[j++];

}

copyVector(tbeLSFCB1_7b + 10 * Isf_idx[0], gqLsf, 10);
copyVector(tbeLSFCB2_7b + 10 * Isf_idx[1], qtemp, 10);

for

i =0: i1 <10:; i+v) {

gL
ks

if

= =~

m
i

}
}

5.5.x
5.5.x

This
gene

5F[1] = qLsf[i] + gtemp[i];

Ebe _heMode==0) {

KFac = (idxMixConfig + 1) / 4;
(tbe_hrConfig == 1) {

hbEnerTarget = 10M(0.0625 * idxShbFrGain);

J = 4 * idxResSubGains;

For (i = 0; i < 4; i++) {
resSubGain[i] = SHBCB_SubGain5bit[j++];

blse {
copyVector (tbeExcFilterCB1_7b + 10 * idxShbExcResp[0], tbeExcFikterl, 10);
copyVector (tbeExcFilterCB2_4b + 6 * 1dxShbExcResp[1l], tbeExcFilter2, 6);

5.3 Nonlinear modeling
5.3.1 introduction

clause describes the steps to generate the high band-excitation from the low band ACELP core. To
rate a high-band excitation signal that preserves the-harmonic structure of the low band excitation signal,

a nonlinear function is used. The time-domain harmani€¢ extension of the low band excitation is performed

after
5.5.x

As s
(aday
ACEI
up-s§

sufficient over-sampling in order to minimize aliasing.
5.3.2 Resampling of LB excitation

hown in Figure AMD2.5, an up-sampled low band excitation signal is derived from both the periodic
tive codebook, ACB) and aperiodic (fixed codebook, FCB) excitation components of the low band
LP core coder. The ACELP innovation codebook excitation is first scaled by the FCB gain, g., and then
mpled by 2. A simple linear interpolator is used to perform the resampling of the scaled fixed codebook

excitation by a factor of 2 as-show in Figure AMD2.5. The ACB component in the resampled domain is

obtai

ned by shifting the past.resampled LB excitation, E; g, based on the fractional closed-loop pitch estimate,

T, fram the current frameX\The up-sampled past excitation samples are scaled by the pitch gain, g,, and
combjined with the up-sampled FCB excitation to generate the resampled low band excitation, E; 5 as shown
in Figure AMD2.5.
ACELP
fixed codebook Up-sampled
excitation scale N Resample by ‘:@ LB excitatioi, Ews
by g. a factor 2 -/ -
+
Scale |_ | 77T 4
by gp
Resampled
ACELP past excitation
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Figure AMD2.5 — Overview of low band excitation resampling process

5.5.x.5.3.3 Harmonic Extension

7(E)

The resampled low band excitation signal, E; g, is processed to extend the low band pitch harmonics into the
high band. The harmonically extended excitation, Eyg, is generated using a nonlinear function, based on the

tbe_nIConfig flag from tbe_data().

{Eg T if Themiconfig =1
Eyg = ey sign(E.p) Efg, if the_nlConfig =0
Hyp(2) ey sign(E p) Efg + Hyp(2)|EL5|, if the_nlConfig = 0 && idxMixConfig &1

where ¢y is the energy normalization factor between E,; and EZ . The above NL generation i
tbe_heMode=0 case. For the case, when tbe_heMode flag=1, the NL generation uses the tbe nlCon
configuration if idxSubGains is an odd value, and the tbe_nlConfig=0 configuration otherwise. In particulg
energy normalization factor is the ratio of frame energies of E,; and EZ;. The transfer functions H,, (]
Hyp(2) correspond to low pass and high pass filters with a cut-off frequency 3f;/4»The transfer function
given as follows:

057(1+2z71+2z72%) Hy(2) = 0.098 (1-~2z7 1+ z72)
1+094z-1 + 03322 H#PY¥ = 1T 00981 1 03322

Hyp(2) =

5.5.x.5.4 High band LP estimation
5.5.x.5.4.1 General

The de-quantized LSF parameters are first converfed to LSP.

for (i = 0; i <10; i++) {
hbLsp_curr[i] = (Ffloat) cos(qgLsfLi]** 2P1);

For smoother evolution of LP polynomial, the LSPs from current frame, hbLsp_curr, are interpolated
LSPs from previous frame over four sub-frames as shown in the pseudocode below. If the previous fra
not a TBE frame (i.e., indicated using first_frame==1), then interpolation is not performed.

IspinterCoeff[8] = {;0.7, 0.3, 0.5, 0.5, 0.3, 0.7, 0.1, 0.9 };

it (Ifirst_frame)-{
copyVector(memory->hbLsp_prevmem, hbLsp_prev, 10);

} else {
copyVector (hbLsp_curr, hbLsp_prev, 10);

ptrLspinterpCoef = IsplnterCoeff;
for(J"=0; J < 4; j++ ) {
for( 1 =0; 1 10; i++ ) {
Isp_temp[i] hbLsp_prev[i] * (*ptrLsplnterpCoef)

N

s for
fig=1
r, the

and
s are

with
me is

H 1l

hhlcp_rnrr[i] * (*(pfrlcplnfnrppnnf+1));

ptrLsplinterpCoef += 2;
libLsp2A( Isp_temp, lpcShb+j*(11), 10 );
IpcShb[j*11] = 1.0;

}

copyVector(hbLsp_curr, memory->hbLsp_prevmem, 10);
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Subsequent to interpolation, the LSPs are converted to LP coefficients as described in ISO/IEC 23003-3:2012
subclause 7.13.11 considering an order of 10.

5.5.x.5.4.2 High band excitation generation

The harmonically-extended excitation, E, from subclause 5.5.x.5.3.3 Harmonic Extension is used as input

to th

5.5.x

lotadalo ol o N
myr udriad TALILAUuuUIT ycricTatiUulT.

5.4.3 Spectral flip

The harmonic excitation, Eyg, is spectrally flipped so that the high band portion of the excitation is modulated

down

wher
for(
Ef

5.5.x

The

down
whos

to the low frequency region. This spectral flip is accomplished in time domain as follows:

Efp(m) = (D" Eyz(m), n=012..N—-1

b N = 512 is the number of samples per frame.

g = 0; 1 < 512; i++) {

| HE[1] = ((i%2) == 0) ? (-E_HELi]) : (E_HELiD):
5.4.4 Decimation

spectrally-flipped harmonic excitation, E£E is then decimated Using a pair of all-pass filters to obtain an

sampled excitation signal, Eps. This is done by filtering the even samples of, E};E (n), by an all-pass filter
e transfer function is given by:

Hapy (2 ap, +2z71 aj, +z71 az, +2z71
VA =
AP1 1+ a1z M\1+a;12z7  J\1+a,,z71

And the odd samples of E};E (n) are filtered using an all-pass filter whose transfer function is given by

The
HAPZ

Aoz +z P\ [ a,+z7 1 \[az, +2z71
HAPZ (Z) T —1 —1 —1
1+ap,z 1+a,,z 1+a,,z
excitation signal, Ejg, .is-estimated by averaging the outputs of the above two filters, Hyp;(2) and
7). The filter coefficients are specified in Table AMD2.16.

Table AMD2.16 — All-pass filter coefficients for decimation

148
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All pass filter coefficients

g1 | 0.06056541924291

a;; | 0.42943401549235

az1 | 0.80873048306552

ag, | 0.22063024829630

a, | 0.63593943961708

a, | 0.94151583095682

5.5.x.5.4.5 Adaptive spectral whitening

Due to the nonlinear processing applied to obtain the excitation signal{Ejs, the spectrum of this excitation is
no longer flat. In order to flatten the spectrum of the excitation signal, afourth-order LP whitening is applled to
Eps. The excitation signal is windowed using the Hanning-based-window wing 4., @s given in Annek X.7

prior to calculation of the autocorrelation coefficients. The autocorrelation of the windowed excitation sighal is
estimated as follows.

N
Eps() = Eps() Wingiaueen(n) n=01,..(3-1).N =256
N N\ N N
Eps (n +§) = Epg (n +E) *Wilfigreen (E_ 1 —n),n =0,1, ...,(5— 1),N = 256
N-1-k
T (k) = Z Eps(n) - Epsi + k), k = 0,1, .., 4; N = 256
n=0

A bandwidth expansion is\applied to the autocorrelation coefficients by multiplying the coefficients by an
expansion function. The\expansion function is as given below:

Toxe (K) = Toxc (k) * BWexpCoef (k), k =0,1,2,3,4

Table AMD2.17 —Bandwidth expansion coefficients

BW expansion coefficients

BWexpCoef[5] [1.000030000, ©.999876638, 0.999506642, 0.998890286, 0.998028026]

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, Eps . In the tbe_hrConfig==
mode, the whitened excitation is further modulated by the normalized residual energy (based on
idxResSubGains):

n n
Eps w(n) = Eps ,(n) x resSubGain (6—), k= o1 =0,12,3, 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, H,., (z) is constructed by concatenating the coefficients of tbeExcFilter1
and tbeExcFilter2. The whitened excitation, Ej; ,,, is filtered using the FIR filter H,.g, (2).

5.5.x.5.4.6 Envelope modulated noise mixing

The whitened harmonic excitation is further modified by adding a random noise whose amplitude is modulated
according to the envelope of the whitened excitation, Eps ,,. Th e pseu do-random nois e, Ey, isfurther

percdptually shaped using the high band perceptually-weighted fiiter (PWF = A2y, IA(ZI 7z ) USINg V=
0.55 gnd y, = 0.7. The pseu do-random nois e can be g ene rated usin g th e rand om nois e gene rator util ity
functijon TBE_genRandVec()as described with the following pseudo code:

TBE_genRandVec(){
k1| = (TBE_randomSign(seedl, idxl) < 0) ? -563.154 : 563.154;
k2| = (TBE_randomSign(seed2, idx2) < 0) ? -225.261 : 225.261;
For (i = 0; i1 < length; i++, idxl++, idx2++) {
idx1l &= Ox00fT;
idx2 &= OxOO0ff;
output[i] = k1 * RVEC[idx1] + k2 * RVEC[idx2];

TBE_fandomSign(seed, idx) {
seed = (short)(seed * 31821L + 13849L); /* random number generator */
idx = ABS((short)((float)seed * 0.0078F)); /* ABS is thec absolute operator */
regurn (seed < 0? -1: 1);

}

wherg seedl1 and seed? are initialized to 23 and 59 respectively,.if the previous frame was not a TBE frame.

The fatio at which the whitened excitation and the envelope-modulated noise, Egy,, are mixed is dependent
on hgw strongly-voiced the speech segment is. For example, the envelope-modulated noise and the spectrally
whiteined excitation are mixed as follows to estimate thehigh band excitation:

Eys(n) = JVF(Eps,, (n)) + BI/P2(1 — VF;) (EEMN(n)), n=012..127

where VF; are the voice factors derived from LB as explained below, P1 and P2 are the power estimated from
specfirally whitened excitation Ej ,, and,the envelope modulated noise, Eg,, y. In particular, given that the fine
signgl structure in the higher bands is closely related to that in the lower band, the mixing ratio may be
estimated from the low band core!ACELP parameters. For example, the voicing from low band is normalized
to a gmaller scale, i.e., a; = 0.95)* a; — 0.05 and then mapped to a voice factor as follows. For each subframe,
i, thelnormalized correlation, «;, from the low band is mapped to a voice factor parameter, VF;

VF, i=1234

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 factéors are modified based on the idxMixConfig to compensate for any mismatch between the LB and
HB vpicing. 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 E;z above). At each sub-frame, i, the harmonic
excitation that is scaled by the factor, VF;, and the normalized modulated noise that is scaled by the factor
(1 — VF;) are mixed to generate the high band excitation.

5.5.x.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
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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 or energy compensated
excitation signal is used to perform synthesis to obtain the spectrally shaped excitation, Syz. The spectrally
shaped high band signal is then scaled using the decoded gain shapes. The gain shape scaled highband
signal is finally multiplied by the decoded gain frame to obtain the gain adjusted high band synthesized signal.
The gain shapes and gain frame are applied on the synthesized high band, Sy, as follows:

3

S/ (‘n\—f'pv‘u(‘n_iﬁd.\no(i\c () n—012 271
: < 7 7Y BT Ty

b \""7 N 7=

j=0
where gs(j) j=0,1,2,3 are the gain shapes, GF is the gain frame, and the window w(n) is defined as follows,

Table AMD2.17a — SHB gain shape synthesis window, w(n)

w(n), n = 0.007312931, ©0.033416940, 0.077119580, 0.136556101, 01209438491,

0,1,2..15 0.293364150, ©0.385224703, 0.481317588, ©0.577845599,(\0.671497772,
0.758927143, ©0.836651580, 0©.901448444, 0.951083203, 0.984171147,
1.000000000

w(n), 1.0

n=16,

17,..63.

w(n), 0.984171147, ©.951083203, 0.901448444,°0.836651580, ©0.758927143,

n=64,65, 0.671497772, ©.577845599, ©.481317588, ©0.385224703, 0.293364150,

79 0.209438491, ©0.136556101, ©0.077119580, ©0.033416940, ©0.007312931, ©

w(n), for | @

othern

5.5.x.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 band, as desdribed

in Section 5.5.x.5.4.3) to genesate a high band component associated with the final decoded spee¢h as
shown in Figure AMD2.6. The upsampling is based on an all-pass filter as shown below:

H _(boa+z \(baatzt\ [ btz
apmterp,1(2) = 1+by1z7t J\1+by1z7t J\1+ byq2z71

and

H (z) = by, + z7t by, + z7! by + z”!
Apinterp,2\Z) = 14 by,z7 2 J\1+ by,27tJ\1+ b,y,z71
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Table AMD2.18: All-pass filter coefficients for interpolation by a factor of 2

All pass coefficients
bo1 | 0.06056541924291
bi1 | 0.42943401549235
bo1 | 0.80873048306552
bo2 0.22063024829630

The
comg

5.5.x

bi2 | 0.63593943961708
b22 | 0.94151583095682

ow band is up-sampled to the same sampling rate as the high band and mixed with.the"high band

onent.
A y
Spectral flip
HB synthesis and mix with
o o low band core
o he]
£ 2
=3 a
€
< £
—>
0 fs/2 f 0 £72 f,
Frequency Frequency

Figure AMD2.6 — Spectral flip of HB synthesis

5.4.9 Switching transition signal generation

When switching from ACELP to TCX core,‘and thus from TBE to IGF, or vice versa, the transition of the high-

band
subc
5.5.x
signg

To o
synth
overl
desc

Synol

signals is performed implicitly by the*cross-fade transition mechanism of the core signals as described in
ause 5.5.x.11. Coding mode *switching. To fill the gap caused by the TBE delay (see subclause
5.4.10 Temporal alignmentand mixing of HB and ACELP synthesis) and provide overlapping
Is for cross-fading, a transition signal syn,..,s is generated as follows.

btain a continuous.high band signal to the previous frame, the overlap portion of the high band
esized signal syr.y.q IS Used, as described in subclause 5.5.x.5.4.7 High band synthesis. This
AP portion syn,peliqp i Upsampled using the same filter H;; and H;, and flipped subsequently as
ibed in 5.5:%.5.4.8 Resampling of HB synthesis, resulting in the upsampled high band signal

erlap,up-

The targeted'length of syn,,...s is given by

Neyntrans = FTamMeLengtin/ 2 ¥ delrpres — Naign = 74 Samples

where Nz, = 212 samples and FramelLength/2 are explained in subclause 5.5.x.5.4.10 Temporal

alignment and mixing of HB and ACELP synthesis and del;p,.s = 30 samples is the delay of the TD
resampler, which is used for cross-fading, see subclauses 5.5.x.5 TD resampler and 5.5.x.11 Coding mode
switching.
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To obtain the 74 samples, the 32 samples of syn,yeriapup are extrapolated using the temporally mirrored end

SYNyrevmirror Of the high band synthesized signal of the previous frame syn,,.,,, where

SYNprevmirror M) = SYNprey (512 +1—n);  forn=1,..,74

The signals syngyeriapup @Nd SYNprey mirror @re merged to generate syn...,s by overlap and add using the

window win;,..,s as given in Table AMDX. XX, as

Wilrans (33 — 1) * SYNoveriap,up (M) + Wilirans (M) * SYNprevmirrorM); forn=1,...,32

SYMerans (n) B {Synprev,mirror (n); fOT' n=33.57

Table AMDX.XX: Window for generation of transition signal

n WiNtrans(n) n WiNtrans(Nn) n WiNtrans(n)

1 0.000000000 | 12 | 0.250082925 | 23 | 0.758927143
2 | 0.002057320 | 13 | 0.293364150 | 24 | 0.799044170
3 | 0.007312931 | 14 | 0.338401147 | 25 | 0.836651580
4 | 0.017743483 | 15 | 0.385224703 | 26 | 0.870644917
5 | 0.033416940 | 16 | 0.432854509 | 27 | 0.901448444
6 | 0.053210367 | 17 | 0.481317588 | 28 | 012927953529
7 | 0.077119580 | 18 | 0.529597392 | 29 (102951083203
8 | 0.104915089 | 19 | 0.577845599 | 30,| 0.969773527
9 | 0.136556101 | 20 | 0.6250787254/31 | 0.984171147
10 | 0.171354547 | 21 | 0.6714977+42. 32 | 0.993264992
11 | 0.209438491 | 22 | 0.7160396¥8 | 33 | 1.000000000

5.5.x.5.4.10 Temporal alignment and mixing of HBnd ACELP synthesis

Due to the overlap of half a TCX frame length (256 samples at f; rcx), the ACELP synthesis (synthceip,o
delayed by half a frame length, to be synchrohized to TCX frames in case of mode switching, before

ig) IS
being

played out by the LPD module. To compensate for this delay and the intrinsic delay of the TBE, the TBE HB

synthesis needs to be temporally aligned; before mixing both synthesis signals.

The intrinsic TBE delay is composed of the internal gain shape look-ahead which correspon
delgainsnape = 16 samples at_internal sampling frequency (i.e. downsampled domain) as describ
subclause 5.5.x.5.4.7 High . band synthesis and the look-ahead of the harmonic extension which corresy

s to
d in
onds

to dely; = 12 samples at.fullband sampling frequency as described in subclause 5.5.x.5.3.3 Harnponic

Extension. Thus, the éntire TBE delay is given by
delrgp = 2 delgginsnape + dely, = 44 samples
at fullband sampling frequency. The TBE HB synthesis (synthrgg oriy) Must be delayed by

Ngjign = FrameLength/2 — delrpy = 212 samples

h the

at_fullband sampling frequency to obtain a TBE HB synthesis signal (synthrggqiign) aligned wit

1 P cvunthagsis (cyunth )
—S-y-n-Gh-FOn-EOd—AGE._. YRROSISSYRERATETP Sy

By adding the TBE HB synthesis signal and the synchronized ACELP synthesis, the fullband output sig
obtain, given by

sigrs(n) = synthucerp sync + SYNthrpp aign(M);  forn =1, ..., FrameLength

nal is

Add new normative Annex containing the Codebook tables used to de-quantize high band TBE parameters
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Annex X

(normative)

Codebook tables used to de-quantize high band Time Domain Bandwidth

Extension parameters

X.1 Godebook Table for tbeLSFCB1_7b

tbel|SFCB1_7b[128x10] =

0.048¢4 0.097476 0.14699 0.19811 0.25074 0.32976 0.36053 0.38823 0.42603 0.46205
0.078358 0.11627 0.15307 0.2182 0.26242 0.29803 0.34483 0.379 0.41075 0.43858
0.048424 0.099256 0.15056 0.20264 0.26402 0.34633 0.37125 0.40096 0.43365_(0.46697
0.055434 0.09483 0.13869 0.18 0.22943 0.27291 0.31784 0.36125 0.41255 _0.45768
0.066955 0.11182 0.15389 0.19033 0.22682 0.26791 0.34946 0.38512 0.42342" 0.46221
0.14499 0.1748 0.21495 0.24694 0.28636 0.31766 0.35518 0.39053 _0.4296 0.46383
0.053112 0.093501 0.14021 0.18292 0.2327 0.27472 0.32114  0.36421-,\0.4071 0.45041
0.066498 0.11273 0.16787 0.20781 0.24622 0.28312 0.32727 0.37084-" 0.40917 0.45845
0.082957 0.12982 0.17424 0.21286 0.24847 0.27936 0.31235 034285 0.37285 0.40878
0.050453 0.087648 0.14344 0.18596 0.23016 0.27458 0.32064, 0.86275 0.41255 0.4558

0.051327 0.098449 0.15099 0.19838 0.24737 0.2934 0.33846¢ 0.38268 0.42641 0.46512
0.05992 0.098888 0.14664 0.19564 0.24687 0.2953 0.34024 0.37436 0.4127 0.46074
0.064¢31 0.10319 0.14764 0.19739 0.28187 0.31927 .0.3543 0.39228 0.4299 0.46405
0.05498 0.10968 0.16474 0.21945 0.27381 0.32726(+ 0.37935 0.4227 0.44562 0.46469
0.062401 0.099835 0.1538 0.20029 0.2468 0.31243 0.34783 0.37527 0.4072 0.44755
0.074356 0.12069 0.16331 0.20117 0.24158 0.2817 0.32371 0.3614 0.3963 0.43522
0.062913 0.093121 0.14336 0.21052 0.249 0128973 0.32993 0.3629 0.39997  0.43306
0.025316 0.043257 0.13114 0.17096 0.22462'<0.26778 0.31784 0.36167 0.41032 0.45643
0.056489 0.093219 0.1666 0.21076 0.25352 0.29067 0.32129 0.34992 0.37958 0.41368
0.056454 0.095794 0.14664 0.19128 0:2395 0.2838 0.32869 0.36962 0.41141 0.45676
0.058Q42 0.097978 0.15892 0.19464,0:23194 0.2935 0.32952 0.35889 0.40646 0.46064
0.072914 0.1154 0.15946 0.20074> 0.2373 0.26943 0.30625 0.33507 0.36892 0.45515
0.056426 0.097439 0.14751 0.19242 0.24069 0.28525 0.33185 0.37655 0.42171 0.46229
0.057482 0.099927 0.15032 .. '0.19308 0.27116 0.30672 0.33711 0.36787 0.39748 0.42756
0.059462 0.091735 0.1341 0.17118 0.21142 0.24863 0.29472 0.35438 0.41296 0.4628

0.076492 0.11714 0.16126 0.19883 0.26108 0.2992 0.3282 0.36076 0.40563 0.46238
0.081488 0.13113 «0.18743 0.23964 0.28014 0.311 0.34508 0.38208 0.41473 0.44881
0.047304 0.091938/-0.14034 0.18718 0.23665 0.28615 0.34071 0.37923 0.41879 0.45996
0.073407 0.113382) 0.15612 0.19594 0.23554 0.27743 0.32333 0.36004 0.40608 0.4578

0.044135 0:090759 0.13707 0.17933 0.23073 0.27435 0.32164 0.36583 0.41077 0.45869
0.061903(,0,099996 0.1528 0.20125 0.23896 0.27336 0.33323 0.37198 0.4063 0.46365
0.065493~ 010711 016066 020394 (024858 029493 (033799 037688 (041802 046047

0.1059 0.15367 0.18936 0.22616 0.26279 0.28926 0.3175 0.35417 0.40672 0.45639
0.057113 0.089617 0.12791 0.16286 0.21899 0.29084 0.35171 0.38775 0.42141 0.45997
0.053929 0.092518 0.13694 0.1872 0.23374 0.27702 0.32099 0.36716 0.41372 0.45724
0.077925 0.13348 0.17623 0.21205 0.24834 0.28115 0.32721 0.38949 0.43806 0.4682
0.060914 0.096059 0.14495 0.19642 0.26599 0.30276 0.33096 0.36561 0.428 0.46364
0.05613 0.085034 0.13865 0.22254 0.26806 0.30525 0.34751 0.38395 0.41763 0.45029
0.064602 0.10449 0.14634 0.18852 0.23804 0.2827 0.32807 0.3707 0.41459  0.45941
0.058853 0.13554 0.23094 0.26372 0.28659 0.31606 0.34768 0.38237 0.41999 0.459
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0.05125 0.089764 0.17961 0.22403 0.2602 0.29763 0.34402 0.37597 0.40581 0.42963
0.050346 0.092015 0.14275 0.18846 0.23657 0.28188 0.33198 0.37714 0.43739 0.47361
0.090389 0.13874 0.18458 0.22703 0.29216 0.32995 0.3617  0.3935 0.43168 0.46435
0.062889 0.10177 0.15493 0.19945 0.25233 0.29641 0.32735 0.35234 0.38123 0.45544
0.033993 0.10547 0.16782 0.19104 0.21646 0.2844  0.2997 0.3822 0.42213  0.4468

0.048248 0.091496 0.13816 0.18174 0.22617 0.27066 0.31573 0.36917 0.41195 0.45331
0.074263 0.11464 0.15112 0.19072 0.24866 0.3139  0.3564 0.39229 0.42873 0.45959
0.082441 0.12775 0.17752 0.21919 0.26654 0.31239 0.35872 0.39247 0.42209 0.45135

0.06044—0.099001 01455, 048432 (022344 (025934 0300340339 0.38092 Q42745

0.098797 0.15514 0.19949 0.23451 0.27097 0.30414 0.34261 0.38031 0.41939 0.45784
0.050761 0.10016 0.15511 0.20496 0.28976 0.35413 0.36998 0.40295 0.43271 0.46698
0.06635 0.10749 0.15417 0.20038 0.24819 0.29304 0.33287 0.36759 0.40764 0.45054
0.069487 0.12266 0.1735 0.22063 0.26539 0.3029 0.34334 0.38586 0.42719 0.4649
0.042813 0.091028 0.13746 0.18144 0.22793 0.27297 0.31582 0.36022 0.40902 0.45234
0.052359 0.093423 0.14274 0.18587 0.23586 0.28088 0.32701 0.37263 0.41803 0.46095
0.070718 0.11038 0.14953 0.18253 0.21624 0.26049 0.32113 0.3672 0.41231  0.45706
0.097556 0.12551 0.1721 0.2097 0.25496 0.29517 0.33522 0.37297 0.41498 045778
0.064392 0.10609 0.15365 0.19776 0.24462 0.28831 0.33764 0.3811 0.4242 0.46355
0.073186 0.12058 0.16666 0.21015 0.25381 0.29592 0.3378 0.3776 0.4159 0.4579
0.091626 0.11604 0.15985 0.19528 0.24234 0.28384 0.32961 0.37044 0.41856 0.45836
0.057081 0.095632 0.14173 0.18279 0.22838 0.28121 0.32571 0.36764 041234 0.45558
0.054602 0.093851 0.14172 0.18519 0.23076 0.27183 0.32759 0.36943- 0:41137 0.45868
0.092356 0.14423 0.18907 0.23602 0.2752 0.30097 0.32923 0.3666 0.43299 0.47154
0.020284 0.067152 0.1739 0.19172 0.22009 0.2837 0.29809 038033 0.42259 0.44582
0.11677 0.17269 0.20934 0.24439 0.27788 0.31092 0.34639 __0.88046 0.42032 0.45872
0.043648 0.096081 0.15832 0.21033 0.26148 0.30301 0.35086\..0.39177 0.4316 0.4681
0.086671 0.12893 0.16953 0.21426 0.28242 0.30587 0.34046” 0.36881 0.40498 0.4608
0.05893 0.10354 0.1605 0.21739 0.26171 0.29623 033495 0.37639 0.42006 0.46177
0.058451 0.10759 0.16289 0.21735 0.27477 0.31757 <,0.35144 0.37944 0.40977 0.45046
0.13913 0.16306 0.20118 0.22876 0.26581 0.2942 0.33234 0.36722 0.40766 0.44982
0.064312 0.10151 0.14697 0.18944 0.23353 0.27556 0.32105 0.35401 0.39019 0.43029
0.066387 0.1139 0.16282 0.1981 0.23374 026839 0.31431 0.37408 0.42376 0.46234
0.0619 0.10224 0.15369 0.1959 0.23929, 0.28086 0.32217 0.36659 0.40559 0.44546
0.057058 0.088951 0.12949 0.17176 0.26222" 0.30829 0.34607 0.38467 0.42381 0.45859
0.049937 0.094674 0.14351 0.19269 024155 0.30233 0.35801 0.38773 0.42523 0.4617
0.096405 0.12953 0.17659 0.21641- (0.26497 0.30357 0.34612 0.38552 0.42775 0.46475
0.069274 0.12394 0.18428 0.22001 '0.26097 0.29437 0.32684 0.35971 0.392 0.426
0.07173 0.11545 0.16149 0.2073 0.25003 0.29488 0.34333 0.38752 0.43048 0.46536
0.025897 0.054595 0.13747 ,0:48048 0.23646 0.27848 0.33024 0.37767 0.4258 0.46747
0.062263 0.10497 0.17325\\0.2122 0.24606 0.27739 0.31206 0.35079 0.39653 0.44881
0.080856 0.1174 0.15965" 0.20324 0.24789 0.29084 0.33559 0.3797 0.42412  0.46362
0.076273 0.1152 0115864 0.19365 0.23081 0.26163 0.29772 0.34594 0.40989 0.45981
0.05974 0.097397 \0.14663 0.18948 0.23014 0.26658 0.31188 0.35323 0.39598 0.45568
0.089729 0.12058y 0.1664 0.20761 0.25415 0.29671 0.34251 0.38499 0.42675 0.46417
0.10149 0.15478 0.20253 0.24714 0.28616 0.32199 0.35857 0.39359 0.43249 0.46541
0.068134<0.10965 0.16946 0.21258 0.25223 0.29539 0.32954 0.36661 0.40406 0.44434
0.059349 )0.099026 0.14925 0.20131 0.2487 0.28452 0.3177 0.35592 0.41204 0.45923
0.065178 0.10281 0.14506 0.19004 0.23703 0.28249 0.34337 0.37726 0.40877 0.44441
0,058248 0.1002 0.14662 0.19279 0.24515 0.29091 0.34616 0.40158 0.4391 0.46714
0:055435 0.10999 0.16531 0.22018 0.27454 0.32777 _0.37764 0.40848 0.42345 0.4524

0.094702 0.11922 0.16528 0.20083 0.24884 0.28901 0.33374 0.37321 0.4154 0.45969
0.065859 0.11153 0.16175 0.19725 0.2667 0.2972 0.3296 0.39005 0.41908 0.44839
0.068448 0.12152 0.17471 0.22659 0.27381 0.31568 0.35792 0.39513 0.43529 0.46713
0.03068 0.069976 0.14897 0.19635 0.2515 0.29365 0.34592 0.39015 0.43145 0.46917
0.0625 0.10732 0.16161 0.22149 0.27042 0.30207 0.32751 0.35529 0.3954 0.44926
0.073237 0.11547 0.15621 0.20002 0.24426 0.28741 0.33136 0.37513 0.41916  0.46057
0.072788 0.11042 0.14969 0.172 0.28589 0.29948 0.3576 0.37192 0.43892 0.46426
0.060735 0.1061 0.15458 0.20272 0.25444 0.3012 0.34733 0.38491 0.42641 0.46586
0.061916 0.10486 0.16011 0.20586 0.24633 0.28864 0.32991 0.36585 0.43974 0.46804
0.04931 0.07895 0.14 0.19322 0.2453 0.29023 0.32821 0.35684 0.39085 0.45545
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0.071672
0.05397

0.047444
0.056411
0.061397
0.067086
0.06752

0.056339

0.1113
0.08745
0.0917
0.10184
0.1026
0.10131
0.10817
0.097771

04313

0.17002
0.13262
0.13765
0.17531
0.15555
0.1415

0.14602
0.15026

047098

0.20712
0.1732

0.18167
0.20875
0.19894
0.17384
0.18037
0.19271

0.21258

0.28395
0.21461
0.22432
0.24522
0.24395
0.26202
0.23122
0.23301

025355

0.3044

0.25479
0.27282
0.27875
0.28636
0.29564
0.29473
0.2775

0.34264

0.35077
0.33363
0.31944
0.33244
0.32936
0.32718
0.33742
0.32642

0.37304

0.37205
0.37275
0.36299
0.38745
0.37276
0.35501
0.37734
0.37017

0.40154

0.43674
0.4197

0.40694
0.42799
0.41652
0.4041

0.42715
0.41986

0.44291

0.46667
0.45941
0.45558
0.46691
0.45946
0.45262
0.46179
0.46119

0.47474

0.087987
0.1196
0.11778
0.11086
0.14149
0.10234
0.11668
0.11305
0.12789
0.09683
0.083651
0.12257
0.13171
0.12981
0.095738
0.086714
0.10038
0.091131
0.088421

-0.00510
0.00199
0.00719
-0.00066
-0.02064
0.00064
0.00348
0.00015
-0.01165
-0.00531
-0.00915
-0.01237,
0.00098
-0.00134
£0.00171
-0.00215

0.13248
0.17572
0.1555

0.16253
0.19367
0.18619
0.17332
0.16977
0.17309
0.14579
0.16807
0.16312
0.18313
0.17293
0.15217
0.13202
0.1371

0.15119
0.12705

-0.00245
-0.01603
0.01071
0.00754
0.01180
-0.00090
-0.00210
-0.00688
-0.00957
0.00432
-0.01136
0.00349
-0.00067
-0.00210
-0.00462
0.00164

0.17724
0.21851
0.18993
0.21338
0.23526
0.23621
0.21085
0.21412
0.21644
0.18805
0.20719
0.20115
0.223
0.20371
0.19473
0.1828
0.17293
0.19697
0.16466

SFCB2_7b[128x10] =

0.00060
0.01614
0.00272
0.00244
0.00291
0.00330
-0.01048
0.00403
-0.00186
0.01057
-0.01307
-0.01072
-0.00022
0.00217
-0.00358
-0.00024

0.22664
0.25563
0.23727
0.26115
0.27272
0.27276
0.25074
0.25478
0.25272
0.23294
0.26005
0.24125
0.26128
0.23887
0.24594
0.22775
0.22457
0.25015
0.2148

odebook Table for tbeLSFCB2_7b

-0.00334
0.00589
-0.00114
0.01423
-0.00054
-0.00139
0.00088
-0.00814
0.00873
0.00084
-0.00679
0.00668
-0.00024
-0.00712
-0.00237
0.00582

0.29933
0.28666
0.29898
0.30845
0.31008
0.30402
0.28787
0.31383
0.28551
0.27595
0.29982
0.28368
0.29794
0.27876
0.28693
0.27262
0.27187
0.28876
0.26252

-0.00731
=0.00575
-0.01095
0.00461
-0.00549
0.00387
0.01234
0.00404
0.00330
-0.00405
0.00019
-0.00514
0.00072
-0.00067
-0.00759
0.00815

0.33536
0.31849
0.33703
0.35535
0.35214
0.33806
0.35466
0.34803
0.31874
0.31965
0.33047
0.36765
0.33419
0.32559
0.33484
0.31975
0.31852
0.31699
0.3135

0.00799
-0.00171
0.01105
0.00266
-0.00008
-0.00365
0.00902
-0.00731
-0.00063
0.00899
0.00610
0.00465
0.00156
-0.00289
-0.00798
-0.00066

0.36461
0.35939
0.36576
0.39323
0.39291
0.37437
0.38723
0.37685
0.34827
0.366

0.36335
0.39595
0.37304
0.36707
0.38731
0.36471
0.38646
0,374

0:35408

0.00068
0.00060
0.00183
0.00977
-0.00686
-0.00194
-0.00303
0.00788
0.00013
0.00717
0.00643
-0.00753
0.00702
0.00313
-0.00179
-0.00713

0.3966

0.42121
0.39955
0.43047
0.43546
0.42053
0.41556
0.41875
0.38158
0.4105

0.40416
0.43793
0.41163
0.44258
0.41925
0.40814
0.4289

0.41923
0.39721

-0.00497
-0.00092
-0.00772
0.00397
-0.00678
-0.00167
-0.00937
-0.00504
0.00098
-0.00353
0.00774
0.01282
0.00783
0.00023
-0.00928
0.00088

0.4468

0.46212
0.44998
0.46691
0.46809
0.46013
0.45072
0.45695
0.45512
0.45759
0.45%11
04697

0.45407
0.45899
0.44441
0.45356
0.46181
0.45872
0.4461

0.01280
-0.00469
0.00764
0.00409
-0.00002
0.00174
0.01209
0.01323
0.00650
-0.00357
0.00522
0.00145
0.00300
-0.00204
-0.01537
-0.00162

-0.0016T
-0.00035
-0.00053
0.00631
0.00665
0.00338
-0.00335
0.00213

156

-0.0U0635
0.00520
0.00002
0.01285
-0.00361
-0.00083
-0.00132
-0.00811

U.00341

-0.00068
-0.00364
-0.00311
-0.00854
-0.00835
-0.00304
-0.01250

-0.0056U
-0.00133
-0.00144
-0.01465
0.00962

-0.01444
-0.00521
0.01025

-0.00967
0.01598

-0.00916
0.00403

-0.00654
-0.00405
-0.00570
-0.00119

U.0U49Y9
0.00197
-0.01694
0.00264
0.01019
-0.00840
-0.00721
-0.00865

-0.004395
-0.00185
0.00265
-0.00369
0.00158
-0.00385
-0.00872
0.00550

-0.00960
0.00165
0.00646
0.00078
0.00435
-0.00190
-0.00590
-0.00397

-0.01591
-0.00270
0.00567
0.00634
0.00877
-0.00825
0.00970
0.00942

0.00954
-0.01326
0.00078
0.00285
-0.00357
0.00515
0.01296
0.00233
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0.00781 0.00977 0.00334 -0.00673 -0.01296 0.00435 0.00111 -0.00431 -0.00840 0.00809
0.00281 -0.00295 -0.00111 -0.00497 -0.00256 0.00023 -0.00136 -0.00411 -0.00139 -0.00247
-0.00973 -0.00705 0.00334 0.00307 -0.00091 -0.00496 -0.00195 0.00378 0.00523 0.00387
-0.00329 0.00277 0.00016 -0.00236 0.00125 -0.00644 0.00166 -0.00244 0.00023 -0.00216
-0.00146 0.00552 0.00388 -0.00039 0.00409 0.00209 -0.00137 0.00087 -0.00120 0.00082
0.00462 0.00036 0.00365 -0.00233 0.00624 0.00022 -0.00780 0.00998 -0.00181 0.01111
0.00166 0.00000 -0.00128 0.00356 0.00562 -0.00056 0.00400 -0.00137 -0.00074 0.00172
0.00059 -0.00876 -0.01031 0.01259 0.00462 -0.00022 -0.00520 -0.01173 -0.00854 0.00461

0.00623—0.00874 000437 001440 0.00488 000649 0.00912 000697 000048 0.001641

-0.01810 -0.00014 0.00146 -0.00191 0.00653 0.00256 0.00293 -0.00032 -0.00211 -0.00089
-0.00041 -0.00486 -0.00147 -0.00212 -0.00127 -0.00410 0.00450 0.00219 0.00191 0.00042
-0.00626 -0.00094 0.00891 0.00596 0.00246 -0.00645 -0.01149 0.00095 -0.00966 0.00508
0.00439 -0.00186 -0.01025 -0.00088 -0.00483 0.00934 -0.00057 -0.01341 0.00599 0.00660
-0.00401 -0.01532 -0.00893 -0.00157 -0.00542 -0.00426 -0.00606 -0.00341 -0.00204 -0.00048
-0.00810 -0.01429 0.00390 0.00399 -0.00012 0.01031 0.01085 0.00579 0.00179 0.00282
-0.00261 -0.00601 0.00025 -0.00432 -0.00828 0.01165 0.00455 0.00070 -0.00620 -0.01734
-0.00077 -0.00906 0.00763 -0.00175 -0.01536 0.00454 -0.00274 0.01174 0.00388 -0.00443
-0.00699 0.01617 0.00363 -0.00455 -0.01085 -0.00888 -0.00345 -0.00409 -0.00176 (-0.60098
0.00237 0.00694 0.00619 -0.00269 -0.00619 -0.00513 -0.00662 0.01945 0.00982 )~ 0.00334
-0.00945 0.00895 0.00229 -0.01320 0.00256 0.00168 -0.01106 0.00550 -0.00322 -0.00463
-0.00490 -0.00743 0.00205 -0.00081 -0.00575 -0.01266 0.01381 0.00730 -0:00233 -0.01681
-0.00141 0.00044 -0.00047 -0.00114 0.00259 0.00345 0.00363 0.00523- 0:01856 0.01402
-0.00473 0.00005 0.01646 0.00678 0.00100 0.00647 0.00089 -0.00544 '7-0.00524 0.01047
-0.00077 0.00165 -0.00063 -0.00045 -0.00052 -0.00255 -0.00528 -00695 -0.00521 -0.00145
0.00213 0.00388 0.01048 -0.00187 -0.00761 0.00328 -0.00815__-0:00023 0.00088 -0.00450
0.01530 0.00935 0.00755 0.00303 0.00692 0.00512 0.00375\.0.00463 0.00297 -0.00083
0.00130 -0.00101 0.00009 0.00100 0.00256 0.00324 0.00385 0.00622 0.00144 -0.00456
-0.00063 -0.00036 -0.00035 -0.00429 -0.00255 -0.00276 -0-60544 0.00083 0.00099 0.00295
-0.00998 0.01045 -0.00535 0.00361 0.00112 -0.00385¢,-0.00531 0.00469 0.00449 -0.00224
0.00004 0.00077 0.00790 -0.00007 -0.00948 -0.001432) 0.00307 0.00034 0.00531 0.00734
0.00297 -0.00669 0.01277 0.00930 0.00400 0.0037/7 -0.00322 -0.00198 -0.00435 -0.01245
-0.00091 0.00325 0.00161 0.01818 0.01222 .0:00835 0.00426 -0.00130 -0.00496 -0.00217
-0.00556 -0.00922 0.00384 0.01075 0.00487-, -0.00245 -0.01137 -0.01353 0.01339 0.00754
0.00071 0.00125 0.00059 0.00104 0.00027%  0.00204 0.00071 -0.00041 -0.00574 -0.00585
0.00217 0.00300 -0.00770 -0.00164 0.,00010 0.00118 -0.00011 -0.00002 -0.00053 -0.00012
-0.00568 0.00131 -0.00318 0.01111-_(0.00041 -0.00721 0.00253 -0.00190 -0.00423 -0.00706
-0.00211 -0.00271 0.00269 -0.00184: -0.01218 -0.00419 0.00225 -0.00293 -0.00585 -0.00265
0.00179 0.00409 0.00189 0.00557 0.00192 -0.00087 -0.00680 0.01192 -0.00009 -0.01131
-0.00260 0.00019 0.00065 ,=0:00016 0.00166 0.00369 0.00057 -0.00867 -0.01672 -0.00577
0.00074 -0.00313 -0.0057A~-0.01117 0.01268 0.00983 0.01024 0.00849 0.00353 -0.00299
-0.00414 -0.00339 -0.00184 -0.00462 0.00169 0.00135 0.00080 -0.00307 -0.00328 0.00437
-0.00414 0.00332 _0:00388 0.00865 0.00266 0.00152 0.00417 -0.00481 0.01127 -0.00190
0.00014 0.00054/0.00267 -0.00129 0.00974 -0.00129 -0.01645 -0.00023 0.00216 -0.00094
0.00344 -0.00024 ~ 0.00063 0.00090 0.00010 0.00140 -0.00278 -0.00298 -0.00558 0.00500
0.00680 -0.00435 0.00742 0.00697 -0.00743 0.00847 0.00614 -0.00265 -0.00976 0.00082
-0.00268 <-0.00037 -0.00132 0.00002 0.00274 0.00038 -0.00121 0.00105 0.00223 -0.00086
-0.00155 )-0.00403 -0.00214 -0.00630 0.00164 -0.00012 0.00727 0.00100 -0.00553 -0.00712
-0.00109 -0.00513 0.00426 -0.00198 -0.00064 0.00316 -0.00233 0.00407 -0.00220 -0.00041
4.00094 -0.00156 0.00007 -0.00060 0.00234 0.00101 -0.00263 -0.00229 0.00595 0.00684
0:00249  -0.00715 0.00663 _ -0.00735 0.00972 -0.00423 0.00415 0.00210  -0.01681 0.00579

-0.00452 -0.00344 -0.00482 -0.00148 -0.00085 0.00147 -0.00314 -0.00339 0.00554 -0.00666
-0.00783 0.01143 0.00487 -0.00730 0.00410 0.00412 -0.00284 -0.01383 0.00927 0.00531
-0.00070 0.00038 -0.00354 0.00283 -0.00263 -0.00456 -0.00060 -0.00363 0.00131 0.00302
0.00484 0.00422 0.00167 -0.00090 -0.00187 -0.00403 0.00003 0.00316 -0.00169 -0.00139
-0.01608 0.00351 0.00713 -0.00532 -0.01154 0.00641 0.00285 -0.00096 0.00387 0.00155
-0.00274 -0.00600 0.00146 0.00442 0.00154 -0.00044 -0.00156 -0.00220 -0.00295 -0.00348
0.00451 0.00129 -0.00598 -0.00924 -0.00267 -0.00035 -0.00035 0.01025 0.00224 -0.00936
-0.00333 0.01928 0.01314 0.00532 0.00299 -0.00150 -0.00236 0.00373 0.00259 -0.00183
-0.00353 -0.00932 0.00003 0.01754 0.00853 -0.00008 -0.00624 0.00566 0.00827 0.00118
0.00217 -0.00935 0.01083 0.00067 -0.01143 0.01088 0.00003 -0.01172 0.01042 0.00396
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-0.01660 0.00488 0.01388 0.00339 -0.00212 -0.00667 -0.00086 -0.00172 -0.00523 -0.01345
0.00673 0.00086 -0.00182 0.00715 0.00340 0.00729 0.00690 -0.00234 0.00200 0.01147
0.00663 0.01129 0.00470 -0.00276 -0.00958 -0.00489 0.00915 0.00326 -0.00505 -0.01288
0.00587 -0.00019 -0.00082 0.00326 -0.00003 -0.00385 0.00133 -0.00406 0.00256 -0.00591
0.01532 0.00977 -0.00174 0.00304 -0.00344 -0.00652 -0.01245 0.00256 0.00588 0.00005
0.01009 -0.00216 -0.00350 -0.00358 -0.00498 -0.00098 0.00291 0.00284 0.00285 0.00460
-0.00508 0.01327 -0.00038 0.00304 0.00459 -0.00144 0.00127 -0.00718 -0.00963 0.00960

0.00808 0.00285 -0.00735 0.00592 -0.00489 -0.00934 0.00689 -0.00499 -0.01021 0.00396
0.0054Z—0-00042 000054000232 000084 0.00387 000405000444 0.00068—-0.00005

0.00548 0.00418 -0.01025 0.00294 0.01323 0.00363 -0.00389 -0.00421 0.01118 0.00219
-0.000p7 -0.00674 0.00169 0.00331 -0.00314 -0.01072 -0.01872 0.01094 0.00269 -0.00552
0.009¢03 0.00325 0.00558 0.00257 0.00204 -0.00219 -0.00570 -0.01377 0.00330 0.00650
0.00244 0.01149 -0.00301 -0.00822 0.00067 0.00254 -0.00309 -0.01205 -0.00010 -0.01318
0.00844 0.00161 -0.00642 -0.00693 -0.01250 -0.00702 -0.00683 -0.01022 0.00435 -0.00224
0.00513 -0.00615 -0.01373 -0.00169 0.00414 -0.00529 -0.00926 0.01457 0.00922 0.00224
-0.000p2 0.00049 0.00232 0.00591 -0.00044 0.00009 0.00059 0.00328 -0.00021 0.00418
0.001¢ -0.00047 0.00472 0.00164 0.00287 -0.00387 -0.00465 0.00070 0.00565 -0.00168
0.0044 0.00316  -0.00233 0.01149 0.00352 -0.00822 -0.00614 0.00157 0.00051 0.00736
-0.007B8 0.00067 -0.00855 0.00507 0.00335 0.00380 0.00738 0.00339 0.00149 0.00360
0.01501 0.00202 -0.00822 -0.00462 0.00285 0.00705 -0.00018 -0.00441 -0.00545 -0.00465
0.00449 0.01066 -0.00362 -0.00124 -0.00135 -0.00669 0.00770 -0.00296 0.01064 (0.00596
0.000¢ -0.00225 0.00609 0.00067 0.00030 -0.00290 0.00251 -0.00254 -0.001517)0.00109
-0.002p7 -0.00532 -0.01473 -0.01715 0.00824 0.00273 -0.00514 -0.01033 -0.00059" -0.00534

N

9
4

w

0.00232 0.00251 0.00162 -0.00421 0.00149 0.00162 0.00399 -0.00223 0.00552 -0.00128
0.00526 -0.00233 0.01093 0.00588 -0.00702 -0.01361 -0.00334 -0.00177 1\ 0.00054 -0.00199
0.01043 0.00542 -0.01294 -0.00590 0.01045 -0.00500 0.01123 0.00424._ -0.00410 0.00156
0.00132 0.00630 0.00032 0.00503 -0.00245 0.00182 0.00076 -0.00323 0.00108 -0.00113

-0.006f5 -0.00372 0.00315 -0.00018 -0.00370 -0.00204 -0.01295 #0,01879 -0.00088 -0.00739
-0.00443 0.00812 0.00509 0.00141 0.00209 0.01110 0.01058, 0.00327 -0.00349 -0.00476
0.0023 0.00203 0.00071 -0.00213 -0.00041 0.00399 0.00620 0.00326 -0.00395 0.00331

0.0117% 0.01308 0.00544 0.00387 0.00234 -0.00131 -0.00686 -0.00899 -0.01449 -0.00552
-0.004 0.00381 -0.00150 -0.00425 -0.00407 0.00142 .°0:00145 0.00011 0.00065 -0.00036
0.0014 -0.00377 -0.01061 0.00145 -0.00680 0.00356 * 0.00786 -0.00003 -0.00785 -0.00015
0.0009 -0.00046 -0.00130 0.00012 -0.00511 -0,00415 0.01774 0.01511 0.00634 0.00103

0.0021 0.01149 0.00207 -0.00597 -0.01697 0.01133 0.00409 0.00307 0.00625 -0.00341
-0.001B5 -0.00120 -0.00286 -0.00065 0.00175(/,-0.00332 -0.00206 0.00458 -0.00494 0.00032

0.00419 -0.00080 0.00042 -0.00553 0.00667 -0.00079 -0.00148 -0.00047 -0.00114 -0.00043
-0.004/15 -0.01096 -0.01411 0.00782 0:00911 0.00301 0.00108 0.00301 -0.00459 -0.01355
-0.007p2 -0.01663 0.00665 -0.00800-\6:00952 0.00021 -0.00605 0.00804 0.00040 -0.00767
-0.000f0 -0.00255 0.00008 0.00094\.~-0.00347 0.00505 0.00399 -0.00214 0.00319 -0.00064
-0.005[19 0.00129 0.00444 0.00199 -0.00295 -0.00070 0.00338 0.00526 0.00066 -0.00398
-0.001R7 0.00067 -0.00361_':0.00203 0.01636 0.00656 -0.00244 -0.00530 -0.00926 0.00465

-0.002p4 -0.00755 0.01921%,0.00929 0.00078 -0.00545 0.00948 0.00684 0.00558 -0.00054
0.00041 -0.00183 -0.00318 -0.00807 0.00005 0.01402 -0.00302 0.00284 0.00492 0.00030

OT
U.IOO

D =~ N

X.3 Godebook Table for tbeExcFilterCB1_7b

theBxcFilterCBl 7b[128x10] =

0.09278 -0.04927 -0.1285 0.04224 0.19906 -0.11443 -0.17523 0.22302 0.13816 -0.28557
0.00011  -0.11068 -0.30536 -0.28212 -0.08996 -0.23144 -0.02353 0.01956 0.08163 0.15772
-0.0627  -0.05202 -0.09499 0.09656 0.09493 -0.07314 0.26034 0.12844 0.08331 -0.13683
0.07668 -0.02219 0.29456 0.17219 0.1365  -0.02633 0.02025 -0.0703 -0.0775 -0.36374
0.07061 -0.08168 -0.02593 -0.1945 -0.1438 0.01913 0.1581 0.13042 0.18332 0.03253
-0.04266 0.05446 0.04855 0.21232 0.34886 -0.04787 -0.14493 0.01559 0.20742 0.02468
0.29098 0.06383 0.1662 0.15719 0.14352 0.19807 0.09548 -0.05796 0.10414 -0.13189
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-0.11786 -0.08787 0.21436 0.22915 -0.07895 -0.16376 -0.24403 -0.12381 0.00463 0.18062
0.19711  -0.20348 0.03503 -0.24203 0.1465 0.01923 -0.25212 0.07296 -0.13447 0.06531
-0.20131 0.09759 -0.08098 -0.04882 -0.1088 -0.08122 0.14914 -0.10339 0.24513 -0.19795
-0.02871 0.24279 0.05725 0.07613 0.41804 0.19693 -0.01821 0.02656 -0.18997 -0.10614
-0.08732 -0.00701 0.29408 -0.07048 -0.21163 0.21397 0.09863 -0.24706 0.16062 -0.04952
-0.10538 -0.086 0.174 0.18545 -0.10238 0.14518 0.24527 -0.11161 -0.0553  -0.04299
-0.25925 -0.21043 0.1905 0.21659 -0.08269 -0.15606 0.20488 0.1939 -0.09604 -0.07044
0.0885  -0.01086 -0.01367 -0.06393 0.25061 -0.31779 0.27489 -0.04085 -0.00347 0.00237
043072 (015224 Q14707 Q47535 0 1665 014625 01943 045279 017186 0 1516
0.13914 0.13684 -0.11358 0.00496 0.19564 -0.11009 -0.05058 0.10552 -0.0155 -0.16635
-0.17303 0.30944 -0.16285 -0.12656 0.08875 0.01211 -0.22898 0.21767 -0.01427 0.01698
0.07809 -0.09757 0.16756 -0.11494 0.23395 -0.19899 0.18347 -0.1323 0.04415 0.00773
0.04403 -0.20143 -0.07105 -0.07592 -0.06155 -0.08754 0.09564 0.16468 0.30223 0.18032
-0.05453 -0.09441 0.07789 0.00663 -0.14208 0.21035 -0.11962 0.26739 -0.19667 0.23282
0.08878 0.06016 -0.03346 -0.10331 0.03731 -0.18329 0.12412 -0.15104 -0.10267 0.17931
0.13982 0.16001 0.10645 -0.09327 -0.15898 -0.17531 -0.24699 -0.12977 -0.03232 0.10249
0.17369 -0.22144 0.05599 0.04504 -0.19557 0.20916 -0.18563 0.05508 0.11578 -0.19359
0.11344 -0.14198 0.17441 -0.24905 0.07004 -0.21457 -0.06794 0.12604 -0.01816 (-0.41586
-0.28752 0.01574 -0.05318 -0.16036 -0.0289  0.33425 -0.2483 -0.03269 0.23887 )+ -0.0867
-0.20272 0.11303 0.01556 -0.09528 0.12476 -0.06551 0.18028 -0.15544 0.13792 -0.09292
0.32678 -0.34258 0.28105 -0.16207 0.15352 -0.04954 0.10858 -0.16012 018098 -0.18598
0.28576 -0.13167 -0.05888 0.41716 0.15788 -0.0209 0.05537 0.05957- -0.11597 -0.14661
-0.17519 -0.20084 -0.34181 -0.14418 0.04831 0.10175 0.14236 0.29364 /0.19556 0.13918
-0.01579 -0.17416 0.11269 -0.07107 0.06136 0.12149 0.38782 043322 0.17157 0.14254
0.60481 -0.16148 -0.15186 0.01878 -0.06836 -0.1074 -0.00005__-0:05971 0.05391 -0.02553
-0.10493 -0.14194 0.38099 -0.2901 0.22174 -0.09632 0.06112\.0.02876 -0.02286 0.07233
0.24364 -0.21663 -0.01911 0.0096 -0.11763 -0.24622 0.06394” 0.28675 -0.21145 -0.06453
-0.01379 0.17444 -0.27516 0.24924 -0.32361 0.20715 -0-46383 0.12124 0.00005 -0.04997
-0.11352 0.00839 0.2271 -0.09127 -0.06364 0.32364 <-0.00851 -0.10246 0.07668 0.1547
0.22745 0.42787 0.08653 0.20847 -0.02817 -0.01357) -0.23705 -0.11736 -0.08144 -0.11707
-0.06226 0.07085 -0.28589 -0.14047 -0.13638 0.0236 0.10832 0.14287 -0.098 -0.16612
0.2042 0.14631 -0.08956 0.14235 -0.096 0:04706 -0.11978 -0.18188 0.05349 -0.11259
-0.09417 0.15147 -0.09651 -0.14957 -0.00024, 0.05522 -0.12538 0.01834 0.25829 0.12862
0.16162 -0.06564 0.0067 0.18043 -0.06129 0.03649 0.03095 0.02585 -0.02912 0.06451
-0.28975 -0.345 0.01568 0.24021 018663 0.21627 0.01571 0.03578 0.11493 0.08829
-0.12705 0.04453 -0.13477 0.091 “0.01383 0.00159 -0.06496 -0.05362 -0.0394 -0.02151
-0.12755 0.14558 0.15106 -0.02064: -0.29887 0.16319 0.06857 0.0212 -0.2026  0.0259
-0.17117 -0.06328 -0.03136 -0.29652 -0.1893 -0.09838 0.0278 0.09643 0.10744 0.02357
0.053 0.18895 0.16667 -0:00416 0.1834 0.07217 0.19257 -0.04169 0.12714 -0.01619
-0.0752  -0.14532 -0.07175.,0.0769 0.24361 0.11323 -0.12563 -0.23458 -0.08666 0.05998
-0.05859 0.04079 0.18985" 0.09698 -0.19533 -0.24503 -0.00954 0.12981 0.21652 0.07806
-0.12002 0.28904 0101626 -0.24498 -0.0272 0.2128 -0.02151 -0.16347 -0.0967  0.20795
0.50418 0.08574/\0:22471 -0.04306 0.13474 -0.08671 -0.05666 -0.03676 -0.08459 -0.06769
0.02286 0.12102y ~ 0.29062 0.12411 0.08985 -0.16048 -0.12923 -0.07103 0.1419 0.0479
-0.10845 -0.02732 0.03072 0.0004 -0.12867 0.03644 -0.08572 -0.11518 -0.06929 -0.19148
-0.02748 {-0.17042 0.00163 0.22631 0.0142 -0.11956 -0.05735 0.21573 0.14477 -0.12457
-0.01568 )0.11073 -0.03985 0.04661 0.05849 -0.15079 -0.10682 0.05741 -0.18892 -0.14861
0.10846° 0.08849 -0.18109 0.07191 0.11123 0.11135 -0.22693 -0.13385 0.14867 0.2448
4.06086 0.07105 0.25679 0.21256 0.15673 0.00614 -0.14847 -0.27092 -0.16918 -0.08032
012908 -0.03723 0.03004  -0.20515 -0.02586 -0.09931 0.064 -0.34729 -0.24735 -0.01626
0.03513 -0.15752 -0.21218 -0.01513 0.10926 0.26235 0.13124 -0.05397 -0.12931 -0.164
0.32126  -0.43877 0.29727 -0.06329 -0.01772 -0.02293 0.0103 0.01445 -0.11286 0.15418
-0.01192 -0.07969 -0.12374 -0.17855 -0.23807 0.00419 -0.02184 0.06684 0.17852 0.29893
0.10326 0.19906 0.19395 0.15637 0.1055 0.11203 0.17639 -0.15675 -0.11169 -0.08789
-0.00384 -0.20679 0.14551 -0.33019 -0.05396 -0.1172 -0.03656 -0.19987 0.31038 -0.07446
-0.06342 -0.0733 0.17837 -0.02925 -0.3374 -0.07286 0.06349 0.08309 -0.04134 -0.18
0.18227 0.01978 -0.13399 0.13816 -0.07183 -0.09984 0.19717 -0.38523 0.24609 -0.14978
-0.15414 0.11149 -0.03078 0.18451 -0.00297 0.07744 -0.19722 0.13131 -0.32475 -0.17452
0.1621 0.19069 -0.01805 -0.19237 -0.31834 -0.15308 -0.24636 -0.04185 -0.09914 0.15125
0.03948 -0.06088 0.02126 0.10788 0.09653 0.02821 0.15783 0.31781 -0.08155 -0.0866
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-0.0929 -0.12616 0.15252 -0.0054 -0.13055 -0.06022 0.32783 -0.01737 -0.14561 0.16336
0.14679 -0.56493 -0.10632 0.04228 -0.05807 0.04268 0.09777 -0.03118 0.08026 -0.02373
0.11382 -0.10601 0.11797 -0.15816 0.18875 -0.24262 0.22059 -0.2419 0.16014 -0.16597
-0.24762 -0.1385 -0.0306 0.01652 0.2478  0.00461 0.04798 -0.13205 -0.17872 -0.27586
0.17452 -0.07422 -0.18426 -0.22858 0.17663 0.17637 0.01567 0.04839 0.17465 0.04414
0.21046 0.20266 -0.06857 0.13902 0.09125 0.15126 0.00066 0.25658 -0.11583 0.09393
0.09252 -0.15663 0.25566 -0.29825 0.20961 0.02225 -0.07936 0.18718 -0.0963 0.05259

-0.00489 0.30066 0.2113 -0.02953 -0.13884 -0.01595 0.07737 0.24748 0.00024 -0.24767
0.0832 01432 0.328290.23837 014868 002548 0.02908— 0.06394 017978 .0 17805

-0.284B3 0.09445 0.03269 -0.28991 0.28999 -0.15826 -0.07588 0.15063 0.02107 -0.09693
0.00549 -0.23991 -0.25147 0.0797 0.00099 -0.33922 -0.00358 0.05907 -0.00584 -0.06714
-0.314ft  -0.18801 -0.19762 -0.01455 -0.15881 -0.02694 -0.11556 0.15593 0.03082 0.07944
-0.171B2 -0.12576 -0.207 0.01487 -0.3132 0.07076 0.14413 -0.04814 0.07926 0.29518
-0.120B3 0.22381 -0.09037 -0.00754 -0.10236 -0.30394 -0.04741 -0.19619 0.0041 -0.02265
-0.135 -0.13959 -0.07177 0.04913 0.1705 0.29018 0.21969 0.12795 -0.08954 -0.1192

-0.020p9 -0.01349 0.18666 -0.11731 -0.0694 -0.01206 0.04575 -0.28522 0.06272 0.21929
0.05245 -0.24949 -0.07622 0.00994 0.12521 -0.20135 -0.23649 -0.0102 0.28374 -0.08653
0.02941 -0.11032 0.10028 -0.09118 0.02639 0.03435 -0.09569 0.1835 -0.23319 0.21404
0.24015 0.2126 -0.30559 -0.05484 0.21301 -0.21983 -0.07878 0.03676 -0.08183 -0.06813
-0.191p7 0.12845 -0.02812 -0.08852 -0.00023 0.05442 -0.23315 0.25718 -0.17648 0.04466
-0.279p1 -0.40209 0.03651 -0.23924 -0.0378 -0.03813 0.146 0.03969 0.01548 (0:10721

0.05144 0.3033 0.16359 -0.3031 0.18994 0.09423 -0.17393 -0.10583 0.15986 )-0.17391
0.28847 0.212 0.1482 0.07474 -0.0562 0.07817 0.09121 -0.0125 0.0249 0.10721

-0.108p1 -0.17472 -0.16074 0.01766 0.13904 -0.01032 -0.18168 -0.07163 0.0866 0.25212
0.06543 0.1732 0.18612 0.02844 -0.00684 0.05076 0.06633 -0.01868 \=0:36337 -0.00145
-0.203F3 0.17958 0.01276 -0.19623 0.25943 -0.20367 0.04363 0.1202 -0.23678 0.23433
-0.315[19 0.45586 -0.19958 0.15573 -0.01105 0.05693 -0.00513 -0.04786 0.04476 -0.07665
0.03913 0.01571  0.12931 -0.04987 -0.03622 0.12222 -0.12841 #0,06675 0.12739 -0.27043
0.19196 0.01555 -0.18623 -0.10338 0.10205 0.24427 -0.05114, -0.19983 -0.06205 0.23172
-0.048p6 0.06662 -0.05736 0.11138 0.14769 0.16176 0.18896 0.17452 0.16037 0.16983
-0.584p7 0.14411 0.15819 -0.02144 -0.05763 0.03507 0.07015 0.04073 0.00249 0.06873
-0.026p -0.16384 0.28281 -0.21409 0.01775 0.1954% . 0.24404 0.14437 0.01253 -0.14766
-0.159p7 0.18067 -0.22955 0.29121 -0.1669  0.04491 * 0.15167 -0.15487 0.01232 0.11974
-0.104p5 -0.17684 0.00579 -0.06413 -0.27576 -0,13528 -0.10478 -0.08135 -0.18969 0.04317
-0.055B1 0.07263 0.32632 0.25261 0.13853 (0.22197 0.05991 0.10931 -0.02463 -0.03771
-0.203p5 -0.07239 -0.09158 0.08176 0.07971(/,0.00478 0.08317 -0.05277 -0.01755 0.30809
0.08447 0.14641 -0.2379 -0.10917 0.17376 0.00504 -0.17479 -0.04727 0.13627 -0.02987
-0.025B9 -0.05581 -0.02698 0.18784 -0.07125 -0.21985 0.14818 -0.04534 -0.01314 -0.27353
0.10643 0.10494 0.03292 0.07779 \0:04558 0.19903 -0.1806 -0.25146 -0.218 -0.08735
-0.015p6 0.02393 -0.0587  0.18272\.~-0.04665 0.25365 0.03352 0.07832 0.31578 -0.18382
-0.134p9 0.00802 -0.06824 -0,14264 0.09786 0.14645 0.03437 0.25509 0.12065 -0.0047

-0.173F2 0.16471 -0.1458 _ 0,20169 -0.19102 0.23891 -0.15672 0.17025 -0.14625 0.17294
-0.150p6 -0.13882 -0.24174\-0.21843 -0.16274 -0.04953 -0.15773 -0.11578 0.05515 0.00516
0.1724 -0.16682 -0.185417 0.17506 0.00449 -0.19161 0.13069 -0.01691 -0.16014 0.14568
0.25916 -0.21056 ,0.2534 0.02887 -0.1987 0.19963 -0.21138 0.09373 -0.1072 -0.05951
0.04409 0.16961¢ 014393 0.18203 -0.00318 -0.15294 0.14754 -0.08258 -0.39253 0.05379
-0.290B8 0.21829) -0.18293 -0.05882 0.23213 -0.21198 0.2196 -0.17126  0.10365 0.07923
0.17319 0.04236 -0.20095 0.24801 -0.04809 -0.17663 0.2164 -0.1322  -0.05155 0.19464
0.305 -0:09919 -0.29554 0.13626 -0.13423 0.12329 -0.27827 0.21269 -0.14658 0.06335
0.1474 0.19249 0.04762 -0.09385 -0.16885 -0.22736 -0.04003 0.12119 0.21066 _ 0.20016

w

0.16428 -0.23129 0.09663 0.16263 -0.18679 0.0795 0.0932 -0.21933 0.16027 0.06644
0.33437 0.09924 -0.0745 -0.3394 -0.21713 0.03763 0.16516 0.02988 0.01462 -0.08174
0.05556 0.1579 -0.10683 -0.23347 -0.02877 0.17658 0.2735 -0.04794 -0.19388 -0.06425
0.19943 0.08925 0.13219 -0.00961 -0.05766 -0.26293 -0.24305 -0.23162 -0.16636 -0.25138
0.27138 -0.13496 -0.01964 0.30839 -0.36682 0.11144 0.11409 -0.07192 -0.13701 0.09785
-0.23936 -0.16826 0.22517 -0.12862 0.14949 0.15623 0.08161 -0.08912 0.05373 -0.14484
0.01871 0.10768 0.03986 0.20721 0.07845 -0.16446 -0.10902 0.16222 -0.18383 0.00369
0.21345 -0.22268 0.07646 0.1023 -0.22599 0.20325 -0.10195 -0.10515 0.20697 -0.13575
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-0.04869 -0.07865 -0.12637 -0.00702 -0.06357 -0.11804 -0.19936 -0.23968 -0.09776 0.0579
-0.0791  0.0253  -0.0595 0.08575 0.01864 0.07607 -0.15311 0.29688 -0.13386 0.16496
-0.0944  0.25161 -0.35154 0.16061 0.06074 -0.1722 0.1042 0.15929 -0.18229 0.19977

X.4 Codebook Table for tbeExcFilterCB2_4b

tbheExcFilterCB2_4b[16x6] =

-0.20232 0.19847 -0.096441 0.20558 0.1712 0.14251
0.18595 -0.059879 0.22704 0.098489 -0.21216 0.1781
0.14201 0.13805 0.18921 0.10948 0.21574 -0.19181
-0.15192 -0.20135 -0.16245 0.15589 -0.20001 0.15736
0.11894 -0.22244 0.10315 0.20449 0.19699 0.16757
-0.18169 -0.1969  0.21968 -0.17568 0.08214 -0.073996
-0.17077 0.094474 -0.016721 -0.21172 -0.22251 0.20939
0.17044 0.1361 -0.21435 0.22042 -0.11153 -0.1802
0.10768 -0.21295 -0.17889 -0.2272 0.16925 0.12479
0.19545 0.18475 0.06574 -0.22264 -0.15453 -0.17849
0.15459 -0.24222 -0.0084513 -0.081542 -0.17888 -0.22024
-0.19043 0.14675 -0.20002 -0.19699 0.063592 -0.17998
0.019109 0.1948 0.21405 -0.15812 0.19539 0.19374
-0.18862 0.13162 0.18746 0.17667 -0.21274 -0.12737
0.2333 0.18153 -0.21589 -0.0058148 0.043154 0.1992
-0.11754 -0.19539 -0.15312 0.1694 0.18711  -0.20856

X.5 Codebook Table for SHBCB_SubGain5bit

SHBCB_SubGain5bit[32x4] =
0.21132, 0.8919, 0.25073, 0.24781, 0.49109, 0.36892, 036424, 0.68769, 0.31642, 0.39282, 0.50357, 0.69143, 0.14538, 0.
0.61508, 0.72523, 0.55597, 0.40693, 0.5515, 0.4636, 0.32782, 0.35346, 0.71621, 0.48607, 0.47823, 0.75732, 0.28454, 0.30591, 0
0.20099, 0.17145, 0.15627, 0.46125, 0.40196, 0.53871,,0:57318, 0.81196, 0.33227, 0.32905, 0.32359, 0.27682, 0.63987, 0.274, 0
0.55515, 0.50701, 0.48201, 0.44507, 0.47378, 047841, 0.60912, 0.41031, 0.66645, 0.45733, 0.47489, 0.33369, 0.28321, 0.
0.31331, 0.83754, 0.72424, 0.24507, 0.26089, 0.56661, 0.50327, 0.28639, 0.75435, 0.26554, 0.55363, 0.61005, 0.4572, 0.
0.11637, 0.11819, 0.15457, 0.96163, 0.49218, 0.58968, 0.40155, 0.49174, 0.33193, 0.70435, 0.4566, 0.40953, 0.41897, 0.
0.45016, 0.58571, 0.30084, 0.55935, 0.69881, 0.28529, 0.35628, 0.51005, 0.57418, 0.52403, 0.19211, 0.20635, 0.90755, 0.
0.7371, 0.23927, 0.56338, 0.24211, 064261, 0.38355, 0.435, 0.49054, 0.7583, 0.53387, 0.27663, 0.20498, 0.53563, 0.46946, 0.
0.54153, 0.47413, 0.49108, 0.51251, 0:50223, 0.6421, 0.52116, 0.34328, 0.43333, 0.4512, 0.57399, 0.51208, 0.44725

X.6 Codebook Table for SHBCB_GainFrame5bit
SHBCB_GainfFrame5bit[32] =
0.001011, 0.003713, 0.015517, 0.060132, 0.120586, 0.195489, 0.281113, 0.379025, 0.492374, 0.620740, 0.764047, 0.924080, 1.4

1.290460, 4,498303, 1.724956, 1.972520, 2.246851, 2.565094, 2.935901, 3.376749, 3.924642, 4.601801, 5.425421, 6.469817, 7.
10.28801,,13.60010, 15.98213, 26.88470, 52.42506, 104.3400

X7 Codebook Table for win_flatten

P0545,
93541,
64008,
B0804,
B1771,
b2221,
P4599,
14187,

98318,
49088,

win_flatten[128] =

0.000088034, 0.000476116, 0.001169363, 0.002150485, 0.003429115, 0.005010492, 0.006898746, 0.009062795,
0.011521152, 0.014280317, 0.017346705, 0.020672203, 0.024285616, 0.028196360, 0.032413006, 0.036865973,
0.041598847, 0.046624415, 0.051953217, 0.057488784, 0.063295004, 0.069388114, 0.075780325, 0.082343259,
0.089166444, 0.096269593, 0.103666288, 0.111191524, 0.118965557, 0.127011578, 0.135344218, 0.143757482,
0.152407144, 0.161319848, 0.170510936, 0.179729455, 0.189171151, 0.198866047, 0.208829871, 0.218763164,
0.228905716, 0.239290834, 0.249934286, 0.260485032, 0.271230554, 0.282207315, 0.293430784, 0.304495752,
0.315740588, 0.327204751, 0.338903073, 0.350374111, 0.362009827, 0.373852485, 0.385915952, 0.397681021,
0.409595440, 0.421704067, 0.434019475, 0.445963724, 0.458042003, 0.470301524, 0.482753259, 0.494760120,
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0.506885848, 0.519179745, 0.531650889, 0.543603194, 0.555659506, 0.567870932, 0.580244380, 0.592025487,
0.603896179, 0.615909077, 0.628068660, 0.639563560, 0.651134210, 0.662834422, 0.674666017, 0.685762445,
0.696921498, 0.708197860, 0.719590484, 0.730179986, 0.740819828, 0.751565232, 0.762412100, 0.772391076,
0.782409064, 0.792521481, 0.802721036, 0.811991726, 0.821291165, 0.830674628, 0.840131507, 0.848602932,
0.857094007, 0.865659523, 0.874285468, 0.881874298, 0.889474928, 0.897141336, 0.904856044, 0.911487394,
0.918124024, 0.924818762, 0.931550652, 0.937158805, 0.942767102, 0.948426913, 0.954113807, 0.958642835,
0.963168312, 0.967739839, 0.972329565, 0.975733870, 0.979132398, 0.982572706, 0.986023587, 0.988268182,
0.990506116, 0.992782769, 0.995064351, 0.996124740, 0.997178979, 0.998271140, 0.999365251, 0.999935699

X.8 Godebook Table for RVEC

0.021¢4473, 0.35885197, -0.16274954, -0.08241354, 0.07313631, -0.00054929, -0.13080014, 0.07226136,
-0.139p5981, -0.04834007, -0.02745908, -0.02867859, 0.11216793, 0.16604294, -0.00134274, 0.06818508,
-0.173B7933, 0.09406016, -0.08150196, 0.05083200, -0.01952806, -0.10203217, -0.03067050, -0.05153965,
0.06240680, 0.00859049, -0.12008808, -0.11361376, 0.17176038, 0.01174004, -0.02275130, -0.09895785,
-0.101p7463, -0.22059087, -0.05334539, -0.00629700, -0.16706355, 0.07795000, 0.08731710, 0.09669208,
0.15348080, 0.01794813, -0.01549965, -0.24923822, 0.19985947, -0.10477958, 0.06674605, -0.11186616,
-0.179p7034, 0.08443811, 0.25542912, 0.03167623, 0.19633667, 0.19163096, 0.01907267, 0.12298489;
-0.031¢7158, 0.05562247, 0.30200079, -0.04257871, 0.08275045, -0.03386311, -0.02265750, 0.18742503,
-0.135p8505, -0.32004824, -0.00438390, -0.15576170, 0.06006401, -0.00952147, 0.18848655, 0.06630960,
0.07141546, -0.00733249, 0.08277771, 0.22764891, 0.06772452, -0.09509693, -0.00172236,,0.08452052,
0.17040901, -0.03737585, 0.02349647, 0.10855560, 0.06854416, 0.07084806, 0.09390105, 0100124924,
0.03046483, -0.15169589, 0.01347072, -0.15377805, 0.14992996, 0.11630810, 0.03483583;" -0.03914850,
-0.200f5595, 0.12728901, -0.04495851, -0.11576717, -0.15281813, 0.06055827, -0.034/4978, -0.03617816,
0.17230885, 0.03094525, -0.15618153, 0.21792564, 0.08106838, -0.22098514, -0.10796417, 0.07131225,
0.22092983, -0.01539366, -0.02876964, -0.30910203, 0.02143815, -0.11630868,'-0:00922897, 0.07431208,
0.15533504, 0.11425125, 0.07125455, -0.11914105, -0.04275274, -0.05072749; -0.22143129, 0.19787727,
-0.20906717, -0.16564523, 0.05962536, -0.22325630, -0.04333350, -0.047.07248, 0.16608582, 0.00948954,
0.112§43893, -0.04097161, -0.09076904, 0.26722300, 0.00987607, -0-06807892, 0.07872546, 0.08040629,
0.12947419, -0.05647410, 0.09603068, -0.02356448, -0.02160797,,-0:11687102, 0.07936122, -0.05764586,
-0.105/10305, -0.02326054, 0.12021790, 0.09782617, -0.22600858,-0.02555378, -0.03561033, -0.01337216,
0.11311363, -0.03096960, -0.22801498, 0.05643769, 0.13053033, 0.04452197, -0.09299882, -0.11475921,
0.02247649, -0.21770498, -0.11454470, -0.09435777, 0.00638951, -0.36990553, 0.04266735, 0.06915011,
0.07644624, -0.24336053, -0.03421960, -0.10622191, 0417223521, 0.04054553, 0.13831380, 0.02925055,
0.162(7848, -0.12994884, -0.09751288, -0.05397306,:0.09323815, 0.13425350, -0.00046960, 0.31072289,
0.13740718, 0.05835414, -0.04803475, 0.15423043, -0.09652353, 0.14896898, -0.16368309, 0.05875925,
-0.036f8078, -0.19627908, 0.07034992, -0.27213186, -0.04338680, 0.01567988, -0.09158870, 0.11987700,
0.07043926, 0.01099900, -0.01084446, 0.04508050, -0.10655984, -0.13945042, 0.05837287, 0.08458713,
-0.042/12087, -0.15749574, 0.11632514,,0.07976698, 0.06725866, -0.09567240, 0.03796997, -0.09355708,
-0.135p9611, -0.19498724, 0.14951572; -0.16023041, 0.04185898, 0.06099325, 0.03425207, 0.16211477,
0.039948571, -0.03629408, -0.10099959, 0.19540504, 0.11653102, 0.23601755, 0.04943547, -0.26040605,
0.021493429, 0.22880882, -0:18646534, 0.03881640, -0.02896636, 0.09774253, -0.13509314, -0.08713179,
0.13445038, 0.06968338,( 0419561967, 0.07884958, -0.10365590, -0.10321335, -0.09081125, -0.00147976
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6 Joint Channels for Low Bitrate Coding

In Table 10 — Syntax of mpegh3daChannelPairElementConfig() replace:

if(shiftindex1 > 0) {
shiftChannel1; nBits"

if (shiftindex1 > 0) {
shiftChannel1; nBits™

}
if (sbrRatiolndex == 0 && qcelndex == 0) {
IpdStereoindex; 1
}else {
IpdStereolndex = 0
}

In Table 32 — Syntax of mpegh3daCoreCoderData () replace:

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

with:

for (ch = 0; ch <nrChannels; ch++) {
if (core_mode[ch] == 1) {
if (IpdStereolndex == 1 && ch == 1 && core_mode[0] == 1) {
Ipd_stereo_stream(indepFlag);
Yelse {
Ipd_channel_stream(noiseFilling, fullbandLpd, indepFlag);
}

Add following new table in 5.2.3.2:

bslbf

Table AMD3.1 — Syntax of Ipd_stereo_stream()

Syntax No. of bits

Mnemonic

Ipd_stereo_stream(indepFlag)
{
for(1=0,n=0; | <ccfl; | += M, n++){
res_mode; 1
q_mode; 1
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ipd_mode; 2 uimsbf
pred_mode; 1 uimsbf
cod_mode; 2 uimsbf

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 =1; k>=0; k--) {
if (g_mode ==0 || k == 1) {
for (b = 0; b < nbands; b++) {

ild_idx[2n+k][b]; 5 uimsbf
}
for (b = 0; b <ipd_band_max; b++) {

ipd_idx[2n+k][b]; 3 uimsbf
}

if (ored_mode == 1) {
for (b = cod_band_max; b < nbands;b++) {

pred_gain_idx[2n+k][b]; 3 uimsbf
}
}
}
}
if (cod_mode == 1) {
cod_gain_idx[2n+k]; 7 uimsbf
for (i=0;i<cod L/8;i++){
code_book _indices(i, 1, 1);
}
}

Add the following new subclauseat the end of 5.5:

5.5.x|LPD Stereo Coding
5.5.x]1 Tool description

LPD Etereo is adiscrete M/S stereo coding, where the Mid-channel is coded by the mono LPD core coder and
the Side signal"coeded 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 jcembined in this domain with the decoded channels from the FD mode. FD mode uses its own stereo

tools, T.e. discrefe stereo with or without complex prediction described in ISO/TEC 23003-3:20712, subclause
7.12.

5.5.x.2 Data Elements

Ipd_stereo_stream() Data element to decode the stereo data for the LPD mode

IpdStereolndex Flag which indicates if LPD stereo is activated.
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res_mode Flag which indicates the frequency resolution of the parameter bands.

q_mode Flag which indicates the time resolution of the parameter bands.

ipd_mode Bit field which defines the maximum of parameter bands for the IPD
parameter.

pred_mode Flag which indicates if prediction is used.

cod_mode Bit field which defines the maximum of parameter bands for which the.side

signal is quantized.

lid_idx[k][b] ILD parameter index for the frame k and band b.
Ipd_idx[k][b] IPD parameter index for the frame k and band b.
pred_gain_idx[k][b] Prediction gain index for the frame k and band b.
cod_gain_idx Global gain index for the quantized side signal.
fullBandLpd Flag which indicates if LPD mode is in full bard mode.

5.5.x.3 Help Elements

ccfl Core code frame length.

M Stereo LPD frame length‘as defined in Table AMD3.2.
band_config() Function that returns the number of coded parameter bands.
band_limits() Function that returns the number of coded parameter bands
max_band() Functionthat returns the number of coded parameter bands
cod L Number of DFT lines for the decoded side signal.

5.5.x.4 Decoding Process
5.5.x.4.1 General

The stereo decoding is performed in the frequency domain. It acts as a post-processing of the LPD decoﬂer. It
receives from.the LPD decoder the synthesis of the mono Mid signal. The Side signal is then predictedl and
decoded-infrequency domain. Left (L) and right (R) channel spectrums are then reconstructed in freqiency
domain-before being resynthesized in time domain. LPD stereo works with a fixed frame size equal to th¢ size
of thetACELP frame independently of the coding mode used in LPD mode.

55.x.4.2 Frequency analysis

The DFT spectrum of the frame index i is computed from the decoded frame x of the Mid signal of length M as
follows:

N-1
X;[K] = Z wln] - x[i-M+n— L] - e-2mkn/N
where N is the size of the signal analysig,zw is the analysis window and x the decoded time signal 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
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the overlap size of the DFT. The sizes are depending whether the LPD mode is running in full-band mode as

defined in Table AMD3.2.

Table AMD3.2 — DFT and frame 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:
in [ — +—1 for0<n<L
sin ﬂ (n E) oruvsn
wn] =<1 forL<n<M

5.5.x
The

the
Rect

The
code

func
band
nban
whil

if

}

}
}

nban
band
retu

wher
band|
resol

[ . n( 1)
(1 — Z <
ksm oL L M+n+2 forM<n<M+1L

4.3 Configuration of the parameter bands
DFT spectrum is divided into non-overlapping frequency bands calléd-parameter bands. The partitioning

pectrum are possible with bandwidths following roughly .either two or four times the Equivalent
ngular Bandwidths (ERB).

of thI spectrum is non-uniform and mimics the auditory frequency decomposition. Two different divisions of

Epectrum partitioning is selected by the data elementtés_mode and defined by the following pseudo-

Fion nbands = band_config(N, res_mod)

| limits[0] = 1;

s = 0;

b(band_limits[nbands++] < (N/2)) {
(stereo_lpd_res == 0) {

band_limits[nbands] = band_limits_erb2[nbands];
plse {

band_limits[nbands] = band *Limits_erb4[nbands];

Ns—-;
| limits[nbands] =
'n nbands

N/2;

b nbands istthe total number of parameter bands and N the DFT analysis window size. The tables
| limits_erb2 and band_limits_erb4 are defined in Table AMD3.3. The decoder can adaptively change the
ition of the parameter bands at every two LPD stereo frames.
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Table AMD3.3 — Parameter band limits in term of DFT index k

Para_meter 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 maximum number of parameter bands for IPD is sent within the 2 bits field ipd_mode data element:
ipd_max _band = max band[res_mode][ipd_mode]

The maximum number of parameter bands for‘the coding of the Side signal is sent within the 2 bitd field
cod_mode data element:

cod_max _band = max_band[res_mode][cod_mode]
The table max_band[ ][ ] is defined in Table AMD3.4.

The number of decoded lines to expect for the side signal is then computed as:

cod_L = 2 - (band_limits[cod_max_band] — 1)

Table AMD3.4 — 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

The stereo parameters Interchannel Level Differences (ILD), Interchannel Phase Differences (IPD) and
prediction gains are sent either every frame or every two frames depending of flag q_mode. If g_mode equal
0, the parameters are updated every frame. Otherwise, the parameters values are only updated for odd
indices i of the LPD stereo frame within the USAC frame. The index i of the LPD stereo frame within a USAC
frame can be either between 0 and 3 in LPD version 0 and between 0 and 1 in LPD version 1.

The ILD are decoded as follows:

© ISO/IEC 2017 — Al rights reserved 167


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

ILD;[b] = ild_q[ild_idx[i][b] ],for 0 < b < nbands
The IPD are decoded for the ipd_max_band first bands:

IPD, [b] = %- ipd_idx[i][b] — 7, for0 < b < ipd_max _band
The prediction gains are only decoded if pred_mode flag is set to one. The decoded gains are then:

d . [b] = { ,for0 < b < cod_max_band
pred_gain; — lres pred gain qlpred gain idx[il[b]] .for cod max band < b < nbands

If the|pred_mode is equal to zero, all gains are set to zero.

Indepgendently of the value of g_mode, the decoding of the side signal is performed every frame-if
codel mode is a non-zero value. It first decodes a global gain:

cod_gain; = 10coagain,idx[i]/(zo-%)

The decoded shape of the Side signal is the output of the AVQ described in ISO/IEG23003-3:2012,
subclause 7.12.

cod_L

S;[1+ 8k + n] = kv[k][0][n],for0 <n < 8and0 <k <

Table AMD3.5 — Inverse quantization table ild_qf]

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
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
14 -2 30 50
15 0 31 reserved

Table AMD3.6 — Inverse quantization table res_pres_gain_q[]

index output

0
0.1170
0.2270

0.3407

0.4645

0.6051

0.7763
1

NN~ |O

5.5.x.4.5 Inverse channel mapping

168 © ISO/IEC 2017 — Al rights reserved


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

The Mid 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],
where the gain g per parameter band is derived from the ILD parameter:

g = <2 where ¢ = 10/LPilb1/20,
c+1

For parameter bands below cod_max_band, the two channels are updated with the decoded Side signal:

L;[k] = L;[k] + cod_gain; - S;[k], for1 < k < band_limits[cod_max _band],
R;[k] = R;[k] — cod_gain; - S;[k], for1 < k < band_limits[cod_max _band],

For higher parameter bands, the side signal is predicted and the channels updated as:

L;[k] = L;[k] + pred_gain;[b] - X;_,[k], for band_limits[b] < k < band_limits[b + 1],
R;[K] = R;[k] — pred_gain;[b] - X;_1[k], for band_limits[b] < k < band.limits[b + 1],

Finally, the channels are multiplied by a complex value aiming to restore the-original energy and the
channel phase of the original stereo signal. First, absolute values a[k] are.¢omputed for each frequency:

_ |y, xPIK
alkl = 2" tZpenig
before being employed on the left and right spectra in combination with a rotation angle B:

Li[k] = a[k] - €/?™F - L;[k], for band_limits[b] < k < band_limits[b + 1],
R;[k] = a[k] - e/*™F - R,[k], for bantd’ limits[b] < k < band_limits[b + 1],

where a[k] are bound to be between -12 and.42dB, and where 3 = atan2(sin(IPD;[b]), cos(IPD;[b]) + ¢
where atan2(x,y) is the four-quadrant inverse.fangent of x overy.

5.5.x.4.6 Time domain synthesis

inter-

, and

From the two decoded spectrums L and R, two time domain signals, | and r, are synthesized by an inyerse

DFT:
N/2 N-1
1 2mjkn 2mjkn
li[n]=ﬁ Lilk]l-e N + L*IN—k]-e N |, forO<n<N
k=0 k=¥+1
/ N/2 N-1 \
1 2mjkn 2mjkn
ri[n]zﬁl Ri[k]-e N + R[N —k]-e N l, for0<n<N
= ]

where * denotes the complex conjugation.
Finally an overlap-add operation allows reconstructing a frame of M samples:

. 1 Li_1M+n]-wlL—1—-n]+[n] -wn],foro<n<L
Hi-M+n L]_{li[n] JdforL<n<M
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i1 M +n]-w[L—1—n] +nrn] -wln],foro<n<L

r[l.M+n_L]:{ri[n] dforL<n<M

5.5.x.4.7 Post-processing

The bass post-processing is applied on two channels separately. The processing is for both channels the
same as described in ISO/IEC 23003-3:2012, subclause 7.17.

5.5.x]4.8 Transition from FD mode

The fransitions from FD to LPD mode are done first on the decoded Mid signal as in mono case. It is achieved
by argificially creating a Mid-signal from the time domain signal decoded in FD mode.

ccfl
x[n—ccfl/2] =05 l;_1[n] + 0.5 1;_;[n],forccfl < n < Tf +L_fac

This pignal is then conveyed to the LPD decoder for updating the memories and applying the FAC decoding
as it|is done in the mono case for transitions from FD mode to ACELP. The processing is described in
ISO/IEC 23003-3:2012, subclause 7.16. In case of FD mode to TCX, a conventional-Overlap-add is performed.
The LLPD stereo decoder receives as input signal a decoded Mid signal where_the-transition is already done.
The gtereo decoder outputs then a left and right channel signals which overlap 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
chanpels:

l
l n—ﬂ-i-L_fac]
2
ccfl
li_q[ccfl +n] ,for0<n< T—L_fac—L
= ccfl
li_q [CCfl +T— L fac—L+ n] W]L —1—n]+ [;[n]-w[n],for0<n<L
1;[n] JforL<n< M
ccfl T
r[n——+L_fac
2 |
ccfl
Ti_q[ccfl + n] ,for0<n< T—L_fac—L
= ccfl
Ti_q Ccfl+T—L_fac—L+n]-W[L—l—n]+ri[n]-w[n],for0Sn<L
r;[n] JforL<n< M

A schematic illustration of the transitions is depicted in Figure AMD3.1 in case LPD is in full-band mode where
M=cdfl/2.
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Cross- Time
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FD decoded stereo channels

Figure AMD3.1 — Schematic representation of the transition
from FD to LPD mode with LPD stereo.

5.5.x.4.9 Transition to FD mode

For transitions from LPD mode to FD mode, an extra frame is decoded by the LPD stereo decoder. Th
signal coming from the LPD decoder is extended with zero for the frame index i=ccfl/M.

x[i-M+¥n—-L],for0<n<L+2-L_fac

0 JdforL+2-L fac<sn<M

The stereo decoding as described in the previous sections is performed by holding the last stereo param
and by switching off the Side signal inverse quantization, i.e. code_mode is set to 0. Moreover the righ
windowing after the inverse DFT is not applied.

x[i-M+n—L]={

The resulting left and right channels are then combined to the FD mode decoded channels of the next {
by using an overlap-add processing in case of TCX to FD mode or by using a FAC for each channel in ca
ACELP to FD mode.

A schematic illustration_of the transitions is depicted in Figure AMD3.2 in case LPD in full-band mode
M=ccfl/2.
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Usac frame (ccfl size)

o Usac frame (ccfl size)——>
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Figure AMD3.2 — Schematic representation of the transition
from LPD to FD mode with LPD stereo.
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7 Discrete Multi-Channel Coding Tool
Add new subclause at the end of 5.2.2 and add the following Tables:

5.2.2.X Extension Element Configurations

Table AMD4.1 — Syntax of MCTConfig(),

o 4 loid. W] H
A ALLIZZY VIS IVITTCTTTUTITG

MCTConfig()
{

nMCTChannels = 0;
for(chan=0;chan < bsNumberOfSignals[grp]+1; chan++) {
mctChanMask[chan]; 1 uimsbf
if(mctChanMask[chan] > 0) {
mctChannelMap[nMCTChannels]=chan;
nMCTChannels++;

}

!
NOTE: The corresponding ID_USAC_EXT element shall be prior to any audio element of the
corresponding signal group.

At the end of 5.2.3.3 add the following Tables:

Table AMD4.2 — Syntax of MultichannelCodingBoxRotation()

Syntax No. of Bits Mnemonic
MultichannelCodingBoxRotation()
{
if (keepTree == 0) { NOTE 1)
channelPairindex; nBits
}
else {
channelPairindex=lastChannelPairlndex;
}
hasMctMask; 1 uimsbf
hasBandwiseAngles; 1 uimsbf

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

isMCTShort; 1 uimsbf
numMaskBands; 5 uimsbf
if (isMCTShort) {

numMaskBands = ni |m|\/|9el<R9nr1Q*R;

windowsPerFrame =8;
}
}else {
numMaskBands = MAX_NUM_MC_BANDS;
}
if (hasMctMask) {
for(j=0;j<numMaskBands;j++) {
mctMask([j]; 1 uimsbf
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}
}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 viclbf
}
else {

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

hcod_angle[dpcm_betalj]]; 1..10 viclbf

}

}

NOTE 1) nBits = max(1, floor(log2(nMCTChannels - (nMCTChanngls<1)/2 — 1))+1)

Table AMD4.3 — Syntax of MultichannelCodingBoxPrediction()

Byntax No. of Bits Mnemonic

MultichannelCodingBoxPrediction()

if (keepTree == 0) { NOTE 1)
channelPairlndex; nBits uimsbf
}
else {
channelPairlndex= lastChannelPairindex;
}
hasMctMask; 1 uimsbf
hasBandwiseCoéff; 1 uimsbf

windowsPerkrame =1;
if (hasMctMask || hasBandwiseCoeff) {

isMCTShort; 1 uimsbf
numMaskBands; 5 uimsbf
if (isMCTShort) {

numMaskBands = numMaskBands*8;

windowsPerkFrame =¢;
}
}else {
numMaskBands = MAX_NUM_MC_BANDS;
}
if (hasMctMask) {
for(j=0;j<numMaskBands;j++) {
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mctMask([j]; 1 uimsbf
}
}else {
for(j=0;j<numMaskBands;j++) {
mctMask[j] = 1;
}
}
pred_dir; 1
If(indepFlag > 0) {
mct_delta_time = 0;
} else {
mct_delta_time; 1 uimsbf
}
if (hasBandwiseCoeff == 0) {
hcod_sf[dpcm_alpha_q_re[0]]; 1.19 viclbf
}
else {
for(j=0;j<numMaskBands;j++) {
if (mctMask([j] ==1) {
hcod_sf[dpcm_alpha_q_re[j]ll; 1.19 viclbf
}
}
}
!
NOTE 1) nBits = max(1, floor(log2(nMCTChannels - (hMCTChannels-1)/2 — 1))+1)

Table AMD4.4 — Syntax-of MultichannelCodingFrame()

Syntax

No. of bits | Mnemonic

MultichannelCodingFrame()
{
MCTSignalingType;
if (indepFlag == 1) {
keepTree = 0;
} else {
keepTree;
}
if (keepTree==0) {
numPairs = escapedValue(5,8,16);
}
else. {
numPairs = lastNumPairs;
¥
MCTStereoFilling = 0;
if (MCTSignalingType > 1) {

MCTSianalinalvne = MCTSianalinalTvne
o AgRaHRg+yP o+ AgHRaHRg P

2 uimsbf

1 uimsbf

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

MultichannelCodingBoxPrediction();

© ISO/IEC 2017 — All rights reserved
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}
if (MCTSignalingType == 1) { /* tree of rotation boxes */

MultichannelCodingBoxRotation();
}

In Table 34 replace

if (lcommon_window) {
ics_info();

}

if (tw_mdct && lcommon_tw) {
tw_data();

}

scale_factor_data();

if (enhancedNoiseFilling) {

igf_AllZero

igf_level(igf_AllZero, indepFlag);

if (ligf_AllZero) {
igf_data(indepFlag);

}else {
igfPrevTileldx = {3};
igf_PrevWhiteningLevel = {0};

with

if (lcommon_window) {
ics_info();

}

if (tw_mdct &&Tecommon_tw) {
tw_data();

}

if (indepFlag) {
prev_aliasing_symmetry;
Jelse {

1 uimsbf
0... NOTE

1 uimsbf

prev_aliasing_symmetry = curr_aliasing_symmetry,

}
curr_aliasing_symmetry;

scale_factor_data();

if (enhancedNoiseFilling) {
igf_AllZero;

176
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igf_level(igf_AllZero, indepFlag); 1 uimsbf

if (tigf_AllZero) { 0... NOTE
igf_data(indepFlag);

}else {

igfPrevTileldx = {3};
igf_PrevWhiteningLevel = {0};
igf_WhiteningLevel = {0};

3~

Add the following new subclauses ““5.5.X Multichannel Coding Tool’” at the end of-subclause 5.5:
5.5.X Multichannel Coding Tool
5.5.X.1 Tool description

The Multichannel Coding Tool (MCT) is a method for joint coding of multiple channels for more efficient cpding
of time-variant horizontally and vertically distributed channels.

5.5.X.2 Terms and Definitions

Help elements:

mctChanMask[chan] Indicates the use’/of the tool for a certain channel according to Table AMP4.5.
The value of m¢tChanMask[chan] shall be 0 for any LFE channel.

Table AMD4.5 — mctChanMask

mctChanMask Meaning
0 Multichannel coding tool not applied
1 Multichannel coding tool applied
channelPairindex A list of channel pair indices for each pair of channels processed by the NICT.

The channelPairlndex is decoded to two channel indices with
decode_channel_pair_index().-

hasMctMask Indicates the transmission of a mask that indicates the use of the tool for
certain scale factor bands.

Table AMD4.6 — hasMctMask

hasMctMask Meaning
0 MCT is applied to all bands
1 A mask indicating the usage of MCT per
band is transmitted

hasBandwiseAngles Indicates whether a single angle or multiple angles are transmitted.

hasBandwiseCoeff Indicates whether a single prediction coefficient or multiple prediction
coefficients are transmitted.
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isSMCTShort Indicates whether the current processing is applied to a frame containing eight
sub-windows.

Table AMD4.7 — isMCTShort

isMCTShort Meaning

Stereo parameters applied to one

0 MDCT frame
1 Stereo parameters applied to eight
MDCT sub-windows
numMaskBands The number of processing bands that are processed by MCT.
pair The index of the currently processed stereo processing box.
band A stereo processing band containing two scalefactor bands.
mctMask [band] Indicates the activity of the MCT for a certain parameter-band within a certain

parameter pairing.
mct_gelta_time Indicates the coding scheme used for the MCT parameters:

Table AMD4.8 — mct_delta_time

mct_delta_time Meaning
0 frequericy differential coding of MCT
parameters
1 time differential coding of MCT
parameters
hcod| angle[ ] The Huffman cade book for angles.
dpcn]_beta[band] The differentially encoded angle to be applied.
dpcn_alpha_q_re[band] The differentially encoded prediction coefficient to be applied.
pred |dir Indicates the direction of prediction according to ISO/IEC 23003-3:2012,
Table 120.
DEFAULT_ALPHA Initialization value for stereo prediction, equal to 0.
DEFAULT_BETA Initialization value for rotation angle, equal to 48.
MAX[NUM_MC, BANDS Maximum number of MCT bands, equal to 64.
MCTBpignalingType The type of signaling MCT data.
keepTree Indicates whether to use the same tree of channel pairs as in the previous
frame.
numPairs The number of MCT channel pairs. The maximum number of MCT channel

pairs per signal group shall not exceed
(nMCTChannels - ( nMCTChannels -1) / 2) of that signal group.

nMCTChannels The number of active MCT channels, where mctChanMask[chan] ==1.
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5.5.X.3 Decoding process
5.5.X.3.1 General

In case an element with usacExtElementType ID_EXT_ELE MCT belongs to the currently processed signal
group, the affected channels according to mctChanMask[] shall be decoded by the MCT. Here, the

EXteTTSOTT Bterment wittr usacEX tEtementType 1D EXT_ELE_MCT sttt bewritterr beforeany audio gfgment
of a certain signal group.

The decoding of the Multichannel Coding Tool (MCT) is performed in multiple steps as follows:
5.5.X.3.2 Decoding of channel pair index

Channel pairs are efficiently signaled using a unique index channelPairIndex for €ach pair, dependgnt 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:

decode_channel_pair_index(channelPairindex, channelPair[2])
{
maxNumPairldx = nMCTChannels*(nMCTChannels-1)/2 - 1%
numBits = floor(log,(maxNumPairldx))+1;
pairCounter = O;

for (chanl=1; chanl < nMCTChannels; chanl++)~{
for (chan0=0; chanO < chanl; chanO++){{

it (pairCounter == channelPairlndex)" {
channelPair[0] = chanO;
channelPair[1] = chanil;
return;

}

else
pairCounter++;

For instance, all-possible channel pairs when using 6 channels can be indexed according to the follpwing
Table.
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Table AMD4.9 — Coding of channelPairindex for a setup with 6 MCT channels

Nloj1|2]3|4]5
0 ol1|2]3]4
1 56|78
2 9 |10/ 11
3 1213
4 14
5

5.5.X.3.3 Decoding process for rotation angles

In cgdse MCTSignalingType = 1, the MultichannelCodingBoxRotation(), bit stream element is
used| For all rotation angles the difference to a preceding (in time or frequency)\value is coded using the
Huffman code book specified in 5.5.X.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 mctMask[band] = 0. The following
pseuglo code describes how to decode the rotation angles pairBeta[band].

decofle_rotation()
{
foy(pair=0; pair<numPairs; pair++) {
nctBandsPerWindow = numMaskBands[pair]/windowsPerFrame;
For(band=0; band<numMaskBands[pair]; band++) {
if(nct_delta_time[pair] > 0) {
lastval = beta_prev_frame[pair][band%mectBandsPerWindow];

else {
if ((band % mctBandsPerWindow) =2£0) {
lastVal = DEFAULT_BETA;
}

}
if (nctMask[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° */
}
/*,reset fullband angle */
Bota neraons Fullbhandln~ase-1 — NECCALLT DETA -
beta—prev—FuHbanrapair] BEFAUET—BETA

}
for(band=bandsPerWindow; band<MAX_NUM_MC_BANDS; band++) {
beta_prev_frame[pair][band] = DEFAULT_BETA;
}
}
}
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beta prev_frame[pair][sfb] contains the decoded rotation angles of the corresponding stereo channel
pair of the last sub-window of the previous frame. If no differential coding was used for the previous frame or
for the respective scale factor band in the previous frame, beta_prev_frame[sfb] is set to
DEFAULT_BETA.

All rotation angles shall be reset to DEFAULT_BETA upon a transform length change and for all cases the
memory is not used for the current frame.

5.5.X.3.4 Decoding process for real-valued stereo prediction

In case MCTSignalingType = 0, the MultichannelCodingBoxPrediction() bit stream element is
used. Decoding is performed similar to the decoding of prediction -coefficients>as defindd in
ISO/IEC 23003-3:2012, 7.7.2.3.2. The following pseudo code describes how to decode the predjction
coefficients pairAlpha[band].

decode_prediction()
{
for(pair=0; pair<numPairs; pair++) {
mctBandsPerWindow = numMaskBands[pair]/windowsPerFrame;
for(band=0; band<numMaskBands[pair]; band++) {
if(nct_delta_time[pair] > 0) {
lastval = alpha_prev_frame[pair][band%mctBandsPerWindow] ;
}
else {
if ((band % mctBandsPerWindow) == 0) {
lastVal = DEFAULT_ALPHA;
}

}
if (mctMask[pair][band] > 0 ) {

dpcm_alpha = -decode_huffman(Q.+ 60; /* function returns dpcm_alpha_[sfb]*/
newAlpha = lastval + dpcm_alpha;

pairAlpha[pair][band] = _newAlpha;
alpha_prev_frame[pair]band¥mctBandsPerWindow] = newAlpha;
lastvVal = newAlpha;

}

else {
alpha_prev_frame[pair][band%mctBandsPerWindow]

DEFAULT_ALPHA;

/* reset fullband angle */
alpha_previfullband[pair] = DEFAULT_ALPHA;

T

for(band=bandsPerWindow; band<MAX_NUM_MC_BANDS; band++) {
alpha prev_frame[pair][band] = DEFAULT_ALPHA;

}
}

Adl'prediction coefficients shall be reset to DEFAULT_ALPHA upon a transform length change and for all

cases the memaorvis not used for the current frame
Y

5.5.X.3.5 Decoding of quantized rotation angles

To avoid floating point differences of trigonometric functions on different platforms, the following lookup-tables
for converting rotation angle indices directly to sin/cos shall be used:

tablndexToSinAlpha[65] = {
-1.000000f,-0.998795f,-0.995185F,-0.989177F,-0.980785F,
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-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, 0.049068f, 0.098017F,

0.146730F, 0.195090f, 0.242980f, 0.290285Ff, 0.336890F,
0.382683f, 0.427555F, 0.471397f, 0.514103F, 0.555570F,
0.595699f, 0.634393f, 0.671559f, 0.707107F, 0.740951F,
0.773010f. 0.803208f, 0.831470f. 0.857729f, 0.881921f
01903989fF, 0.923880f, 0.941544f, 0.956940f, 0.970031F,
0{980785Ff, 0.989177f, 0.995185F, 0.998795f, 1.000000F

}:

tablndexToCosAlpha[65] = {
0.pP00000F, 0.049068F, 0.098017f, 0.146730F, 0.195090F,
0.p42980f, 0.290285f, 0.336890Ff, 0.382683Ff, 0.427555fF,
0.471397F, 0.514103F, 0.555570f, 0.595699f, 0.634393fF,
0.671559f, 0.707107f, 0.740951Ff, 0.773010f, 0.803208f,
0.831470F, 0.857729F, 0.881921f, 0.903989f, 0.923880fF,
0.941544f, 0.956940f, 0.970031f, 0.980785f, 0.989177F,
0.995185F, 0.998795F, 1.000000Ff, 0.998795F, 0.995185fF,
0.989177F, 0.980785F, 0.970031f, 0.956940Ff, 0.941544F,
0.923880f, 0.903989f, 0.881921f, 0.857729f, 0.831470fF,
0.803208F, 0.773010F, 0.740951f, 0.707107Ff, 0.671559F,
0.634393f, 0.595699f, 0.555570F, 0.514103F, 0.471397F,
0.4127555F, 0.382683F, 0.336890f, 0.290285f, 0.242980fF,
0.]1195090f, 0.146730f, 0.098017f, 0.049068f, 0.000000f

}:

5.5.X.3.6 Huffman Tables for Differential Rotation Angles

The
code

huff| ctabAngle[
0xp0o000000, O
0xp0o000031, O
0xpoo0o0082, 0O
0xp0O00013A, O
0xp0O00020F, O
0xp0000271, O
0xp0000326, O
0xp0000322, O
0xP0000267, O
0xpO0001DF, 0
0xp00001327;\0
0xp000008L;" O
0xp0000030, O

}:

65] = {

x00000008B,
X0000003A,
X0000009A,
xX000001D9,
X0000020E,
x000002Y77 ,
x00000327,
x00000320,
X00000260,
X000001DA,
x00000100,
x00000072,
X0000001E,

0x00000012,
0x00000043,
0x000000CE,
0x000001DE,
0x00000263,
0x00000276,
0x00000324,
0x00000321,
0x000004C4,
0x000001D8,
0x000000CF,
0x0000004F,
0x0000001A,

0x0000001B
0x00000065
0x000000EE
0x00000202
0x00000266
0x00000334
0x00000323
0x00000273
0x000004C5
0x0000019B
0x000000CC
0x00000042
0x00000011

, Ox0000001F,
, 0x00000073,
, 0x00000106,
, 0x00000261,
, 0x00000272,
, 0x00000325,
, 0x00000335,
, 0x00000270,
, 0x00000203,
, 0x000001DB,
, 0x00000098B,
, 0x00000038,
, 0xO000000A

ollowing Huffman tables huff_ctabAngle[].'and huff_ltabAngle[] for the code words and the
word lengths, respectively, shall be used for decoding the rotation angle differences:

huff_ltabAngle[
0x00000001, O
0x00000006, O
0x00000008, O
0x00000009, O
0x0000000A, O
0x0000000A, O

182

65] = {

x00000004,
x00000006,
x00000008,
x00000009,
xX0000000A,
XO0000000A,

0x00000005,
0x00000007,
0x00000008,
0x00000009,
0x0000000A,
0x0000000A,

0x00000005
0x00000007
0x00000008
0x0000000A
0x0000000A
0x0000000A

» 0x00000005,
, 0x00000007,
, 0x00000009,
, 0xO000000A,
, Ox0000000A,
, 0xO000000A,
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0xO000000A, 0OxO000000A, 0x0O000000A, 0OxOOO0000A, 0OxOOO00000A,
0x0000000A, 0OxO000000A, 0xOO00000OA, 0xO000000A, 0xOO0OO0O0O0O0A,
0xO0000000A, 0OxO000000A, 0x0000000B, 0xO000000B, OxOOO00000A,
0x00000009, 0x00000009, 0x00000009, 0x00000009, 0x00000009,
0x00000009, 0x00000009, 0x00000008, 0x00000008, 0x00000008,
0x00000008, 0x00000007, 0x00000007, 0x00000007, 0x00000006,
0x00000006, 0x00000005, 0x00000005, 0xO00000005, 0x00000004

5.5.X.3.7 Application of Multichannel Coding Tool
5.5.X.3.7.1 General

Reconstruct the spectral coefficients of all channels by iteratively looping over all transmitted stereo |
and frequency bands as follows:

decode_mct()
{

for (pair=0; pair < numPairs; pair++) {

mctBandOffset = O;
alphaSftb = pairAlphal[pair];
betaSfb = pairBeta[pair];

/* 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_data[chl][win];
*res = spectral_data[ch2][win];
apply_mct_wrapper(self,dmx, resy
&alphaSfbfmctBandOffset], &betaSfb[mctBandOffset],
&mctMaskfmctBandOffset] ,mctBandsPerWindow, alpha,
pair,nSamples);

mctBandOffset += mctBandsPerWindow;

}
}
}

Thereby spectral_data[chl] and spectral_data[ch2] represent the two input and output chann
the channel pair-that is currently processed in the MCT stereo processing box.

Further processing of every MCT stereo processing box is done as follows:

oxes

B|s of

apply_mct_wrapper(self, *dmx, *res,
*alphaSfb, *betaSfb,
*mctMask, mctBandsPerWindow, alpha,
pair, nSamples)

sfb = 0;
if (MCTSignalingType == 0) {

if (!bHasBandwiseCoeff[pair] && !bHasMctMask[pair]) {
apply_mct_prediction(dmx, res, alphaSfb[0], nSamples);
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else {
/* apply bandwise processing */
for (i = 0; i< mctBandsPerWindow; i++) {
if (mctMask[i] == 1) {
startLine = swb_offset [sfb];
stopLine
nSamples

stopLine-startLine;

apply_mct_prediction(&dmx[startLine], &res[startLine],
alphaSfb[i]. nSamples., pred dir):

(stb+2<num_swb)? swb_offset [sfb+2] : swb_offset [sfb+1];

}
stb += 2;

/* break condition */
if (sfb >= num_swb) {
break;
3
}
3

else if (MCTSignalingType == 1) {

y* apply fullband box */
i ('bHasBandwiseAngles[pair] && !'bHasMctMask[pair]) {
apply_mct_rotation(dmx, res, betaSfb[0], nSamples);

blse {

/* apply bandwise processing */

for (i = 0; i< mctBandsPerWindow; i++) {
if (mctMask[i] == 1) {

apply_mct_rotation(&dmx[startLine], &res[startLine],
betaSfb[i], nSamples);

3
sftb += 2;

/* break condition */
if (sfb >= num_swb) {
break;

}
}

else if (MCTSignalingType == 2) {
> reserved */

elge if (MCTSignalingType == 3) {
Y* reserved. >/

5.5.X.3:7:2 Application of rotation angles

startLine = swb_offset [sfb];
stopLine = (sfb+2<num_swb)? swb_offset [sfb+2] : swb_offset [sfb+1];
nSamples = stopLine-startLine;

apply_mct_rotation(*dmx, *res, aldx, nSamples)

for (n=0;n<nSamples;n++) {

L = dmx[n] * tablndexToCosAlpha [aldx] - res[n] * tablndexToSinAlpha [aldx];
R = dmx[n] * tabIndexToSinAlpha [aldx] + res[n] * tablndexToCosAlpha [aldx];

dmx[n]
res[n]

L;
R;

}

184
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5.5.X.3.7.3 Application of real-valued stereo prediction coefficients

Real-valued Stereo Prediction is performed like the upmixing process described in ISO/IEC 23003-3:2012
subclause 7.7.2.3.4 under the assumption that ms_mask_present = 3; num_window_groups =
windowsPerFrame; window_group_length = 1; cplx_pred_used[g][sfb] = mctMask[sfb];

nlphn o = Qs

Thus, in the context of the MCT, the prediction upmixing process can be calculated using the following‘pgeudo
code:

apply_mct_prediction(*dmx, *res, alpha_qg, nSamples, pred_dir)
alpha_re = alpha_qgq * 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];
}
dmx[n] = L;
res[n] = R;

5.5.X.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 (MCT) fillsX‘empty” scale factor bands (which are fully quantized to zero) af and
above the noise filling start frequengy using a downmix of the previous frame’s output spectra.

5.5.X.4.1 Tool Description

When Stereo Filling is-agtive in a MCT joint-channel pair (hasStereoFilling[pair] # 0 in Table AMD4.4), 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 corresponding output
spectra (after-MCT application) of the previous frame. This is done after the FD noise filling (see 7.2 in
ISO/IEC 23003<3:2012) and prior to scale factor and MCT joint-stereo application. All output spectra after
completed' MICT processing are saved for potential Stereo Filling in the next frame.

5.5.%:4.2 Operational Constraints

Cascaded execution of Stereo Filling algorithm (hasStereoFilling[pair] # 0) in empty bands of the seqond

channel is not supported for any following MCT stereo pair with hasStereoFilling[pair] # O if the second
channel is the same. In a channel pair element, active IGF Stereo Filling in the second (residual) 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.X.4.3 Terms and Definitions

hasStereoFilling[pair] indicates usage of Stereo Filling in currently processed MCT channel pair
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ch1, ch2 indices of channels in currently processed MCT channel pair

spectral_data[ ][ ] spectral coefficients of channels in currently processed MCT channel pair
spectral_data_prev[ ][ ] output spectra after completed MCT processing in previous frame
downmix_prev[ ][ ] estimated downmix of previous frame’s output channels with indices given by

currently processed MCT channel pair

num |swb total number of scale factor bands, see ISO/IEC 23003-3, subclause 6.2.9.4

ccfl coreCoderFramelLength, transform length, see ISO/IEC 23003-3, subclause
6.1.

noisgFillingStartOffset Noise Filling start line, defined depending on ccfl in ISO/IEC 23003-3; Table
109.

igf_WhiteningLevel Spectral whitening in IGF, see 5.5.5.4.7

seed| ] Noise Filling seed used by randomSign(), see ISO/IEC- 23003-3, subclause
7.2.

5.5.X.4.4 Decoding Process
MCT |Stereo Filling is performed using four consecutive operations, whichdare described in the following.
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 zero, Stereo
Filling is not used and the following steps are not executed. Otherwise, scale factor application is undone if it
was ireviously applied to the pair’'s second channel spectrum, spectral_data[ch2].

Step|2: Generation of previous downmix spectrum fer given MCT channel pair

The previous downmix is estimated from the previous frame’s output signals spectral_data_prev[ ][ ] that was
storefl after application of MCT processing ¢ifa previous output channel signal is not available, e.g. due to an
indegendent frame (indepFlag>0), a transform length change or core_mode == 1, the previous channel buffer
of thg corresponding channel shall be.sét to zero.

For prediction stereo pairs, i.e, METSignalingType == 0, the previous downmix is calculated from the previous
outpyt channels as downmix_prev[ ][ ] defined in step 2 of subclause 5.5.5.4.9.4, whereby spectrum[window]][ ]
is regresented by spectral data[ J[window].

For rptation stereo pairs;’i.e. MCTSignalingType == 1, the previous downmix is calculated from the previous
outpyt channels by'inverting the rotation operation defined in subclause 5.5.X.3.7.1.

apply_mct_rotation_inverse(*R, *L, *dmx, aldx, nSamples)
{
for (n=0; n<nSamples; n++) {
imx_ = L[n] * tablndexToCosAlpha[aldx] + R[n] * tablndexToSinAlpha[aldx];
}

}

using L = spectral_data_prev[ch1][ ], R = spectral_data_prev[ch2][ ], dmx = downmix_prev[ ] of the previous
frame and using aldx, nSamples of current frame and MCT pair.

Step 3: Execution of Stereo Filling algorithm in empty bands of second channel
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Stereo 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.

Step 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 7.3 of
ISO/IEC 23003-3, 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,

igr_vvnieningrevel equals £ 1n any ol the second channers tes, ana botn channels ao not employ eght-
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 energy of the second channel)-the sedond
channel’'s seed[ch2] is set equal to the first channel’s seed[ch1].

In 5.5.3 (Transform Splitting), replace all occurrences of the words:

— “MDCTs” with the words “lapped transforms”’,

— “MDCT” with the word “transform”,

— “IMDCTs” with the words “inverse lapped transforms”, and
— “IMDCT” with the words “inverse lapped transform”.

Replace subclause 5.5.3.5.1 (IMDCT) with the following text:

5.5.3.5.1 Inverse Lapped Transform

The processing for TS follows the descriptiongiven in ISO/IEC 23003-3:2012 subclause “7.9, Filterbank and
block switching”. The following modifications or additions shall be taken into account. See also 5.5.Z.

The TS coefficients in spec[] are des=interleaved using a helper buffer[] with N, the window length based gn the
window_sequence value (N = ccfll2 since, by definition, the sequence isn’t| an
EIGHT_SHORT_SEQUENCE):

= 0; W N2; 1 +=1, 12 += 2) {
spec[i?]; /* i1solate 1st window */
specl[i2+1]; /* isolate 2nd window */

for (i =0, i

spec[0][1]
buffer[i]

In1mn N

by
for (i = 0; M I'N/2; i +=1) {
spec[1][i] = buffer[i]; /* copy 2nd window */

Thetinverse transform for each half-length TS spectrum spec]0, 1] is then defined as follows, with cs() and kg
as-specified, via the prev_aliasing_symmetry and curr_aliasing_symmetry values, by Table AMD4.9 |Joint
Channels for Low Bitrate Coding

Ny

N
X =%Zspec[j][k]-cs(%(n+ n,)(K + ko)j for0<n<N/2,
k=0

where j = window index, must be 0 or 1,

n = time-domain sample index,
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k = spectral coefficient index,
ng=(N/4+1)/2.
Note that for the second inverse transform x;, prev_aliasing_symmetry is set to curr_aliasing_symmetry.

Subsequent windowing and block switching steps for the transform outputs xp 1 are defined in the next
subclauses.

I 5 QAL 2 (Terornofaras Coalitss
n HeO.J.0 L TTATIOTUTTTT OJTIed

It comprises three windows defined as follows, where N_I/ is set to 1024 (768), N_s is set to 256 (192)
respgctively.

with

It comprises three windows defined as follows, where N_I/2 is set to 1024 (768), N_s is)set to 256 (192),
respgctively.

Replgace the first line of the second-to-last equation in this subclause,
—1"XoN_s-n-1"Wo(N_s—n—-1), for0 < n < N_s
with
sign - (Xo.3N_s—1-n"Wo(3N_s=1-n) + Xy n_s-1-n"W1(Nzs=1-n)), for 0 < n < N_s
Finally, replace the text

The fjnal windowed time domain values Z; , are obtained®y applying W-:

with

where sign = —1 if prev_aliasing_symmetry ==0, or sign = 1 otherwise. The final windowed time-domain
valugs Z; , are obtained by applying Wo:

At the end of subclause 5.5 add-a new subclause with the following text:
5.5.Z| Filterbank and Block Switching

The frequency-to-time transformation, windowing, block switching, and overlap-and-add operations are carried
out ap 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 specli] for the window index i, which is now given
by

L)

272 (2x A
Xi n :WLspec[l][k]-csLW(n+no)(k+kO)J for0<n<N,

k=0

with i, k, n, N, and n, defined as in ISO/IEC 23003-3:2012, 7.9.3.1, and with cs() and kg as tabulated, using the
prev_aliasing_symmetry and curr_aliasing_symmetry values, in Table AMD4.10 below. Note that for the 7 last
transforms (at i > 0) of an EIGHT_SHORT_SEQUENCE, prev_aliasing_symmetry is set to
curr_aliasing_symmetry.
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Table AMD4.10 — Mapping of aliasing symmetry values to parameters of the inverse lapped transform x; ,

current frame i
last frame i-1 right-side symmetry right-side symmetry
even (symm;=0) odd (symm;=1)
right-side symmetry cs(...) =cos(...) cs(...)=sin(...)
even (symm;.;=0) ko=0.5 ko=1.0
right-side symmetry cs(...) =cos(...) cs(...)=sin(...)
odd (symmi-1=1) ko =0.0 I(0 =0.5
NOTE symm;_, = value of prev_aliasing_symmetry,

symm; = value of curr_aliasing_symmetry

In channels and frames with LPD coding (core_mode[ch] # ©) prev_aliasing_symmetry
curr_aliasing_symmetry shall be zero.
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8 Updates to MHAS
In Table 139 replace:

case PACTYP_MPEGH3DAFRAME:
mpegh3daFrame();
break;

case PACTYP_FILLDATA:

for (i=0; i< MHASPacketLength; i++) {

mhas_fill_data_byte(i); 8 bslbf
}
break;
case PACTYP_SYNCGAP:
syncSpacinglLength = escapedValue(16,24,24); 16,40,64 uimsbf
break;

case PACTYP_MARKER:
for (i=0; i< MHASPacketLength; i++) {
marker_byte(i); 8 bslbf
}

break;
case PACTYP_CRC16:
mhasParity16Data; 16 bslbf
break;
case PACTYP_CRC32:
mhasParity32Data; 32 bslbf
break;
case PACTYP_DESCRIPTOR:
for (i=0; i< MHASPacketLength; i++) {
mhas_descriptor_data_byte(i); 8 bslbf
}

break;
case PACTYP_USERINTERACTION:
mpegh3daElementinteraction();
break;
case PACTYP_LOUDNESS_DRC:
mpegh3dalLoudnessDrclnterface();
break;
case PACTYP_BUFFERINFO:
mhas_buffer_fullness_present 1 uimsbf
if (mhas_buffér;fullness_present)
mhas, buffer_fullness = escapedValue(15,24,32); 15,39,71 uimsbf
}

break;

with

case PACTYP_MPEGH3DAFRAME:

mpegh3daFrame();
break;
case PACTYP_AUDIOSCENEINFO:
mae_AudioScenelnfo();
break;
case PACTYP_FILLDATA:
for (i=0; i< MHASPacketLength; i++) {
mhas_fill_data_byte(i); 8 bslbf
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}

break;
case PACTYP_SYNCGAP:
syncSpacingLength = escapedValue(16,24,24); 16,40,64
break;
case PACTYP_MARKER:
for (i=0; i< MHASPacketLength; i++) {
marker_byte(i); 8
1

uimsbf

bslbf

break;

case PACTYP_CRC16:
mhasParity16Data; 16
break;

case PACTYP_CRC32:
mhasParity32Data; 32
break;

case PACTYP_GLOBAL_CRC16:
global_CRC_type; 2
numProtectedPackets; 6
mhasParity16Data; 1
break;

case PACTYP_ GLOBAL_CRC32:
global_CRC_type; 2
numProtectedPackets; 6
mhasParity32Data; 32
break;

case PACTYP_DESCRIPTOR:
for (i=0; i< MHASPacketLength; i++) {

mhas_descriptor_data_byte(i); 8

}

break;

case PACTYP_USERINTERACTION:
mpegh3daElementinteraction();
break;

case PACTYP_LOUDNESS DRC:
mpegh3dalLoudnessDrclnterface();
break;

case PACTYP_BUFFERINFO:
mhas_buffer_fullness_present 1
if (mhas>buffer_fullness_present)

mhas_buffer_fullness = escapedValue(15,24,32); 15,39,71

}

break;

case PACTYP_AUDIOTRUNCATION:
audioTruncationInfo();
break;

bslbf

bslbf

bslbf
bslbf
bslbf

bslbf
bslbf
bslbf

bslbf

uimsbf

uimsbf

Add new Table in 14.2.2:

Table AMD5.1 — Syntax of audioTruncationinfo()

Syntax No. of bits

Mnemonic

audioTruncationInfo()

{

isActive; 1
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reserved;
truncFromBegin;
nTruncSamples;

1 bool
1 bool
13 uimsbf

142

Add

Leal H £+ 1429
ICTVW SUDLIAQuot 11T L5%.0. ATl 1L5.9.4.

14.3.X Subsidiary MHAS packets

isAct

resel
trung

nTru

Add

n “Table 141 — Value of MHASPacketType()™:

If 1 the truncation message is active, if 0 the decoder shouldrignore the

reserved bit shall be zero

ive
message.
ved
FromBegin
hcSamples

number of samples to truncate

if 0 truncate samples from the end, if 1 truncate’samples from the beginning.

Table 141 — Value of MHASPacketType

MHASPacketType Value
PACTYP_FILLDATA 0
PACTYP_MPEGH3DACFG 1
PACTYP_MPEGH3DAFRAME 2
PACTYP_AUDIOSCENEINEO 3
/* reserved for ISO use 4-5
PACTYP_SYNC 6
PACTYP_SYNCGAPR 7
PACTYP_MARKER 8
PACTYP_CRG16 9
PACTYP_CRE32 10
PACTYR_DESCRIPTOR 11
PACTYPR: USERINTERACTION 12
PACTYP_LOUDNESS_DRC 13
PACTYP_BUFFERINFO 14
PACTYP_GLOBAL_CRC16 15
PACTYP_GLOBAL_CRC32 16
PACTYP AUDIOTRLUNCATION 17
/* reserved for ISO use */ 18-127

Add in “14.3.2 MHASPacketPayload()”

mpegh3daFrame()

192

An MPEG-H 3D audio payload as defined in 5.2.3.1.
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mae_AudioScenelnfo() An MPEG-H 3D audio scene information structure as defined in 15.2.

Add in *“14.3.2 MHASPacketPayload()”

numProtectedPackets protected packets with the global CRC specified i
MHASPacketType PACTYP_GLOBAL_CRC32 or
PACTYP_GLOBAL_CRC16, according to Table AMDS5.2.

Table AMD5.2 — Value of global_CRC_type

Indication on the packet types allowéd'\within the

value numProtectedPackets

0 multiple packets of any packet type.

1 multiple packets of any packettype, of which only one
packet of type PACTYP_MPEGH3DAFRAME.
2-3 reserved for ISO use

numProtectedPackets a 6-bit field that indicates the pumber of MHAS packets protected by the
check defined in the MHASPacketType PACTYP_GLOBAL_CRC16 and
PACTYP_GLOBAL_CRE32:

Replace in “14.4.9 PACTYP_USERINTERACTION":

The MHASPacketType PACTYP_USERINTERACTION may be used to feed element interaction data
decoder.

For this packet type, MHASPacketLabel shall have the same value as the packet of MHASPacke
PACTYP_MPEGH3DACFG, which the user interaction data refers to.

with:

The MHASPacketType PACTYP_USERINTERACTION may be used to feed element interaction data
form of the mpegh3daElementinteraction() structure to the decoder.

For this packet type, MHASPacketLabel shall have the same value as the packets of MHASPacke
PACTYPLYMPEGH3DACFG and PACTYP_AUDIOSCENEINFO (if present), which the user interaction
refers(to, \If its value is different, the user interaction specified in mpegh3daElementinteraction() structure
notbe-applied.

CRC

o the

Type

n the

Type
data
shall

At the end of ““14.4 Description of MHASPacketTypes” add new subclause as follows:

14.4.x PACTYP_GLOBAL_CRC16 and PACTYP_ GLOBAL_CRC32

The MHASPacketType PACTYP_GLOBAL CRC16 and PACTYP_ GLOBAL _CRC32 may be used for

detection of errors in the subsequent numProtectedPackets MHAS packets. For this packet

© ISO/IEC 2017 — All rights reserved
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MHASPacketLabel has no meaning and shall be set to 0. This may be beneficial when an MHAS stream is
conveyed over an error prone channel.

The error detection method uses one of the generator polynomial and associated shift register states as
defined for mhasParity16Data or mhasParity32Data respectively.

The CRC-check includes:

PACTYP_GLOBAL_CRC32 or PACTYP_GLOBAL_CRC16, corresponding to the fields:
MHASPacketType, MHASPacketLabel, MHASPacketLength, global_CRC_type and
numProtectedPackets,

— @nd afterwards all bits of the MHASAudioStreamPacket() of the subsequent numProtectedPackets MHAS
packets.

In th¢ case where there are no errors, each of the outputs of the shift register shall be~zero. At the CRC
encofler the mhasParity16Data / mhasParity32Data field is encoded with a value such.that this is ensured.

14.4.x PACTYP_AUDIOTRUNCATION

The MHAS package of type PACTYP_AUDIOTRUNCATION indicates a‘fpotential truncation. Truncation in this
contgxt means the removal of audio samples from the decoded PCNM\samples. Audio samples are removed
eithef before or after a truncation point as signaled in the truncation’packet.

The packet contains a flag, isActive, which indicates whether‘the truncation shall actually be applied. If this
flag i$ O the truncation package shall be ignored.

If the] process of truncation is applied after the mixing.stage, i.e. after the signal has passed all core decoder
and rendering stages, but before the post-processing’/(DRC-2, binauralization etc.) and end-of-chain (DRC-3
etc.) the truncation point occurs delayed by the coré decoding and rendering delay.

~

If thg process of truncation occurs at a |ater stage, after the mixing stage (e.g., after end-of-chain), the
truncption point shall be delayed by the corresponding delay of the additional processing blocks (e.g., DRC-2,
binadralization) and the truncation shall be carried out at this later truncation stage (e.g. after end-of-
chair|).The decoded samples are either truncated from the beginning (if truncFromBegin==1) or from the end
(if truncFromBegin==0). In the.case of a truncation from the end, the decoder shall discard all samples at the
truncption stage after the truncation point. In the case of a truncation from begin, the decoder shall discard all
samples at the truncation stage prior to the truncation point.

Metafata shall be applied to the truncated audio samples such that the resulting audio samples are identical
to thgse that wouldhave resulted from applying the metadata to the non-truncated audio sample frame.

For cprrect application of the truncation the following additional rules apply:

e If truncFromBegin ==

— The MHAS stream shall contain an additional MHAS packet of type PACTYP_MPEGH3DACFG,

— The MHAS truncation packet shall occur after the PACTYP_MPEGH3DACFG and before the
corresponding PACTYP_MPEGH3DAFRAME that contains the AU to truncate.

e If truncFromBegin ==
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— The MHAS truncation packet shall occur before the corresponding PACTYP_MPEGH3DAFRAME

that contains the AU to truncate,

— If isActive==1 the decoder shall perform a decoder re-initialization as if a change of decoder
configuration had occurred.

Truncation messages shall be processed jointly with the AU of the following PACTYP MPEGH3DAFRAME

packet with identical MHASPacketLabel,

14.4.x PACTYP_AUDIOSCENEINFO

MHAS Packets of the MHASPacketType PACTYP_AUDIOSCENEINFO embed an MPEG=H 3D audio s
information structure, mae_AudioScenelnfo(), in the MHASPacketPayload().

MHASPacketLabel indicates the ID used for this audio scene information. This audio scene information
be used for packets of type PACTYP_MPEGH3DAFRAME that have the ‘same ID and packets of

cene

shall
type

PACTYP_MPEGH3DACFG, so that a unique link between audio scene jnformation, configuration data and

payloads is possible.

If present, the MHASPacketType PACTYP_AUDIOSCENEINFO shall’ occur immediately after each M
packet of type PACTYP_MPEGH3DACFG. In this case the mpegh3daConfig() within the MHAS pac}
type PACTYP_MPEGH3DACFG shall not contain a mae_AudieSeenelnfo() structure.

IHAS
et of

If MHAS packets of types PACTYP_MPEGH3DACFG ‘and PACTYP_AUDIOSCENEINFO are both not

present, the mae_AudioScenelnfo() can be conveyed through out-of-band means, such as se
announcement/description/control protocols, either,within the mpegh3daConfig() or separately.

At the end of 14.5 add new subclause assfollows:

14.5.X CRC error detection

Certain applications requiré additional error protection, for example if MHAS is used on common
interfaces (e.g. AES/EBU, S/PDIF), while a minimum overhead in terms of bitrate is added. Figure AM
and Figure AMD5.2 illustrate two examples on how the CRC and global CRC packets can be used for
detection.

L SYNC |—» CRC |- Config [+» CRC [-» Payload ~» CRC |—» Payload J

I I I
I I I
Protected by CRC } Protected by CRC } Protected by CRC }

ssion

Serial
D5.1
error

Figllre_AMl')R 1—FExample 5

L SYNC —» G-CRC (—» Config —» Payload —» Payload J

Protected by Global CRC

Figure AMD5.2 — Example 6
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14.5.X Audio sample truncation

Some applications may require that at least some audio frames need to be truncated to a number of audio
samples lower than the audio frame size. One example of such an application is sample accurate alignment of
an audio stream to a video stream that has a different frame rate. Furthermore, this truncation may have to be
inserted on the fly, e.g., for stream splicing. Such an example of stream splicing using the MHAS packets of

type

PACTYP_AUDIOTRUNCATION for switching between two MHAS streams, coming from different

sources, is illustrated in Figure AMDS.3.

MH

\S Stream #1

AUDIOTRUNCATION

MPEGH3DAFRAME —» P —» MPEGH3DAFRAME
truncFromBegin==0

MHAS Stream.#2

MPEGH3DACFG % AUDIOTRUNCATION —» MPEGH3DAFRAME

truncFromBegin==1

Figure AMD5.3 — Example 7

In the first stream, the MHAS packet containing the truncation message with the~xnumber of samples to be

trunc
strea

Add

To e
MHA
main
value

hted at the end of the AU of the following PACTYP_MPEGH3DAFRAME,indicates also the end of the
m.

the following paragraph to “clause 14.6” before “EXAMPLE”:

hable identification of several configurations inside*one stream in the case of multi-stream delivery, the
5 packet label shall be used as follows: The Jabel values “1” to “16” (0x01-0x10) shall be used for the
stream, the label values “17” to “32” (0x11s0%x20) shall be used for the first sub-stream, the next 16
s (0x21-0x30) for the second sub-stream, and’so on.

Table AMD5.3 — Meaning of MHASPacketLabel in multi-stream environments

Value of Meanin
MHASPacketLabel 9
0x04-0x10 Main Stream
0x14<0x20 First Sub-Stream
0x21-0x30 Second Sub-Stream

196
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9 Metadata Updates
9.1 Update of mae_Data() syntax and semantics

In 15.1 replace

Group presets define a combination of groups in an audio scene. A group preset contains a list of groups and
an associated on/off-status for each of these groups (presets' conditions) which are not modifiable by the user.

With group presets a content creator or an application can provide a restricted number of meanjngful
rendering options to the user.
with
Group presets define a combination of groups in an audio scene. A group preset contains(a-ist of groups or
switch groups, each referenced by their unique ID and an associated on/off-status for each of the refergnced
structures (presets' conditions) which are not modifiable by the user. With group preséts a content creator or
an application can provide a restricted number of meaningful rendering options to the user.
Replace Table 150 in 15.2 with
Table 150 — Syntax of mae_GroupPresetDefinition()
Syntax No. of Mnemonic
bits
mae_GroupPresetDefinition(numGroupPresets)
{
for ( gp = 0; gp < numGroupPresets; gp++ ) {
mae_groupPresetID[gp]; 5 uimsbf
mae_groupPresetKind[gp]; 5 uimsbf
mae_bsGroupPresetNumConditions[gp]; 4 uimsbf
for ( cnd = 0; cnd < mae_bsGroupPresetNumConditions[gp] + 1; cnd++ ) {
mae_groupPresetReferencelD[gp][cnd]; 7 uimsbf
mae_groupPresetConditionOnOff[gp][cnd]; 1 bslbf
if (mae_groupPRresetConditionOnOff[gp][cnd]) {
mae_groupPresetDisableGainlnteractivity[gp][cnd]; 1 bslbf
mae (groupPresetGainFlag[gp][cnd]; 1 bslbf
if("mae_groupPresetGainFlag[gp][cnd] ) {
mae_groupPresetGain[gp][cnd]; 8 uimsbf
}
mae_groupPresetDisablePositioninteractivity[gp][cnd]; 1 bslbf
mae_groupPresetPositionFlag[gp][cnd]; 1 bslbf
if ( mae_groupPresetPositionFlag [gp][cnd] ) {
mae_groupPresetAzOffset[gp][cnd]; 8 uimsbf
mae_groupPresetElOffset[gp][cnd]; 6 uimsbf
mae_groupPresetDistFactor[gp][cnd]; 4 uimsbf
: }
J
}
}
}
© ISO/IEC 2017 — Al rights reserved 197
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Add the following tables after Table 151 in 15.2:

Table AMD7.1 — Syntax of mae_ProductionScreenSizeDataExtension()

198

Syntax | No. of bits | Mnemonic
mae_ProductionScreenSizeDataExtension()
{
mae_overwriteProductionScreenSizeData; 1 bslbf
Hmae—overwriteProductionSereenSizeDatat
/* NON-CENTERED DEFAULT PRODUCTION SCREEN */
bsScreenSizelLeftAz; 10 uimsbf
bsScreenSizeRightAz; 10 uimsbf
}
mae_NumPresetProductionScreens; 5 uimspbf
for ( n = 0; n < mae_NumPresetProductionScreens; n++ ) {
mae_productionScreenGroupPresetID[n]; 5 uimsbf
mae_hasNonStandardScreenSize[n]; 1 bslbf
if (mae_hasNonStandardScreenSize[n]) {
isCenteredIinAzimuth[n]; 1 bsibf
if (isCenteredinAzimuth[n] ) {
bsScreenSizeAz|[n]; 9 uimsbf
}else {
bsScreenSizeLeftAz[n]; 10 uimsbf
bsScreenSizeRightAz[n]; 10 uimsbf
}
bsScreenSizeTopEI[n]; 9 uimsbf
bsScreenSizeBottomEl[n]; 9 uimsbf
}
}
A
J
Table AMD7.3 — Syntax of‘mae_GroupPresetDefinitionExtension()
Syntax No. of bits Mnemonic
mae_GroupPresetDefinitionExtensien()
for ( gp = 0; gp < mae_nunmiGroupPresets; gp++ ) {
mae_hasSwitchGroupConditions[gp]; 1 bsibf
if ( mae_hasSwitchGroupConditions[gp] ) {
temp = mae_bsGroupPresetNumConditions[gp] +1;
for ( cnd=°0; cnd < temp; cnd++ ) {
mae_isSwitchGroupCondition[gp][cnd]; 1 bslbf
}
}
mae_hasDownmixldGroupPresetExtensions[gp]; 1 bslbf
if ( mae_hasDownmixldGroupPresetExtensions ) {
mae_numDownmixldGroupPresetExtensions[gp]; 5 uimsbf
tor ( egp = 0; egp < mae_numDownmixldGroupPresetExtensions[gp]; egp++ ) {
mae_groupPresetDownmixld[gp][egp]; 7 uimsbf
mae_bsGroupPresetNumConditions[gp][egp]; 4 uimsbf
for (cnd = 0; cnd < mae_bsGroupPresetNumConditions[gp][egp] + 1; cnd++ ) {
mae_isSwitchGroupCondition[gp][egp][cnd]; 1 bsibf
if ( mae_isSwitchGroupCondition[gp][epg][cnd] ) {
mae_groupPresetSwitchGrouplD[gp][egp][cnd]; 5 uimsbf
}else {
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mae_groupPresetGrouplD[gp][egp][cnd]; 7 uimsbf
}
mae_groupPresetConditionOnOff[gp][egp][cnd]; 1 bslbf
if (mae_groupPresetConditionOnOff[gp][egp][cnd] {
1 bslbf
mae_groupPresetDisableGainlnteractivity[gp][egp][cnd];
mae_groupPresetGainFlag[gp][egp][cnd]; 1 bslbf
if ( mae_groupPresetGainFlag[gp][egp][cnd]) {
m .
}
1 bslbf
mae_groupPresetDisablePositionInteractivity[gp][egp][cnd];
mae_groupPresetPositionFlag[gp][egp][cnd]; 1 bslbf
if ( mae_groupPresetPositionFlag [gp][egp][cnd] ) {
mae_groupPresetAzOffset[gp][egp][cnd]; 8 uimsbf
mae_groupPresetElOffset[gp][egp][cnd]; 6 uimsbf
mae_groupPresetDistFactor[gp][egp][cnd]; 4 uimsbf
}
}

In 15.3 replace

mae_numGroupPresets

with

mae_numGroupPresets

Number of defined group presets. This field can take values betwgen 0
and 31, reSulting in a maximum number of 31 group presets. A group

preset is\a subset of all groups of an overall scene where the on/off
status'of each of these groups is bound to a condition. With groug
préesets it is possible to define a controlled behavior in dependende of
the on/off status of some of the groups in an overall audio scene.|A
group preset is valid if all its associated conditions are true (logica
AND of the conditions yields 1), i.e. if the on/off status of all assodiated
groups is conform to the defined conditions.

Number of defined group presets. This field can take values betwgen 0
and 31, resulting in a maximum number of 31 group presets. A group

preset is a subset of all groups of an overall scene where the on/off
status of each of these groups is bound to a condition. With grouq
presets it is possible to define a controlled behavior in dependende of
the on/off status of some of the groups and/or switch groups in ap
overall audio scene. A group preset is valid if all its associated

© ISO/IEC 2017 — All rights reserved

conditions are true (logical AND of the conditions yields 1), i.e. if the
on/off status of all associated groups and the on/off status of each
associated switch group is conform to the defined conditions. A
condition associated with a switch group with value 1 is true if one
member of the switch group is switched on. A condition associated
with a switch group with value 0 is true if all members of the switch
group are switched off. Switch group conditions with value 0 are only
applicable for switch groups whose mae_switchGroupAllowOnOff flag
is equal to 1.
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In 15.3 replace

mae_numGroupPresets

with

mae,_

200

Number of defined group presets. This field can take values between 0
and 31, resulting in @ maximum number of 31 group presets. A group
preset is a subset of all groups of an overall scene where the on/off
status of each of these groups is bound to a condition. With group
presets it is possible to define a controlled behavior in dependence of
the on/off status of some of the groups in an overall audio scene. A

| numGroupPresets

ylruupy plcoct ;D va:id If d“ ItO dOOUbidtUd CUI IdltlUI 1S AdiItT tIUU (:uylua: I"\‘\Ik‘llD
of the conditions yields 1), i.e. if the on/off status of all associated
groups is conform to the defined conditigns.

An example is a group preset with the associated, groups
mae_grouplD, and mae_grouplD;. This group preset gets walid if the
group with mae_grouplD; is switched on and thesgroup with
mae_grouplD; is  switched off:  validity(group~\" preset) =
((status(mae_grouplD4)==0n) && I(status(mae “grouplD3)==0n))
The validity status of a group preset can be connected to a special
treatment, e.g. it can be connected to a defined”DRC sequence which
is only applied if the group preset is valid.

Number of defined group presets/This field can take values between 0
and 31, resulting in a maximum-number of 31 group presets. A group
preset is a subset of all grougs,of an overall scene where the on/off
status of each of these gréups is bound to a condition. With group
presets it is possible to,define a controlled behavior in dependence of
the on/off status ofissome of the groups in an overall audio scene. A
group preset is.valid if all its associated conditions are true (logical
AND of the conditions yields 1), i.e. if the on/off status of all associated
groups is conform to the defined conditions.

An example is a group preset with the associated groups

mae_ grouplD; and mae_grouplDs. This group preset gets valid if the
group with mae_grouplD; is switched on and the group with
mae_grouplDs is switched off: validity(group preset) =
((status(mae_grouplD,)==on) && !(status(mae_grouplD3)==0n))

The validity status of a group preset can be connected to a special
treatment, e.g. it can be connected to a defined DRC sequence which
is only applied if the group preset is valid.

Any evaluation of the valid/selected preset (and therefore the
application of preset-dependent values) shall only happen in the
defined ‘basic interaction mode’ (see 17.7.3). The chosen/selected
preset is indicated by the presetID that is received via the

mae elementinteractionl) interface
\7
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Further replace the semantics of mae_bsGroupPresetNumConditions ,
mae_groupPresetReferencelD, mae_groupPresetConditionOnOff,
mae_groupPresetDisableGainlnteractivity, mae_groupPresetGainFlag, mae_groupPresetGain,
mae_groupPresetDisablePositioninteractivity, mae_groupPresetPositionFlag,
mae_groupPresetAzOffset and mae_groupPresetDistFactor

with

mae_bsGroupPresetNumConditions
This field defines the number of group conditions that are associated with a
group preset. The field takes values between 0 and 15; a minimun of 1
condition and a maximum of 16 conditions are assumed. A condition is g
combination of a mae_groupID or a mae_switchGrouplB-and an on/off
status.

mae_groupPresetReferencelD
This field specifies the groups or switch groupsassociated with a group
preset. By default, this reference is interpreted as a grouplID. The reference
can be defined to be interpreted as a switchGrouplD by extension metaxata.

mae_groupPresetConditionOnOff
This flag describes the required an/off status of a group associated with|a
group preset. If the flag is 1, the.associated group has to be switched on|to
validate the group preset. Ifthe flag is 0, the associated group has to be
switched off.

If the referenced ID~iS.defined to be interpreted as a switchGrouplD, a
groupPresetConditionOnOff with value 1 means that one member of thg
switch group has to be switched on to validate the group preset.

mae_groupPresetDisableGainlInteractivity
This field'defines if the gain interactivity of the currently referenced grolip or
themembers of the referenced switch group shall be disabled (flag is equal
te\1) or shall stay enabled (flag is equal to 0) if the preset is chosen/valid.

mae_groupPresetGainFlag This field defines whether the corresponding preset specifies an initial gain of
the members of a metadata element group or of the element members pf
the group members of the referenced switch group. It shall only be 1 if the
flag mae_allowGainiInteractivity of the corresponding group or of all the
members of the referenced switch group is set to 1.

mae_groupPresetGain The field defines the initial gain of the members of a metadata element
group or of the element members of the group members of the referenged
switch group when the corresponding preset is selected.

groupPresetGain in dB = 0.5 - (mae_groupPresetGain — 255) + 32;

— mae_groupPresetDisablePositionInteractivity
This field defines if the position interactivity of the currently referenced
group or of the members of the referenced switch group shall be disabled
(flag is equal to 1) or shall stay enabled (flag is equal to 0) if the preset is
chosen/valid.

mae_groupPresetPositionFlag
This field defines whether initial position interactivity data (azimuth offset,
elevation offset and distance factor) is present that shall be applied to the
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members of a metadata element group or to the element members of the
group members of the referenced switch group. It shall only be 1 if the flag
mae_allowPositionInteractivity of the corresponding group or of all the
members of the referenced switch group is set to 1.

mae_groupPresetAzOffset This field defines the additional azimuth offset that shall be applied to the

currently referenced group or the members of the referenced switch group if
the preset is chosen/valid. This field can take values between

mae |

mae |

Add

mae |

bsSc

bsSc

mae |

PresetAdditionalAzOffset = -180° and AzOffset = +180°:
PresetAdditionalAzOffset =1.5 - (mae_groupPresetAzOffset - 127)

| groupPresetElOffset This field defines the additional elevation offset that shall be applied.to-the
currently referenced group or the members of the referenced switch-group if
the preset is chosen/valid. This field can take values between
PresetAdditionalEIOffset = -90° and EIOffset = +90°:

PresetAdditionalEIOffset = 3 - (mae_groupPresetElOffset --31)

|groupPresetDistFactor This field defines the additional distance change factaer that shall be applied
to the currently referenced group or the members-of the referenced switch
group if the preset is chosen/valid. This field can’take values between 0 and
15 resulting in PresetAdditionalDistFactor between 0.00025 and 8:

PresetAdditionalDistFactor = 2(mae-groupPresetbistractor-12).

the following description of semantics at the end of,15.3

loverwriteProductionScreenSizeData

This field defines if the bitstream contains azimuth values for a non-centered
default production screen. If this flag is set to 1, the following azimuth values
shall be used@in the processing instead of the values from
mae_ProductionScreenSizeData().

reenSizeLeftAz This field-defines the azimuth corresponding to the left screen edge:
@™ = 0.5 - (bsScreenSizeLeftAz — 511);
pre™™ = min (max (@p™™ , -180), 180);

reenSizeRightAz This field defines the azimuth corresponding to the right screen edge:
Prom = 0.5 - (bsScreenSizeRightAz — 511);
Prom™ = min (max (grom™ . -180), 180);

| bsNumPresetProductionScreens

This field defines the number of preset-associated production screens.

mae_;

FilmY

This field defines the presetlD the current production screen is associated
with.

mae_hasNonStandardScreenSize

202

This field defines if the bitstream contains a non-standard preset-associated
production screen size. If the flag is one, the non-standard production screen
size information follows in the bitstream.
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isCenteredinAzimuth This flag defines if the production screen is centered in azimuth (absolute
values of the azimuth angles of the left and right screen edge are identical) or

not.

mae_hasSwitchGroupCondition This flag defines if a group preset has switch group conditions (fl
equal to 1).

ag is

mae_isSwitchGroupCondition  This field defines if the condition from original preset definition references
a grouplD (mae_isSwitchGroupCondition is equal to 0) or if the referenced ID

shall he infnrprnfnd as 23 c\A/ifr\hCrnnpln (man icQ\A/ifr\hannp(‘nnrlifi

equal to 1).

mae_hasDownmixldGroupPresetExtensions

This flag defines if a group preset has layout-dependent extensions (f
equal to 1). Group presets can be extended by group presets extens
which are applicable for a specific downmixld. Thesé ™ extensions
overwrite the preset conditions and other preset characteristics, e.g. the
preset gain. If a preset is selected and there is a ‘Current downmixlg
conditions and characteristics of the appropriate group preset extension
replace the corresponding values from the chosen/valid group preset i
processing and rendering.

mae_groupPresetDownmixld This field references a downmixld, ferswhich the current group g
extension is applicable.

mae_groupPresetSwitchGrouplD
This field contains a referencest6a switchGrouplD that is used in a s
group condition.

9.2 Update of OAM data transmission and processing

9.2.1 OAM syntax and semantics

In 7.2. replace

n is

ag is
ions,

can
jroup
, the
shall
h the

reset

witch

Metadata is conveyed for every audioobject as given spatial positions (azimuth, elevation, and radius) and a

linear gain at defined timestamps.
with

Metadata is conveyed forevery audio object as given spatial positions (azimuth, elevation, and radius) and a

linear gain at defined timestamps. In addition to that, either a uniform spread value of three distinct s
values (spread in.width, height and depth dimension), as well as a dynamic object priority value c4
defined.

bread
n be
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and update Table 68 as follows:

Table 68 — Units of the decoded object metadata components

In7.

NOT

Add

204
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component unit value range
azimuth ° (degree) -180; 180
elevation ° (degree) -90; 90
radius m (meter) 0.5: 16
gain none (linear) 0.004; 5.957
spread (uniform) ° (degree) 0; 180
spread width ° (degree) 0; 180
spread height ° (degree) 0; 90
spread depth m (meter) 0; 15.5
dynamic object none 0;7
priority <
B.1 update Table 69 as follows:
Table 69 — Syntax of ObjectMetadataConfig()
Byntax No. of bits Mnemonic
DbjectMetadataConfig()
{
lowDelayMetadataCoding; 1 bslbf
hasCoreLength; 1 bslbf
if (lhasCoreLength) {
frameLength; 6 uimsbf
OAMFramelLength = (framelLength+1)<<6;
}else {
OAMFramelLength = outputFramelLength;
1
hasScreenRelativeObjects; 1 bslbf
if( hasScreenRelativeObijects ) {
for (0 = 0; o < num_objects;.oF+){ /*NOTE 1%/
isScreenRelativeObject[o]; 1 bslbf
}
}
hasDynamicObjectPriority; 1 bslbf
hasUniformSpread; ./ 1 bslbf
}
E 1: num_objects-is_equal to the number of objects in the associated signal group.
the following table in front of former Table 70 in 7.3.1.
Table AMD7.6— Syntax of objectMetadataFrame()
Syhtax Ne—ofbits—Mnremonic
objectMetadataFrame() {
if (OAMFramelLength* < coreCoderFrameLength**) {
for (i = 0; i < coreCoderFrameLength / OAMFramelLength; ++i ) {
object_metadata_present; 1 uimsbf
if (object_metadata_present)
object_metadata();
}
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}

else {
object_metadata();

}

}

* given by ObjectMetadataConfig()
** given by mpegh3daConfig()

Further, add the following text to the end of 7.3.1:

The coreCoderFramelength (given by mpegh3daConfig()) shall be an integer multiple of| the
OAMFramelength. The OAMFrameLength shall not be greater than the coreCoderFramelLength.
If the coreCoderFrameLength is an integer multiple of the OAMFramelength (coreCodérFramelength =
OAMFramelength), the structure object_metadata() is sent n times in the objctMetadataFrame() as shown
in Table 70. In this case, the i object_metadata() (i = 0,1,2,..,n-1) is available atcthe sample index s[i]| with
s[i] given by the following equation
s[i] = (i + 1) -OAMFramelength-1
wheres is the sample index of an audio frame (0,1,2,.., n- OAMFramelength-1).
Update Table 72 in 7.3.2 as follows:
Table 72 — 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 (0 = 0; 0 < num."objects; o++) {
position_azimuth[o]; 8 tcimsbf
}
}
common(ejevation; 1 bslbf
if (common_elevation) {
default_elevation; 6 tcimsbf
)
else {
for (0 = 0; 0 < num_objects; o++) {
position_elevation[o]; 6 tcimsbf
}
}
common_radius; 1 bslbf
f{common_radius)$
default_radius; 4 uimsbf
}
else {
for (0 = 0; 0 < num_objects; o++) {
position_radius[o]; 4 uimsbf
}
}
common_gain; 1 bslbf
if (common_gain) {
© ISO/IEC 2017 — Al rights reserved 205
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default_gain; 7 tcimsbf
}
else {
for (0 = 0; 0 < num_objects; o++) {
gain_factor[o]; 7 tcimsbf
}
}
common_spread; 1 bslbf
if (rnmmnn_eprnnd) {
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 = 0; 0 < num_-ebjects; o++) {
dynamic_object_priority[o]; 3 uimsbf
}
}
}
}
else {
position_azimuth; 8 tcimsbf
position. elevation; 6 tcimsbf
position_radius; 4 uimsbf
dain_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
}
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}

Update Table 73 in 7.3.3 as follows:

Table 73 — Syntax of differential_object_metadata()

if ((fixed_azimuth) {
for (0 = 0; 0 < num_objects; o++) {

Syntax No. of bits Mnemonic
differential_object_metadata() {
bits_per_point; 4 uimsbf
fixed_azimuth; 1 bsibf

for (p = 0; p < num_points_gain; p++) {

© ISO/IEC 2017 — All rights reserved

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 + tcimsbf
2
}
}
}
}
fixed_elevation; 1 bslbf
if (Ifixed_elevation) {
for (0 = 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 tcimsbf
+2
}
}
}
}
fixed_radius; 1 bslbf
if (Ifixed_radius){
for (0 £.0; 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 (Ifixed_gain) {
for (0 = 0; 0 < num_objects; o++) {
flag_gain; 1 bslbf
if (flag_gain) {
num_points_gain = offset_data(bits_per_point);
nbits_gain; 3 uimsbf
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differential_gain[o][p]; nbits_gain +2  tcimsbf
}
}
}
}
fixed_spread; 1 bslbf
if (Ifixed_spread) {
for (0 = 0; 0 < num_objects; o++) {
if (hnel lnifnerprnnd) {
flag_spread; 1 bslbf
if (flag_spread) {
num_points_spread = offset_data(bits_per_point);
nbits_spread; 3 uimsbf
for (p = 0; p < num_points_spread; p++) {
differential_spread[o][p]; nbits_spread + tcimsbf
2
}
}
}
else {
flag_spread_width; 1 bslbf
if (flag_spread_width) {
num_points_spread_width = offset_data(bits_per _point);
nbits_spread_width; 3 uimsbf
for (p = 0; p < num_points_spread_width; p++){
differential_spread_width[o][p]; nbits_spread_width tcimsbf
+2
}
}
flag_spread_height; 1 bslbf
if (flag_spread_height) {
num_points_spread_height = offset_data(bits_per_point);
nbits_spread_height; 3 uimsbf
for (p = 0; p < num_poaints_spread_height; p++) {
differential_spread_height[o][p]; nbits_spread_height tcimsbf
+2
}
}
flag_spread_depth; 1 bslbf
if (flag_spread” depth) {
num_‘points_spread_depth = offset_data(bits_per_point);
nbits_spread_depth; 3 uimsbf
for (p = 0; p < num_points_spread_depth; p++) {
differential_spread_depth[o][p]; nbits_spread_depth + tcimsbf
2
}
}
}
}
¥
if (hasDynamicObjectPriority) {
fixed_dynamic_object_priority; 1 bslbf
if (Ifixed_dynamic_object_priority) {
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
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for (p = 0; p < num_points_dynamic_object_priority; p++) {
differential_dynamic_object_priority[o][p]; nbits_dynami tcimsbf

c
object_priority
+2
}
}
}
}
}
}
Update Table 76 in 7.3.4 as follows:
Table 76 — 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 (0 = 0; 0 < num_objects; o++) {
position_azimuth[o]; 8 tcimsbf
}
}
}
fixed_elevation; 1 bslbf
if (fixed_elevation).{
default_elévation; 6 tcimsbf
}
else {
common__ elevation; 1 bslbf
if (Common_elevation) {
default_elevation; 6 tcimsbf
}
else {
for (0 = 0; 0 < 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; 4 uimsbf
}
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else {
for (0 = 0; 0 < num_objects; o++) {
position_ radius[o]; 4 uimsbf
}
}
}
fixed_gain; 1 bsibf
if (fixed_gain) {
—dmuu:gain; Z tcimsbf
}
else {
common_gain; 1 bslbf
if (common_gain) {
default_gain; 7 tcimsbf
}
else {
for (0 = 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 (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) {
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fixed_dynamic_object_priority; 1 bslbf
if (fixed_dynamic_object_priority) {
default_dynamic_object_priority; 3 uimsbf
}
else {
common_dynamic_object_priority; 1 bslbf
if (common_dynamic_object_priority) {
default_dynamic_object_priority; 3 uimsbf
3
else {
for (0 = 0; 0 < num_objects; o++) {
dynamic_object_priority[o]; 3 uimsbf
}
}
}
}
}
else {
position_azimuth; 8 tcimsbf
position_elevation; 6 tcimsbf
position_radius; 4 uimsbf
gain_factor; o 7 tcimsbf
if (hasUniformSpread) { ~ b
spread; 7 uimsbf
} N\
else { O
spread_width; \% 7 uimsbf
spread_height; 5\ 5 uimsbf
spread_depth; Q 4 uimsbf
} AQ)
if (hasDynamicObjectPriority) {
dynamic_object_priority; 3 uimsbf
}
}
}
Update Table 78 in 7.3.4 as-follows
Table 78 — Syntax of single_dynamic_object_metadata()
Syntax No. of bits Mnemonic
single_dynamijc_object_metadata ( flag_absolute ) {
if ( flagabsolute ) {
if (Ifixed_azimuth”) {
position_azimuth; 8 tcimsbf
}
if (!fixed_elevation*) {
position_elevation; 6 tcimsbf
i
if (fixed_radius™) {
position_radius; 4 uimsbf
}
if (Ifixed_gain™®) {
gain_ factor; 7 tcimsbf
}
if (fixed_spread*) {
if (hasUniformSpread) {
spread; 7 uimsbf
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}
else {
spread_width; 7 uimsbf
spread_height; 5 uimsbf
spread_depth; 4 uimsbf
}
}
if (hasDynamicObjectPriority) {
if (lfiynd_d\/namir‘_nhjnr‘f_prinrif\ll*) {
dynamic_object_priority; 3 uimsbf
}
}
}
else {
nbits; 3 uimsbf
num_bits = nbits +2;
if (Ifixed_azimuth*) {
flag_azimuth; 1 bslbf
if (flag_azimuth) {
position_azimuth_difference; num_bits tcimsbf
}
if (fixed_elevation™) {
flag_elevation; 1 bslbf
if (flag_elevation) {
position_elevation_difference; min(num_bits,7) tcimsbf
}
}
if (Ifixed_radius®) {
flag_radius; 1 bslbf
if (flag_radius) {
position_radius_difference; min(num_bits,5) tcimsbf
}
}
if (Ifixed_gain®) {
flag_gain; 1 bslbf
if (flag_gain) {
gain_factor_difference ; min(num_bits,8) tcimsbf
}
}
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}

}

if (!fixed_spread®) {
if (hasUniformSpread) {
flag_spread; 1 bslbf
if (flag_spread) {
spread_difference ; min(num_bits,8) tcimsbf
}
}
else {
flwd_widfh; 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
}
1
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
}
}
}
* Given by the preceding intracoded_object: metadata_low_delay() frame

In 7.4.1 after the semantics of hasDynamicObjectPriority add

hasUniformSpread

(flag is equal to 0).

In7.4.2.1.2 replace

default_spread

spread

with

defines the value of the common spread parameter.

This flag indicates whether the spread of an object is given as uniform spread
(flag is equal to 1) or as three independent values for width, height and

Hepth

if there is no common spread parameter, a value for each object is transnjitted.

If there is only one object, this is its spread parameter.

default_spread

default_spread_width

default_spread_height

uniform spread value.

Defines the value of the common spread parameter for the case of one

Defines the value of the common spread parameter for the spread in the

dimension of width for the case of three independent spread values.

Defines the value of the common spread parameter for the spread in the

dimension of height for the case of three independent spread values.
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default_spread_depth

spread

spread_width

Defines the value of the common spread parameter for the spread in the
dimension of depth for the case of three independent spread values.

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.

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

spread_depth

It there Is 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.

If there is no common spread parameter, one value for the spread’n the
dimension of depth is transmitted for each object. If there is only ofe object,
this is its spread parameter in the dimension of depth.

In 7.44.2.1.3 after differential_spread add

flag_jspread_width

nbitg_spread_width
differential_spread_width
flag_lspread_height

nbitg_spread_height
differential_spread_height
flag_jspread_depth

nbitg_spread_depth
differential_spread_depth

flag per object indicating whether the spread, parameter in width dimension
changes for this iframe_period.

how many bits are required to representthé differential value minus 2.
value of the difference between the linearly interpolated and the actual value.

flag per object indicating whethér the spread parameter in height dimension
changes for this iframe_perigd.

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 depth dimension
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.

In7.4.2.4.1 and in 7.4.3.2.3'Lreplace

descale_multidata()

for (o = 0; @ <“num_objects; o++)
azimuth[o} = azimuth[o] * 1.5;

for (o =.0; 0 < num_objects; o++)
elevation[o] = elevation[o] * 3.0;

for (o = 0; o < num_objects; o++)

radius|o] = pow(2.0, (radrusjo] /7 3.0)) /7 2.0;

for (o = 0; o0 < num_objects; o++)
gain[o] = pow(10.0, (gain[o] - 32.0) / 40.0);

for (o = 0; o0 < num_objects; o++)
spread[o] = spread[o] * 1.5;

214
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with

descale_multidata()

for (o = 0; o < num_objects; o++)
azimuth[o] = azimuth[o] * 1.5;

for (o = 0; 0o < num_objects; o++)
elevation[o] = elevation[o] * 3.0;

. 3:2017(E)

for (o = 0; o < num_objects; o++)
radius[o] = pow(2.0, (radius[o] /7 3.0)) /7 2.0;

for (0o = 0; 0o < num_objects; o++)
gain[o] = pow(10.0, (gain[o] - 32.0) /7 40.0);

if (uniform_spread == 1)

for (0o = 0; o < num_objects; o++)
spread[o] = spread[o] * 1.5;

3
else
for (0o = 0; 0o < 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 (0o = 0; o < num_objects; o++)
spread_depth[o] = (pow(2.0, (spread_depth[o] /7 3.0)) /7 2.0) — 0.5;
3

for (0o = 0; o < num_objects; o++)
dynamic_object _priority[o] = dynamic’ object priority[o];

In7.4.2.4.2 and in 7.4.3.2.3.2 replace

limit_range()

minval = -180;
maxval = 180;
for (o = 0; o <(hum_objects; o++)
azimuth[o] .= " MIN(MAX(azimuth[o], minval), maxval);
minval = 903
maxval = ,90;
for (o%=.0; 0 < num_objects; o++)

eflevation[o] = MIN(MAX(elevation[o], minval), maxval);

minval = 0.5;
maxval = 16;
for (o = 0; o < num_objects; o++)
radiusfo] = MIN(IMAX(radius[o]. minval). maxval):

minval = 0.004;
maxval = 5.957;
for (o = 0; 0o < num_objects; o++)
gain[o] = MIN(MAX(gain[o], minval), maxval);
minval = 0;
maxval = 180;

for (o = 0; 0 < num_objects; o++)
spread[o] = MIN(MAX(spread[o], minval), maxval);
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with

limit_range()

minval = -180;
maxval = 180;
for (o = 0; 0o < num_objects; o++)
azimuth[o] = MIN(MAX(azimuth[o], minval), maxval);
Ainval = -90;
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; 0 < num_objects; o++)

radius[o] = MIN(MAX(radius[o], minval), maxval);

minval = 0.004;
maxval = 5.957;
for (0o = 0; o < num_objects; o++)

gain[o] = MIN(MAX(gain[o], minval), maxval);

iff (uniform_spread == 1)
{
minval = 0;
maxval = 180;
for (0o = 0; 0o < num_objects; o++)
spread[o] = MIN(MAX(spread[o], minval), maxwal);
b
glse
{
minval = 0;
maxval = 180;
for (0o = 0; o < num_objects; o++)
spread_width[o] = MIN(MAX(spread_width[o], minval), maxval);
minval = 0O;
maxval = 90;
for (o = 0; 0o < num_objects; o++)
spread_height[o] = MIN(MAX(spread_height[o], minval), maxval);
minval = 0;
maxval = 15.5;
for (o = 0; o <\num_objects; o++)
spread_depthfo] = MIN(MAX(spread_depth[o], minval), maxval);
minval = 0;
maxval = 7;

fi

or (0 =-05 0 < num_objects; o++)

maxval) ;

In 7.4.3.1.2 after default_spread add

default_spread_width

default_spread_height

216

dimension.

dimension.

dynamic_object priority[o] = MIN(MAX(dynamic_object priority[o], minval),

defines the value of the fixed or common spread parameter in width

defines the value of the fixed or common spread parameter in height
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spread_width
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defines the value of the fixed or common spread parameter in depth

dimension.

if there is no common spread parameter, a value for the spread in
dimension is transmitted for each object. If there is only one object, this

width
is its

spread_height

spread_depth

In 7.4.3.1.4 after spread add

spread_width

spread_height

spread_depth

In 7.4.3.1.4 after spread_difference add

flag_spread_width

spread_width_difference

flag_spread_height

spread_height_difference

flag_spread_depth

spread_depth_difference

In C.3.2«eplace

for (0 = 0; o < num_objects; o++)
azimuth_scaled[o][n]

spread parameter in width dimension.

if there is no common spread parameter, a value for the spreadiin H
dimension is transmitted for each object. If there is only one objéct, this
spread parameter in height dimension.

if there is no common spread parameter, a value for thé“spread in
dimension is transmitted for each object. If there is only\éne object, this
spread parameter in depth dimension.

the absolute value of the spread pararmeter in width dimension if the va
not fixed.

the absolute value of the spread‘parameter in height dimension if the va
not fixed.

the absolute value of the spread parameter in depth dimension if the va
not fixed.

flag per_object indicating whether the spread parameter in width dime
changes.

difference between the previous and the active value.

flag per object indicating whether the spread parameter in height dime
changes.

difference between the previous and the active value.

flag per object indicating whether the spread parameter in depth dime
changes.

difference between the previous and the active value.

azimuth[o][n] /7 1.5F;

eight
is its

Hepth
is its

ue is

ue is

ue is

nsion

nsion

hsion

for (o = 0; o < num_objects; o++)

elevation_scaled[o][n]

= elevation[o][n] /7 3.0F;

for (o = 0; o < num_objects; o++)
radius_scaled[o][n] = 3.0F * 10g2(2.0 * radius[o][n]);

for (o = 0; o < num_objects; o++)
gain_scaled[o][n] = 2.0F * db(gain[o][n]) + 32.0F;

© ISO/IEC 2017 — All rights reserved

217


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

with

for

(o = 0; 0o < num_objects; o++)

azimuth_scaled[o][n] = azimuth[o][n] 7/ 1.5F;

for

(o = 0; 0o < num_objects; o++)

elevation_scaled[o][n] = elevation[o][n] 7/ 3.0F;

for

(0 = 0; 0 < num_objects; o++)

radius_scaled[o][n] = 3.0fF * 10g2(2.0 * radius[o][n]):

for (0 = 0; 0 < num_objects; o++)
for (o = 0; 0 < num_objects; o++)][n]) + 32.0F;
spread_scaled[o] = spread[o] / 1.5F;
H
glse
{
for (0 = 0; 0 < num_objects; o++)
spread_width_scaled[o] = spread_width[o] 7/ 1.5f;
for (0 = 0; 0 < num_objects; o++)
spread_height_scaled[o] = spread_height[o] / 3.0F;
for (0 = 0; 0 < num_objects; o++)
spread_depth_scaled[o] = 3.0f * 10g2(2.0 * (spread_depth[o] + 0.5F);
H
for [0 = 0; 0 < num_objects; o++)

9.2.2

In 8.

with

dynamic_object _priority_scaled[o][n] = dynamicCyoebject priority_scaled[o][n];

2D spread rendering

B replace

$pread parameter a € [0°,180°].

Uniform spread parameter . {0°,180°].

In 8.

1.3.7 remove the folowing text

he local loudspeaker setup is signalled in the LoudspeakerRendering(), and
he speakepslLayoutType is 0, and

he CICPspeakerLayoutldx being one of the following values:
~5¢6,7,9,10,11,12,13,14,15,16,17, 18

and remove

If at least one of the conditions is not met, the spread processing specified in the following text is not
applied.

218
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Replace:

Audio objects with a spatial extent are processed by means of the Multiple Direction Amplitude Panning
(MDAP) method ). This method involves the computation of a set of panning gains scaled,m fOr M = 18 MDAP
directions p,, around the panning direction p, = p.

with:

Audio objects with a spatial extent (spread o > 0.0° (uniform spread) or spread_width Qyjgth > 0.0° [(non-

uniform spread)) are processed by means of the Multiple Direction Amplitude Panning (MDAP) method?)| This
method involves the computation of a set of panning gains gscaleam for M = 18 MDAP directionsp,, afound
the panning direction p, = p.

Further, in 8.4.3.7 after v =|o0,...,0] add

If non-uniform spread values are transmitted, the ratio of the spread parameter in width direction &,
awigtna@nd the spread parameter in height direction a,igncare used to determine the ratio

a_ Apeight
A yidth
This ratio is used to scale the base vector v:
v=yv-a

Further replace

Together with the spread parameter a, this yields the MDAP directions Pm:

_ v Po
Pm =Pm + ran(o)

Where o' is equal to a limitedto [0.001°,90°][0.001°,90°]. The normalization to unit norm is not necessary
since the normalization to unit norm is performed when Qscaled,m is computed for the MDAP directions Pm.

If the spread parameter a exceeds 90°, then a cross-fading towards power-normalized unit gainl/x/ﬁ or all
of the N loudspeakers is applied to yield the final panning gains:

a-90°
90° *

A=

with

Together with the spread parameter a (uniform spread) or the spread parameter owigth (non-uniform spr|ead),
this vields the MDAP directions Pm:

Po
tan(a)

Pm =Pm' +

Where o' is equal to a limited t0[0.001°,90°], or respectively to awidih limited to [0.001° 90°] for the
transmission of non-uniform spread. The normalization to unit norm is not necessary since the normalization
to unit norm is performed when Qscaled m is computed for the MDAP directions Pm.

1) Pulkki, Ville, “Generic panning tools for MAX/MSP”, Proceedings of International Computer Music Conference, 2000

2) Pulkki, Ville, “Generic panning tools for MAX/MSP”, Proceedings of International Computer Music Conference, 2000
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If the spread parameter a (or respectively awidgth for non-uniform spread) exceeds 90°, then a cross-fading
towards power-normalized unit gain 1/v/N for all of the N loudspeakers is applied to yield the final panning
gains:

a-90°

idth-90° . .
o OTA= 2widh 7 (non-uniform spread) respectively.

’ 90°

A=

9.2.3 Informative distance and depth spread rendering

Add p new Annex K

Anngx K

(informative)

Distgnce and depth spread rendering

This annex describes an informative approach to distance and depth spread rendering.
Distgnce rendering:

The approach for distance rendering uses methods of signal processing to render objects with a defined
distance that can be nearer or farer away than the original loudspeaker distance,{4].

Thergfore, the following mapping of OAM radius values to a distance factor.shall be applied:

-+ The reference distance, s, is assumed to be the-maximum local loudspeaker distance
signaled in the localSetuplnformationinterface(). If ho" loudspeaker distances are given, a
maximum distance of 1023cm shall be assumed.

—+ The doubling factor d is defined as

— If r is equal to ryef,then d=10.

After|determination of d,-the ‘original object is copied to the positions az + 30° and az — 30°.

For [ > rref, the copied object signals are decorrelated with decorrelation filters (individual filters), e.g.
accolding to [1]. This results in a lowering of phase coherence and interaural coherence.

The gains of the two copies objects, as well as the gain of the original object, are then adjusted based on the
doubling factor d.

For r{>J¥fe: d; = d (with O = original LS distance and 1 = doubled distance)

- Gain of the original object g, = max(0,1-0.5-d,)

- Gain of the copied objects ggec = 0.25 - d;
In addition to that, a loudness normalization may be applied:

0 Upom = \ gdry2 +2- gde02
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(0] = =
gdry &no Y gnorm
« _ 8dec - gd
O 8Bdec = 8norm gdec N =
G norm

— A specific gain ratio implies the perception of “nearness”
— Gain of the original object Oy =1

— Gain of the copied objects  georr = (ﬁ—l) -0.6

2__1].06 d, <1
Jeor = 2_d2

min(3.25, 0.8-log,(d,)+0.6 d,>1
— In addition to that, a loudness normalization may be applied:

0 Uyom= \ gdry2 +2- gcorr2

9q
_ ry
o gdry -
gnorm
« _ Bdec 4 gcorr
o 8dec = Znorm gcorr

Depth spread rendering:

With the described rendering of distance, rendering of depth spread can be realized by the means ¢
proposed informal distance rendering.

To make use of the depth spread valuey,Which is transmitted in case of non-uniform spread, the correspo
object is rendered at multiple distances:

- Once at the ‘front’ of the.depth expansion
- Once at the ‘back’ of the depth expansion
- Once at the originaldistance

The depth spread value is translated to the following ‘front’ and ‘back’ radius values:

lone = I +Spread deptn * 0+
I = Max(o,r —spread depth -0.5)

The “frofit"radius is restricted to a minimum of 0.

Thesrendering of 2D spread by the use of 18 additional MDAP directions shall only be applied to the obj
the original distance.

f the

nding

bct at

9.3 Signaling and Processing of Scene Displacement Angles for CO content
In 17 add a new subclause

17.X Interface for scene displacement data
17.X.1 Introduction

This subclause describes syntax for a normative interface for scene displacement data received by the

decoder. Use-cases are the deployment of a tracking device that tracks the user’s head (e.g. a Virtual R

© ISO/IEC 2017 — All rights reserved
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(VR)

device) resulting in a scene displacement that needs to be processed by the decoder framework or a

tracking device that directly tracks the scene displacement (e.g. 3D mouse or data glove).

17.X
The

.2 Definition of an interface for scene-displacement data

mpegh3daSceneDisplacementData() syntax element provides an interface for the scene displacement,

given by three Tait-Bryan angles:

- 'yaw' (a,,, Qyaw) is @ rotation around the z axis

The

> b 0. 0 0 " i -
- pIchn \ppitch) IS a TOLlalion arouna tne X axis

‘roll’ (B,0)) is a rotation around the y axis

three angles describe the relative orientation between two orthogonal right-handed 3D Cartesian

coordinate systems by three rotation angles alongside the three coordinate axes, namely between the so-
called ‘fixed scene setup coordinate system’ and the ‘deflected scene coordinate system’.

The

The

g¢oordinate systems are right-handed coordinate systems that use the following direction of the axes:

x axis pointing to the right
y axis pointing straight ahead
z axis pointing straight up

fixed scene setup coordinate system is the original coordinate system,\in which the positioning of

loudgpeakers (azimuth, elevation), reproductions screen and objects (azimuth, ®elevation, and radius) happens.

The

deflected scene coordinate system describes the orientation of the "virtual scene after the objects

positions have been updated. This coordinate system rotates with the deflection of a tracker device from its
idle gtate. The origin is assumed to be the same as the scene coordinate system, but the coordinate system

may

Posi

be deflected along all three axes, indicated by the values giver-by’the scene displacement interface.

tlve rotations correspond to the direction of rotation about each axis as indicated below. For this definition,

clockwise and anti-clockwise is determined by looking directly along the axis of rotation, towards the origin of
the cpordinate system. The positive rotations are illustrated in"Figure AMD7.1.

A positive yaw value corresponds to a clockwise rotation about z axis.
A positive pitch value corresponds to an anti*clockwise rotation about the x axis.
A positive roll value corresponds to an anti-clockwise rotation about the y axis.

Y zZ Z

Positive roll rotation

Positive yaw rotation Positive pitch rotatic

Pq {clockwise) +90°  (anti-clockwise) [_]7“

N e

(anti-clockwise)

Figure AMD?7.1 - Directions of positive rotations

17.XB.Syntax of the scene displacement interface

Table AMD7.7 — Syntax of mpegh3daSceneDisplacementData()

Syntax No. of bits Mnemonic

mpegh3daSceneDisplacementData()

{

222

o

sd_yaw; uimsbf
sd_pitch; 9 uimsbf
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sd_roll; 9 uimsbf

}

17.X.4 Semantics of the scene displacement interface

sd_yaw This field defines the scene displacement angle about the z axis. This field
can take values between ay,,, == -180° and ay,,, == 180°.

e = (222 1) 180, (y 1j 180;

Qyaw = Min (Max (ay,w, -180), 180);

yaw
A positive yaw value corresponds to a clockwise rotation about the z axis

sd_pitch This field defines the scene displacement angle abauf\the x axis. Thid field
can take values between B;,= -180° and B.,= 180%

QAyaw = (Sd Fo 1) 180 IB itth — [Sd_g—sltm_ljl8o’

BpltCh min (max (Bpltch! 180) 180)

A positive pitch value corresponds_to an anti-clockwise rotation about fthe x
axis.

sd_roll This field defines the scene.-displacement angle about the y axis. Thid field
can take values between 0},;= -180° and 6,,;,= 180°.

(sd roll 1j 180;
28

0,1 =¢min (max (6,4, -180), 180);
A positive¥oll value corresponds to an anti-clockwise rotation about the y| axis.

roll —

Ay = (Z5-1) - 1809,

In 18 add a new subclause

18.X1 Processing of scene-displacement angles for channels and objects (CO)

If the ‘useTrackingMode;*flag of either binauralRendering() or loudspeakerRendering() is equal to ong, the
data received by the'scene displacement interface mpegh3daSceneDisplacementData() shall be procegsed.
The received angles' ‘yaw’ (ayqy), ‘Pitch’ (Bpicn) and ‘roll’ (8,,) describe how each object’s position has fto be
updated (i.e. the.scene displacement around the z axis, x axis and y axis):

- Aepgsitive yaw value corresponds to a clockwise rotation about z axis.
- ~Kpositive pitch value corresponds to an anti-clockwise rotation about the x axis.
-\.—A positive roll value corresponds to an anti-clockwise rotation about the y axis.

For each obJect and channel it has to be checked if the ‘fixedPosition’ flag |nd|cated in
i e L with

‘f|xedP03|t|on =0, the posmon has to be updated

Channels are therefore interpreted as objects with the position of their corresponding speaker as the object’s
position: The real playback speaker position shall be taken into account if given by ‘known Position’.
Otherwise the ideal speaker position shall be assumed.

No position interaction shall be processed for these former channel-based elements, as well as no closest
speaker processing, no screen-related remapping, no spread rendering, no excluded sectors processing and
no divergence or diffuseness processing.

The position update consists of the following steps:
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- First, the object or channel position p = (az,el,r) is determined. For channel-based signals

the radius I' is determined as follows:

- If the intended speaker exists in the reproduction speaker setup and the distance
of the reproduction setup is known, the radius I' is set to the speaker distance (in
cm).

- If the intended speaker does not exist in the reproduction speaker setup, but the
distance of the reproduction speakers is known, the radius I is set to the

maximum renroduction sneaker distance
10 124

- If the intended speaker does not exist in the reproduction speaker setup and no
reproduction speaker distance is known, the radius I' is set to 1023cm.

-| After that, the position p is converted to the position p”, according to the ‘common’ gonvention,

where 0° azimuth is at the right ear (positive values going anti-clockwise) and 0° elevation is top of
the head (positive values going downwards), resulting in p'= (az’,el’,r)

az’=az+90°
el’=90°—el

-| The position p” is then transferred to Cartesian coordinates (x,y,z), assuming the following direction

of coordinate axes:
O x axis pointing to the right
O vy axis pointing straight ahead
O 1z axis pointing straight up

x =r-sin(el) -e0s(az’)
y =r-sin(el*):sin(az’)
z =r>cos(el")
-] The resulting position v = (X, Yy, z) is then rotated with the rotation being dependent on the scene

displacement input data.
- Anintrinsic rotation shall be calctlated using a z-x-y convention (‘Yaw-Pitch-Roll Convention’ (YPR)).

The rotation can e.g. be realizéd by multiplication with a rotation matrix T, Tyot.

-|  This rotation results in a.pesitionv'= (X, Yy, 2)
-| This updates position(V"is then transferred back to an azimuth-elevation notation according to the
‘common’ convention:

s

z
XP+yP+2?

el,’=arccos
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90°—sign(x’)-90° if y=

sign(y’)-90° elseif x==

arctan y, elseif x>0
. . X
az, =atan2(y’,x) = ]

arctan y, +180° elseif (y>0)
X

arctan i —180° else

. 22 o2
r=yX?+y*+z

- Position p, = (az'z,el'z) is then transferred back to the MPEG-H notation, resulting in a final upglated

position p, = (az,, el,)
az, =az, —90°

el, =90°—el;

After that, objects and channels are fed to the object renderer with their updated positions. The o¢bject
renderer renders them using the new object _{ositions. The underlying triangulation stays the dame,
independent of the tracking data.
The DRC set selection process according 10.6.4.4 shall ignore DRC sets for DRC-3 if scene displacgment
processing is enabled at the decoder.
In 17.3.2 update Table 156 acegerding to
Table 156 — Syntax for LoudspeakerRendering()
Syntax No. of bits Mnemonic
LoudspeakerRendering()
{
bsNumLoudspeakers; 16 uimsbf
locall.oudspeakerSetup = SpeakerConfig3d();
hasLoudspeakerDistance; 1 bslbf
hasLoudspeakerCalibrationGain; 1 bslbf
'~ useTrackingMode; 1 bslbf
for (n = 0; n < bsNumLoudspeakers; n++) {
H{speakerbayeuthype—<=H-
hasKnownPosition[n]; 1 bslbf
if (hasKnownPosition[n]) {
loudspeakerAzimuth[n]; 9 uimsbf
loudspeakerElevation[n]; 8 uimsbf
}
}
if (hasLoudspeakerDistance) {
loudspeakerDistance[n]; 10 uimsbf
}
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if (hasLoudspeakerCalibrationGain) {
loudspeakerCalibrationGain[n]; 7 uimsbf
}
}
externalDistanceCompensation; 1 bslbf
}

In 17}3.3 update the semantics according to

bsNymLoudspeakers Number of loudspeakers in the local reproduction setup.
hasLjoudspeakerDistance This field defines if a loudspeaker distance is given in the bit stream.
hasLpudspeakerCalibrationGain This field defines if a loudspeaker calibration gain is given-in‘the bit stream.

useTrackingMode This field defines if a processing of scene displacement values sent via the
mpegh3daSceneDisplacementData() interface shall’happen or not.

hasKnownPosition This flag defines if an explicit signaling of thé)known position of the
loudspeaker is following in the bit stream(

loud$peakerAzimuth This field defines the azimuth angleof\a speaker. It can take values between
-180° and 180° in 1° steps.

Azimuth = (loudspeakerAzimuth — 256)
Azimuth = min (max (Azimuth, -180), 180)

loudspeakerElevation This field defines the’elevation angle of a speaker. It can take values
between -90° and’90° in 1° steps.

Elevation ={loudspeakerElevation — 128)

Elevation= min (max (Elevation, -90), 90)

loudspeakerDistance This field defines the distance of a loudspeaker to the reference point
centered in the loudspeaker setup in cm. The field can take values between
0 and 1023, corresponding to 0 to 1023 cm in 1cm steps.
loudgpeakerCalibrationGain  This field defines a loudspeaker calibration gain in dB. The field can take
values between 0 and 127, corresponding to dB values between

Gain = -32 dB and Gain = 31.5 dB in 0.5 dB steps:

Gain [dB] = 0.5 x (loudspeakerGain — 64)

extennalDistanceCompensation
I—rrﬂﬁ_&m_k—hh_n‘b—lﬁm ag defines whether loudspeaker compensation shall be a applied 1o

the decoder output signals. If this flag is 1, the loudspeaker compensation
shall be omitted and loudspeakerDistance and loudspeakerCalibrationGain
shall not be applied in the decoder..

In 17.4.2 update Table 157 according to
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Table 157 — Syntax of BinauralRendering()

Syntax

No. of bits Mnemonic

BinauralRendering()

{

if (isHoaData) {

}else {

case 0:

break;
case 1:

break;
case-2:

break;

bsFileSignature; 32 bslbf
bsFileVersion; 8 uimsbf
bsNumCharName; 8 uimsbf
for{i=0—i<bsNumCharNamei++}{

bsNamelil; 8 bslbf
}
useTrackingMode; 1 bslbf
bsNumBinauralDataRepresentation; 4 uimsbf
for (r = 0; r < bsNumBinauralDataRepresentation; r++) {

brirSamplingFrequencyindex; 5 uimsbf

if (brirSamplingFrequencylndex == 0Ox1f ) {

brirSamplingFrequency; 24 uimsbf
}
isHoaData; 1 bslbf

hoaOrderBinaural = escapedValue(3,5,0); 3,8 uimsbf
nBrirPairs = (hoaOrderBinaural+1)2;

MeasurementSetup = SpeakerConfig3d();
if (speakerLayoutType == 0) { /* See SpeakerConfig3d() */

nBrirPairs = escapedValue(5,8,0)+1 513 uimsbf
} else {
nBrirPairs = numSpeakers; /* See SpeakerConfig3d() */
}
}
bsBinauralDataFormatiD; 2 uimsbf
ByteAlign();

switch (bsBinauralDataFermatiD) {

BinauralFIRData();

FdBinauralRendererParam();

TdBinauralRendererParam();

In 17.4.3 replace
useHeadTrackingMode

with

useTrackingMode

© ISO/IEC 2017 — All rights reserved
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This flag defines if a tracker device |is connected and the binaural rendering
shall be processed in a special headtracking mode, meaning a processing of
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scene displacement values sent via the
mpegh3daSceneDisplacementData() interface shall happen.

In 18 add a new subclause

18.X1

The
warp

1

228

P Processing of scene displacement angles for scene based content (HOA)

fotation of the HOA representation takes place after spatial HOA decoding and before the optional
ng for the screen adaptation and rendering. It can be achieved by two equivalent approaches:

The first approach itself consists of three following steps:
a. Transforming the original HOA representation of order N to the spatial domain;i.e.
representing it by general plane waves from O = (N + 1)? directions_of incidence .QEIN),

q =1, ...,0, defined in sections F.2 to F.9.
b. Rotating the directions according to the desired rotation of the HOA-representation to provide

O rotated directions f)gN), q=1,..,0.

c. Applying an inverse spatial transform to the general plané-waves assuming the rotated
directions to provide the rotated HOA representation,

The three operations can be expressed by

C=%uen¥o C,
with C € RWV+D? XL g0y € € RWHD? xL denoting the frames of the original and rotated HOA
representations, ‘I’al denoting the inverse of.the mode matrix with respect to the directions .QgN)
expressing the spatial transform and Wyaw indicating the mode matrix with respect to the rotated

directions f)gN). The mode matrices-are computed from the directions as described in according in

section F.1.5.
The approach can be beneficialfor lowering the computational complexity in cases the HOA
representation is already given by in the spatial domain.

The rotation of the directions can be accomplished as follows:

First, the directions .QEIN) = (HéN), (]b(gN) ), q =1,..., 0, defined in sections F.2 to F.9 and given in

spherical’coordinates are first converted to positions !2,(61;],2 = [xq, Yo Zq]T (assuming a radius of

one)in Cartesian Coordinates , i.e. .Q((IN), - .Q,(CIQ by

— <in AN N
Xq = Sin 5 cos ¢,

— ; N 3 N

Yq = Sin 6, sing¢g
— N
Zq = cos O,

Then, the rotated positions are computed by
oW _ (N)
Q. = Trothoa'Q

XyZ xyz
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where T,.q¢, . is the rotation matrix for the HOA coordinate system derived from the scene
displacement angles (yaw, pitch roll), see Annex I.

Eventually, the rotated positions are converted back to the spherical coordinate system ﬁi’;ﬁ -

oM by

7(E)

ﬁsN) = atan? (g?z + 92 9)

~(N) _ ~

g = atan2(y,%)
where atan2() is defined according to 18.X1.

2. By expressing the rotation directly as one single matrix multiplication applied to the/frame of the
original HOA representation as

PN

C=MC¢C,

where the elements of the transform matrix M can be computed by) M = ¥,,,,, W' or directly

using

so —called Wigner-D functions, J. Sakurai, J. Napolitano, "Modern Quantum Mechanics", Addison-

Wesley, 2010. Note that the transform matrix M has a special ’block-diagonal structure, which
for an HOA order of 2 as follows:

1 0 0
M|y=p = [0 [3x3] 0 l
0 0 [5x5]

Due to this rather sparse structure, the matrix-multiplication with M can be accomplished very
efficiently.

The DRC set selection process accerding to 6.4.4 shall ignore DRC sets for DRC-3 if scene
displacement processing is enabled, at the decoder.

Add a new Annex |

Annex |

(informative)

Determination of a rotation matrix for processing of scene displacement data

The determination~of a rotation matrix for an intrinsic rotation (also called ‘intermediate frames’, ‘rotati
moving body axes’, meaning a rotation about the axes of a rotating coordinate system. The rotating coorg

looks

on of
inate

system is initially aligned with the fixed one and modifies its orientation after each elemental rotation) with the

z-x-y conyention (‘Yaw-Pitch-Roll Convention’ (YPR)) is shown below.

Note\that the following text defines rotation matrixes that are designed to be pre-multiplied with a co
vector representing a position in 3D space.

umn-

JThe overall rotation matrix is defined as the matrix product of three elemental rotations. The three elem

ental

rotations (also called coordinate rotations) are:
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1 0 0
Toux ()=|0 cos() sin()
|0 —sin() cos() |
cos() 0 —sin()]
Toy,()=| 0 1 0

rot,y

TSt —0—cos() ]

[ cos() sin() 0]

T, (-)=]—sin() cos() O
0 0 1

The three different elemental rotations are combined by matrix multiplication to form the ovetall multiplication

matri
elem

If a n
Dete

From
coord

wher
abov

9.4 E
In 1§

The 3
size i

If no

X (“Yaw-Pitch-Roll Convention’). The signs for the pitch and roll angles are negative, because the
ental multiplication are always defined as clockwise rotations.

Trot = Trot,z (ayaw) ’ Trot,x (_Qpitch ) ’ Trot,y (_ﬂroll)

= Trot,z (ayaw) ’ Trot,x (Hpitch )T ' Trot,y (ﬂroll )T
COS(ayaW) Sin(ayaw) 0 1 0 0 Cos(ﬂroll) 0 Sin(ﬁroll )
=|-sin(a,,) €0S(a,,) 0|0 €os(fe) —SIN(Oh))|: 0 1 0
0 0 1 0 si r](epi’[ch ) COS(Hpitch ) —Si n(ﬁroll ) 0 COS(IBroII )

atrix is needed to be post-multiplied with a row-vectar;the order of elemental rotations has to be inverted.
mination of rotation matrix for scene based content:

the scene displacement angles ( roll, pitch“and yaw), a rotation matrix T,,,,  suited for the HOA
inate system (ISO/IS 23008-3, Annex F.1.1)45 calculated:

Trothoa = otz (ayaw) Trot,y (lgpitch) Tz:ot,x (Bron),

T" denotes the transposed of ‘matrix T and the basic rotation matrices T, Troty Trot,, are defined

xtension of screen-related processing for off-centered screens

.3 replace

creen size of a nominal reference screen (used in the mixing and monitoring process) and local screen
hformation in the playback room are taken into account for the remapping.

nhominal reference screen size is given, default reference values are used assuming a 4k display and an

optim
with

alvgawina dictanan
TV ICW g Crotartces

The screen size of a nominal reference screen (used in the mixing and monitoring process) and local screen

size i

nformation in the playback room are taken into account for the remapping.

The size of the applicable nominal reference screen is in general read from the bitstream, located in the
mae_ProductionScreenSizeData() syntax structure.
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If the structure mae_ProductionScreenSizeDataExtension() is present in the Dbitstream,
mae_NumPresetProductionScreens is bigger than 0 and the interaction mode is set to ‘basic interaction
mode’, the groupPresetID of the currently chosen/valid group preset shall be used to identify the applicable
screen size of the reference screen from the mae_ProductionScreenSizeDataExtension() structure before the
remapping is applied.

If no is chosen or the chosen preset has no associated production screen, the production screen from the
mae_ProductionScreenSizeData() structure shall be used as a default production screen.

If the structure mgn_Drndl|f‘fianr~rnnnQi?nngfglzvfnncinn() s prncnnf in_the hifefrnam, and the
mae_overwriteProductionScreenSizeData flag as well as the hasNonStandardScreenSize flag |from
mae_ProductionScreenSizeData() are equal to 1, the azimuth angle data originating |from
mae_ProductionScreenSizeDataExtension() shall be used instead of the azimuth angle |data |from
mae_ProductionScreenSizeData() to define the default production screen.

If no nominal reference screen size is given, default reference values are used assuming a4k display and an
optimal viewing distance.

Further, in 18.3 after

The reproduction screen edges are abbreviated by:

repro repro Arepro ,repro
¢Ieft '(Dright ’etop ’ebottom

add

Azimuth values of a temporary reproduction screen are defined\by:

1
o repro repro : repro repro
(360°+ @y + Prign de— if ((/’right > Prett )
repro __ 2
Dofset =
repro repro

1
(Pt + Dright )E else

répro __ ,.repro __ __repro
goleft, temp — ¢Ieﬁ ¢oﬁset

repro __ .repro __ __repro
gpright, temp ¢right ¢offset

(olffrt),r?emp —360° if (¢|repro > 1800)

eft, temp
P = g +360° if (g, <—180°)
(Dlref}th),r(t)emp else
DI i~ 360° (13, >180%)
Dl ey = P romp +360° i (P[0 o, < ~180°)
Prigh, termp else

Azimuthyvalues of a temporary reference screen are defined by:

{(3600+¢I:?tmlnal +§0rr;grr:mal) ; if (q):;;mlnal > §0|2?[mmal)

(pof'fset l
nominal nominal
(P + Dright ) ) else
nominal __ __nominal ____nominal
left, temp — (pleft offset
nominal __ _nominal ____nominal
¢right, temp — right offset
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Pitt emp —360° i (0 oy >180°)
Pt romp = 1 Pl tomp +360°  if (@it emp < —180°)
et emp else
Prignt.emp — 360° 1F (@it remp >180°)
Prignt.emp = | Prignt.temp + 360° iF (@it emy, < —180°)
[@right, tomp efse
A tenmpporal input azimuth value is defined according to:
inal
gotemp =Q- q)c:]tf)f:(]altna
Premp —360°  if (@, >180°)
Premp = Premp +360°  if (@, < —180°)
Premp else
Replgace
o 1+180° .
P T27 (5 +180°) ~180° for —180° < g < o™
(Dright +18O
(Drepro _¢repro
' left ight inal inal inal
(0 = norilinal rnlgminal ’ (§0 - (prr;gmma )+ (p:izarto fOf qy:]igrf?tma < ¢ < ¢|2?1mlna
Dt — Prignt
180° - (DI:;?I'O nominal re| i
pro nominal o
Tone  _nominal '((P_ Dett )+ Prét for g <¢<180
180°— g™
with
repro o
¢right,temp +180 ( o o o nominal
ton — Py +180°) —180 for —180°< @y, < Phomear.
Prigttemp +180
¢repro _¢repro
' _ left,temp righttemp inal inal inal
gotemp - (Dnominal _(Drllominal ) ((p’femp _¢23m:$np)+ gDl’rie{;?:t(y)'flﬂﬂP fOI" gofr;gmfma < ¢temp < ¢I2(f)tr,]:alerr§p
left,temp right,temp
180°~ (lef?rtzm i i
s p | | o
1800 ) gonominal ’ (¢temp - (DIZ?tTérr]T?p ) + (Dlreef't),rtzmp for ¢I2cf)tr,]:;:$p = ¢temp < 180
left,temp
P = O tomp + Dot
@ —360° if (¢ >180°)
@ =:¢ +360° if(p <-180°)
[gp’ else
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Further, in 18.3 replace Figure 71 with:

Azimuth @‘emp after Remapping

180° —+—
Mabpinacurveforceraan
M PHRE-EHFre-t+or-Sereen
repro H H
Pret tomp relative objects
Reproduction 0° -
screen area
repro
¢)right,temp
Azimuth @ before Remapping
180" " -
o nominal o nominal o
'180 ¢right,temp 0 (Dleft,temp 180

Nominal
screen area

Figure 1 — Remapping function of position data

18.X Screen-Related Adaptation and Zooming for Higher Order Ambisonics (HOA)

Screen-related adaptation and zooming-is only possible if the IsScreenRelative flag in the HOAConfig() (c.f.
table 119) is signaled as 1.

The screen-related adaptation process modifies the HOA rendering matrix and is only computed during the
initialization phase. Figure 18.X.1 depicts the process. If no local screen size information is available, no
screen-related adaptation shall be applied. In case only azimuth screen size information is given, the decpder
shall not apply any.screen-related adaptation in the vertical dimension.

Local loudspeaker configuration l

Generate

» Rendering Matrix B A, _
Locally -|_>/ Rule-based decision
Signaled HOA | whether to use a signaled | R
‘ | ~Rendering Matrices™ — ™ 9\ Renderingmatrix R

5 ! g ;

T Local Screen Size

° ! Compute Effect F. Compute_new
| Matrix —— —» Rendering
| Production ScreenSize > Matrix
|
: D
| v

. | Core HOA " ) Loudspeaker Loudspeaker
Bitstream Decoding 7| Decoding 1OA domain "' Rendering Feeds

Figure 18.X.1 Screen-related processing for Higher Order Ambisonics
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The screen-related adaptation of the rendering matrix is achieved by:

1. Generating a mode matrix w(OM) 55 described in Annex F.1.5 with M=900 sampling points which
directions (6, ¢) are defined in Annex F.9. $OM) := [§0 59 501 eRO*M.

2. The directions of those M sampling points are first modified using the mapping function defined in
clause 18.3. Then a mode matrix ‘I’g,?’M) based on these modified points is computed accordingly.

(@)

Computing a preliminary effect matrix:
F=w9OM gomT

where w©M'denotes the pseudo-inverse of the mode matrix P©M).

4. Computing a loudness correction value by using the HOA rendering matrix R (c.f. clause 12.4.3.2) for
each spatial direction [ = 1 ... M:

RS, DTRSRD)

A(l) =
O (R Fs{))T(RFle)

(n

Computing the final effect matrix:
F =9OMgigg(a) pomT,

where diag (A) denotes a diagonal matrix including the vecfor A.

gd. Computing the new rendering matrix:
D =RF

The zoom-depending adaptation of Higher Order Ambisonics is depicted in Figure 18.X.2. If no local zoom
information is available, zooming shall not be applied. The same algorithmic principles as described for the
scregn-related processing for Higher Order Ambisonics are applied, but the rendering matrix must be adapted
at ruptime according to the data provided by.the LocalZoomAreaSize() interface. During a dynamic zooming
event, a new effect matrix F shall be conipgted based a mode matrix Y©Mwith M = (N + 2)? equally spatial
sampling points which directions are_given in Annex F.2 to F.9. Once the zoom is stationary, the new effect
matrik F is computed based a modematrix ¥©@Mwith M = 900 spatial sampling points as decribed above.

Local loudspeaker configuration l

Generate

—» Rendering Matrix
Locally Y
Rule-based decision
Signaled HOA whether to use a signaled R
~ "Rendering Matrices™ ~ Rendering matrix

hoaOrder:

|

| R (/Compute New
: l Rendering Matrix,
| Local Zoom Area ————»

| Local Screen Size ——| COMpute Bffect| ¢

Il

|

|

|

Matrix D
Production Screensize > l
i Core » HOA ] Loudspeaker Loudspeaker
Bitstream Decoding "' Decoding HOA domain— Rendering Feeds

Figure 18.X.2— Overview of Zooming for Higher Order Ambisonics
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9.5 Update of closest speaker playout for the conditioned case

In 18.5 replace

7(E)

This distance has to be calculated for all known position P; to Py of the N output speakers with respect
wanted position of the audio element Py.nteq-

with

This distance has to be calculated for all known position P; to Py of a defined list of N output speakerg
respect to the wanted position of the audio element P,z eq-

Add a new subclause 18.X

18.X Determination of a list of speakers for conditioned closest speaker playback

If the closest speaker playback is conditioned, the ‘closest speakérprocessing’ shall only be conducted
or more speakers are located in a defined area around the membefs of the group.

The corresponding object should then be played back by the closest speaker within this defined range
area is defined by minimum and maximum values based on the given threshold angle (see 15
semantics):

- @Pmin= (pobj — Pthresh
- @Pmax = (pobj + Pthresh
- Hmin = Hobj - chresh
- Hmaxz gobj + ethresh

If a speaker lies within the closest speaker playout processing range, both the following conditions have
true:

— @speaker 2 (pobj — Pthrésh && Dspeaker < (Pobj * Qthresh

- espeaker 2 eobj - ethresh && espeaker < eobj + ethresh
Special cases have to be considered for values out of the allowed range:
- Pmin < -180°
- @Pmax> #180°
- Bnin<-=90°

- emax > +90°

o the

with

f one

The
3 for

to be

Minimum or maximum elevation is out of range, minimum and maximum azimuth are within the

dllowed range:

If (Omax > 90° || Omin< -90°) && (Pmin = -180° && @Pnmax< 180°), the following condition has to be true:

((pspeaker 2 gomin && (pspeaker < (pmax) && (espeaker 2 emin,'l && espeaker < emax,'l)
Il
(gospeaker 2 (pmin,2 && (pspeaker < ¢max,2) && (espeaker 2 9min,2 && espeaker < 9max,2)
with
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Mini

allo

If (((0 hax > 180° || ®min < -180°

with

emml emin Hmml 900

0 = 900 emaxl emax

9”"“2 =900 Ol Lgge e =" if 9, <-90°
O,ax o = 90° mex 0 a2 =90°+ |90° mln| i

¢min,2 = @niin +180° (omin,z = @nin +180°

Pmax,2 — Pmax +180° FPmax,2 — Pmax +1862

ed range:

((ospeaker

um or maximum azimuth is out of range, minimum and maximum elevation are within-'the

) && (Omin = -90° && Oax < 90°), the following condition has to be true;

2 (pmin,1 && (pspeaker < (omax,1) && (espeaker 2 emin && Hspeaker < Hmax)

((ospeaker (pm|n2 && (pspeaker (omax 2) && (espeaker = emln && Hspeaker = Hmax)
mml 1800 ¢min,1 = ¢min
€ = (Dmax (Dmaxl = 1800 A
if ¢ <-180° if >180°
bz =180°~ (g, +1807) [T P P 5-180° P
Prrax,, =180° P = —180°+ (., —180°)

Minimum or maximum azimuth is out of range,. and minimum or maximum elevation is out of range:

lf (((0 nax > 180° ” (pmin <-1 80°

with

236

(@speaker

(@speaker

) && (Omin < -90° [|"@max > 90°), the following condition has to be true:

(pm|n1 && (pspeaker < q)max 1) && (espeaker 2 emln 1 && espeaker = emax 1)
|

(Pmm 2 && (pspeaker q)max 2) && (espeaker = emln 1 && espeaker = emax 1)
|

(@speaker 2 (pmin,3 && (pspeaker < q)max,S) && (espeaker 2 9min,2 && espeaker < 9max,2)
( m|n1 1800 ¢min,1 = (Dmin
Prnax 1.5 Prmax . Drax1 = 180° .
/ if ¢ <-180° ' if >180°
=180°(p__+180°) (" Pmin _ _180° P

Tz

(Dmax,z = 1800

Tz

Ormer = ~180°+ (9., ~180%)
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minl — roin Hmin,l =-90°
gmax,l =90° emax,l = O
Oin =90 =100 Ol _gge e =" if 9, <-90°
0 a2 = 90° e 0 rax2 = 90°+ |90° + Qmin| min
Pring = Prin +180° Pring = Prmin +180°
Praxs — Prax 100" Praxs — P T 1007

For each of the output speaker, it has to be determined if it lies within the defined area. The clesest spgaker
playout should then only take into account the speakers within this range.

9.6 Processing of excluded sectors
Add a new subclause 18.X2

18.X2 Determination of a reduced reproduction layout based on excluded sectors

If it should be determined for a specific list of reproduction speakers.which ones shall be excluded|from
rendering based on a list of signaled exclusion sectors, the following processing has to be conducted:

— For each relevant signal group a ‘group-related’ reproduction’layout is determined, based on the
signaling of excluded sectors in the EnhancedObjectMetadataConfig() and
EnhancedObjectMetadataFrame() structures.

— Therefore, each excluded sector of the current group’is associated with a ‘condition’, conditionind the
positions of speakers that shall be excluded for tendering.

o0 If the excluded sector is given by apre-defined sector index, the condition is defined as stated
in Table 18.X2.1.
o0 If the excluded sector is an arhitrary sector defined by minimum and maximum excluded
elevation and azimuth values;,. the condition is given by
(el >el ;) &&El <el ) &&((az > az,,,) & &(az < az,,,,))

min

— Each reproduction speakeris;position (az, el) is compared to all conditions given by the list of

excluded sectors associated with the current group. If a condition is true, the current speaker shajl be
excluded from rendering.
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Table AMD7.8 - Conditions of excluded sectors

This

Any s

Multi
repro

9.71
Add

17.X7
17.X1

This
contg
there

17.X1

If the
MPE
interf]
but is

Sector Index Shprt_ Condition
description
0 No positive el>0
elevation
1 No negative el<0
elevation
2 No front ((abs(az) < 90) && (abs(el) < 90))
3 No right side ((az > -180) && (az < 0))
4 No left side ((az > 0) && (az < 180))
((abs(az) >= 90)
5 No surround
((az=0) && (el=90)))
(a2 > o) Il (az < i)
6 Screen only &&
(el > Gy ) Il (€1 < Gierom M)
7-15 Reserved -

brocessing is only applied if

1+— the local loudspeaker setup is signalled in the LoudspeakerRendering(), and

1+ the speakerLayoutType is O or 1.

ignaling of ‘known Positions’ (in LoudspeakerRendering()) shall(not be taken into account.

ble instances of the object renderer module may be needed'to” render the content to the ‘group-related’
duction layouts (group-related target rendering layouts).

nterface for channel-based, object-based;.and HOA metadata and audio
A new subclause 17.X1

Interfaces for channel-based, object-based, and HOA metadata and audio data
.1 General

subclause 17.X1 describes «Output interfaces for output of un-rendered channels, objects, and HOA
nt and associated metadata. The implementation of these interfaces is optional, however, if implemented,
are specific parts which shall be included.

.2 Expectations on external renderers

output interfaces” defined in this subclause are implemented and used for connecting to external, non-
5-H renderers, then these external renderers should apply and handle the metadata provided in this
bce and (felated audio data in the same manner as if internal rendering would be applied. This includes,
not limited to:

- \Correct handling of loudness-related metadata in particular with the aim to preserve intended target

loudness

— Preserving artistic intent, such as applying transmitted Downmix matrices correctly

— Rendering spatial attributes of objects appropriately (position, spatial extent, etc.)

— Correct handling of diffuseness, divergence azimuth range and exclusion sector metadata
— Correct handling of group priorities

17.X1.3 Object-based metadata and audio data (object output interface)

238
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17.X1.3.1 Introduction

This interface provides the output of metadata and audio data for object-based audio content (distinct objects

which have accompanying OAM data, SignalGroupType is equal to SignalGroupTypeObject (give

n by

Signals3d())). It supports the output of metadata and audio data of object-based content after the processing

of the element metadata preprocessor module.

The interface is restricted to metadata and audio data for the initial object-based audio elements, that are

enabled for playback (switched on), when the interface output data is requested.

The interface does not support the output of metadata or audio data of other audio elements.

Note that the output of channel-based elements that are routed to the Object Renderer during tracking

processing (see 6.3) is not supported by this interface.

Content that is received by the object output interface should be processed with the same\Loudness
processing before output to the interface as if they would be part of the regular output signals. The applid
of a peak limiter at the end of the processing chain is highly recommended.

The delay of the received signals should be adjusted before output to the interface, such that they hav
same delay as the regular output signals. The object renderer output should be muted and not played bz
case an output via the object interface is requested.

If an object output interface is provided by an implementation, the following processing shall be applied {
object-based content before the object output interface:

— Processing of the object metadata preprocessor module '(e.g. user interaction, screen-re
processing, etc.), except diffuseness processing and divefgence processing.

— DRC-1

— resampling

— frame truncation (truncation of PCM data)

— DRC-2

— loudness normalization

— application of the peak limiter

Diffuseness processing (i.e. the creation of therdiffuse audio part as well as weighting of the direct sounI part

using the diffuseness-dependent weighting, factor as described in 18.X3) is bypassed in case an out
object audio data plus metadata is requested via the object output interface. Diffuseness processing s
instead be applied by an external renderer.

The object-based audio element replica created during divergence processing (as defined in 18.1) shall n
put out via the object output-interface. The weighting of the original objects with the divergence-depe
weighting factor pyiginal Shall'be bypassed in case an output of object audio data plus metadata is requ
via the object output interface. Divergence processing should instead be applied by an external renderer.

If an object output interface is provided by an implementation, the following metadata shall be provided v
application spegific.interface to be evaluated by possible external renderers:

— number of output objects
— information about audio truncation and number of valid PCM frames for the current frame
—~0OAM metadata

— dynamic object priority (if available)

— object position (azimuth, elevation, radius)

— spread

DRC
ation

e the
ck in

o the

lated

ut of
hould

ot be
hdent
bsted

a the

= Ull.)ijt gaill
— Signal group related metadata
— static group priority
— “fixed position” flag
— Enhanced object metadata
— diffuseness
— divergence and divergence azimuth range
— exclusion sector metadata

© ISO/IEC 2017 — All rights reserved

239


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

The following sub-clauses provide syntax and semantics for a preferred implementation of such interface.
Implementers may choose to provide the information outlined in this preferred implementation in a different
way, e.g. using a different structure, different ordering of data, or different data types for conveying the object
metadata.

17.X1.3.2 Syntax of an interface for object-based metadata (informative)

Syntax No. of bits Mnemonic
mpegh3da_getObjectAudioAndMetadata()
{
/1 FRAME CONFIGURATION */
doa_framelLength; 6 uimsbf
doa_audioTruncation; 2 bslbf
iff (goa_audioTruncation>0) {
goa_numSamples; 13 uimsbf
Helse {
goa_numSamples = goa_framelLength << 6;
}
/1 OBJECT METADATA */
doa_numberOfOutputObjects; 9 uimsbf
for (o = 0; o < goa_numberOfOutputObjects; o++ ) {
goa_elementlID[o]; 9 uimsbf
goa_hasDynamicObjectPriority[o]; 1 bslbf
goa_hasUniformSpread[o]; 1 bslbf
/* OAM Data */
goa_numOAMframes|[o] 6 uimsbf
for (nf = 0; nf < goa_numOAMframes[o]; nf++) {
goa_objectMetadataPresent; 1 bslbf
if (Joa_objectMetadataPresent==1) {
goa_positionAzimuth[o][nf]; 8 uimsbf
goa_positionElevation[o][nf]; 6 uimsbf
goa_positionRadius[o][nf]; 4 uimsbf
goa_objectGainFactor[o][nAf]; 7 uimsbf
if (goa_hasDynamicQObjectPriority[o]) {
goa_dynamicQbjectPriority[o][nf]; 3 uimsbf
}
if ( goa_hasUniformSpread[o] ) {
goa_uniformSpread[o][nf]; 7 uimsbf
}else{
goa_spreadWidth[o][nf]; 7 uimsbf
goa_spreadHeight[o][nf]; 5 uimsbf
goa_spreadDepth[o][nf]; 4 uimsbf
}
}
}
/* Signal group related data */
goa_fixedPosition[o]; 1 bslbf
goa_groupPriority[o]; 3 uimsbf
/* Enhanced Object Metadata */
goa_diffusenessjo]; 7 uimsbf
goa_divergence|[o]; 7 uimsbf
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goa_divergenceAzimuthRange|[o]; 6 uimsbf
goa_numExclusionSectors|o]; 4 uimsbf
for (s = 0; s < goa_numExclusionSectors[o]; s++) {
goa_usePredefinedSector[o][s]; 1 bslbf
if ( goa_usePredefinedSector[o][s] ) {
goa_excludeSectorindex[o][s]; 4 uimsbf
}else {
goa_excludeSectorMinAzimuth[o][s]; 7 uimbsf
gna=exg|_ude_Se_c_tg;M,ayA7imufh[n][c] 7 uimbsf
goa_excludeSectorMinElevation[o][s]; 5 uimbsf
goa_excludeSectorMaxElevation[o][s] 5 uimbsf
}/*for (s = 0; s < goa_numExclusionSectors[o]; s++) */
}/*for (0 = 0; 0 < goa_numberOfOutputObjects; o++ ) ¥/
}

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

17.X1.3.3 Semantics of the interface for object-based metadata (informative)

goa_frameLength

goa_audioTruncation

goa_numSamples

goa_numberOfOutputObjects

goa_elementID

This field is used to determine thel\length of a nominal audio
frame in samples:

nominal audio frame length =goa” framelLength << 6;
Determines whether the~audio output corresponding to this goa
frame has been truncated according to the following table:

Table XXX — truncation direction signaling

value truncation applied
0 no truncation
1 from the left
(beginning of buffer)
2 from the right
(end of buffer)

Valid output PCM samples the decoder produced corresponding
to this goa frame. In case of truncation this can be different from
the nominal audio frame length. This value should be evaluated
by possible external renderers to ensure the application of the
received metadata to the correct audio PCM samples.

Number of Output Objects,

Topj, out = 90@_numberOfOutputObjects;

This field gives the mae metaDataElementlD of the current

goa_hasDynamicObjectPriority

goa_hasUniformSpread

goa_numOAMframes

© ISO/IEC 2017 — All rights reserved

audio object.

This field defines whether the current object contains a dynamic
object priority value.

This field defines whether the current object contains uniform or
non-uniform spread values.

This field gives the number of OAM frames that are available in
the current audio frame for the current object. The minimum is 1
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OAM frame per audio frame.

goa_objectMetadataPresent Indicates whether object metadata is present in the current OAM
frame
goa_positionAzimuth This field defines the azimuth position of the current OAM frame

of the current object.

azimuth = (positionAzimuth - 128) * 1.5;

azimuth = min(max(azimuth, -180), 180);
goa_jpositionElevation This field defines the elevation position of the current OAM
frame of the current object.

elevation = (positionElevation - 32) * 3.0;

elevation = min(max(elevation, -90), 90);

goa_jpositionRadius This field defines the radius of the current OAM' frame of the
current object.

radius = pow(2.0, (positionRadius / 3.0)) / 2.0;

radius = min(max(radius[o], 0.5), 16);

goa_lobjectGainFactor This field defines the gain of théscturrent OAM frame of the
current object.

gain = pow(10.0, (objectGainFactor - 32.0) / 40.0);

gain = min(max(gain, 0,004), 5.957);
goa_idynamicObjectPriority This field defines the“dynamic object priority value of the current

OAM frame of the" current object. This field can take values
between 0 and.:

goa_luniformSpread This field*Contains the uniform spread value of the current OAM
frame_of‘the current object.

spread = uniformSpread * 1.5;

spread = min(max(spread, 0), 180);

goa_lspreadWidth This field contains the spread value in width dimension of the
current OAM frame of the current object.

spread_width = spreadWidth[o] * 1.5;

spread_width = min(max(spread_width, 0), 180);
goa_fspreadHeight This field contains the spread value in height dimension of the
current OAM frame of the current object.

spread_height = spreadHeight[o] * 3.0;

Spread_height=min{max(spread_height, 0}, 907;

goa_spreadDepth This field contains the spread value in depth dimension of the
current OAM frame of the current object.
spread_depth = (pow(2.0, (spread_depth / 3.0)) / 2.0) — 0.5;

spread_depth = min(max(spread_depth, 0), 16);
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goa_fixedPosition

goa_groupPriority

goa_diffuseness
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This field defines if the current object’s position shall be updated
during processing of scene displacement (tracking) data. If the
position shall not be updated, the flag is set to 1.

This field defines the priority of the group to which the current
object belongs to. It can take integer values between 0 and 7.

This field defines the diffuseness of the group to which the

goa_divergence

goa_divergenceAzimuthRange

goa_numExclusionSectors

goa_usePredefinedSector

goa_excludeSectorindex

goa_excludeSectorMinAzimuth

goa_excludeSectorMaxAzimuth

current object belongs to. This field can take values between 0
and 127, corresponding to diffuseness values between 0.0 and
1.0:

diffuseness = (goa_diffuseness / 127);
This field defines the divergence of the objects, {The field can

take values between 0 and 127, corresponding.to divergence
values between 0.0 and 1.0:

goa_divergence = (goa_divergence / 127);

If the divergence of the object or ‘group is larger than 0.0
(goa_divergence > 0), the goa_ divergenceAzimuthRange
defines the positioning of the virtual sources. The field can take

values between 0 and 63, 'resulting in azimuth offset angles
between 0° and 180°:

Dueer = 3.0 - goa_divergenceAzimuthRange;
Dotset = MIN (MAX Pyt » 0), 180);

This field defines the number of exclusion sectors that are
defined.forthe current object.

This\field defines if an exclusion sector is signaled by a
predefined sector index (flag is equal to 1) or if an arbitrary
sector is specified (flag is equal to 0).

This field defines the sector index of a defined exclusion sector.

This field defines the minimum excluded azimuth value for a
defined exclusion sector.

= 3.0 - (excludeSectorMinAzimuth - 63);

(Dsector, min

=min (Max (@..or. min» ~180), 180);

(Dsector, min

This field defines the maximum excluded azimuth value for a
defined exclusion sector.

Q. =30 (excludeSectorMaxAzimuth - 63). |
7 SECLOT, T

goa_excludeSectorMinElevation
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= min (max (gpsecwr‘ max ~180), 180);

gDSBCIOF, max

This field defines the minimum excluded elevation value for a
defined exclusion sector.
o

ector, min = 0-0 * (excludeSectorMinElevation - 15);
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0.

sector, min

= min (max (@ -90), 90);

sector, min?

goa_excludeSectorMaxElevation This field defines the maximum excluded elevation value for a

defined exclusion sector.

O.cctor. max = 6.0 - (excludeSectorMaxElevation - 15);
o = min (max (0. o, -90), 90);

17.X1
17.X7

.4 Channel-based metadata and audio data

.4.1 Introduction

This |nterface provides the output of metadata for channel-based audio content (usually one complete signal

groug

with SignalGroupType set to SignalGroupTypeChannels (given by Signals3d())). It supports the output

of mptadata data of channel-based content after the processing of the element metadata preprocessor

modd

le.

The |nterface is restricted to metadata for the initial channel-based audio eleménts, that are enabled for
playback (switched on), when the interface output data is requested.

The ipterface does not support the output of metadata of other audio elements.

Note|that the output of channal-based elements whose positions shall be modified by the element metadata
preprocessor is not supported. Instead those elements may be treated.as object content with positions defined
by the indicated loudspeaker positions.

Content that is received by the channel output interface shouldbe processed with the same Loudness/DRC
procgssing before output to the interface as if they would bespart of the regular output signals. The application

of af

eak limiter at the end of the processing chain is highly recommended.

The dlelay of the received signals should be adjusted:before output to the interface, such that they have the

sameg

delay as the regular output signals. The format converter output should be muted and not played back

in case an output via the channel interface is requested.

If a channel output interface is provided by an,implementation, the following processing shall be applied to the
chanpel-based content before the channel gutput interface:

If ag
the in

Processing of the metadata preprocessor module (e.g. user interaction)
DRC-1

Resampling

Frame truncation (truncation of PCM data)

DRC-2

Loudness normalization

Application of the)peak limiter

hannel output'interface is provided by an implementation, the following metadata shall be provided via
terface t0 be evaluated by possible external renderers:

Number of channels
Number of valid PCM samples for the current frame

elementlDs for the referenced audio chanels

244

Channel configuration

“fixed position” flag

Static group priority

Downmix matrix elements, if transmitted and matching the selected Reproduction Layout (according
to 10.3.1)
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The following sub-clauses provide syntax and semantics for a preferred implementation of such interface.
Implementers may choose to provide the information outlined in this preferred implementation in a different
way, e.g. using a different structure, different ordering of data, or different data types for conveying the object

metadata.

17.X1.4.2 Syntax of an interface for channel-based metadata (informative)

This sub-clause provides syntax and semantics for a preferred implementation of the channel-based metadata

interface.
Syntax No. of bits Mnemohic
mpegh3da_getChannelMetadata()
/* FRAME CONFIGURATION */
gca_frameLength; 6 uimsbf
gca_audioTruncation; 2 bslbf
if (gca_audioTruncation>0) {
gca_numSamples; 13 uimsbf
}else {
gca_numSamples = gca_framelLength << 6;
}
/* CHANNEL METADATA */
gca_numberOfOutputChannelGroups; 9 uimsbf
for ( cGrp = 0; cGrp < gca_numberOfOutputChannelGroups; cGrp ++ ) {
gca_numberOfChannels[cGrp] 16 uimsbf
gca_channelLayout[cGrp] = SpeakerConfig3d();
for ( nChn = 0; nChn < gca_numberOf€hannels[cGrp]; n"Chn++ {
gca_elementID[cGrp][nChn]; 9 uimsbf
}
/* TRACKING-RELATED METADATA */
gca_fixedChannelsPosition[cGrp]; 1 bslbf
/* GROUP-RELATED\-METADATA */
gca_groupPriority[cGrp]; 3 uimsbf
gca_channelGain[cGrp]; 8 uimsbf
/* DOWNMIX'MATRIX ELEMENT */
gca_downmixAvailable 1 bslbf
if (gealdownmixAvailable) {
gca_downmixConfig();
b
}
}
17-X1.4.3 Semantics of the interface for channel-based metadata (informative)
gca_frameLength This field is used to determine the length of a nominal

audio frame in samples:

nominal audio frame length = gca_framelLength << 6

gca_audioTruncation Determines whether the audio output corresponding to
this gca frame has been truncated according to the

following table.

© ISO/IEC 2017 — All rights reserved
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Table XXX — truncation direction signaling

value truncation applied
0 no truncation
1 from the left

(beginning of buffer)

from the righf

(end of buffer)

N

gca_humSamples

Valid output PCM samples the decoder produced
corresponding to this gca frame. In case of truneation
this can be different from the nominal audie\ frame

gca_humberOfOutputChannelGroups length.
gca_pglementiD Definition of the number of output chanfél groups.

This field gives the elementlDs_0fythe audio channels
gca_humberOfChannels out of the current channel group.

This field gives the number, of channels present in the
gca_ghannelLayout current channel group;
gca_fixedPosition This field defines the position of each channel

This field defifes if the current channels’ position shall
be updated“during processing of scene displacement

L. (tracking), data. If the position shall not be updated, the
gca_groupPriority flag is'set to 1.

This field defines the priority of the group to which the
. current object belongs to. It can take integer values
gca_khannelGain between 0 and 7.

This field defines the gain of the current frame of the
current channel group.

gain = pow(10.0, (objectGainFactor - 32.0) / 40.0);

gca_downmixAvailable gain = min(max(gain, 0.004), 5.957);

This flag signals the presence of downmix matrix
elements for the given channel group. The transmitted
downmix matrix information in downmixConfig() should
be evaluated by possible external renderers to preserve
. . highest possible artistic intend from the content creator
gca_downmixConfig() during the rendering process.

This is a subset of the original downmixConfig()-
. element, only including the elements matching the
17.X1.5 HOA metadata and audio data selected Reproduction Layout (according to 10.3.1)

17.X1.5.1 Introduction
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This interface provides the output of metadata for HOA audio content (usually one complete signal group with
SignalGroupType set to SignalGroupTypeHOA (given by Signals3d())). It supports the output of the metadata

of the HOA content prior the HOA rendering process.

The interface is restricted to metadata for the decoded HOA coefficients, that are enabled for playback

(switched on), when the interface output data is requested.

The interface does not support the output of metadata of other audio elements.

Content that is received by the HOA output interface should be processed with the same Loudness/DRC

processing before output to the interface as If they would be part of the regular output signals. The applid
of a peak limiter at the end of the processing chain is highly recommended.

The delay of the received signals should be adjusted before output to the interface, such that they hav
same delay as the regular output signals. The HOA interface and the HOA renderer should not pe
simultaneously: In case an output via the HOA interface is requested, the output of the HOA renderer s
be muted and not play back audio. In opposite, in case the output of the HOA renderer is requested the
output interface should be inactive.

If the HOA output interface is provided by an implementation, the following processing shall be applied {
HOA content before the HOA output interface:

— Processing of the metadata preprocessor module
— DRC-1

— Resampling

— Frame truncation (truncation of PCM data)

— DRC-2

— Loudness Normalization

— Peak limitation

If the HOA output interface is provided by an implementation, the following metadata shall be provided v
interface to be evaluated by possible external renderers:

— HOA order
— Number of valid PCM samples for the current frame
— NFC metadata

ation

e the
rform
hould
HOA

o the

a the

— Aflag that indicates if HOA contenpijs relative to a screen and if so, the local screen size informatjon

— HOA rendering matrix elements.if transmitted and matching the selected reproduction layout

The following sub-clauses providessyntax and semantics for a preferred implementation of such inte

face.

Implementers may choose to provide the information outlined in this preferred implementation in a different

way, e.g. using a different structure, different ordering of data.

17.X1.5.2 Syntax of an_interface for HOA metadata (informative)

Syntax No. of bits Mnemonic

mpegh3da\.getHoaMetadata()

IERAME CONFIGURATION */

gha_framelLength; 6 uimsbf
gha_audioTruncation; 2 bslbf
if (gha_audioTruncation>0) {

gha_numSamples; 13 uimsbf
T eSSy

gha_numSamples = gha_framelLength << 6;

}
/* HOA METADATA */

gha_numberOfHoaGroups; 9
for (hGrp = 0; hGrp < gha_numberOfHoaGroups; hGrp ++ ) {
gha_HoaOrder[hGrp]; 9 uimsbf
gha_UsesNfc[hGrp]; 1 bslbf
if (gha_UsesNfc[hGrp]) {
gha_NfcReferenceDistance[hGrp]; 32 bslbf

© ISO/IEC 2017 — All rights reserved
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gha_hasSignalledHoaMatrix[hGrp]; 1 uimsbf
if (gha_hasSignalledHoaMatrix[hGrp]) {

gha_HoaRenderingMatrixSet();
}

gha_isScreenRelative[hGrp]; 1 uimsbf
if (gha_isScreenRelated[hGrp]) {
mae_ProductionScreenSizeData();

1
)

}
17.X1.5.3 Semantics of the interface for HOA metadata (informative)
gha_fframeLength This field is used to determine the length ef ‘@ nominal
audio frame in samples:
nominal audio frame length = gca_framekength << 6
gha_laudioTruncation Determines whether the audio output corresponding to
this gha frame has been truncated according to the
following table:
Table XXX — truncation direction signaling
value truncation applied
0 no truncation
1 from the left
(beginning of buffer)
2 from the right
(end of buffer)
gha_jnumSamples Valid output PCM samples the decoder produced
corresponding to this gha frame. In case of truncation
this can be different from the nominal audio frame
length.
gha_[HoaOrder The HOA order of the outputted audio content
gha_|numberOfHoaGroups This elements indicates the number signal groups of
type SignalGroupTypeHOA.
gha_[UsesNfc This element determines whether or not the HOA Near
Field Compensation (NFC) has been applied to the
coefficient signals.
gha_NfcReferenceDistance This element determines the radius in meter that has
been used for the HOA NFC (interpreted as float in
IEEE 754 format in little-endian).
gha_hasSignalledHoaMatrix This element indicates if the content was transmitted
with HOA rendering matrices in the bitstream.
248 © ISO/IEC 2017 — Al rights reserved
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gha_HoaRenderingMatrixSet This is a subset of the original
HOARenderingMatrixSet()-element, only including the
elements matching the selected Reproduction Layout.

gha_isScreenRelative This element indicates if the HOA representation shall
be rendered with respect to the reproduction screen
size.

17.X1.6 Audio PCM data

The PCM data of the channels and objects interfaces shall be provided through the decoder PCM b
which first contains the regular rendered PCM signals (e.g. 12 signals for a 7.1+4 setlp). Subsequ
Nehan, out @dditional signals carry the PCM data of the originally transmitted channel représentation. Thes|
followed by ngy; o, Signals carrying the PCM data of the un-rendered output objects."Then additional si

carry the nyop, ot HOA data which number is indicated in the HOA metadata interface via the HOA order).

HOA audio data in the HOA output interface is provided in the so-called,"equivalent spatial dq

uffer,
ently
e are
gnals

The
main

representation. The conversion from the HOA domain into the equivalent spatial domain representation and

vice versa is described in Annex C.5.1.
The decoder shall signal the offset index of the PCM buffer for the first un-rendered output object.
9.8 Diffuseness Rendering

9.8.1 Diffuseness Processing
Add a new subclause 18.X3

18.X3 Diffuseness Rendering

To render objects whose groups have a ‘diffliseness’ parameter bigger than zero, a weighted sum of
called direct sound part and a diffuse~seund part has to be calculated depending on the value ¢
diffuseness parameter before playback.

Two signal versions are created for‘€ach object with a diffuseness value bigger than zero: A ‘direct sound
and a ‘diffuse sound part’.

The direct sound part is the.normal output of the metadata preprocessor, including all processing step
are related to element métadata preprocessing, such as

— Spread processing

— Position and-gain interaction

— Closest.speaker playout processing

— Screen-related remapping and zooming
— Precessing of excluded sectors
—etc.

3 So-
f the

part’

5 that

THe diffuse sound part is created by replicating the object audio content to the number N, with N bein

g the

number of total available reproduction loudspeakers without LFEs.

Each of these N signals is filtered with a decorrelation filter. Gain interaction is applied here as well, such that

an interaction gain affects both parts equally.

Both the direct sound part and the diffuse sound part are in addition weighted with a gain factor, which is

dependent of the diffuseness value of the group, to which the current object belongs to.

The following functions for the two weights Qgir, Jaitf are defined:

© ISO/IEC 2017 — All rights reserved
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g 4« = Vdiffuseness

Q4 =y1.0- gldif'f
Qairr = gldiff \/W

EXAMPLE — diffuseness = 0.0 - only the direct part is playing

O4r =1.0, g, =0.0
EXAMPLE — diffuseness = 1.0 - only the diffuse part is playing
g4 =0.0, g4 =10

EXAMPLE — diffuseness = 0.5 - both parts are playing with equal weights
Qair = V0.5, g'diﬁ =~0.5

The direct sound part is sent to the object renderer; the diffuse sound part is directly sent to the mixer, where
the two paths are combined and a mix of direct sound and diffuse sound is created. Note that the diffuse part
does|not contain signals for LFE speakers.

The fouting of the diffuse part to the mixer shall be disabled in case an output via the object interface is
requgsted. The weighting of the direct sound part with the factor gq;-shall also be omitted.
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The overall processing is depicted in Figure AMD7.2.

Element Metadata Preprocessor

Enabled object-based element

o o faN1 79 o .
e | R e e

- ain interaction
position interaction, E

gain interaction
closest speaker processing, Signal replication
screen-related processing, and
excluded sectors decorrelation
L diffuseness

divergence processing,

|
A Y & VF

N channels
Object Renderer .ofe

R

Z Mixer )3

Figure AMD?7.2 - Diffuseness processing
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9.8.2

Informative decorrelation filtering for diffuseness processing

Add a new Annex J

Annex J

(informative)

Decorrelation filtering for ‘diffuseness’ processing

Decofrelation filters for the ‘diffuseness’ processing are designed in time-frequency domain (e.g. QMF domain]

ERB

A se
value
spea

The ¢
The f

Deco
appli
Base

In ad
and 1

Exce
the fi
The 3

(Equivalent Rectangular Bandwidth) domain, STFT domain).

of frequency-dependent (random / pseudo-random) delays is defined, resulting in one specific ‘delay
&[b] per frequency band b. One decorrelation filter is defined for each reproduction loudspeaker /-virtual
er. The delays are static within time.

ecorrelation filters are implemented as FIR filters and filtering is performed to time-domain\signals.
pllowing parameters can be adjusted:

Overall (broadband) minimum and maximum delay values &,,ipand 8ax

Frequency-dependent minimum and maximum delay values 8,,;,[b] and.85.x[b], e.g. limitation of
the delay per band to be proportional to the longest waveform periodpresent in the current band,
resulting in a maximum absolute delay per band

rrelation filters according to the described design paradigm are already’in use for different purposes and
cations, for examples see References [1], [2] and [3].

[ on the existing implementations, the following parameter values are recommended to use:

The minimum overall delay 8,,;,is set to 5ms [1, 2].

Below 1500Hz: The maximum delay 8,,,4[b] is 50 tithes the cycle time of the frequency band with an
upper limit of 100ms [1].

Above 1500Hz: The maximum delay &,,,«[b] is;always 50ms. The minimum delay &,,;,[b] is 10 times
the cycle time of the frequency band [1].

dition, it is also possible to define further enhancement steps, which improve the diffuseness perception
ninimize temporal artifacts. Examples fok'enhancement processing are, e.g.:

Delays at cutoff frequencies are' chosen in a specific way to avoid artifacts at borders between
frequency bands, e.g. by defining the delays in a way such that the phase matches at the cutoff
frequency where the delay is changed [1], for instance by ensuring that the phase shift at cutoff
frequencies have to be multiples of 360° [3].

Pseudo-randomization of the delays, such that they are distributed equally to the full delay range in
each frequencyband. This can be ensured by dividing the delay range into as many equal-length
intervals as there are channels, and randomizing a delay from a uniform distribution for each
interval. Resulting delays are then assigned to the different filters (channels) in random order [2].

btion of tfamsient signal parts before application of decorrelation filters: An additional step is added before
teringsthat separates the transients from the signal (e.g. by using an energy-based transient detection).
ignal.without transients is then filtered with the decorrelation filters and the original transients are added

back

252

to\the decorrelated signal afterwards [1].
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9.9 Updates of the element metadata preprocesssor
In 17.7.3 replace

The second mode is a basic interaction mode, where the user may choose one of the group presets that are
defined in the metadata audio element syntax. With a group preset, the on/off statuses of the groups that are
referenced in the conditions of the chosen preset are defined and cannot be changed by the user. The user

The second mode is a basic interaction mode, where the user may choose one of a set group_présets that are
defined in the metadata audio element syntax. With a group preset, the on/off statuses ef-the group$ and
switch groups that are referenced in the conditions of the chosen preset are defined and,cannot be chgnged
by the user. The user may only change the on/off status of the other groups and switch groups that afe not
referenced in the conditions of the chosen preset. Position and gain of all groups can bé changed accord|ng to
the defined restrictions and ranges.

In17.7.3 add

If the current group preset or group preset extension contains one ‘@r-more switch group conditiong, the
following behavior has to be ensured by the metadata preprocessor:

— If a switch group condition is equal to 1, it has to be ensured that one member of the correspopding
switch group is enabled (on/off status equal to 1)./1f,\no member is switched on by the usef (via
interaction), the default member has to be switched’en by the metadata preprocessor.

— All preset-dependent object characteristics and«parameters (disable gain interactivity, group greset
gain, disable position interactivity, group preset’azimuth offset, group preset elevation offset, group
preset distance factor) shall be applied to,the active member, independent on which member is
currently active.

— If a switch group condition is equal to O all members of the corresponding switch group shall be fet to
inactive/disabled.

Switch group conditions with value 0 are©nly applicable for switch groups whose
mae_switchGroupAllowOnOff flag is egual to 1.

Change the title of 18 from

Application and processing. of local setup information and interaction data

to

Application and processing of local setup information, interaction data and scene displacement data
In 18.1 replace
A processing block is defined that processes the user interaction interface data and prepares the pudio

elements for rendering and play-out. This “Element Metadata Preprocessor” also applies the logic that is
imposed by the user interaction and the element metadata.

Jhe following processing structure and order of processing the interface data (interactivity intgrface

mpegh3daElementinteraction() and interface for local setup information mpegh3dalLocalSetuplnformation())
and metadata audio elements is defined. An overview is given in Figure 70.

with
A processing block is defined that processes the user interaction interface data, the scene displacement

interface data and prepares the audio elements for rendering and play-out. This “Element Metadata
Preprocessor” also applies the logic that is imposed by the user interaction and the element metadata.

The following processing structure and order of processing the interface data (interactivity interface
mpegh3daElementinteraction(), scene displacement interface mpegh3daSceneDisplacementData() and
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interface for local setup information mpegh3dalLocalSetupinformation()) and metadata audio elements is
defined. An overview is given in Figure 70.

The divergence processing has to be conducted before the processing of scene displacement angles (tracking
processing) is carried out.

Replace Figure 70 in 18.1 by the following Figure:

Initialization ~ [—= Processing Loop —= Element Routing

Diffuseness
processing
(split in direct sound and
diffuse sound parts)

Read Rendering
Information
(renderingType,
renderinglayout,

Route to WIRE

screen-size,

Route to modules:

mpegh3dpLocalSetuplnformation " - Routing |nformation
peg upinformation() | AudioScenelnfo and Direct Sound Part Diffuse Sound Part 6
mpegh3dpConfig() object-based Processing Processing - Format Converter Modified Wetadata
metadata) . . L - Object Renderer P~ N
. Check for Routing Gain Interactivity .
mpegh3dkElementinteraction() to WIRE Processing** - SAOC Renderer Reproduction Layouts
Read Interactivity - HOA Renderer (based on excluded sectors)
mpegh3dpSceneDisplacement() Information — - Mixer (Diffuse Le &
Divergence Dupl\cat\or_'n i Sound Part)
. reproduction
Processing loud 0
Read Scene ou: S
Displacement
Information i
Tracklr.\g Decorrelation
Processing
Determine
Proce”ss(;ng Status of Screen-Size Diffuse Sound Part
a V’Ol:IpS D Remapping Weighting
Evaluation of
Interaction Data

and Metadata Object-Remapping

for Zooming

Determine
excluded sectors
for all groups

Gain Interactivity
Protessing"J

Position
Interactivity
Processing

Closest-Speaker
Playout Processing

Direct Sound Part
Weighting

*'The gain interactivity block may be processed at an arbitrary position in the metadata processing loop,
hoewever it has'to'he ensured that both the direct sound part and the diffuse sound part are adjusted in
their gain according to the gain interaction data.

Figure 70 — Processing of Metadata and Interface Data
In 18.1 replace
As a|first step~the rendering type, rendering layout and screen size information is determined. Then, the

syntgx element mae_ AudioScenelnfo() is retrieved. Afterwards, the interactivity data is read from the
intergctiyity interface.

The interaction type (basic or advanced) is determined. Next, it is determined which element groups have to

be processed. This is defined by their on/off status, the WIRE routing information and the implicit logic by
switch group definitions.

with

As a first step the rendering type, rendering layout and screen size information is determined. Then, the
syntax element mae_AudioScenelnfo() is retrieved.

254 © ISO/IEC 2017 — Al rights reserved


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

The overall number of object-based audio element is determined that need to be rendered by the object
renderer. The overall number of object-based audio elements is

— the sum of the number of elements with OAM data
— plus 2 times the number of elements with OAM data with a divergence value bigger than 0 and whose
groups are not marked to be sent to a WIRE output.

Afterwards, the interactivity data is read from the interactivity interface.

The interaction type (basic or advanced) is determined. Next, it is determined which elements have fo be
processed. This is defined by the on/off status of their corresponding groups, the WIRE routing infermation
and the implicit logic by switch group definitions.

Further, in 18.1 replace
The following groups have to be processed:
— All groups that are switched on and are not member of a switch group.

— All groups that are switched on and that are member of a switch group if the switch group conditjon is
fulfilled (a maximum of one member of this switch group is switched-on).

— All groups that are switched off but are default members of a ‘switch group from whose membdrs no
other member is marked as switched on. The on/off statUs,of this default group shall then be set to 1
(on).

— All groups that are switched off and are marked to be routed to a WIRE output.
with
The elements from the following groups have te:be processed:
— All groups that are switched on and.até€’not member of a switch group.

— All groups that are switched .on;and that are member of a switch group if the switch group condit|on is
fulfilled (a2 maximum of one member of this switch group is switched on).

— All groups that are swit¢hed off but are default members of a switch group from whose members no [other
member is marked.as.switched on. The on/off status of this default group shall then be setto 1 (on).

— All groups thattare switched off and are marked to be routed to a WIRE output.

Further,in18.1 replace

In thesbasic interaction mode, the user can choose one of the defined group presets. The on/off statuges of
the_groups that are referenced in the chosen group preset’s conditions are set according to these condifions.
Any discrepancy to these values by the values in the ei_GrouplnteractivityStatus() syntax element shall be

ignored.
with

In the basic interaction mode, the user can choose one of a set of defined group presets.

First, it has to be checked if a downmixld is present and if the chosen preset has a group present extension
(defined in mae_GroupPresetDefinitionExtension()) that references the current downmixld. If this is the case,
the conditions of the corresponding group preset extension have to be used to determine which groups shall
be played back / rendered. The on/off statuses of the groups and switch groups that are referenced in the
chosen group preset’s or the applicable group preset extension’s conditions are set according to these
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conditions. Any discrepancy to these values by the values in the ei_GrouplinteractivityStatus() syntax element
shall be ignored.

In 18.1 after

NOTE The relevant groups are known at this point in time so the core decoder could be controlled such that
irrelevant elements are not decoded.

add

Next| group-related reproduction layouts are determined by evaluation of excluded sectors per group,
according to 18.X2. The group-related reproduction layouts (group-related target rendering layouts) are used
to coptrol one or more instances of the object renderer.

Next) the possible different reproduction layouts are determined by evaluation of excluded sectors, according
to 18.X2. The different reproduction layouts (target rendering layouts) are used to control ofie’ or more
instapces of the object renderer.

and replace

Then| the relevant groups are prepared for playout and rendering. Therefore,{dpdated output element
chargcteristics are calculated for each element of each group: Gain, azimuth, elevation, and distance. Azimuth
and Elevation either represent the element’s position or the element’'s speaker's position (in case the
mae |closestSpeakerPlayout flag is set to one). In case of groups with SignalGroupTypeChannels, azimuth
and glevation contain the unmodified speaker’s position.

with

Then|the elements of the relevant groups are prepared for playout and rendering. Therefore, updated output
element characteristics are calculated for each element of¢each group and the additional virtual objects for
grougs with a divergence value bigger than 0 that are<not to be sent to a WIRE output: Gain, azimuth,
elevgtion, and distance. Azimuth and elevation either<{represent the element’s position or the element’s
speaker's position (in case the closestSpeakerPlayout flag is set to one and the divergence of the
corregponding group is equal to 0 or not existing). In\Case of groups with SignalGroupTypeChannels, azimuth
and g¢levation contain the unmodified speakeris position (in case the divergence related to the element is
equa| to 0 or not existing and the closestSpeakerPlayout flag is set to one and the closest speaker playout is
uncohditioned, or in case the closestSpeakerPlayout flag is set to one and the speaker is located within the
range defined by the closestSpeakerThresholdAngle as defined in 18.X if the closest speaker playout is
conditioned).

Further, in 18.1 replace

Azimputh and elevation either represent the element’s position or the element’s speaker’s position (in case the
mae |closestSpeakerPlayout flag is set to one).

with

Azimpth and elévation either represent the element’s position or the element’s speaker’s position (in case the
closgstSpeakerPlayout flag is set to one and the closest speaker playout is unconditioned, or in case the
closgstSpeakerPlayout flag is set to one and the speaker is located within the range defined by
closestSpeakerThresholdAngle as defined in 18.X if the closest speaker playout is conditioned).

In 18.1 after

For the determination of the updated element characteristics, it shall first be checked if the element group are
marked to be routed to a WIRE output.
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add

Any evaluation of a valid/selected preset (and therefore the application of preset-dependent values) shall only
happen in the defined ‘basic interaction mode’ (see 17.7.3). The chosen/selected preset is indicated by the
presetID that is received by the mae_elementinteraction() interface. Any preset-dependent value (e.g. group
preset gain) is therefore only applied if basic interaction mode is enabled.

Further, in 18.1 replace

If a group is not routed to a WIRE output (non-WIRE group), the Screen-Related Remapping is conducthd for
all group members that are marked as screen-related. If a group is marked as to be routed to a WARE qutput
(WIRE group), this step should be skipped.

with
If a group is not routed to a WIRE output (non-WIRE group), the Screen-Related Remapping is conducté¢d for

all group members that are marked as screen-related. If a group is marked as to be\routed to a WIRE qutput
(WIRE group), this step should be skipped.

After that, the divergence processing is conducted. Therefore, the objects with @divergence bigger than |0 are
replicated: Two additional ‘virtual objects’ are created in addition to each Object with divergence > 0| The
‘unmodified’ positions and gains for the ‘virtual’ objects for the reproductién;of objects with a divergence Higger
than 0 are determined according to:

(Dvinual, left — (¢0rig, OAM + ¢oﬁset )

i (Dyira, et > 180 ) { Plirtyal, teft = Puirtual, 1ere — 36013

i (Dyiral, et < =180 ) { Piirtuan, 1ert = Pirtual, tefr* 860) }

(Dvirtual, right = (q)orig, oM ~ Poffset )
if ( <0virtual, right > 180 ) { §0virtual, right = (Dvirtual, right — 360)}

if ( (pvirtual, right <-180){ (Dvirtual, right = (Dvirtual, right +360) }

The gains p are based(onthe current OAM gain;-the-eurrent-gain-interaction and the divergence value:

v _ 0.58497
Porigrtemp — Jl — Edivergence

Poriginal = Porig, temp * Porig, OAM

Pvirtual, temp = JO.S . (Edivergence)0'58497

Pvirtual, left = Puirtual, right = Pvirtual, temp * Porig, OAM

After that, the virtual objects are treated the same way as the original objects from the bitstream for the
calculation of the updated output element characteristics.

In particular, the virtual objects are assigned with the same isScreenRelativeObject-value as their
corresponding original object for screen-related remapping and zooming. If the gain interaction is applied after
the divergence processing, all ranges and restrictions of the original objects shall apply to their corresponding
virtual object copies as well.
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The duplicated objects are added to the same group as the original object. They are assigned the original
group-dependent characteristics, e.g. for the subsequent interaction processing. As a next step, the scene
displacement data is processed if the ‘useTrackingMode’ flag in either binauralRendering() or
loudspeakerRendering() is equal to one. Therefore the data from the scene displacement interface is read and
updated positions for all tracked objects and channels (indicated by ‘fixedPosition’ = 0) are calculated as
defined in 18.X1.

and replace

Afteryvards, the gain interactivity data is processed (for non-WIRE groups and WIRE groups). Therefore, it is
first ghecked if the current group allows for gain interactivity (mae_allowGainlInteractivity flag is equal to 1).

with

Afteryvards, the gain interactivity data is processed. This step is applied to all elements of non-WARE groups
and WIRE groups. Therefore, it is first checked if the group of the current element allows for gain-interactivity
(mae| allowGainlinteractivity flag is equal to 1).

Further replace

If the| gain interactivity is still enabled, the output gain is calculated for each element of the group, taking into
accoyint the interactivity gain modification, and either the OAM gain (if available) or the current gain of an
element (in case no OAM data is available). If the basic interaction mode is)enabled, the possible group gain
valug of the currently active/valid preset is also taken into account.

The g¢verall gain modification (interactivity gain in dB plus group gain-in’dB) shall be restricted according to the
giverl mae_interactivityMinGain and mae_interactivityMaxGain alues. If no gain interaction is allowed, the
outpyt gain shall either contain 0dB (in case no OAM data is available) or the OAM gain in dB.

If the|group is marked as WIRE output, then no further interactivity processing shall be applied.

If the] group is not marked as WIRE output, then the-application of further processing depends on the signal
type.|If the group contains channel-based elements(SignalGroupTypeChannels), then no further interactivity
procgssing shall be applied. Instead the position-of the predefined associated speaker shall be determined
from |the audioChannelLayout information for e€ach element of the group. It is assumed that the member
elements in the member list are ordered .with' respect to the channel ordering signaled in the syntax element
Signals3d().

If thel group is accompanied by OAM data, then the position interactivity shall be processed. Therefore, it is
first ¢ghecked if the current groupallows for position interactivity (mae_allowPositionInteractivity flag is equal
to1).

with
Note] The gain interactivity may be processed at an arbitrary position in the metadata processing chain. If the

gain [interactivity~is:conducted after the divergence processing, the replicated objects should be processed
with the samergain interaction as the corresponding original objects.

If thg gaininteractivity is still enabled, the output gain is calculated for each element of the group plus
additjonal’virtual objects if the group has a divergence value bigger than 0 (in case divergence processing is

conducted before gain interaction), taking into account the interactivity gain modification, and either the OAM
gain (if available), the unmodified gain of the virtual objects (in case divergence processing is conducted
before gain interaction) or the current gain of an element (in case no OAM data is available). If the basic
interaction mode is enabled, the possible group gain value of the currently active/valid preset is also taken into
account.
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The overall gain modification (interactivity gain in dB plus group gain in dB) shall be restricted according to the
given mae_interactivityMinGain and mae_interactivityMaxGain values of the group of the current element. If
no gain interaction is allowed, the output gain shall either contain 0dB (in case no OAM data is available), the
OAM gain in dB or respectively the unmodified gain in dB for the virtual objects if divergence processing is
conducted before gain interaction.

If the group of the current element is marked as WIRE output, then no further interactivity processing shall be
applied.

It the group of the current element is not marked as WIRE output, then the application of further procepssing
depends on the signal type. If the element is a channel-based elements (SignalGroupTypeChannels);. thén no
further interactivity processing shall be applied. Instead the position of the predefined associated speaken shall
be determined from the audioChannelLayout information. It is assumed that the member elements ih the
member list of the associated group are ordered with respect to the channel ordering signaled’in the syntax
element Signals3d().

If the current element is accompanied by OAM data, then the position interactivity' shall be procepsed.
Therefore, it is first checked if the group of the current element allows \for position interagtivity
(mae_allowPositionInteractivity flag is equal to1).

and replace

If that is the case and if the basic interaction mode is active, it is then’checked if the currently activejvalid
preset disables the gain interactivity.

If the gain interactivity is still enabled, the output gain is calculated for each element of the group, taking into
account the interactivity gain modification, and either the OAM gain (if available) or the current gain pf an
element (in case no OAM data is available). If the basic intéraction mode is enabled, the possible grougd gain
value of the currently active/valid preset is also taken inte;account.

with

If that is the case and if the basic interaction mode is active, it is then checked if the currently active/selpcted
preset or the applicable group preset extension for the current downmixld disables the gain interactivity.

If the gain interactivity is still enabled, the*output gain is calculated for each element of the group, taking into
account the interactivity gain modification, and either the OAM gain (if available) or the current gain pf an
element (in case no OAM data is:available). If the basic interaction mode is enabled, the possible groug gain
value of the currently active/selected preset or the applicable group preset extension for the clirrent
downmixld is also taken into aceount.

Further, replace

If that is the case)and if basic interaction mode is active, it is then checked if the currently active/valid greset
disables the position interactivity.

If the pasition interactivity is still enabled for the current group, azimuth, elevation and distance values are
deternmined for each element of the group. The calculation of the output values takes into accour]t the
interactivity modification (offset values and distance multiplication factor) and the values from the OAM data. If
the-basic interaction mode is enabled, the possible values for a group azimuth offset, group elevation pffset
and group distance factor defined in the preset shall be taken into account.

The overall interactivity modification (interactivity modification plus the corresponding values in the preset)
shall be restricted according to the given interactivity ranges.

with
If that is the case and if basic interaction mode is active, it is then checked if the currently active/valid preset or
the applicable group preset extension for the current downmixld disables the position interactivity.

If the position interactivity is still enabled for the current group, azimuth, elevation and distance values are
determined for each element of the group and the additional virtual objects if the divergence of the group is
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bigger than 0. The calculation of the output values takes into account the interactivity modification (offset
values and distance multiplication factor) and the values from the OAM data or respectively the unmodified
gain in dB for the virtual objects. If the basic interaction mode is enabled, the possible values for a group
azimuth offset, group elevation offset and group distance factor defined in the preset or the applicable group
preset extension for the current downmixld shall be taken into account.

The overall interactivity modification (interactivity modification plus the corresponding values in the preset)
shall be restricted according to the given interactivity ranges.

In ac ditiantathat roanlaca
TTtroTT ot o oTacT

As a|next step, the closest speaker playout processing shall be conducted. If the group is marked as closest
speaker playout, then the position of the closest speaker to the output position data is determined for each
memper element as defined in 18.5. No rendering shall be applied; therefore it has to be ensured that the
determined speaker position exists in the reproduction speaker setup.

After|processing the interactivity data, the routing information for the elements is determined: If an element
group is marked as WIRE output, it should be directly sent to the according WIRE ID. The output gain is sent
along and shall be applied before WIRE output. Metadata regarding gain interactivity as well as
Loudhess/DRC processing should be applied before outputting the audio signal. Contéent that is routed to a
WIRE output should be processed with the same Loudness/DRC processing as ifithey would be part of the
regulpr output signals. The application of a peak limiter at the end of the.‘processing chain is highly
recorpmended. The signals on the WIRE output should have the same delay as’signals after the mixer.

If a group is not marked as WIRE output, then the output depends on the signal type.
with

As anext step, the closest speaker playout processing shall beceonducted. If an element is marked as closest
speaker playout, it shall be evaluated as the first step if thetclosest speaker playout processing shall happen
unconhditioned or conditioned.

If the| closest speaker playout is unconditioned, the pdsition of the closest speaker to the output position data
is defermined as defined in 18.5, taking into account.all reproduction speakers. No rendering shall be applied;
therefore it has to be ensured that the determined'speaker position exists in the reproduction speaker setup.

If thg closest speaker playout is conditioned\(a closestSpeakerThresholdAngle value is given), it has to be
determined, which of the reproduction speaKers lies in the given range according to 18.X.

After|determining the list of speakers(in the range, the position of the closest speaker with respect to the
outpyt position data is determined as defined in 18.5, taking into account only the reproduction speakers in the
rangg. No rendering shall be applied; therefore it has to be ensured that the determined speaker position
exist$ in the reproduction speaker setup.

After|processing the interactivity data, the routing information for the elements is determined. If an element
group is marked as WIRE output, the members of this group should be directly sent to the according WIRE ID.
The ¢utput gain is sent along and shall be applied before WIRE output. Metadata regarding gain interactivity
as well as Loudness/DRC processing should be applied before outputting the audio signal. Content that is
routed to a WIRE-output should be processed with the same Loudness/DRC processing as if they would be
part of the regular output signals. The application of a peak limiter at the end of the processing chain is highly
recorpmended. The signals on the WIRE output should have the same delay as signals after the mixer.

If an element group is not marked as WIRE output then the output dppnndq an the Qignal type

Further, replace

Channel-based groups are marked to be sent to the format converter, object-based groups are marked to be
sent to the object renderer, SAOC-based groups are marked to be sent to the SAOC renderer, HOA-based
groups are marked to be sent to the HOA renderer.
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with

Channel-based elements with ‘fixedPosition = 1’ are marked to be sent to the format converter, object-based
element as well as channel-based groups with ‘fixedPosition = 0’ are marked to be sent to the object renderer,
SAOC-based elements are marked to be sent to the SAOC renderer, HOA-based elements are marked to be
sent to the HOA renderer.

After

In addition to the decoded audio data, each renderer gets azimuth, elevation, distance (either, element’s
position or element’s speaker’s position), gain and the rendering layout. The SAOC renderer_and the|HOA
renderer might need additional side information.

add
The group-dependent reproduction layouts depending on the signaled excluded sectors are sent along {o the

object renderer. Dependent on the number of individual reproduction layouts, multiple instances of the ¢bject
renderer are used.

In 18.2.3 replace

Position interactivity is only defined for groups where positional (information is provided (OAM data ih the
syntax element object_metadata(), see Error! Reference sourcemot found.).

For groups with SignalGroupTypeChannels, no position interactivity is defined, because they are intended to
be played back by a specific speaker.

For groups that are marked as “closestSpeakerPlayout”, the determination of the closest speaker shoyld be
conducted after processing the position interactivity data.

If an element group is marked to be routed“to’a WIRE output, position interactivity shall not be appliedl The
unrendered audio content is sent to the WIRE output and no positional information is sent along.

with

Position interactivity is only défined for elements where positional information is provided (OAM data in the
syntax element object_metadata(), see Error! Reference source not found.).

For elements with SignalGroupTypeChannels, no position interactivity is defined, because they are intgnded
to be played back by a specific speaker.

For elements(that are marked as “closestSpeakerPlayout”, the determination of the closest speaker shoyld be
conducted after processing the position interactivity data.

If an.element group is marked to be routed to a WIRE output, position interactivity shall not be applied fo the
members of the group. The unrendered audio content is sent to the WIRE output and no positional information
is 'sent along.

In 18.2.4 replace

Screen-Related Element Remapping and Object Remapping for Zooming are only defined for groups that are
accompanied by OAM data in the syntax element object_metadata().

If no local screen size information is available, no screen-related element remapping shall be applied. In case

only azimuth screen size information is given, the decoder shall not apply any screen-related element
remapping of the elevation of screen-related elements.
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If no local zoom information is available, no object remapping for zooming shall be applied.

If an
rema
witho

with

Screg

are a
If no
only

rema

If no

If an
rema

element group is marked to be routed to a WIRE output, screen-related element remapping and object
pping for zooming shall be skipped, because the unrendered audio content is sent to the WIRE output
ut positional information.

ccompanied by OAM data in the syntax element object._metadata).

ocal screen size information is available, no screen-related element remapping shall be applied. In case
azimuth screen size information is given, the decoder shall not apply any screen-related. element
pping of the elevation of screen-related elements.

ocal zoom information is available, no object remapping for zooming shall be applied.

element group is marked to be routed to a WIRE output, screen-related element remapping and object
pping for zooming shall be skipped for the members of this group, because the unrendered audio content

is semt to the WIRE output without positional information.

In 18

2.5 replace

Closegst speaker playout is only defined for groups that are accompanied by OAM data in the syntax element

objed

If an
shall

with

t metadata().

element group is marked to be routed to a WIRE output, signaling of the closestSpeakerPlayout option
be ignored, because the unrendered audio content'is sent to the WIRE output.

Closgst speaker playout is only defined for\elements that are accompanied by OAM data in the syntax

elem

If an
shall
outpy

In 1§

If an
ignor
shall
sprea

bnt object_metadata().

element group is marked to be‘routed to a WIRE output, signaling of the closestSpeakerPlayout option
be ignored for the members-af-this group, because the unrendered audio content is sent to the WIRE
t.

.25 add

element has a divergence value bigger than 0, the signaling of the closestSpeakerPlayout option shall be
bd and no closest speaker playout processing shall be conducted. Closest speaker playout processing

only ,be~ conducted for objects with spread=0° (uniform spread signaling) or
d_width=spread_height=0° (non-uniform spread signaling).

9.10

Review of Metadata

Add new subclause 5.2.2.X and add the following syntax table:

5.2.2.X Syntax of Signal Group Information

262
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Table 4 — Syntax of SignalGroupIinformation()

Syntax No. of bits Mnemonic
SignalGrouplInformation( bsNumSignalGroups )
{
for ( grp = 0; grp < bsNumSignalGroups + 1 ; grp++ ) {
groupPriority[grp]; 3 uimsbf
fixedPosition[grp]; 1 uimsbf
}
}

At the end of 5.3 add new subclause 5.3.X Signal Group Information Elements

5.3.X Signal Group Information Elements

groupPriority

fixedPosition

This field defines the priority of the group. It caftake integer values betw
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 pr|
should be discarded first.

een

ority

This field defines if the positions of the members of a group shall be upddted
in the context of processing of tracking data (scene displacement data). Ip
case the flag is equal to zero,.the position of the corresponding group’s
members are updated during’the processing of scene displacement angl¢s. In
case the flag is equal to-gne, 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.

Replace all occurrences of mae_fixedObjectPosition with fixedPosition.

Replace all occurrences of fixedObjectPosition with fixedPosition.

In 15.3. remove the following definitions:

mae_groupPriority

mae-closestSpeakerPlayout

This field defines the priority of the group. It can take integer value$
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.

This flag defines that the members of the metadata element group
should not be rendered but directly be played back by the loudspedgkers
which are nearest to the geometric position of the members as deaned

in Error! Reference source not found..

At the end of 7.3, add new subclause 7.3.X Enhanced Object Metadata and add the following syntax:

7.3.X Enhanced Object Metadata

© ISO/IEC 2017 — All rights reserved
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Table 5 — Syntax of EnhancedObjectMetadataConfig()

Syntax No. of bits Mnemonic
EnhancedObjectMetadataConfig()
[* static per group */
hasDiffuseness; 1 bslbf
if ( hasDiffuseness ) {
— hasCommonGroupDiffuseness; 1 bslbf
}
hasExcludedSectors; 1 bslbf
if ( hasExcludedSectors ) {
hasCommonGroupExcludedSectors; 1 bslbf
if ( hasCommonGroupExcludedSectors ) {
useOnlyPredefinedSectors; 1 bslbf
}
hasClosestSpeakerCondition; 1 bslbf
if ( hasClosestSpeakerCondition ) {
closestSpeakerThresholdAngle; 7 uimbsf
}
[* static per object */
for (0 = 0; 0 < num_objects; o++ ) {
hasDivergence[o]; 1 bslbf
if ( hasDivergencel[o] ) {
divergenceAzimuthRange[o]; 6 uimsbf
}
if ( hasCommonGroupExcludedSectors == X) {
useOnlyPredefinedSectors|o]; 1 bslbf
}
}
}
Table 6 — Syntax of EnhancedObjectMetadataFrame()
Syntax No. of bits Mnemonic
EnhancedObjectMetadataFrame()
{
/* dynamic per group */
if ( hasDiffusenéss'&& hasCommonGroupDiffuseness ) {
if (independencyFlag == 0) {
keepDiffuseness; 1 bslbf
} elsey{
keepDiffuseness = 0;
3
if ( keepDiffuseness == 0 ) {
diffuseness; 7 uimsbf
¥
}
if ( hasCommonGroupExcludedSectors ) {
if (independencyFlag == 0) {
keepExclusion; 1 bslbf
} else {
keepExclusion = 0;
© ISO/IEC 2017 — All rights reserved



https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

if ( keepExclusion ==0) {
numExclusionSectors; 4 uimbsf
if (useOnlyPredefinedSectors ) {
for (' sc = 0; sc < numExclusionSectors; sc++) {
excludeSectorindex[sc]; 4 uimbsf
}
}else {
for {sc=0-sc<npumExclusionSectors;sct+} {
\ ’ ~ ~ ’ 7L
usePredefinedSector(sc]; 1 uimbsf
if (usePredefinedSector[sc] ) {
excludeSectorindex|sc]; 4 uimbsf
}else {
excludeSectorMinAzimuth[sc]; 7 vimbsf
excludeSectorMaxAzimuth[sc]; 7 uimbsf
excludeSectorMinElevation[sc]; 5 uimbsf
excludeSectorMaxElevation[sc]; 5 uimbsf
}
}
}
}
}
/* dynamic per object */
for (0 = 0; 0 < num_objects; o++ ) {
closestSpeakerPlayout[o]; 1 bslbf
if ( hasDiffuseness && ( hasCommonGroupDiffuseness == 0 ) ) {
if (independencyFlag ==0){
keepDiffuseness[o]; 1 bslbf
}else {
keepDiffuseness[o] = 0;
if (keepDiffuseness[o]:£=70) {
diffusenessjo]; 7 uimsbf
}
}
if ( hasDivergence[o] ) {
if (independencyFlag ==0){
keepDivergence[o]; 1 bslbf
}else {
keepDivergence[o] = 0;
if (keepDivergence[o] == 0) {
divergencel[o]; 7 uimsbf
}
}
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if ( hasCommonGroupExcludedSectors == 0 ) {
if (independencyFlag == 0) {
keepExclusion[o]; 1 bslbf
}else {
keepExclusion[o] = 0;
}
if (keepExclusion[o] ==0)
—{nu-mExelusi-onSest-oa:s[ﬂ]; 4 uimbsf
if ( useOnlyPredefinedSectors[o] ) {
for (' sc = 0; sc < numExclusionSectors[o]; sct++) {
excludeSectorindex[o][sc]; 4 uimbsf
} else {
for ( sc = 0; sc < numExclusionSectors[o]; sct++) {
usePredefinedSector[o][sc]; 1 uimbsf
if (usePredefinedSector[o][sc] ) {
excludeSectorindex|[o][sc]; 4 uimbsf
} else {
excludeSectorMinAzimuth[o][sc]; 7 uimbsf
excludeSectorMaxAzimuth[o][sc]; 7 uimbsf
excludeSectorMinElevation[o][sc]; 5 uimbsf
excludeSectorMaxElevation[o][sc]; 5 uimbsf
}
}
}
}
}
}
!
At the end of 7.4 add a new subclause 7.4.X :
7.4.XEnhanced Object Metadata
7.4.X,1 Enhanced Object Metadata Configuration Semantics
hasDiffuseness Flag which indicates whether diffuseness information is present in the payload
frame.
hasQommonGroupDiffuseness Flag which indicates whether the transmitted diffuseness information
applies to a whole group or to individual objects.
hasBxcludedSectors Flag which indicates whether information about exclusion sectors is present in
the payload frame.
hasQommonGroupExcludedSectors Flag which indicates whether the transmitted information about

exclusion sectors applies to a whole group or to individual objects.

useOnlyPredefinedSectors 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 signaled by means of explicit azimuth and elevation
ranges in the bitstream (value of 0).

hasClosestSpeakerCondition If the ‘closest speaker playout flag’ of the current group is set to 1, it is

266

possible to restrict the processing to loudspeakers that are located in a
specified area around the members of the group. This flag defines if the

© ISO/IEC 2017 — All rights reserved



https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

‘closest speaker processing’ shall happen unconditioned (value of 0) or
conditioned (value of 1).

closestSpeakerThresholdAngle

If the ‘closest speaker processing’ shall only happen if one or
loudspeakers are located in a defined area around the members of the g
the threshold angle for this area is given by this field.

Que. = 1.5 - closestSpeakerThresholdAngle;

hasDivergence

divergenceAzimuthRange

7.4.X.2 Enhanced Object Metadata Frame Semantics

keepDiffuseness

diffuseness

keepExclusion

numExclusionSectors

usePredefinedSector

¢thresh =min (max ((othresh d 0)’ 180);

Oy = 1.5 - closestSpeakerThresholdAngle;

ethresh =min (max (ethresh ’ 0)’ 90);

Flag which indicates whether divergence information is present in the pay
frame.

If the divergence of the object or groupris;larger than 0.0 (divergence > 0
divergenceAzimuthRange defines the |positioning of the virtual sources
field can take values between O and 63, resulting in azimuth offset a
between 0° and 180°:

Dyt = Min(max(3.0 - divergenceAzimuthRange, 0),180);

more
roup,

load

), the
The
hgles

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 s
be transmitted in the subsequent bit stream field.

Defiriition of the diffuseness of the objects (of a group); this field can
values between 0 and 127, corresponding to diffuseness values betwee
and 1.0:

diffuseness = (diffuseness / 127);

Flag which indicates whether the exclusion sectors from the previous frar
shall be re-used for the current frame (value of 0) or whether new exclusi
sectors shall be transmitted in the subsequent bit stream fields.

This field defines the number of sectors/areas that shall be excluded fron
rendering the of the affected object(s). It allows for values between 0 and
A value of 0 indicates that no loudspeakers shall be excluded.

This flag defines if the following sector is a predefined one (value of 1)

nall

take
n 0.0

identified hy a2 tahlg nnfry orif a2 detailed sector definition "\\]I azimuth and

excludeSectorindex

© ISO/IEC 2017 — All rights reserved
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Table AMD7.5 — Value of excludeSectorindex

Value of

excludeSectorindex

Short description Explanation

0 No positive elevation Exclude all speaker with positive elevation angles
. . Exclude all speakers with negative elevation
1 No negative elevation
angles
2 No front Exclude all front speakers
3 I"‘{IU Ilyht c;dc EAb:udU Cl:: Iluht c;dc D}JUOII\CIO
4 No left side Exclude all left side speakers
5 No surround Exclude all surround speakers
Exclude all speakers that are not located in the
6 Screen only .
reproduction screen area
7-15 Reserved n/a

excly

excly

excly

excly

deSectorMinAzimuth

deSectorMaxAzimuth

deSectorMinElevation

deSectorMaxElevation

clos¢stSpeakerPlayout

keeppPivergence

This field defines the minimum azimuth of the excluded area.
= 3.0 - (excludeSectorMinAzimuth - 63);

¢sector, min

= min (Max ( Pecior. min » ~180), 180);

wsector, min

This field defines the maximum azimuth of the éxcluded area.
= 3.0 - (excludeSectorMaxAzimuth - 63);

¢sect0r, max

= min (Max ( Pecror max » ~180)7 180);

gosector, max

This field defines the minimum elevation of the excluded area.
o = 6.0 - (excludeSectorMinElevation - 15);

sector, min
o, -90), 90);

sector, min min (max (05

ector, min ?

This field definesthe maximum elevation of the excluded area.
o = 6.0, - (excludeSectorMaxElevation - 15);

sector, max
% -90), 90);

sector, max~% min (max (HS

ector, max ’
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 Error! Reference source not
found..

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 bit stream field.

divengence This field defines the divergence of the objects (of a group). The field can take
values between 0 and 127, corresponding to divergence values between 0.0
and 1.0:
divergence = (divergence / 127);
268 © ISO/IEC 2017 — Al rights reserved
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In 15.2 replace Table 143 with the following:

Table 143 — Syntax of mae_AudioScenelnfo()

Syntax No. of bits Mnemonic
mae_AudioScenelnfo()
{
mae_isMainStream; 1 bslbf
if (man_iel\/laianmam) {
mae_audioScenelnfolDPresent; 1 bslbf
if (mae_audioScenelnfolDPresent) {
mae_audioScenelnfolD; 8 uimsbf
}
mae_numGroups; 7 uimsbf
mae_GroupDefinition( mae_numGroups );
mae_numSwitchGroups; 5 uimsbf
mae_SwitchGroupDefinition( mae_numSwitchGroups );
mae_numGroupPresets; 5 uimsbf
mae_GroupPresetDefinition( mae_numGroupPresets );
mae_Data();
mae_metaDataElementIDoffset = 0;
mae_metaDataElementIDmaxAvail; 7 uimsbf
}
else {
mae_bsMetaDataElementiDoffset; 7 uimsbf
mae_metaDataElement|Doffset = mae bsMetaDataElementIDoffset + 1;
mae_metaDataElementIDmaxAvail; 7 uimsbf
}
}
In 15.2 modify Table 145 as follows:
Table 7 — Syntax of mae_GroupDefinition()
Syntax No. of bits Mnemonic
mae_GroupDefinition(\numGroups )
{ for ( grp = 0; grp < numGroups; grp++ ) {
mae_grouplD[grp]; 7 uimsbf
mae_allowOnOff{grp]; 1 bslbf
mae’”_defaultOnOff[grp]; 1 bslbf
mae_allowPositioninteractivity[grp]; 1 bslbf
if (mae_allowPositionInteractivity[grp] ) {
mae_interactivityMinAzOffset[grp]; 7 uimsbf
mae_interactivityMaxAzOffset[grp]; 7 uimsbf
mae_interactivityMinEIOffset[grp]; 5 uimsbf |
mae_interactivityMaxEIOffset[grp]; 5 uimsbf
mae_interactivityMinDistFactor[grp]; 4 uimsbf
mae_interactivityMaxDistFactor[grp]; 4 uimsbf
}
mae_allowGainInteractivity[grp]; 1 bslbf
if (mae_allowGainlInteractivity[grp] ) {
mae_interactivityMinGain[grp]; 6 uimsbf
mae_interactivityMaxGain[grp]; 5 uimsbf
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- Prioritylgrel: 3 imsbf
—mae—closestSpeakerPlayout{grp}; 1 bslbf
mae_bsGroupNumMembers[grp]; 7 uimsbf
mae_hasConjunctMembers[grp]; 1 bslbf
if ( mae_hasConjunctMembers[grp] ) {
mae_startiD[grp]; 7 uimsbf
}
else {
for ( obj = 0; obj < mae_bsGroupNumMembers[grp] + 1; obj++ ) {
mae_metaDataElementID[grp][obj]; 7 uimsbf
}
}
}
At the end of 15.2 add the following syntax table:
Table AMD.15.2.1 — Syntax of mae_DrcUserinterfacelnfo()
Byntax No. of bits  Mnemonic
mae_DrcUserInterfacelnfo()
version; 2 uimsbf
if (version==0) {
bsNumTargetLoudnessConditions; 3 uimsbf
targetLoudnessValuelLower[0] =+63;
for( c=0; c<numTargetLoudnessConditions; ct++ ) {
bsTargetLoudnessValueUpperc]; 6 uimsbf
drcSetEffectAvailable[c]; 16 bslbf
targetLoudness¥alueLower[c+1] = targetLoudnessValueUpper[c];
}
} else {

/* discard_femaining bits signaled by mae_datalLength */

}

In 19

.3+ add the following Semantics

mae_metaDataElementlDmaxAvail  This field signals the maximum available mae_metaDataElementID in

a Main Stream or Sub-Stream.

version A version field that shall be set to zero.

bsNumTargetLoudnessConditions

270

field can take values between 0 and 7.
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numTargetLoudnessConditions = bsNumTargetLoudnessConditions + 1;

bsTargetLoudnessValueUpper A field that signals the upper limit of the target loudness range defined by
targetLoudnessValueUpper/-Lower. The field can take values between -63
and 0 dB. A range check shall include the upper boundary value and exclude

the lower boundary value. If the requested decoder target loudness
(targetLoudness) includes any of the signaled ranges, the corresponding

drcSetEffectAvailable field can, e.g. be used for guidance of a user interface if

the cantent of the DRC bitstream is not available

targetLoudnessValueUpper in dB = bsTargetLoudnessValueUpper.~ 6

drcSetEffectAvailable This field signals the available DRC set effects in the audio bitsttream for

certain target loudness range. Each bit represents a requestable DRC seg

effect type, where Table 11 of ISO/IEC 23003-4:2015 defines bit position
index (0 corresponds to LSB) and the corresponding semantics. If not

A"

U

present, all bits shall be set to one. Note that the DRE, set selection procgss
according to Clause 6.4.4 can handle any requestindependent of availalility

in the bitstream.

9.11 References

Add the following entries to the clause "Bibliography™ which'is located after the last Annex:

[1] Laitinen, M.-V. et al.: “Reproducing Applause-Type Signals with Directional Audio Coding”. J. Audio
Soc., Vol. 59, No. 1/2, 2011

Eng.

[2] Vilkamo, J. et al.: “Directional Audio Coding;" Virtual Microphone-Based Synthesis and Subjective

Evaluation”. J. Audio Eng. Soc., Vol. 57, No. 9, 2009

[3] Bouéri, M., Kyriakakis, C.: “Audio Signal-Decorrelation Based on a Critical Band Approach”. 117th
Convention, San Francisco, USA, 2004

[4] Laitinen, M.-V. et al.: “Auditory Distance rendering using a standard 5.1 loudspeaker setup”. 139
Convention, New York, USA, 2015

th

10 Improvements for use in broadcast ecosystems

10.1 Order of elements in mpegh3daDecoderConfig() and mpegh3daFrame()

In 5.3.1 replace:

Signal-groups are represented by audio data elements which are configured in the mpegh3daDecoderCo
The bitstream element Signals3d() specifies the assignment of audio data elements to signal groups. In
a(signal group requires extension payloads, the corresponding mpegh3daExtElementConfig()s shall di

follow the configuration elements for the audio data elements which belong to the associated signal group.

AES

AES

nfig().
case

rectly

with:

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
a signal group requires extension payloads, the corresponding mpegh3daExtElementConfig()s

case
shall

immediately precede the configuration elements for the audio data elements which belong to the associated

signal group.
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10.2 Overall delay alignment and constant decoder delay

In 4.3 replace Table 1 with

Table 1 — MPEG-H 3DA functional blocks, internal processing domain and delay numbers.
fs,core denotes the core decoder output sampling rate,
fs out denotes the decoder output sampling rate"

Contriblition

Delay Contribution to Maxiimum
to Maximum Delay
Pro- . Samples Dela
! . Processing y Lo
cessing Functional Block Domain [1/fs core] . . .
Context S core High Profile Complexity
or Profile
[1/fs outl Samples
[1/fs%0] Samples
[1/fs out]
TD, Core 0
frame length
=1024
SBR / MPS212 FD, Core 0
frame length
=2048 or
4096
SBR/MPS212, FD, Core 384 384 * RSR
. stereoConfigindex==3 frame length
Audio Core = 2048 61
4096
MPS FR 640 640 * RSRax
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) *
alignment to 64 sample:grid RSRmax
QMF-Analysis TD, FD 320 320 * RSRyax
QMF-Synthesis FD, TD 257 257 * RSRhax
Hybrid filter/SBR FD 384 384 * RSRax
DRC-1 if multiband: | O
TD (STFT)
or FD
else: neutral
Format Converter, FD 3072 3072 * RSRax
Core frame length = 1024
Format Converter, Core frame | FD 2048
length = 2048 or 4096
STFT Format Converter TD (STFT) 256 256 * RSRyax
Object Renderer Neutral 0
Rendering | SAQOC 3D Decaoder ED 0
bsDoubleFramelLengthFlag=0
SAOC 3D Decoder, FD 1024
bsDoubleFramelLengthFlag=1
Core frame length = 1024
SAOC 3D Decoder, FD 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),
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TD
Sample Rate Converter FD, TD 256 256 256
Mixing Mixer FD, TD 0
. . 5057 * RSRax | 256 * RSRax
Maximum accumulated delay to mixer: +256 +256
QMF-Analysis TD, FD 320 320 320
QMF-Synthesis FD, TD 257 257 257
DRC-2 if multiband: | O
Post- £B
progessing else: neutral
FD Binauralizer FD 0
TD Binauralizer TD 0
DRC-3 (only singleband) TD 0
Loudness Normalization TD 0
End pf chain | Peak Limiter (NOTE1) TD 240 240 240
LS Distance Compensation TD 0
Maximum accumulated delay to decoder output: 20150773RSR’"3" 3516075 SRimax
(NOTES 1, 2) = 16244 =1841
NOTE 1: The given values are valid for f; ,« =48kHz. The peak limiter shall introduce a delay of 5ms,

i.e. the limiter delay in samples shall be determined as floor(fs o - 5/kHZz).
The maximum accumulated delay to the decoder output has to be
adapted accordingly for output sampling rates the differ from\fgst: =48kHz.

NOT

F 2:  The maximum resampling factor RSR,,., of the sampling rate‘converter is 3.

*) HG
Com

A Decoder: FD in case Subband Directional Prediction or PAR’is used (only High Profile), Low
plexity Profile only operates in TD

Repl

442

Afte

443

— 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)

Mixing

Afte

hce 4.4.2 with

The mixer may operate in TD or in FD

4.4.2 add a new subclause (4.4.3):

subclause 4.4, add the following subclause

DRC-1 Operation Domains (DRC in Rendering Context)

4.5 Decoder Delay

If a constant decoder delay application is signaled in the bitstream (receiverDelayCompensation==1, as
defined in 5.2.2) then the decoding and rendering delay from the IMDCT output of the core decoder to the
mixing block of the MPEG-H 3D Audio decoder shall be kept constant by introducing delay lines where
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required. Similarly, the overall delay from the IMDCT output to the decoder output shall be kept constant by
introducing delay lines where required. The constant delay values that shall be fulfilled are determined by the

Maximum accumulated delay numbers in Table 1.

Enforcing a constant delay from the IMDCT output to the mixer implies that all signals at the IMDCT output
shall be aligned. Accordingly, the decoder shall compensate for different delays that may occur in the

processing of the IMDCT output signals, e.g. different SBR/MPS processing delays for SCEs and CP
case of stereoConfigindex==3.

Es in

Further, all side information utilized in the rendering blocks as well as for DRC processing shall ‘be
aligned to the IMDCT output waveforms independent of the value of receiverDelayCompensation
rendering and DRC side information shall be applied delayed in the rendering/DRC blocks, The

sent
The
side

information delays are determined by the delays the waveforms encounter in the processing pipeline from the

IMDCT output until reaching the corresponding rendering/DRC blocks. The following kinds ef.side inforn
shall be aligned to the IMDCT output waveforms and shall be applied delayed as defined:above:

— OAM object metadata
— DRC side information
— SAOC side information
— HOA side information

In case a bitstream contains multiple signal groups with differentsighalGroupTypes, the bitstream elg

receiverDelayCompensation shall be set to 1.

In Table 2 in 5.2.2.1, General Configuration Syntax;’ replace

coreQmfDelayCompensation

with

reserved

In Table 2.n°5.3.2, General Configuration Data Elements, replace

coreQmfDelayCompensation This flag forces the MPEG-H 3D Audio Core coder to apply a delay

ation

ment

' £ o oot o0 4 Lol L1£ 4 1 Y |
CUTTTPTTISAUUIT TUT TITC LaostT UTdl TODTN TS TIUL APPITCUL 1T TS VAdliutT 1o U, TTU'U

elay

compensation shall be applied. If its value is 1, a delay of 577 samples shall

be applied to all audio elements which do not use eSBR, i.e. which do no
employ a QMF analysis during decoding.

t

Further, if processing blocks immediately following the MPEG-H 3D Audio
Core require QMF domain input, the delay is bypassed and the output is fed
to a QMF analysis instead, such that the MPEG-H 3D Audio Core decoder

and the subsequent processing blocks can be efficiently combined in the
domain.
Audio elements which do employ eSBR are not affected.

© ISO/IEC 2017 — All rights reserved
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receiverDelayCompensation This flag forces the format converter to apply a delay compensation for the

case that it is not active. When its value is 0, no delay compensation shall be
applied in the bypass path. When its value is 1, a delay of 4033 samples shall
be applied, when the format converter is fed with time-domain input, a delay
of 2432 samples (corresponding to 38 QMF time slots) shall be applied, when
the format converter is fed with QMF domain input.

with

reserved

reserved.

receiverDelayCompensation This flag forces the decoder to operate in a constant delay. THe ,decoder delay

shall be kept constant by employing appropriate delay lines-{o-obtain the
delays noted in Table 1.

10.3| Broadcast Contribution Mode Operation of MPEG-H

Add the following new subclause "4.5 Contribution Mode of MIPEG-H 3d audio™:

4.5 Clontribution Mode of MPEG-H 3d audio

The LContribution Mode of MPEG-H 3DA specifies\a generic transport mechanism for audio signals with
accompanying metadata and it is designed to be.ghaware of the signal type and of the content and structure

of thg associated metadata.

A value of speakerLayoutType == 3 as\defined in Table 41 in the signaling of the referenceLayout in the
mpegh3daConfig() indicates that MPEG-H 3D audio shall operate in Contribution Mode. In Contribution
Modg the rendering context shall-gperate in a pass-through mode, i.e. the format converter shall apply an
identfty matrix to the signal. Contribution Mode bitstreams shall have the following additional restrictions:

— BsNumSignalGroups == 0 (one single signal group)

— $ignalGroupType ==

(channel signal group)

— (iffersFromReferencelLayout[0] == 0 (no audioChannelLayout in the signal group)

— ¢ore eoder delay lines for compensation of SBR, MPS212, shall be applied

— (Content of extension elements shall not be prnr\necnr‘l inthe decoder but shall be made available to an

external framework
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In 5.3.3 replace Table 41:

Table 41 — Meaning of speakerLayoutType

Value Meaning
0 Loudspeaker layout is signaled by means of ChannelConfiguration index as defined in
ISO/IEC 23001-8.
1 | audspeaker layout is signaled by means of a list of | oudspeakerGeomeiry indices as
defined in ISO/IEC 23001-8
2 Loudspeaker layout is signaled by means of a list of explicit geometric position
information.
3 Reserved
with:
Table 41 — Meaning of speakerLayoutType
Value Meaning
0 Loudspeaker layout is signaled by means of Channel€onfiguration index as defined in
ISO/IEC 23001-8.
1 Loudspeaker layout is signaled by means of a list of LoudspeakerGeometry indices as
defined in ISO/IEC 23001-8
2 Loudspeaker layout is signaled by means-of a list of explicit geometric position
information.
3 Contribution Mode: No associatedAoudspeaker layout; Renderers shall operate as defined
in 4.5. This value is only allowed.when signaling the referenceLayout.

10.4 Audio Pre-Roll

In 5.2.3.3, replace Table 38 with:

Table 8 — Syntax of AudioPreRoll()

Syntax No. of bits Mnemonic
AudioPreRoll()
{
configlLen = escapedValue(4,4,8); 4.16
Config() 8*configLen
applyCrossfade; 1 bool
reserved; 1 bool
numPreRollIFrames = escapedValue(2,4,0); 2.6
for (frameldx=0; frameldx < numPreRollFrames; ++frameldx) {
aulLen = escapedValued(16,16,0) 16..32 uimsbf
AccessUnit() 8*auLen
}
}
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Replace the content of 5.5.6.1, General:

The AudioPreRoll() syntax element is used to transmit audio information of previous frames along with the
data of the present frame. The additional audio data can be used to compensate the decoder startup delay
(pre-roll), thus enabling random access at stream access points (SAP) that make use of AudioPreRoll().

A mpegh3daExtElement() with the usacExtElementType of ID_EXT_ELE_AUDIOPREROLL shall be used to
transmit the AudioPreRoll().

with the following:

The AudioPreRoll() syntax element is used to transmit audio information of previous frames along with“the
data pf the present frame. The additional audio data can be used to initialize the decoder processing.pipeline
(pre-foll), thus enabling random access at stream access points (SAP) that make use of AudioPreRoll(),
seanless transition between different codec configurations including bitrate adaptation.

A mgegh3daExtElement() with the usacExtElementType of ID_EXT_ELE_AUDIOPREROQOLL shall be used to
transmit the AudioPreRoll().

Replace the content of 5.5.6.2, Semantics:

configLen Size of the configuration syntax element in bytes.

Config() The decoder configuration syntax element. In.the context of this standard this shall
be the Mpegh3daConfig() as defined.in) 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 accesstunits (AUs) transmitted as audio pre-roll data. The
reasonable number of AUs.depends on the decoder start-up delay.

aulLen AU length in bytes.
AccepsUnit() 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 5.5.6.3.3.
reserved reserved bit shall be zero.

NOTH The pre-roll data\carried in the extension element may be transmitted “out of band”, i. e. the buffer
requirements may not be satisfied

In order to use AudioPreRoll() for both random access and bitrate adaptation the following restrictions apply:

— The first\_element of every frame shall be an extension element (mpegh3daExtElement) of type
ID_EXT.ELE_AUDIOPREROLL.

— The Pnrmelnnnding mpngh?daFyfFlnmnn’r() shall he Pnnfignmd as annrifinrl in Table 60

— Consequently, if pre-roll data is present, this mpegh3daFrame() shall start with the following bit sequence:
“1”: usaclndependencyFlag.

— “1”: usacExtElementPresent (referring to audio pre-roll extension element).
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“0”: usacExtElementUseDefaultLength (referring to audio pre-roll extension element).

— If no AudioPreRoll() is transmitted, the extension payload shall not be present (usacExtElementPresent =
0).

— The pre-roll frames with index “0” shall be independently decodable, i.e. usaclndependencyFlag shall be
set to “1”.

pre-roll frames with index “0” bsindependencyFlag shall be set to “1” in the extension [;a load
Saoc3DFrame().
Table 60 — Setup of mpegh3daExtElementConfig() for AudioPreRoll()
Bitstream Field Value
usacExtElementType ID_EXT_ELE_AUDIOPREROLL
usacExtElementConfigLength 0
usacExtElementDefaultLengthPresent 0
usacExtElementPayloadFrag 0
with the following:
configlLen Size of the configurationsyntax element in bytes.
Config() The decoder configuration syntax element. In the context of this standard this{ shall

be the Mpegh3daConfig() as defined in 5.2.2.1. The Config() field mgy be
transmitted to.be able to respond to changes in the audio configuration|(e.g.
switching of streams).

numPreRollIFrames The number of pre-roll access units (AUs) transmitted as audio pre-roll [data.
Typically a value of 1 is signaled for initializing inverse transform filterbanks ¢f the
coré decoder and the renderers.

aulLen AU length in bytes.
AccessUnit() The pre-roll AU(s).
NOTE The pre-roll data carried in the extension element may be transmitted “out of band”, i. e. the |buffer

requirements may not be satisfied

In order to use AudioPreRoll() for both random access and seamless configuration changes the follpwing
restrictions apply:

— The first element of every frame shall be an extension element (mpegh3dakxiElement) of type
ID_EXT_ELE_AUDIOPREROLL.

— The corresponding mpegh3daExtElement() shall be configured as specified in Table 60.
— Consequently, if pre-roll data is present, this mpegh3daFrame() shall start with the following bit sequence:
“1”: usaclndependencyFlag.

“1”: usacExtElementPresent (referring to audio pre-roll extension element).
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— “0”: usacExtElementUseDefaultLength (referring to audio pre-roll extension element).
— If no AudioPreRoll() is transmitted, the extension payload shall not be present (usacExtElementPresent =
0).

— Fekterd-roll frames with index “0” shall be independently decodable, i.e. usacindependencyFlag shall be

Ilement receiverDelayCompensation set to one.

Table 60 — Setup of mpegh3daExtElementConfig() for AudioPreRoll

Bitstream Field Value
usacExtElementType ID_EXT_ELE_AUDIOPREROLL
usacExtElementConfigLength 0
usacExtElementDefaultLengthPresent 0
usacExtElementPayloadFrag 0

Replgace the content of 5.5.6.3, Decoding Process:
5.5.6{3.1 Introduction

This |section describes the decoding process for both/ random access / immediate play-out and bitrate
adoption scenarios.

5.5.6/3.2 Random access and immediate play-out

Random access and immediate play-out is possible at every frame that utilizes the AudioPreRoll() structure as
specified in this subclause. The following.pseudo-code describes the decoding process:

ugaclndependencyFlag == 1){
if{lusacExtElementPresent. =="1){

f* In this case usacExtElementUseDefaultLength must be 0! */
j F(usacExtElementUseDefaul tLength = 0) goto error;

* Not used */
jetmpegh3daExtElementPayloadLength();

> Check~for presence of config and re-initialize if necessary */
int configLen = getConfigLen();
j F(configLen > 0){
config c = getConfig(configLen);
ReConfigureDecoder(c);
it (ID_EXT_ELE_SAOC 3D) { /*if SAOC 3D payload is present in the bitstream */
config saoc3dConfig = getSaoc3dConfig(c);
ReConfigureSaoc3dDecoder (saoc3dConfig);
}

}

/* Get pre-roll AUs and decode, discard output samples */
int numPreRollIFrames = getNumPreRollFrames();

280 © ISO/IEC 2017 — Al rights reserved


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

for(auldx = 0; auldx < numPreRollFrames; auldx++)
int auLen = getAuLen();
AU nextAU = getPreRollAU(auLen);

if (ID_EXT_ELE_SAOC_3D) { /*if SAOC 3D payload is present in the bitstream */
frame nextSaoc3dFrame = Saoc3DFrame(hextAU);
[outSamplesFrame, saoclnSamplesFrame] = DecodeAU(nextAU);
saocOutSamplesFrame = Saoc3dDecode(saoclnSamplesFrame, nextSaoc3dFrame);
/* outSamplesFrame and saocOutSamplesFrame are discarded */

} else {

DecodeAU(nextAU) ;
}

}
}

/* Internal decoder states are initialized at this point. Continue normal decoding */
5.5.6.3.3 Bitrate adaption

Bitrate adaption may be utilized by switching between different encoded representations of the same
content. The AudioPreRoll() structure as specified in this subclause may be, used for that purpose
decoding process in case of bitrate adaption is specified by the following pseudo-code:

if(usaclndependencyFlag == 1){
if(usacExtElementPresent == 1{

/* In this case usacExtElementUseDefaultLength must be 0! */
if(usacExtElementUseDefaultLength !'= 0) goto error;

/* Not used */
getmpegh3daExtElementPayloadLength();

int configLen = getConfigLen();
if(configLen > 0){
config newConfig = getConfig(configlLen);

/* Configuration did not change, skip AudioPreRoll and continue decoding as norn
*/
if(newConfig == currentConfig){
SkipAudioPreRoll();
goto Ffinish;

}

/* Configuratien_changed, prepare for bitstream switching*/
outSamplesFluyshy'= FlushDecoder();
ReConfigurebecoder(c);

iT (ID_(EXT_ELE_SAOC_3D) { /*if SAOC 3D payload is present in the bitstream */
int _differentSaoc3dStream = 0;
eonfig newSaoc3dConfig = getSaoc3dConfig(newConfig);
¥ (newSaoc3dConfig != currentSaoc3dConfig) {
differentSaoc3dStream = 1;
ReConfigureSaoc3dDecoder (newSaoc3dConfig);

}

qudio
The

al

3

/* Get pre-roll AUs and decode, discard output samples */
int numPreRollIFrames = getNumPreRollFrames();
for(auldx = 0; auldx < numPreRollFrames; auldx++)
int auLen = getAuLen();
AU nextAU = getPreRollAU(auLen);
/*if SAOC 3D payload is present in the bitstream */
it (ID_EXT_ELE_SAOC 3D) && (differentSaoc3dStream == 1) {
frame nextSaoc3dFrame = Saoc3DFrame();
[outSamplesFrame, saoclnSamplesFrame] = DecodeAU(nextAU);
saocOutSamplesFrame = Saoc3dDecode(saoclnSamplesFrame, nextSaoc3dFrame);
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/* outSamplesFrame and saocOutSamplesFrame are discarded */
} else {
DecodeAU(hextAU) ;
¥
}

/* Get “regular” AU and decode */
AU au = mpegh3daFrame();
/*if SAOC 3D payload is present in the bitstream */

Ifac
— K

q
q

— |

if (ID_FXT_FIF_QAOF_QD) && (diffprpananr?thrpnm == 1) {

frame Saoc3dFrame = Saoc3DFrame();

[outSamplesFrame, saoclnSamplesFrame] = DecodeAU(au);

saocOutSamplesFrame = Saoc3dDecode(saoclnSamplesFrame, Saoc3dFrame);
} else {

outSamplesFrame = DecodeAU(au);

}

/* Apply crossfade only on the non-SAOC output samples*/
for(i = 0; 1 < 128; i++){
outSamples[i] = outSamplesFlush[i] * (1-i/127) +
outSamplesFrame[i] * (i/127)

}
for(i = 128; i < outputFrameLength; i++){
outSamples[i] = outSamplesFrame[i];

bnfiguration change is detected by the decoder the following'steps shall be applied:

Flush the internal decoder states and buffers (Flushpecoder()), i.e. decode a hypothetical access unit
omposed of all zero samples. Store the resulting.output samples corresponding to non-SAOC transport
hannels (outsamplesFlush) in a temporary buffer,

Re-initialize the decoder with the new configuration (ReConfigurebecoder()).

— Ifan SAOC 3D configuration change happened, re-initialize the SAOC 3D decoder with the new

q

—

onfiguration (ReConfigureSaoc3dDecoder).

Decode all contained pre-roll AUs and discard the resulting output samples corresponding to non-SAOC

ansport channels.

he output samples carresponding to SAOC transport channels (saoclnSamplesFrame), if present, are
rther decoded together with the SAOC 3D payload (nextSaoc3dFrame) by the SAOC 3D decoder.
iscard the output'samples of the SAOC 3D decoder.

ecode the-gurrent AU (mpegh3daFrame()). Store the resulting output samples corresponding to
on-SAOC fransport channels (outSamplesFrame) in a temporary buffer.

ecode-the output samples corresponding to SAOC transport channels (saocinSamplesFrame), if present,
gether with the SAOC 3D payload (Saoc3dFrame). Store the output of the SAOC 3D decoder in a
mporary buffer (saocOutSamplesFrame).

— To avoid switching artifacts apply a linear cross-fade of length 128 on ocutSamplesFlush and
outSamplesFrame. Play-out the result of the cross-fade (outsamples) and the SAOC 3D decoder output

(

saocOutSamplesFrame).

If the decoded signal is available in the QMF domain, no cross-fade is applied.
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with the following:

5.5.6.3.1 Introduction

This section describes the decoding process for both random access / immediate play-out and configuration

changes including bitrate adoption scenarios.

5.5.6.3.2 Random access and immediate play-out

Random access and immediate play-out is possible at every frame that utilizes the AudioPreRoll() structu
specified in this subclause. The following pseudo-code describes the decoding process:

if(usaclndependencyFlag == 1){
if(usacExtElementPresent == 1){

/* In this case usacExtElementUseDefaultLength must be 0! */
if(usacExtElementUseDefaultLength !'= 0) goto error;

/* parse over length information and discard */
getmpegh3daExtElementPayloadLength();

/* Check for presence of config and re-initialize it necessary */
int configLen = getConfigLen();
if(configLen > 0){

config c = getConfig(configlLen);

ReConfigureDecoder(c);

}

/* Get pre-roll AUs and decode, discard output samples */
int numPreRolIFrames = getNumPreRellFrames();
for(auldx = 0; auldx < numPreReklFrames; auldx++)

int auLen = getAuLen();

AU nextAU = getPreRollAUCauLen);

DecodeAU(nextAU) ;

/* outSamplesFrame are\discarded */

}
}
}

/* Internal decoder states are initialized at this point. Continue normal decoding */

5.5.6.3.3Configuration change and bitrate adaption

If receiverDelayCompensation==1 the AudioPreRoll() structure as specified in this subclause can be us

ehable seamless configuration changes and bitrate adaptions. The decoding process is specified below.

re as

ed to

If a configuration change is detected by the decoder the following steps shall be applied. Note that a

configuration (and thus a configuration change) may be signaled to the decoder either by a

new

mpegh3daConfig() element (e.g. in an MHAS packet of type PACTYP_MPEGH3DACFG) or within the

AudioPreRoll() structure.

— Flush the internal decoder states and buffers for the core decoder and rendering path
(FlushDecoder ()) by decoding hypothetical access units composed of all zero samples. Store the

resulting output samples (outSamplesFlush) in a temporary buffer. The number of flushed samples

(numSamplesFlushed) shall equal the core decoder and rendering path delay.
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Re-initialize the decoder with the new configuration.
Decode and render all contained pre-roll AUs and discard the resulting rendered samples at the mixer.

Decode and render the current AU and following AUs and store the resulting output samples
(outSamplesFrame). Discard the first numSamplesFlushed samples of outSamplesFrame. After
discarding, the first remaining sample in outSamplesFrame is the first valid decoded and rendered
sample.

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
:LeceiverDelayCompensation==1 the temporary buffer will cover exactly the startup phase of length
umSamp lesFlushed until valid samples from the reinitialized decoder will arrive at the mixer.

After the startup of the reinitialized decoder feed samples from the reinitialized decoder
loutSamplesFrame) into the post-processor.

Ih case applyCrossfade is set to 1 and the mixer operates in the time domain, an‘additional buffer of 128
gamples (crossftadeFlush) shall be flushed in the FlushDecoder () call. The-crossfadeFlush
buffer shall be used for a 128 sample linear crossfade between crossfadeFlush and the first 128 valid
gamples of the reinitialized decoder arriving at the mixer:

¥>~ Apply crossfade */
i f(applyCrossfade) {
for(i = 0; 1 < 128; i++){
outSamples[i] = crossfadeFlush [i] * (1-i/127).'*¢
outSamplesFrame[i] * (i/127)

Add Jn 5.7, Stream Access Point requirements and inter-frame dependency:

if MPS212 is used, bsindependencyFlag shall be 1.

if SAOC 3D is used, bsindependencyFlag shall be 1.

if HOA is used, hoalndependencyFlag shall be 1.

:{ object_metadata~(OAM) is used, independently decodable oam_metadata() has to be available

ntracoded_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).

10.5| Multi-stream Handling

Add new clause XX:

XX Multi-stream Handling

In multi-stream scenarios the main and side-streams are determined by the mae_isMainStream flag as
defined in clause 15.
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XX.1 Restrictions on extension payloads

In multi-stream scenarios extension payloads may be present in both main and side-stream(s). The
restrictions as defined in Table AMDXX.1 and AMDXX.2 shall apply.

Table AMDXX.1 — Allowed configuration extensions in main- and side-stream(s)

usacConfigExtType

Main-stream

Side-stream(s)

ID_CONFIG_EXT_DOWNMIX

One element for all present
signal groups of type
SignalGroupTypeChannels.

One element for all presgnt
signal groups of type
SignalGroupTypeChannels.

ID_CONFIG_EXT_LOUDNESS_INFO

One element that comprises
group specific metadata
(loudnessinfoType=1) for
present signal groups and full
scene metadata including
side-stream(s)
(loudnessinfoType=0/2/3).

One element that compriges
group spécific metadats
(loudnessinfoType=1) fq
present’signal groups only.

=

ID_CONFIG_EXT_AUDIOSCENE_INFO

One element with
mae_isMainStream=41

One element with
mae_isMainStream=0

ID_CONFIG_EXT_HOA_MATRIX

One element for‘each present
signal group of type
SignalGroupTypeHOA

One element for each
present signal group of type
SignalGroupTypeHOA

© ISO/IEC 2017 — All rights reserved

285


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

Table AMDXX.2 — Allowed bit stream extensions in main- and side-stream(s)

usacExtElementType

Main-stream

Side-stream(s)

ID_EXT_ELE_MPEGS

One element for each present
signal group of type
SignalGroupTypeChannels.

One element for each
present signal group of type
SignalGroupTypeChannels.

ID

EXT ELE AUDIOPREROLL

One element for all present

One element for all present

signal groups.

signal groups.

D]

[EXT_ELE_UNI_DRC

One element that comprises
group specific metadata
(DRC-1) for present signal
groups and full scene
metadata including side-
stream(s) (DRC-2/3).

One element that
comprises group specific
metadata (DRC-1) for
present signal groups only.

ID |EXT_ELE_OBJ _METADATA One element for each present One)element for each
signal group of type present signal group of type
SignalGroupTypeObiject. SignalGroupTypeObiject.
ID|EXT_ELE_SAOC_3D One element for each present One element for each
signal group of type present signal group of type
SignalGroupTypeSAQC SignalGroupTypeSAQOC.
ID|[EXT_ELE_HOA One element for gach’present One element for each
signal group,of type present signal group of type
SignalGreupTypeHOA. SignalGroupTypeHOA.
ID |[EXT_ELE_FMT_CNVRTR One element for all present One element for all present

signal groups of type
SignalGroupTypeChannels.

and
immersiveDownmixFlag=1.

signal groups of type
SignalGroupTypeChannels.

and
immersiveDownmixFlag=1.
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11 SAOC signaling update
Add in “Table 4 — Syntax of Signals3d()”’:

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

7(E)

saocDmxLayoutPresent; 1 bslbf
if ( saocDmx| ayoutPresent == 1 ){
saocDmxChannelLayout = SpeakerConfig3d();
}
}
Amend in “15.3 Semantics™’:
mae_metaDataElementID This field uniquely defines an ID for a metadata element (i.e. channels,
dynamic objects, SAOC channels, SAOC objects,
SignalGroupTypeSAOC signals, HOA).“This field can take vplues
between 0 and 127, resulting in a miaximum of 128 metadata elements.
One group shall only contain elements of the same signal type (static
objects (channel-based signals, without accompanying OAM ¢ata),
objects (audio tracks with accompanying OAM data), SAOC channels,
SAOQOC object, SignalGroupTypeSAOC signals, HOA).
Add in “15.4 Definition of mae_metaDataElementIDs™:
else it ( SignalGroupType[grp] == SignalGroupTypeSAOC ) {
for ( id = 0; id < numSpeakers +:bsNumSaocObjects; id++ ) {
mae_metaDataElementID++;
}
if(saocDmxLayoutPresent ==%1) {
mae_metaDataElementID++;
}
}
Add in “15.4 Definition:of mae_metaDataElementIDs™:
If saocDmxLayoutPresent == 1 the MAE information shall contain one additional group with exactly ong data
element. The additional group shall be located after the last group containing elements of signal type JAOC
channels or SAOC objects. The data element in the additional group shall be associated with the conjplete
group of SAOC Transport Channels. Additionally, if saocDmxLayoutPresent == 1, the value of the vafiable
baseChannelCount, defined in 6.3.3, shall be increased by 1, such that an individual DRC gain sequencg can
be assighed to the complete group of SAOC Transport Channels.
Add in ©“5.3.2  General Configuration Data Elements™:
saocDmxLayoutPresent This flag indicates if the SAOC audio transport channels contain a meaningful

downmix of the input channels and objects. If saocDmxLayoutPresent

the saocDmxChannelLayout is associated with the SAOC audio transport
channels. Additionally if the number of output channels is smaller than the
number of SAOC audio transport channels, the SAOC audio transport

channels should be further processed as signals of
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saocDmxChannelLayout

SignalGroupTypeChannels with the audio channel layout
saocDmxChannelLayout. and the SAOC payload should be discarded.

This structure describes the loudspeaker layout of the SAOC audio transport
channels, if saocDmxLayoutPresent == 1. The number of speakers signaled
in saocDmxChannelLayout shall be equal to (bsNumberOfSignals[grp] + 1), if
SignalGroupType[grp] == SignalGroupTypeSAQOC.

Add Jn “5.3.2  General Configuration Data Elements™:

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

288

© ISO/IEC 2017 — All rights reserved



https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

12 Tool for Advanced Loudness Control

Add new Table after Table 151:

Table AMD11.1 — Syntax of mae_LoudnessCompensationData()

Symtax No—of bits—vimemmoric
mae_LoudnessCompensationData(numGroups,numGroupPresets)
{

mae_loudnessCompGroupLoudnessPresent; 1 bslbf

if ( mae_loudnessCompGroupLoudnessPresent == 1) {
for( grp=0; grp<numGroups; grp++ ) {

mae_bsLoudnessCompGroupLoudness[grp]; 8 uimsbf
}
}else {
/* not present or provided by mpegh3dalLoudnessinfoSet() */
}
mae_loudnessCompDefaultParamsPresent; 1 bslbf
if (mae_loudnessCompDefaultParamsPresent == 1) {
for( grp=0; grp<numGroups; grp++ ) {
grouplD = mae_grouplD[grp];
mae_loudnessCompDefaultincludeGroup[grp]; 1 bslbf
}
mae_loudnessCompDefaultMinMaxGainPresent; 1 bslbf
if ( mae_loudnessCompDefaultMinMaxGainPresent == 1 ) {
mae_bsLoudnessCompDefaultMinGain; 4 uimsbf
mae_bsLoudnessCompDefaultMaxGain; 4 uimsbf
}
}

for ( gp=0; gp<numGroupRresets; gp++ ) {
groupPresetID = mae. groupPresetID[gp];
mae_loudnessCompPresetParamsPresent[gp]; 1 bslbf
if (mae_loudnessCompPresetParamsPresent[gp] == 1) {
for ( grp=0; grp<numGroups; grp++ ) {
grouplD = mae_grouplD[grp];
mae_loudnessCompPresetincludeGroup[gp][grp]; 1 bslbf
¥
mae_loudnessCompPresetMinMaxGainPresent[gp]; 1 bslbf
if ( mae_loudnessCompPresetMinMaxGainPresent[gp] ) {
mae_bsLoudnessCompPresetMinGain[gp]; uimsbf
mae_bsLoudnessCompPresetMaxGain[gp]; 4 uimsbf

N

Add new semantics at end of Section 15.3:

mae_loudnessCompGroupLoudnessPresent A field that indicates whether group loudness values for
loudness compensation follow in the bitstream.
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mae_bsLoudnessCompGroupLoudness A field that signals a loudness value for the current metadata

element group (grouplD).

loudnessCompGroupLoudness in dB = 0.25 -
mae_bsLoudnessCompGroupLoudness - 57.75

mae_loudnessCompDefaultParamsPresent A field that indicates whether loudness compensation

mae |

mae_

mae |

mae_

mae |

mae |

mae |

mae

parameters for the default scene follow in the bitstream. If not present, all

metadata element groups shall be incarporated in the computation of the
loudness compensation gain.

 loudnessCompDefaultincludeGroup A field that signals whether the current metadata element group
(grouplD) shall be incorporated in the computation of the loudness
compensation gain of the default scene.

 loudnessCompDefaultMinMaxGainPresent A field that indicates whether min/max valuées for
loudness compensation gain of the default scene follow in the bitstream.

| bsLoudnessCompDefaultMinGain A field that signals a minimum value for the loudness
compensation gain of the default scene. It can take valués between 0 and
minus 42 dB in 3 dB steps. A value of minus infinity can be signaled by the
largest number of mae_bslLoudnessCompDefaultMinGain (15). If not present
the default value is minus infinity.

loudnessCompDefaultMinGain in dB = 3%
mae_(bsLoudnessCompDefaultMinGain

| bsLoudnessCompDefaultMaxGain A field that signals a maximum value for the loudness
compensation gain of the default'scene. It can take values between 0 and 45
dB in 3 dB steps. If not preSent the default value is plus 21 dB.

loudnessCompDefaultMaxGain in dB =3 -
mae_bsLoudnessCompDefaultMaxGain

[ loudnessCompPresetParamsPresent, “.*A field that indicates whether loudness compensation
parameters-for the current preset (groupPresetID) follow in the bitstream. If
not present, all metadata element groups shall be incorporated in the
computation of the loudness compensation gain.

 loudnessCompPresetincludeGroup A field that signals whether the current metadata element group
(grouplD) shall be incorporated in the computation of the loudness
compensation gain of the current preset (groupPresetID).

 loudnessCompPresetMinMaxGainPresent A field that indicates whether min/max values for
loudness compensation gain of the current preset (groupPresetID) follow in
the bitstream.

 |loudnessCompPresetMinGain A field that signals a minimum value for the loudness compensation

gain of the current preset (groupPresetID). It can take values between 0 and
minus 42 dB in 3 dB steps. A value of minus infinity can be signaled by the

P A W~ - -N
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the default value is minus infinity.

loudnessCompPresetMinGain in dB = -3 -
mae_bsLoudnessCompPresetMinGain

mae_loudnessCompPresetMaxGain A field that signals a maximum value for the loudness compensation

290

gain of the current preset (groupPresetID). It can take values between 0 and
45 dB in 3 dB steps. If not present the default value is plus 21 dB.
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loudnessCompPresetMaxGain in dB = 3 -

7(E)

mae_bsLoudnessCompPresetMaxGain

Add new sub-clause after 15.4:

15.5 Loudness Compensation after Gain Interactivity

An important feature of MPEG-H 3DA is the support of user interaction at the decoder: The userican
adjust the volume of metadata element groups or even switch them on and off. Changing the leyel of g
also implies that the overall loudness of the rendered audio scene is changed compared to the'Gnmo
case.

The loudness normalization feature as specified in sub-clause 6.4.7, applies to unmodified reference sq
dependent on the selected preset, target layout or DRC configuration. The loudnéss compensatiorn
specified in this sub-clause operates in addition to loudness normalization “according to 6.4.7
compensates for any loudness change relative to the unmodified reference sceneldue to user interactior
the reference scene.

If the structure mae_LoudnessCompensationData() is present in the metadata bitstream (mae_dataTyy
ID_MAE_LOUDNESS_COMPENSATION), the loudness compensatioh-tool shall be enabled. If not prg
the loudness compensation tool shall be disabled by default.

If the loudness compensation tool is enabled, a loudness compensation gain shall be computed after any
interaction or preset selection according to Table AMD14:2. The computed compensation gain sha
applied to each audio element. The input parameters fokthe computation of the loudness compensation
are extracted as specified in Table AMD11.3.

Group loudness values can be either transmittéd within mae_LoudnessCompensationData() by
mae_loudnessCompGroupLoudnessPresent==% (see 15.2) or within mpegh3alLoudnessinfoSet() by
loudnessinfoType==1 (see 6.3). If group loudness values for one or more metadata element group

e.g.
oups
dified

enes
tool
and
with

e —1—
sent,

gain
Il be
gain

using
using
5 are

missing within mpegh3alLoudnessinfoSet(), the loudness compensation gain shall be computed as lisfed in

Table AMD11.2 for groupLoudnessValueMissingFlag==1.

Table AMD11.2 — Pseudo Code for Computation of Loudness Compensation Gain

computelLoudnessCompensationGain( numGroups,
includeGroup[],
groupLoudnessValueMissingFlag,
grouplLoudness[],
groupGainDefaul tDb[],
groupGainlnteractivityDb[],

groupStateDefault[],
groupStatelnteractivity[],
minGainDb,
maxGainDb)
{
/* init */
loudnessReference = Q-

loudnessAfterinteract = 0;

/* compute components of loudness compensation gain */
for (n=0; n<numGroups; n++) {
if (groupLoudnessValueMissingFlag == 0) {
tmpl = pow(10, (groupGainDefaultDb[n] + grouplLoudness[n]) / 10.0);
tmp2 = pow(10, (groupGainlnteractivityDb[n] + groupLoudness[n]) /7 10.0);
} else { /* group loudness value missing for one or more groups */
tmpl = pow(10, groupGainDefaultDb[n] 7/ 10.0);
tmp2 = pow(10, groupGainlnteractivityDb[n] /7 10.0);
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}

loudnessReference += includeGroup[n]*groupStateDefault[n] * tmpl;
loudnessAfterinteract += includeGroup[n]*groupStatelnteractivity[n] * tmp2;

}

/* loudness compensation gain in dB */
loudnessCompensationGainDb = 10 * 1og10(

loudnessReference / loudnessAfterinteract);

/* clip loudness compensation gain to min/max gain */

ifT (loudnessCompensationGainDb < minGainDb) {
loudnessCompensationGainDb = minGainDb;

}

if (loudnessCompensationGainDb > maxGainDb) {
loudnessCompensationGainDb = maxGainDb;

}
return loudnessCompensationGainDb;
b3
Table AMD11.3 — Input Parameters for Computation of Loudness Compensation Gain
Preset Scene
nout Parameters Default Scene (groupPresetID selected,
P (no preset selected) gp’is the index of the selected
preset)
numGroups mae_numGroups mae_numGroups
inclddeGroup(] mae_loudnessCompDefault- mae_loudnessCompPreset-
P IncludeGroup][] IncludeGroup[gpll]
loudnessCompGroupLoudnéss|] if loudnessCompGroupLoudness|] if
grodpLoudness]] present; alternatively, extracted from present; alternatively, extracted from
mpegh3dal.oudnessinfoSet(). mpegh3dal.oudnessinfoSet().

. If present, groupPresetGain[gp][] and
groypGainDefaultDb[] 0 dB for all groups. otherwise 0 dB for all groups.
groypGainlinteractivityDb[] | Current interactivity gain in dB. Current interactivity gain in dB.

“1” for groups that are switched on in
wan . . the preset definition, “0” for groups
1” for grQups that are switched on in X
groypStateDefault]] the default scene, “0” for groups that that are swn_ched off. For groups that
\ are not explicitly referenced in the
are switched off. C .
preset definition, the respective state
of the default scene applies.
“1” for groups that are switched on “1” for groups that are switched on
groypStatelnteractivity[] after interactivity, “0” for groups that after interactivity, “0” for groups that
are switched off. are switched off.
min{sain loudnessCompDefaultMinGain loudnessCompPresetMinGain[gp]
maxGain loudnessCompDefaultMaxGain loudnessCompPresetMaxGain[gp]
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13 Frequency-Domain Prediction and Time-Domain Post-Filtering
In Table 32 — Syntax of mpegh3daCoreCoderData(), replace:

if (nrChannels == 2) {
StereoCoreToollnfo(core_mode);
)

with:

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

In Table 33 — Syntax of StereoCoreToolInfo(),replace:

}
if (tns_active) {
with:
}
if (common_lItpf) { 1 uimsbf
if (Itpf_data_present) { 1 uimsbf
Itpf_pitch_lag_index; 9 uimsbf
Itpf_gain_index; 2 uimsbf

}
}

if (tns_active) {

In Table 33 — Syntax of StereaCoreToolInfo(),replace:

} else {
common window = 0;
common’_tw = 0;

}
with:
}else {
common_window = 0;
common_ltpf = 0;
‘ common_tw = 0;
}

In Table 34 — Syntax of fd_channel_stream(), replace:

‘ }

scale_factor_data();
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with:
if (lcommon_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 uimshbf
}
}else {
fdp_data_present = 0;
}
scale_factor_data();
At the end of 5.5 add the following subclauses:
5.5. X Frequency Domain Prediction
5.5.X.1 Tool Description
The frequency domain prediction (FDP) tool can be dtilized for subjective quality improvement of low-
frequency harmonic signal components. It is largely ‘designed in a fixed-point way in order to ensure

cons
elem
doms
base

5.5.X

The
trans

stent operation across different platforms. FDP,is applied individually for each channel of the given
ent in the TNS filtered (and in the case of channel pair elements, the joint-stereo coded) MDCT spectral
in, as obtained after the entropy decodingand noise filling steps, and is supported in both the MDCT
] TCX and FD coding modes.

.2 Operational Constraints

FDP tool is only available jntdependently coded channels/frames (i. e. indepFlag == 0) which are
form coded using the maximum MDCT length (i. e. largest available mod[k] in case of TCX and

wind
TCX
satis
must

5.5.

noise

294

w_sequence != EIGHT _SHORT_SEQUENCE in case of FD coding) and for which no transition from
o FD coding, or vice‘vefsa, occurred between the last and current frame. If these requirements are not
ied, the FDP indicator, fdp_data_present, should equal zero, and all FDP helper states (see below)
be set to zero.

3 Terms{and Definitions

ata_present binary flag indicating whether the FDP tool is active (1) or disabled (0) in the channel.

index eight-bit integer holding the harmonic spacing index used during the FDP processing.

coreCoderFrameLength, the transform length, see ISO/IEC 23003-3:2012, subclause 6.1.
re-scaling gain, based on global_gain value, see ISO/IEC 23003-3:2012, subclause 7.15.
number of quantized MDCT bins, see ISO/IEC 23003-3:2012, subcl. 6.2.9.2 and 7.15.

FillingStartOffset  noise filling start line, defined depending on ccfl in ISO/IEC 23003-3:2012, Table 109.
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samplingFrequency core-coder sample rate defined by usacSamplingFrequency(Index) located in Table 2.
harmonicSpacing helper element, unsigned integer holding a harmonic spacing value for FDP decoding.
predictionBandwidth helper element, unsigned integer holding the maximum line count for FDP decoding.
quantSpecPrev[ ][ ] helper array, internal signed-integer MDCT line memory for the inter-frame prediction.

fdp expl] constant array holding the integer line-expansion data NINT (64 : i4/3) with 0 <i<181.
fdp_scfl ] constant array holding the integer scale-factor power data NINT(2(5+1)/4), with 0 < s|< 63.
fdp_sin[] constant array holding the floating-point sine values of sin(n : i/256)’ with 0<i<12§.
fdp_int[ ] output array holding the signed-integer predictor values derived during FDP decoding,

5.5.X.4 Decoding Process

The FDP decoding procedure is performed in four consecutive operations;”which are described i
following.

Step 1: Derivation of Harmonic Spacing Value

If fdp_data_present == 0, this step is skipped. Othérwise, harmonicSpacing is derived
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 an in
division.

Step 2: Determination of Prediction Bandwidth

If ccfl # 768 and samplingFrequency = 44100 Hz (i. e. usacSamplingFrequencylndex <
predictionBandwidth equals 132. Otherwise, predictionBandwidth equals the long-window-sequence va

noiseFillingStartOffset. Also, predictionBandwidth is limited to Ig, the number of quantized MDCT lines
by the arithmetic decoder:

predictionBandwidth = min(lg, predictionBandwidth).
Step 3: Execution‘ef MDCT-Domain Prediction
The FDP decoding process, which returns the predictor values fdp_int[i], 0 < i < predictionBandwidth, def
on the mode of the current frame and channel. If fdp_data_present == 0, all fdp_int[i] = 0. Otherwise, in
of FD céding, FDP decoding is applied to the expanded, scaled MDCT values outputSpecCurr][i] after
filling;

harmlndex = -128, complndex = 256; /* harmonic and compare indices */

h the

from

teger

5),
ue of
given

ends
case
hoise

sl = 0; s2 = 0; /* LPC coefficients, adapt both for each harmonic */

if (fdp_data_present) { /* FDP active and allowed, obtain estimate */
for (i = 0; 1 < predictionBandwidth; i++) {

if (abs(i * 256 - harmlndex) >= 384) { /* bin is not harmonic */
fdp_int[i] = O;

} else { /* bin is part of the currently active harmonic line */
reg32 = sl * quantSpecPrev[0][i] + s2 * quantSpecPrev[1][i];
fdp_int[i] = sign(reg32) * (((unsigned int)abs(reg32) + 16384) >> 15);
outputSpecCurr[i] += i_gain * fdp_int[i]; /* actual decoding */

if (i * 256 == complndex) { /* update indices and LPC coeffs */
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harmlndex += harmonicSpacing;
complndex = harmlndex & 255;
if (complndex > 128) {
complndex = 256 - complndex; /* exploit trigonom. symmetry */

}

sl = NINT( 768*min(82-18*fdp_sin[complndex]”"2, 77-6*fdp_sin[complndex]"2)*
fdp_sin[complndex]);

s2 = NINT(-4.5*min(82-18*Ffdp_sin[complndex]"2, 77-6*fdp_sin[complndex]"2)"2);

complndex = harmlndex >> 8; /* integer unscaled harm. index */

if ((complndex & 1) == 0) {

sl *= -1; /* negate fTirst LPC coeff for even harm. indices */

}
complndex = 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 j_gain =64/ g, i. e. an amplified version of the re-scaling gain, and in case of FD coding, 1_gain = 512.

Step(4: Update of Spectral Prediction Memory
For gach line at index 0 < i < predictionBandwidth an integer representation x_intfi] of the expanded, scaled
line Yalue is computed. In case of FD coding, this depends on the quantized value x_ac_quant[i] and its
assotiated scale factor scf[sfb] for band sfb (see 1SO 23003-3:2012, subcl.”7.1 and 7.2). If scf[sfb] < 21,
x_int[i] = fdp_int[i]. Otherwise,

x[i] = fdp_exp[min(abs(x_ac_quant[i]), 181)] - fdp_scflmin(scf[sfb] — 21, 63)],
x_int[i] = sign(x_ac_quant][i]) - ((x[i] + 512) >> 10) £ fdp_int[i] (“>>" is a binary shift).
In cage of MDCT based TCX coding, x_int[i] is derived from.the x_tcx_invquant(i] coefficients and the gain g:

x_int[i] = x_tex_invquantfi} - NINT(g / 64) + fdp_int[i].

For gll 0 < i < predictionBandwidth, the update\is finalized using quantSpecPrev[1][i] = quantSpecPrev[0][i]
and, pfterwards,

quantSpecPreV[0][i] = min(max(x_int[i], =31775), 31775).

Note] all x_int[ ] associated with dncoded scale factor bands (i. e. bands whose sfb = max_sfb) must equal
zero.

5.5.Y| Long-Term Postfilter

5.5.Y|1 Tool Description

The Jong-term~postfilter (LTPF) tool can be utilized for subjective quality improvement of low-frequency
harmpnic signal components. LTPF is applied individually for each channel of the given element in the time

domgin as obtained after FD/LPD decoding. More specifically, it is applied on the time-domain signal obtained
after [the_overlap-and-add operation in case of the FD mode (see 7.9.3.3 in ISO/IEC 23003-3) and after the

bass postfitterimcaseof the tPDmMode{see. 7. 17 imISOHEC23003-37:

5.5.Y.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,
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the LTPF decoding process is still applied in the modes where the tool is not supported but
Itpf_data_present equal zero.

5.5.Y.3 Terms and Definitions

with

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.Y.4 Decoding Process
5.5.Y.4.1 General

The LTPF tool processes the output signal of the FD/LPD cere, decoder with an IIR filter, whose coeffi

ients

are derived from three parameters that are decoded from the-bit stream. These parameters are estimafed at

the encoder side on a frame of length ccfl whose middle point coincides with the middle point of the N
window. The frame of output signal coming from the FD/LPD core decoder is however delayed by ccfl
the decoder side, the LTPF tool then filters the first-half of the current frame using the parameters decod
the previous frame and filters the second half<of\the current frame using the parameters decoded i
current frame. To avoid any discontinuities \that could be introduced when the filter parameters ch
between the previous and the current framé;\the beginning portion of the second half of the current fra
processed with a transition filter.

The decoding of the filter parameters®is described in 5.5.Y.4.1. The IIR filtering of the core decoder g
signal is described in 5.5.Y.4.2. The transition filter used to remove possible discontinuities is describ
5.5.Y.4.3.

5.5.Y.4.2 Decoding of the filter parameters

5.5.Y.4.2.1 General

There are three\parameters per frame: the integer part of the pitch lag, the fractional part of the pitch lag
the gain. If ltpf_data_present equals zero, then the three parameters are set to zero. Otherwise
parameters-are decoded as described in the following subclauses.

5.5.XY.4:2.2 Decoding of the integer and fractional parts of the pitch lag

Afractional pitch delay is used with resolutions 12 in the range [pit_min, pit_fr2-12], integers only in the

IDCT
2. At
ed in
n the
ange
me is

utput
ed in

, and
, the

ange

[pitfr2, pit_frt=t1,and ntegers with increments by 2 1 the Tange [pit_fr, pit_max]- pit_mim, pit_fr2; pit_fr

1 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;

pit_frl = 320;

pit_max = 54 + 6 * pit_min;

The integer and fractional parts of the pitch lag are then decoded as follows:
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if ( Itpf_pitch_lag_index < (pit_fr2-pit_min)*2 )
{

pit_int = pit_min + (Itpf_pitch_lag_index/2);
pit_fr = ltpf_pitch_lag_index — (pit_int - pitmin)*2;

}
else it ( Itpf_pitch_lag_index < (pit_fr2-pit_min)*2 + (pit_frl-pit _fr2) )
{
pit_int = pit_fr2 + ltpf_pitch_lag_index - (pit_fr2-pit_min)*2;
pit_fr = 0;
3

else

{
pit_int = (Itpf_pitch_lag_index-(pit_fr2-pit_min)*2-(pit_fri-pit_fr2))*2 + pit_fril;
pit_fr = 0;

}

5.5.Y}4.2.3 Decoding of the gain

The gain is decoded as follows:
gain|= (Itpf_gain_index + 1) * 0.0625;

5.5.Y]4.3 IIR filtering

The |

L TPF processes the core decoder output with an IR filter whose coefficients are derived from the integer

and fractional parts of the pitch lag and from the gain. The IIR filter isdimplemented with the function given

belov

, assuming filtering a portion of signal, where *x points to the first sample of the portion of input signal, *y

points to the first sample of the portion of output signal, and N is the-length of the portion of signal.
function Itpf_filter( *x, *y, N, gain, ltpf_gain_index, pit_int, pit _fr )
if (|gain == 0 )
{for(n=0; n < N; n++ )
¢ y[n]l = x[nl;

+
}

else
{

fof ( n =0; n < N; n++ )

1 =0;
or ( k =0; k < 8; k")

sl += y[n-pit_int+k-4] * Itpf_filter_coefl[pit_fr][Kk];

r(k=0RK<7; ki+)

P

s2 +=x[in-k] * Itpf_Filter_coef2[ltpf_gain_index][k];
1
V[N = x[n] + gain * s1 - 0.95 * gain * s2;

}
}

The two tables Itpf_filter_coef1 and Itpf_filter_coef2 are given below:
I1tpf_filter_coefl[2][8] =

{0.0000000,0.0304386,0.1162701,0.2195613,0.2674597,0.2195613,0.1162701,0.0304386},
{0.0076226,0.0676508,0.1700032,0.2547232,0.2547232,0.1700032,0.0676508,0.0076226}

}
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Itpf_filter_coef2[4][7] =

{0.27150189,0.44286013,0.23027992,0.05759155,-0.00172290,-0.00045168,-0.00005891},
{0.27581838,0.44682277,0.22783915,0.05410054,-0.00353758,-0.00092331,-0.00011995},
{0.28044685,0.45103979,0.22519192,0.05037740,-0.00545541,-0.00141719,-0.00018336},
{0.28543320,0.45554676,0.22230634,0.04638935,-0.00749011,-0.00193612,-0.00024943}

}

_55Y 44 Transition filtering
-~

The first half of the current frame is always filtered with the function 1'tpf_filter using the parameters
previous frame and N=ccfl/2.

If the parameters of the current frame are the same as the ones from the previous frame, the second H
the current frame is also filtered with the function Itpf_filter using the same parameters and N=
However, if the parameters change between the previous and the current frame,{a\ discontinuity ca

pf the

alf of
cfl/2.
n be

introduced. In that case, the beginning portion (ccfl/8 samples) of the second half\of the current frame is

processed with a transition filter described in the following. The remaining )3*ccfl/8 samples are
processed with the function I1tpf_filter using the parameters from the currentframe and N=3*ccfl/8.

Three cases are considered:
a) The gain of the previous frame is equal to zero and the gain of the current frame is not equal to zero

A simple fade-in mechanism is used where the function Itpf—filter is applied using the filter paramet
the current frame, N=ccfl/8, and changing the line of code

y[n] = xX[n] + gain * s1 - 0.95 * gain * ,sZ;
by the following lines of code

y[n] = x[n] + 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 mechanijsm is used where the function 1'tpf_filter is applied using the filter paramet
the previous frame, N=ccf/8, and changing the line of code

y[n] = x[n] & gain * sl - 0.95 * gain * s2;
by the following lines of code

y[nd = x[n] + alpha * ( gain * s1 - 0.95 * gain * s2 );
afpha -= 1/N;

and by setting alpha to one at the beginning of the function.

then

prs of

prs of

Ty Thegaimof theprevious frame s ot equatto zeroand-thegaimof thecurrent frame s ot equattozer

O

The discontinuity is removed using the zero-impulse-response (ZIR) of a LPC synthesis filter estimated on the

previous frame, and with memories computed using the filter parameters of the current frame.

The coefficients of the LPC synthesis filter are estimated using the classic autocorrelation and levinson-durbin
approach and is implemented using the function given below, where x[] is the portion of LTPF output signal
corresponding to the last ccfl/4 samples, a[] are the LPC coefficients, N=ccfl/4 is the length of the portion of

signal, and M=24 is the order of the LPC synthesis filter.

© ISO/IEC 2017 — All rights reserved

299


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

function Itpf_get Ipc( x[1, a[l1. N, M)

for (m=0; m <= M; m++ )

{
s = 0.0;
for ( n =0; n < N-m; n++ )
{
s += x[n] * x[n+m];
}
rin] = s:
}
if (F[0] < 100.0)
{

r[p] = 100.0;

3
r[o1|*= 1.0001;

a[0]|= 1.0;
rc[O] = -r[1] 7/ r[O];:
a[1l]|= rc[O0];
sigmp2 = r[0] + r[1] * rc[O]:
for (m=2; m <= M; m++ )
{

sum = 0.0F;

for (1 =0; 1 <m; i++)

{

sum += r[m-i] * a[i];
}
rc[m-1] = -sum / sigma2;

sigma2 = sigma2 * ( 1.0 - rc[m-1] * rc[m-1] );
if| ( sigma2 <= 1.0E-09 )

{
5igma2 = 1.0E-09;

For (1 =m; 1 <= M; i++)
-

L
rc[i-1] = 0.0;

a[i] = 0.0;
;
break;
3
for (i =1; 1 <= (m/2); i++ )
{

alue = a[i] + rc[m-1] * a[m-i};
b[m-1] += rc[m-1] * a[i];
h[i] = value;

a[mn] = rc[m-1];

Then| the ZIR of the LRC synthesis filter is computed using the following function, where *x points to the first
samgle of the beginning portion of the second half of the current frame of input signal, *y points to the first
samgle of the beginning portion of the second half of the current frame of output signal, and Lz=ccfl/8 is the
length of the ZIR

function bepf_get_zir( *x, *y, a[l, zir[], M, Lz )

for m:ﬂ'm<M'n++)

{

sl = 0;

for ( k = 0; k < 8; k++ )

{

sl += y[m-M-pit_int+k-4] * ltpf_Ffilter_coefl[pit_fr][k];

}

s2 = 0;

for ( k =0; k< 7; k++ )

{
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s2 += x[m-M-k] * Itpf_Filter_coef2[ltpf_gain_index][K];
%uf[n] = ( X[m-M] - 0.95 * gain * s2 ) — ( y[m-M] - gain * sl );
for (1 =0; 1 < Lz; i++)
{ for (jJ =1; J <= M; j++)

buf[M+i] -= a[M] * buf[M+i-j];

¥
for (1 =0; 1 < Lz/2; i++)

zir[i] = buf[M+i];

alpha = 1;
for (1 = Lz/2; i < Lz; i++ )
{
zir[i] = buf[M+i]*alpha;
alpha -= 2/Lz;
3

And finally, the function Itpf_filter is applied using the filter parametersefthe current frame, N=ccfl/§
changing the line of code

y[n] = x[n] + gain * s1 - 0.95 * gain * s2;
by the following line of code

y[n] = x[n] + gain * s1 - 0.95 * gain * €2°— zir[n];
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14 Sample Rate Converter

In subclause 4.1 ,,0Overview of the codec building blocks* add the following paragraph before the
,.Mixer* paragraph:

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-streams with different core

samp

Note
2/3g

Add
spec

The
outpy
exces
convg
outpu
convg
the d

ling rates, to a common output sampling rate.

that in case DRC-2/3 gains need to be applied in the post-processing context (see Figure 2), the DRC-
hins should be resampled similar to the audio samples.

a new clause Amd3.3 ,,Sample Rate Converter ““ for the sample rate converter block to the
fication with the following text:

tample rate converter performs sample rate conversion between the core coder sampling rate and the
t sampling rate of the decoder. The signal delay introduced by the sample fate converter shall not
bd 256 samples, measured in samples at the output sampling rate of the-.decoder. The sample rate
brter shall be able to perform sampling rate conversions with resampling-ratios (defined as decoder
t sampling rate divided by core decoder output sampling rate) of 3/2,02, and 3. The sample rate
prier block shall further be able to pass through the signal(s) if the core decoder sampling rate matches
ecoder output sampling rate.
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15 Low Complexity Downmix

In "4.4 Rule set for determining processing domains" add to "4.4.4 Rendering Context* the following
sentence:

In case the core decoder operates in time domain (TD), i.e. if the core decoder does not apply QMF domain
processing like SBR or MPS-212, the low-complexity STFT domain downmix as specified in clauses FC and
FC5 shall be applied for format conversion if format conversion is requested.

Replace Table 56

immersiveDownmixFlag Meaning
0 Generic format converter shall be applied as defined in¢clause 10.
If the local loudspeaker setup, signaled by LoudspeakerRendering(), is
signaled as
(speakerLayoutType==0,CICPspeakerLayoutldx==5)
or as
1 (speakerLayoutType==0,CICPspeakerl-ayoutldx==6),

independently of potentially signaled I6udspeaker displacement angles,
then immersive rendering format converter shall be applied as defined
in clause 11.

In all other case the generic formdt converter shall be applied as
defined in clause 10.

With

immersiveDownmixFlag Meaning

0 Generic format converter shall be applied as defined in clauses 10 and
FC according to 4.4.4

If thevlocal loudspeaker setup, signaled by LoudspeakerRendering(), is

signaled as
(speakerLayoutType==0,CICPspeakerLayoutldx==>5)
or as
1 (speakerLayoutType==0,CICPspeakerLayoutldx==6),

independently of potentially signaled loudspeaker displacement angles,
then immersive rendering format converter shall be applied as defined
in clauses 11 and FC5 according to 4.4.4.

In all other case the generic format converter shall be applied as
defined in clauses 10 and FC according to 4.4.4.

Add a new clause FC, “Low Complexity Generic Loudspeaker Rendering/Format Conversion’|with

the T1ollowing text:

FC Low Complexity Generic Loudspeaker Rendering/Format Conversion

FC.1 Description

The loudspeaker renderer converts multichannel signals from transmitted channel configurations to desired
reproduction formats. It is thus also called ‘format converter'. If the channel configuration of the channels

routed to the format converter exactly matches the signaled reproduction layout (i.e. the target channel
configuration), the format converter shall be bypassed. The system consists of two major building blocks:
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— Aninitialization algorithm that takes into account static parameters like the input and output format,

— a signal adaptive downmixing process that operates in a subband domain.

mixer output — | DMX processin g loudspeaker

signals — > subband domain ——* signals

A
mixer output DMX reproduction
layout configurator layout

Figure FC.1 — Main building blocks of the low complexity generic format converter

In the initialization phase the format converter automatically generates optimized downmixing\parameters (like
the downmixing matrix) for the given combination of input and output formats: It applies”an algorithm that
seledts for each input loudspeaker the most appropriate mapping rule from a list ‘of) rules that has been
designed to incorporate psychoacoustic considerations. Each rule describes thef/mapping from one input
chanpel 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 ‘Voice of God’ channel) distributed.@ver a larger number of output channels.

The ¢ptimal mapping for each input channel is selected. depending on the list of output loudspeakers that are
availdble in the desired output format. Each mapping defines downmix gains for the input channel under
consideration as well as potentially also an equalizér that is applied to the input channel under consideration.

Outppit setups with non-standard loudspeaker positions can be signaled to the system by providing the
azimyith and elevation deviations from a regular loudspeaker setup.

The Jactual downmixing of the audio signals is performed on a short time Fourier transform (STFT)
repressentation of the signals. The(energy-preserving algorithm avoids signal deteriorations like comb-filtering,
colorgtion, or modulation artifacts:

FC.2|Definitions

FC.2/1 General remarks

Audi¢ signalscthat are fed into the format converter are referred to as input signals in the following. Audio

signdls that-are the result of the format conversion process are referred to as output signals. Note that the
audiq input signals of the format converter are audio output signals of the core decoder.

Vectors and matrices are denoted by bold-faced symboIls. Vector elements or matirix 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, -+ Yy ] =Y denotes a vector and its elements. Similarly, M ap denotes the element

in the a th row and b th column of a matrix M .

FC.2.2 Variable definitions
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\ Number of channels in the input channel configuration.

NOut Number of channels in the output channel configuration.

M DMX Downmix matrix containing real-valued non-negative downmix coefficients
(downmix gains). My, is of dimension (N, x N, ).

GEQ Matrix consisting of gain values per processing band determining freqyency
responses of equalizing filters.

IEQ Vector signalling which equalizer filters to apply to the input channels (if gny).

L Frame length measured in time domain audio samples:.

v Time domain sample index.

F Frame index (frame number).

PB Number of processing band, PB=58.

pb Processing band index (0 < pb-&PB).

N DFT length

K Number of STFT frequency bins, K =257.

k STFT frequency lin index (0 < k < K).

a Filter parameter, o = 0.0435.

A B Changel indices.

eps Numerical constant, eps =107,

FC.3 Processing

FC.3.1 Application.of transmitted downmix matrices

FC.3.1.1 Introduction

MPEG-H?3D audio allows transmission of downmix specifications for specific target channel configurations.
downmixlds 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). Further,
loudness metadata values may be coupled with downmixlds. downmixlds are transmitted in the bitsfream
together with the downmixType as well as the nominal loudspeaker layouts the embedded downmix malrices

(and/or DRC and loudness data) have been designed for.
In the MPEG-H 3D audio decoder the selection of a downmixlds thus

— determines whether transmitted downmix coefficients (downmixType=1) or decoder side generated
downmix coefficients (downmixType=0) are applied in the downmix process;

— influences DRC/loudness processing.
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Two arguments speak in favor of applying transmitted downmix coefficients also for moderately displaced
reproduction layouts:

— The selection of a significantly different downmix matrix (transmitted vs. decoder generated) results in
large perceptual changes of the downmix result.

— The artistic intent of transmitted downmix coefficients would be lost if a transmitted downmix matrix is not
applied.

Of cqurse, in case the loudspeaker displacements of the reproduction setup are too large, the application of
the transmitted downmix coefficients may result in a larger perceptual distance from the intended reproduction
than the application of decoder generated downmix coefficients. As a consequence, the allowed loudspeaker
displacement values are restricted in the following matching scheme.

FC.3|1.2 Loudspeaker layout matching scheme

The gownmixld matching algorithm is specified by the flow chart of Figure FC.2 below. It\takes as input the
geonjetry of the actual reproduction setup and outputs as result the present downmixld (if‘any). The present
downmixld determines the downmix processing in the decoder as shown in FC.3.1.4) ‘Further, the present
dowrnmixld may affect DRC and loudness processing.
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Assign channel label(s)
to each channel
according to Table 90.

Reproduction setup
geometry (azimuth,
elevation of all channels)

y

Test all possible channel label permutations for
matches with CICP Loudspeaker Layout definitions
in Table 95.

downmixID for one of the matched
CICPLayoutIndices in bitstream?

No—»{ No present downmixlD.>

Yes
A 4

Compute matching distance to all
matched CICPLayoutIndices for which
downmixIDs exists. See definition of
matching distance below.

v

s there a single CICPLayoutIndex with
minimum matching distance?

No—»

Select out of the CICPLayoutIndices with the same
minimum matching distance the one with the

smallest CICPLayoutindex number.

Yes

v

Select this CICPLayoutIndex

Does matching downmixID exist for
downmixType==1?

No—P»

Present dowmixID found.
downmixType=0.

Yes

v

félect downmixID for downmixType==1
\ as present downmixID. downmixType=1.

Figure FC.2 — Flow diagram for loudspeaker layout matching and to determine downmixid

The matching distance is defined as the sum of all absolute azimuth and elevation angle differences 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:
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matching =
all channels
Che{except LFEs

|¢)CICPLayout,ch - ¢repr0dcutionLayout,ch

}

where @ denotes azimuth angles and & denotes elevation angles.

+ |‘9CICPLayout,ch - l9reprodcutionLayout,ch '

Table FC.1 — Channel matching tolerances for matching downmixlds to reproduction layouts.

Azimuth and elevation tolerance intervals are defined as sectors, where azimuth start and end values
connected in counterclockwise direction and elevation start and end values are connected in

I

scending elevations. Start and end values of the sectors are considered part of the sectors.

k] ks o k] -
2 3 | F | B5| b5 | 57 | B 3
£3 = 8 3 | §S9| 59| c2 | 5% | u E
8 ™ c - - t 5 -l S ° S -l ;
=N = < o © C ”n 0 S N —
@O s > = ® 9 o o cB ®e = c
ou o £ > £% | £ | 22 | 5% 5 k)
80 X @ S0 30 T R 7
B 2 S E S| e° 3 g
B S B S L
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_RO030 -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_RO090 -90 0 -110 -70 -15 15 0 0
15 CH _M_L060 60 0 40 80 -15 15 0 0
16 CH_M_RO060 -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-480 180 35 165 195 15 55 0 0
23 CH..U-L090 90 35 70 110 15 55 0 0
24 €H 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 U R045 -45 35 -60 -30 15 55 0 0
34 CH M _L045 45 0 30 60 -15 15 0 0
35 CH_M_RO045 -45 0 -60 -30 -15 15 0 0
36 CH LFE3 -45 n/a n/a n/a n/a n/a 1 0
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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
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The following figures depict the azimuth matching sectors for each loudspeaker. The tolerances\refle
non-isotropic sound localization performance of the human auditory system.

it the

-1 0.5 L 0.5 1

d) lower / bottom layer

Figure FC.3 — Visualization of azimuth tolerances.
Arcs have been plotted on different radii just for clarity of presentation. Nominal positions of the
channels have been marked with asterisks and labels indicating the nominal azimuth angle in degrees.

FC.3.1.4 Determination of downmix processing depending on present downmixid

The downmix processing in the MPEG-H decoder is determined by the present downmixld as follows:
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If there is no present downmixld 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.

If downmixType==1 for the present downmixld, the downmix coefficients transmitted with the downmixId
shall be applied in the downmix.

FC.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
appligd in the format converter, the equalizers shall be applied to this downmix matrix as follows:

The

ransmitted equalizer parameters shall be decoded into frequency dependent gains (i‘e)'into equalizer

frequency responses) according to FC.3.4.6.4. Next, the transmitted downmix 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 21 - Syntax of EqualizerConfig:
equalizerindex tells for each input channel whether an equalizer (and if any;.which) shall be applied to an
input|channel by applying the corresponding equalizer gains to all downmix matrix coefficients associated with

the re¢spective input channel.

FC.3|3 Downmix processing involving multiple channel groups

FC.3|3.1 General

In cape 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 pérform a downmix of all input channels routed to the

form

t converter to the desired target channel configuration. Therefore all channels routed to the format

converter are compiled in a group of channels that constitutes the input to the format conversion process.

If dojvnmix matrices to one or more target channel configurations are transmitted in the bitstream, downmix
matriges for those target channel configurations shall be transmitted for all channel groups/channel elements
presgnt in the bitstream.

FC.3{3.2 Downmix processing with decoder generated downmix gains

In case no appropriate downmix matrices have been transmitted for the signaled target loudspeaker
configuration, the downmix gains are generated during the initialization of the format converter according to
FC.3]4. The channels are-fed to the format converter as a group of all input channels routed to the format
converter. The input channel configuration signaled to the format converter shall reflect the channel geometry

of th

is group of channels.

FC.3}3.3 Downmix processing with transmitted downmix gains

In ¢

se downmix matrices have been transmitted that are applicable to the desired target channel
configuration, those downmix matrices shall be applied in the format converter instead of generating downmix
gainsn the format converter initialization process. VVhether a downmix matrix 1s applicable 1or a desired targe

setup, or not, is determined according to FC.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.

310
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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 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.

FC.3.4 Initialization of the format converter

FC.3.4.1 General description of the initialization

The initialization of the format converter is carried out before processing of the audio samples delivered Ry 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 (numbef and
geometric positions of input channels).

— The channel configuration of the desired output format (number and geometric positions of dutput
channels).

— Optional: Parameters signaling the deviation of the output loudspeaker positions from a stapdard
loudspeaker setup (random setup functionality).

It returns

— A frequency dependent downmix matrix I\/IDMX that is applied in the audio signal processing ¢f the

format converter. M, is also takeh’into account in the core decoding process, see 5.5.3.1.2.

The input parameters to the initializatian algorithm are listed in Table FC.2.

Table FC.2.:~ Format converter initialization input parameters

Input-format: number of channels and nominal channel setup geometry
Qutput format: number of channels and nominal channel setup geometry

fs Sampling frequency in Hertz.

r. For each output channel A, an azimuth angle is specified, determining the
A deviation from the standard format loudspeaker azimuth.

I For each output channel A, an elevation angle is specified, determining the

deviation from the standard format loudspeaker elevation.

TablexFC.3 lists the output parameters that are derived during the initialization of the format converter.

Table FC.3 — Format converter initialization output parameters

M OMX Downmix matrix [linear gains]

FC.3.4.2 Assignment of format converter channel labels to input/output format channels

The format converter initialization is based on a system of rules that are defined in terms of format converter
channel labels, see Table FC.5. 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
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associated with a segment of the surface of the unit sphere, as defined in Table FC.5. The segments are
designed non-overlapping.

The assignment of channel labels to channels is done by geometrically matching the segments to the position
data associated with the channels of the input and output formats. The azimuth and elevation 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 matching to channel label sectors, i.e. the azimuth and elevation angles without taking

into gccount potential angle deviations signalled inT,; , and/or I, ,.

For each channel that is not an LFE (low-frequency effects) channel:

If the|nominal position of the current channel, defined by its azimuth angle and elevation angle, isaithin or on
the bprder of one of the segments defined in Table FC.5 then:

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 ghannel and the nominal
position associated with the matching segment (i.e. the angles in the~second and third column of

Table FC.5) to the angle deviations stored in I,; , and Iy, -

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_LFE2 shall be assigned to
this ghannel.

If an input or output format contains exactly two LFE _ehannels, then the labels CH_LFE2 and CH_LFE3 shall
be agsigned to the two LFE channels in the order that minimizes the maximum azimuth distance from the
chanpels to the assigned CH_LFE2 and CH_LEE3 nominal azimuth positions.

If an|input or output format contains mpre than 2 LFE channels, then those 2 LFE channels out of the
considered setup shall be selected that minimize the maximum azimuth distance to the CH_LFE2 and
CH_UFE3 nominal azimuth positions. The labels CH_LFE2 and CH_LFE3 shall be assigned as in the case of
two UYFE channels. The remaining\LFE channels shall not be considered further in the calculation of downmix
coefficients, i.e. the corresponding lines/columns of the downmix matrix shall remain filled with zeros.

FC.3/4.3 Handling for unknown input channels

If thg label CH_EMPTY is assigned to an input channel, this channel shall be considered unknown to the
rulestbased initiglization and the downmix coefficients for mapping this input channel to the output channels
shall be derivédjas specified in FC.3.4.6.7.

FC.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 FC.3.4.6.7. The
rules-based derivation of downmix coefficients shall not be applied for unknown output formats.

FC.3.4.5 Handling of deviations from standard loudspeaker positions
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If 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 FC.3.4.6.7.

The absolute values of Fai,

between any loudspeaker pair (without LFE channels) shall not be smaller than 15 degrees.

aand r, ,shall not exceed 35 and 55 degrees, respectively. The minimum angle

le,

The values of I, ,shall be such that the ordering by azimuth angles of the horizontal loudspeakers does not

change. LIKewlse, e oraering or the neignt and 10w loudspeakers shall Not Change.

The values of I, , 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 appligd:

For each row of Table FC.11 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

— If the two orderings differ, return an initialization error

FC.3.4.6 Rules-Based Initialization algorithm

FC.3.4.6.1 General

The rules-based initialization algorithm is defined in the following. It shall not be applied if the output format is
considered unknown as defined above. Note that the‘following description makes use of the intermgdiate
parameters defined in Table FC.4 only for clarity-re¢asons. An implementation may omit the introductipon of

these intermediate parameters.

Table FC.4 — Format converter initialization intermediate parameters

Vector of converter source channels [input channel indices]
Vector of cénverter destination channels [output channel indices]
Vector of\converter gains [linear]

Vectop of converter EQ indices

Matrix containing equalizer gain values for all EQ indices and processing
bands

m®gln

®
S5

The intermediate parameters describe the dowmixing parameters in a mapping-oriented way, i.e. as sg¢ts of
parameters Si, D, , G, , E; per mapping i.

The format converter initialization output parameters are derived as described in the following steps:

FC.3.4.6.2 Random setups Pre-Processing:

Random output Toudspeaker setups, i.e. oufput sefups that contain Toudspeakers at positions deviafing from
the positions defined for the desired output format are signalled by specifying the loudspeaker position

deviation angles as input parameters I, ,and I, ,. The angle deviations are taken into account as a pre-
processing step:

Modify in Table FC.5 the channels’ azimuth and elevation angles by adding I, ,and I, to the corresponding

zi,

channels’ azimuth and elevation angles.
FC.3.4.6.3 Derivation of input channel/output channel mapping

parameters:
313

© ISO/IEC 2017 — All rights reserved


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

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 each input channel, ignoring channels with label CH_EMPTY assigned to them:

If the
and ¢

Else

input channel also exists in the output format (e.g. input channel under consideration is CH_NHR030

hannel CH_M_RO030 exists in the output format), then:

Si = index of source channel in input (Example: channel CH_M_RO030 in ChannelConfiguration 6 is

at second place according to Table FC.6 i.e. has index 2 in this format)

Di = index of same channel in output
G =10
E =0

i=i+1

i.e. if the input channel does not exist in the output fafmat)

search the first entry of this channel in the Source column of Table FC.7, for which the channels in
the corresponding row of the Destination column exist. The ALL_U destination shall be considered
valid (i.e. the relevant output channels~gxist) if the output format contains at least one “CH_U_"
channel. The ALL_M destination shall be considered valid (i.e. the relevant output channels exist) if
the output format contains at least,one “CH_M_" channel. If for no entry in Table FC.7 corresponding
to the input channel the channels,in the Destination column exist, the rules-based initialization shall
terminate and the downmix gains shall be derived according to FC.3.4.6.7.

If Destination column contains ALL_U, then:

For each output channel x with “CH_U_" in its name, do:

S, = index of source channel in input

D, = index of channel x in output

G, = (value of Gain column) / sgrt(number of “CH_U_" output channels)

314

E; = value of EQ column

i=i+1

Else if Destination column contains ALL_M, then:

© ISO/IEC 2017 — All rights reserved



https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

For each output channel x with “CH_M_" in its name, do:

Si = index of source channel in input
Di = index of channel x in output

G, = (value of Gain column) / sgrt(number of “CH_M_" output channels)

E; = value of EQ column
i=i+1
Else If there is one channel in the Destination column, then:
S, = index of source channel in input

Di = index of destination channel in output

G, = value of Gain column

E; = value of EQ column
I=i+1
Else (two channels in Destination column)
S, = index of source chanpelin input
Di = index of first destination channel in output
G, = (value of.Gain column) * g,
E; = value of EQ column

I=i+1

D — indav of cacond-dectination-channal in outnot
1—4 Tt T SeotTetor-Criar e oot ot

1 oA oOToTTorTS

G, = (value of Gain column) * ¢,
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FC.3

G

The gains (¢, and (, are computed by applying tangent law amplitude panning in the
following way:

— Unwrap source destination channel azimuth angles to be positive.

— The azimuth angles of the destination channels are «; and «, (see Table FC.5).

— The azimuth angle of the source channel ( = panning target) is &, .

|,
1 2
P aO = ——
2
o o ta,
center 2

— a= (acenter _asrc)'sgn (0!2 —0{1)

g9 g, - 1 with g_tanao—tana+10’1°
et T i g? tan o, + tan o +107%°

4.6.4 Derivation of equalizer gains G Q"

consists of gain values per processing band pb-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 a

gain:
pb
GEQ,

wher
sam

peak

N
— 109/201_[ peak (band ( pb)%, P o Pons Pg'”j

n=1

b band(pb) is the normaljzed Center frequency of processing band pb, specified in Table FC.8, f; is the

ling frequency, and function peak() is for negative G
4 1 2182 4
b +( 5 —2) fb+f
(b, f,Q,G)= =
0
ot | 207 o | fap2 4 £

5

and otherwise
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G
1010

=

b4+(le—2) f2p% + f4

b* + 2 [f%*+f*

peak (b, f,Q,G) =

The parameters for the equalizers are specified in Table FC.10.
FC.3.4.6.5 Post-Processing for Random Setups

Once the output parameters are computed, they are modified related to the specific random azimuth and

elevations angles. This step has only to be carried out, if not all I, , are zero. Definition of the |post-

processing algorithm:

For each elementiin D,  do:

if output channel with index Di is a horizontal channel by definition (i.e.) output channel label contains the
label * M ), and

if this output channel is now a height channel (elevation in'fange 0..60 degrees), and

if input channel with index S; is a heightchannel (i.e. label contains *_U_"), then

— h = min(elevation of randomized output channel, 35) / 35

1
Gemp =N-——+(1=h
comp 085+( )

— Apply compensatien gain to DMX gain: G, =G, -GComp
— Define new.equalizer with a new index e, where Gé’g,e
— E =e

else if input,channel with index S, is a horizontal channel (label contains °_M_’)

= h+(1—h)-Ggg’Ei

~— h = min(elevation of randomized output channel, 35) / 35
— Define new equalizer with a new index e, where

Glge =h-Glyst+(1-h)-GE ¢
— E =e

Explanation of the post-processing steps defined above:

f'is a normalized elevation parameter indicating the elevation of a nominally horizontal output channel (‘{ M_’)
. no post-

aue 10 a randaolr elup elevation o e . O eloO elevallo O el 71-U OlIIOW dlld elle vely O
processing is applied.

The rules table (Table FC.7) in general applies a gain of 0.85 when mapping an upper input channel (‘' _U_’in
channel label) to one or several horizontal output channels (* M_’ in channel label(s)). In case the output

channel gets elevated due to a random setup elevation offset I, ,, the gain of 0.85 is partially (O<h<1) or fully

(h=1) compensated for. Similarly the equalizer definitions fade towards a flat EQ-curve (Gé’gve =const.=1.0)

for h approaching h =1.
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In case a horizontal input channel gets mapped to an output channel that gets elevated due to a random setup

eleva

FC.3.

tion offset I ,, the equalizer GE"SVS is partially (O<h<1) or fully (h=1) applied.

4.6.6 Derivation of rules-based initialization downmix matrix:

I\/IDI\,

(enur
Initia

For €

e _dariviad by raarranaina tha tamanarary naramaatare feanmn tha mannina Aariantad ranracaontation
ro—oerrveo—o rearrartgirt tHe—terpoTrarT P etero— T O e — e PP g O me— e presSCritaton

X p4 [SALRIC | p4
herated by mapping counter /) to a channel-oriented representation as defined in the following:

ize M§,,asan N_,x N, zero matrix for all STFT bins k.

out

ach i do:
If (E, =0)

Mfuxas =G for A=D, B=S,0<k<K
Else

MEMX,A,B:Gi'pr=pbm(k) for A=D, B=S;,0<kxK

EQ,E;

with the mapping pbm between processing bands pb and DFT frequency bins as defined in Table , and where

k
IVIDI\/
base
prese
FC.3
Hand

In ca
deriv

Each

x.ap denotes the matrix element in the Ath row and B th column of MEMX. Note that after the rules-

1 initialization this matrix of downmix coefficients will‘contain columns of zeros, if unknown channels are
nt in the input format. Those columns are filled with‘downmix gains as specified in FC.3.4.6.7.

4.6.7 VBAP-based downmix coefficients derivation
ling of unknown output formats:

se the output format is considered~unknown, the downmix coefficients for all input channels shall be
bd as follows:

channel of the input setup is‘regarded as a static audio object at the position defined by the azimuth and

elevdgtion angles associated-with the input channel. For each input channel the mixing gains to all output

louds
shall
post-

The
gain

peakers are calculated-as VBAP panning gains g_,.,according to 8.4.3, where the same output format
be signaled to the.VBAP algorithm as to the format converter. The panning gain vectors g__ . shall be
brocessed according to FC.3.4.6.8.

Jownmix matrix MkDMX is finally derived by filling each matrix column with the post-processed panning
ector elements of the corresponding input channel, independently of the DFT bin index k.

Han

lINg o1 unknown Input channels:

In case the input format contains unknown input channels, the downmix coefficients for these channels shall
be derived as follows:

Each

unknown channel of the input setup is regarded as a static audio object at the position defined by the

azimuth and elevation angles associated with the input channel. For each unknown input channel the mixing
gains to all output loudspeakers are calculated as VBAP panning gains g__,_,according to 8.4.3, where the

318
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same output format shall be signaled to the VBAP algorithm as to the format converter. The panning gain

vectors g__ ., shall be post-processed according to FC.3.4.6.8.

The downmix matrix M:;Mx is finally derived by filling each matrix column corresponding to an unknown

input

channel with the post-processed panning gain vector elements of the corresponding unknown input channel,

independently of the DFT bin index k.

EC.3.4.6.8 VBAR aai .

The mixing gains obtained from the VBAP rendering algorithm shall be post-processed to avoid excessiv

B uUse

of phantom sources. Therefore, small matrix gains are set to zero, followed by a renormalization qf the

panning gains to ensure energy-preservation:

For each panning gain vector g__ ., do:

If the vector contains at least one panning gain that exceeds the threshold value 0.3)\then

Set all vector 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 glements remains the same as before

the post-processing
FC.3.4.6.9 Format converter initialization tables

Table FC.14 lists channel labels, corresponding azimuth.and elevation angles, and associated sectors
sectors are defined as points on the unit sphere, whose azimuth/elevation angles are within or on the bg

The
rders

of the intervals given by the azimuth/elevation start and-end values in the table, connecting azimuth staft and

end values in counter-clockwise direction and eonnecting elevation start and end values in directi
increasing elevation angles.

bn of
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Table FC.14 — Channels definitions: Channel labels, corresponding azimuth and elevation angles, and
associated sectors

S g _ ¥ §’ 58 TS 5 2 % 2 w| @
2238 B S |2 | %85 | 285 e85 8 | 4|58
8 s cQ c < < £ 9 Ee?| 5P 6.2 o%
BEso | & S | & | 558 | 358 | £%58| 558 | 2|8
gosuw | § £ S Ee= | Eeo= | So=| S0= | | 8¢

3805 N | |®D > | s |2b ©la

2] < w ~®© © W © i

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_RO060 -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 CH_LFE2 +45 n/a n/a n/a n/a n/a 1 0

27 CH_L_L045 +45 -15 +11 +75 -45 -10 0 0

28 CH_L_RO045 -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_UJR045 -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 EH—+SEH +30 Y] Ta Ta Ta Ta Y] 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 FC.6 — Formats with corresponding number of channels and channel ordering

Loudspeaker Layout Number of Channels (with ordering)
Index or Channels
ChannelConfiguration
as defined in ISO/IEC
23001-8
1 1 CH M 000
2 2 CH M L030,CH M RO030
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%€H M _R110
6 6 CH_M_L030, CH_M_R030, CH_M_000, CH_LFE1,CH_M_L11D,
CH M R110
7 8 CH_M_L030, CH_M_R030, CH_M_000, CHLFE1, CH_M_L11D,
CH_M_R110,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_Mdk110, CH_M_R110
11 7 CH_M_L030, CH_M_R030, CHcM>000, CH_LFE1, CH_M_L11D,
CH_M_R110,CH_M_180
12 8 CH_M_L030, CH_M_R030; CH_M_000, CH_LFE1, CH_M_L11D,
CH_M_R110,CH_M_L135/CH_M_R135
13 24 CH_M_L060, CH_M_R060, CH_M_000, CH_LFE2, CH_M_L13p,
CH_M_R135, CHA-L030, CH_M_R030, CH_M_180, CH_LFHS,
CH_M_L090, CH:\M_R090, CH_U_L045, CH_U_R045, CH_U_000,
CH_T_000, CHyU_L135, CH_U_R135, CH_U_L090, CH_U_R(90,
CH U 1805CH L 000, CH L L045, CH L R045
14 8 CH_M 030, CH_M_R030, CH_M_000, CH_LFE1, CH_M_L11D,
CH M. R110,CH U L030, CH U R030
15 12 CH.M" L030, CH_M_R030, CH_M_000, CH_LFE2, CH_M_L13p,
CH_M_R135, CH_LFE3, CH_M_L090, CH_M_R090, CH_U_LOj5,
CH U R045,CH U 180
16 10 CH_M_L030, CH_M_R030, CH_M_000, CH_LFE1, CH_M_L11D,
CH M R110,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_L11D,
CH_M_R110, CH_U_L030, CH_U_R030, CH_U_000, CH_U_L110,
CH_U R110,CH_T_000
18 14 CH_M_L030, CH_M_R030, CH_M_000, CH_LFE1, CH_M_L11D,
CH_M_R110, CH_M_L150, CH_M_R150, CH_U_L030,
CH_U_R030,CH_U 000, CH_U_L110,CH_U_R110, CH_T_0Q0
19 12 CH_M_L030, CH_M_R030, CH_M_000, CH_LFE1, CH_M_L13p,
CH_M_R135, 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_L13p,

CH_M_R135, 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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Table FC.7 — Converter rules matrix

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_R022 CH M 000.CH M R030 1.0 0 (off)
CH M R022 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 L110 1.0 Q-(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 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 RO030, 0.8 0 (off)
CH M L090 CH M L045,CH M L110 1.0 0 (off)
CH M L090 CH M L030,CH M L110 1.0 0 (off)
CH M L090 CH M L030 0.8 0 (off)
CH_ M R090 CH M R045, 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 R030 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 R110 CH M R030 0.8 0 (off)
CH M L135 CH M L4710 1.0 0 (off)
CH M L135 CH_M-L1150 1.0 0 (off)
CH 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)
CHIMI-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)
CHM—R456 CHR435 40 B-(off)
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)
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CH_M_180 CH_M_R045, CH_M_L045 0.6 0 (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)
CHl U RU40 CH VI RU40 U.00 |
CH_U_R045 CH_M_R030 0.85 1
CH_U_L030 CH_U_L045 1.0 0 (5f)
CH_U_L030 CH_M_L030 0.85 1
CH_U_R030 CH_U_R045 1.0 0'(off)
CH_U_R030 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 _L110 0.85 2
CH_U_L090 CH_M_L030, CH M _L110 0.85 2
CH_U_L090 CH_M_L030 0.85 2
CH_U_R090 CH_U_R030, CH U R110 1.0 0 (off)
CH_U_R090 CH_U_R030, CH U R135 1.0 0 (off)
CH_U_R090 CH_U_R045 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_L045 0.8 0 (off)
CH_U_L110 CH_U_L030 0.8 0 (off)
CH U L110 CH_M_IA10 0.85 2
CH U L110 CH_M-L045 0.85 2
CH U L110 CHIM_L030 0.85 2
CH_U R110 C€H U R135 1.0 0 (off)
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_RO045 0.85 2
CH_U R110 CH_M_R030 0.85 2
CH_U-1'135 CH_U_L110 1.0 0 (off)
CH W L135 CH_U_L045 0.8 0 (off)
CH U _L135 CH_U_L030 0.8 0 (off)
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_R045 0.8 0 (off)
CH_U R135 CH_U_R030 0.8 0 (off)
CH U R135 CH_M_R110 0.85 2
CH_U R135 CH_M_R045 0.85 2
CH_U R135 CH_M_R030 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)
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CH_U 180 CH_M_R030, CH_M_L030 0.85 2

CH_T_000 ALL_U 1.0 3

CH_T_000 ALL_M 1.0 4

CH_L_000 CH_M_000 1.0 0 (off)
CH_L_000 CH_M_L030, CH_M_RO030 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_R045 1.0 0 (off)
CH_L_R045 CH_M_R030 [RY O (off)
CH_LFE2 CH_LFE3 1.0 0 (off)
CH_LFE2 CH_M_L030, CH_M_RO030 1.0 0 (off)
CH_LFE3 CH_LFE2 1.0 0 (off)
CH_LFE3 CH_M_L030, CH_M_RO030 1.0 0 (off)
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Normalized Frequency [0, 1]

0.000000000000000

0.003891050583658

0.007782101167315

0.011673151750973

0.015564202334630

0.019455252918288

0.023346303501946

0.027237354085603

0.031128404669261

0.035019455252918

0.038910505836576

0.042801556420233

0.046692607003891

0.050583657587549

0.054474708171206

0.058365758754864

0.062256809338521

0.066147859922179

0.070038910505837

0.073929961089494

0.077821011673162

0.081712062256809

0.085603142840467

0.089494163424125

0.093385214007782

0.097276264591440

0.101167315175097

0.105058365758755

0.108949416342412

0.112840466926070

0.116731517509728

0.120622568093385

0.124513618677043

0.132295719844358

0.143968871595331

0.157587548638132

0.173151750972763

0.188715953307393

0.204280155642023

0.221789883268482

0.241245136186770

0.260700389105058

0.284046692607004

0.311284046692607

O- QAL A4 ANOZZO04 N0
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0.365758754863813

0.394941634241245

0.428015564202335

0.464980544747082

0.505836575875486

0.550583657587549

0.597276264591440

0.647859922178988

0.704280155642023
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0.764591439688716

0.828793774319066

0.898832684824903

0.966926070038911
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Table FC.9 — Processing band mapping table pbm(k)

k | pbm(k) | k | pbm(k) | k |[pbm(k)| k |pbmk)| k | pbm(kk)| k | pbm(k)
0 0 50 37 100 46 150 51 200 54 250 57
1 1 51 38 101 46 151 51 201 54 251 57
2 2 52 38 102 46 152 51 202 54 252 57
3 3 53 38 103 46 153 51 203 54 253 57
4 4 54 38 104 46 154 51 204 54 254 57
5 5 55 39 105 46 155 51 205 55 255 57
6 6 56 39 106 47 156 51 206 55 256 57
7 7 57 39 107 47 157 51 207 55

8 8 58 39 108 47 158 51 208 55

9 9 59 39 109 47 159 51 209 55

10 10 60 40 110 47 160 52 210 55

11 11 61 40 111 47 161 52 211 55

12 12 62 40 112 47 162 52 212 55

13 13 63 40 113 47 163 52 213 55

14 14 64 40 114 47 164 52 214 55

15 15 65 41 115 48 165 52 215 55

16 16 66 41 116 48 166 52 216 55

17 17 67 41 117 48 167 52 217 55

18 18 68 41 118 48 168 52 218 55

19 19 69 41 119 48 169 52 219 55

20 20 70 42 120 48 170 52 220 55

21 21 71 42 121 48 174 52 221 55

22 22 72 42 122 48 172 52 222 56

23 23 73 42 123 48 173 52 223 56

24 24 74 42 124 48 174 53 224 56

25 25 75 42 125 49 175 53 225 56

26 26 76 42 126 49 176 53 226 56

27 27 77 43 127 49 177 53 227 56

28 28 78 43 128 49 178 53 228 56

29 29 79 43 129 49 179 53 229 56

30 30 80 43 130 49 180 53 230 56

31 31 81 43 131 49 181 53 231 56

32 32 82 43 132 49 182 53 232 56

33 33 83 43 133 49 183 53 233 56

34 33 84 44 134 49 184 53 234 56

35 33 85 44 135 49 185 53 235 56

36 34 86 44 136 50 186 53 236 56

37 34 87 44 137 50 187 53 237 56

38 34 88 44 138 50 188 53 238 56

39 35 89 44 139 50 189 54 239 56

40 35 90 44 140 50 190 54 240 56

41 35 91 45 141 50 191 54 241 57

42 35 92 45 142 50 192 54 242 57

43 36 93 45 143 50 193 54 243 57

44 36 4 45 4 56 +94 54 244 5F

45 36 95 45 145 50 195 54 245 57

46 36 96 45 146 50 196 54 246 57

47 37 97 45 147 50 197 54 247 57

48 37 98 46 148 51 198 54 248 57

49 37 99 46 149 51 199 54 249 57
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Table FC.11 — Vertically corresponding channels: Each row lists channels which are considered to be
above/below each other.

328

Table FC.10 — Equalizer parameters

Equalizer P;[Hz] Pa P,[dB] g [dB]
Geon 12000 0.3 2 1.0
Geoss 12000 0.3 35 1.0
Geos 200,1300, 600 0.3,0.5,1.0 6.5,1.8,2.0 0.7
Geos 5000, 1100 10,08 4518 3.1
Geos 35 0.25 13 1.0

CH_L_000 CH_M_000 CH_U_000
CH_L_L045 CH_M_L030 CH_U_L030
CH_L_L045 CH_M_L030 CH_U_L045
CH_L_L045 CH_M_L045 CH_U_L030
CH_L_L045 CH_M_L045 CH_U_L045
CH_L_L045 CH_M_L060 CH_U" 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_R045
CH_L_R045 CH_M_R045 CH_U_R030
CH_L_R045 CH_M_R045 CH_U_R045
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 4090
CH M _L110 CH _W,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 L135 CH_U_L090
CH M L135 CH_U L135
CH_M_RQ90 CH_U_R090
CH_M-R#10 CH U R110
CH 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_U_RO090
CH M R135 CH U R135
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FC.3.5 Audio signal processing

FC.3.5.1 General

The audio processing block of the format converter obtains time domain audio samples for Nin channels

the core decoder and generates a downmixed time domain audio output signal consisting of N_ . channel

out

from

S.

Ti Ic plUbb‘bbil I®) ta'r\cb das iupui
— the audio data decoded by the core decoder,

— the static downmix matrix M, returned by the initialization of the format converter,

It returns an N, -channel time domain output signal for the OutConf channel configuration signaled g
the initialization of the format converter.

The format converter operates on contiguous, non-overlapping frames of length~L = 256 time domain sa
of the input audio signals and outputs one frame of L samples per progessed input frame of length L
algorithm performs a short time Fourier transform (STFT) of length N =512 with 50% overlap, i.e. the oy
length as well as the hop size of the STFT is 256 time domain samples. The STFT domain processing
place in K=256 frequency bins, which are partitioned into PB=58 processing bands.

FC.3.5.2 T/F-transform (STFT analysis)

As the first processing step the converter updates the STFT input buffer Y, ; by one frame (L=256 sampl

the N, channel time domain input signal [VCVM OV :I =Y

yoi o for 0<v<L, 1<i@N,

Yeni =Y —v_Lr . ’
for L<v <N, I<i<N,,

ych,i

where F denotes the frame indéx and y;i* = Qfor the first processing frame. An analysis window is af

and a DFT of length N=512is calculated for each of the N, signals in the windowed STFT input buffer:
N-1 R i .

Yoni =2 WIVI{yy, -7 for 0<k <K, 1<i<N;,
v=0

with wiw]=sin ((v +0.5)z /N ) :

FC-3.5.2 Intermediate downmix signals

uring

hples

The
erlap
fakes

bs) of

plied

Intermediate downmix signals and corresponding energies are calculated according to:

0<k<K

DMX,0,i out !

N.
~K in
Zeno =) YariMg for 1<o<N
i1
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Nin
Zio=> Y ych,| (M;MXOI)2 for 1<o<N,, 0<pb<PB
i=1  k

— 2
Zpb . |Hk | £ 4 AL a 1 Do
ch,o] — Z |Lch,0| 1U1 1SUS N ., USPU FD-.
k,
pbm(k)
=pb

FC.3]5.3 Final frequency domain downmix signals

The fijnal downmix signals are obtained in the STFT domain according to

zk  F ,Z\th,oEQ:h‘o for 1<o<N_,, 0<k<K
with
1 if passiveDownmixFlag ==
EQY, =
Qoo mm(lOM max (10 08 EQcho)j else
and
~pb
EQ.,.= —Chf = where pb =pbm(k),
eps+Zcno

"pb,F_ = pb,F — pb.F-1 = pb,F = pb,F = pb,F-1

Zch,o :aZch,o +(1—a)th,'o and Zch,o :azch,o +(1—a)zch,o

= pb,: = pb,F-1 o ] .
Zand aswellas Zcno  shallbe initialized to zero for the first processing frame.

FC.3]/5.4 F/T-transform (STFT synthesis)

As last processing step per processed frame of 256 samples, the downmix signal is transformed to the time
domain by application of an inverse DFT, windowing and overlap-add update, yielding L time domain output

samgles EEh,o per output channel. For the current frame (frame index F) the operations read:

~v,F

Zeno = Wv]- —szwm"' e for 0<v<N,1<0<N,,

ch,0

k
\ k,compl __ Zch 0 O < k <K . .
with Zy o " = , where conj(z) denotes the complex conjugate of Z .

conj(zcho) K<k<N
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~v,F ~v,F ~Av+L,F-1

Zch,o = Zch,o + Zch,o forO<v<lL, 1<o0< Nout’

Av,F-1
where Zeh,o shall be initialized with zeros for the first processing frame.
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Add

a new clause FC5, “Low Complexity Immersive Loudspeaker Rendering/Format Conversion™

with the following text:

FC5 Low Complexity Immersive Loudspeaker Rendering/Format Conversion

FC5.1 Description

For the 5.0 and 5.1 channel output layouts, immersive loudspeaker rendering shall be chosen to provide

overh
down

from
syste
for h

soun
build

In the
the d
seleg
desid

ead sound images using surround channel Toudspeakers depending on the immersiveDownmixFlag in
mixConfig(). The immersive loudspeaker renderer is a downmixer that converts multichannel signals

transmitted channel configurations with N, channels to desired reproduction format of either 5.1 of 5.0

M. It has a switching scheme between 3D rendering and 2D rendering using different elevation rendering
bight input channels depending on the transmitted bitstream rendering3DType to provide-'overhead
] image properly. It is thus also called ‘immersive format converter. The system consists-of two major
ng 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 domaintwith a switching scheme
according to the transmitted flag rendering3DType.

rendering3DType

A
bitstream — »° DMXprocess in E Igudspeaker
Decoder > subband domain < signals
mixer output \
signals
DMX reproduction
mixer output " configurator | layout
layout

Format Converter

Figure EC5.1 — Main building blocks of the immersive format converter

initialization-phase the format converter automatically generates optimized downmixing parameters (like
ownmixing’ matrix) for the given combination of input and output formats: It applies an algorithm that
ts for each input loudspeaker the most appropriate mapping rule from a list of rules that has been
ned 1o incorporate psychoacoustic considerations. Each rule describes the mapping from one input

chan

helito one or several outnut loudspneaker channels
T L)

Input

channels are

— either mapped to a single output channel,

— or panned to two output channels,

332
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— or (in case of the ‘Voice of God’ channel) distributed over a larger number of output cannels.

— or (in case of the ‘elevation rendering’) panned to multiple output channels with different panning

coefficients over frequency.

The optimal mapping for each input channel is selected depending on the list of output loudspeakers that are
available in the desired output format. Each mapping defines downmix gains for the input channel under

consideration as well as potentially also an equalizer that is applied to the input channel under considerat

ion.

Output setups with non-standard loudspeaker positions can be signaled to the system by providin
azimuth and elevation deviations from a regular loudspeaker setup. Further, distance variations of the ‘d¢g
target loudspeaker positions are taken into account.

For each frame, a bit called rendering3DType is decoded by the decoder and passed to theximmersive f
converter. The rendering3DType indicates whether the sound scene is appropriate for the-3D rendering
rendering over either 5.0 or 5.1 channel layout. For the height input channels, the immersive format con
uses the “spatial elevation rendering” for 3D rendering when the rendering3DType is TRUE and “ti
elevation rendering” for the 2D rendering when the rendering3DType is FALSE."For the non-height

y the
sired

brmat
br 2D
erter
mbral
input

channels, non-elevation rendering uses the same downmix coefficients regardless of the rendering3DType.

The actual downmixing of the audio signals is performed on a short’ time Fourier transform (S
representation of the signals. The energy-preserving algorithm avoids-signal deteriorations like comb-filt
coloration, or modulation artifacts.

FC5.2 Syntax

The FormatConverterFrame defines the proper rendering. type for the immersive format converter.

Table FC5.1 — Syntax-of FormatConverterFrame()

TFT)
bring,

Syntax No. of bits Mnemonic
FormatConverterFrame()
{
rendering3DType; 1 uimsbf
}

The flag rendering3DType is-created at the encoder based on the audio scene. When the audio sce
wideband and highly decofrelated at a frame, the flag rendering3DType becomes false and rendering is
by the secondary dowomix matrix Mpyx.. In all other cases, the flag becomes true and rendering is do
the primary downmix‘matrix Mpyyx, which provides elevated sound images.

FC5.3 Definitions

FC5.3.1 General remarks

ne is
done
he by

Audiessignals that are fed into the format converter are referred to as input signals in the following.

\udio

signals that are the result of the format conversion process are referred to as output signals. Note thTt the

audio input signals of the format converter are audio output signals of the core decoder.

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. [yl R AREER'N ] =Y denotes a vector and its elements. Similarly, M ap denotes the element

in the a th row and b th column of a matrix M .

FC5.3.2 Variable definitions

N, Number of channels in the input channel configuration.

© ISO/IEC 2017 — All rights reserved

333


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

NOut Number of channels in the output channel configuration.

M pux 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. M, is basically of
dimension (N_,x N, ) but possibly increased to (N X (Nin+5)) depending
o the-mputandoutputfayouts—Seehow thedimension s changedn
FC5.4.2.3.

Mbmxz 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 cogefficients
for the horizontal input channels are identical to those in Mpwmx. The Mpumx is
dimension of (Ngyt x Njn) but possibly increased to (Noyt x (Nijp+5)) depending
on the input and output layouts. See how the dimension is,changed in
FC5.4.2.3.

GEQ Matrix consisting of gain values per processing band determining frequency
responses of equalizing filters for all rendering)mapping. Gegq1-5 are used for
the non-elevation rendering and timbral elevation rendering, Gegg 7-14 are used
for spatial elevation rendering, Ggq,15-20 @€ used for spatial coloration filter,
and Ggq21- are used for modified EQ for\randomized setup in FC5.4.1.6.5 and
coloration filter in FC5.4.1.6.7.6.

|EQ Vector signalling which equalizer'filters to apply to the input channels (if any).

L Frame length measured in time domain audio samples.

v Time domain sample‘index.

F Frame index (frame number).

PB Number of processing bands, PB=58.

pb Processing band index (0 < pb < PB).

N DFT length

K Number of STFT frequency bins, K = 257.

k STFT frequency bin index (0 <k < K).

a Filter parameter, & = 0.0435.

A B Channel indices.

eps Numerical constant, eps =10"%.

rendering3DType 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 Mpyx is chosen when the rendering3DType is TRUE and
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the secondary downmnix matrix Mpux. is chosen when the
rendering3DType is FALSE in the immersive format converter.

fin Label of the input channel to be rendered by immersive format converter (e.g.
CH_U_000)

Guho,1-6 (iin) Spatial elevation panning coefficients for the input channel (i;,) for the
2.8~10kHz in order to provide overhead image. Note that the coefficient is
G:VVGyO A4 0L IG:ILCd tU |JI CoTCI Ve thc ;I |put }JUVVUI Gftcl III;I\;I Iy. Thc LILL%LA! |bc|

index represents output channels as shown in Table FC5.10.
Guio.1-6 (lin) Spatial elevation panning coefficients for the input channel (i;,) for below p.8
kHz and above 10kHz. Note that the coefficient is always normalized to
reserve the input power after mixing. The number index represents output
channels as shown in Table FC5.10.
COLOR_A B Tone coloration filter to the output at the azimuth of-+B degree from the input
at the azimuth of +A degree based on the ratio bétween HRTF at A and HIRTF

at B. It is determined by a frequency dependentdynamic cue which
represents speaker-to-listener orientation.

FC5.4 Processing
FC5.4.1 Initialization of the format converter
FC5.4.1.1 General description of the initialization

The initialization of the format converter is carriedyout before processing of the audio samples delivered Ry 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 (numbef and
geometric positions of‘input channels).

— The channel configuration of the desired output format (number and geometric positions of dqutput
channels).

— Optional/Parameters signaling the deviation of the output loudspeaker positions from a stapdard
loudspeaker setup (random setup functionality).

It returns

< The primary frequency dependent downmix matrix MDMX that is applied in the audio signal

—— —processing of the format converter whern the Tendermg3DType s TRUENotethat the My, is
independent variable in the Format Converter and shall not be taken into account in the core decoding
process in 5.5.3.1.2.

— The secondary frequency dependent downmix matrix Mpux, that is applied in the audio signal
processing of the format converter when the rendering3DType is FALSE. The Mpux, is identical to
Mpwx 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 FC5.2.
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Table FC5.2 — 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 Sampling frequency in Hertz.

r. For each output channel A, an azimuth angle is specified, determining the
A deviation from the standard format loudspeaker azimuth.

Fen For each output channel A, an elevation angle is specified, determining the

deviation from the standard format loudspeaker elevation.

Tabl

g FC5.3 lists the output parameters that are derived during the initialization of the format converter.

Table FC5.3 — Format converter initialization output parameters

Mopmx Primary Downmix matrix [linear gains] for spatial elevation rendering
(for rendering3DType == 1)

Mpmx2 Secondary Downmix matrix [linear gains] for timbral elevation rendering
(for rendering3DType == 0)

Note|that the Mpux; and Mpux, include the same input-output downmix matrix_for non-elevation rendering
input|channels.

FCS5.

The

1.1.2 Assignment of format converter channel labels to input/output format channels

format converter initialization is based on a system of rules’that are defined in terms of format converter

chanhel labels, see Table FC5.12. To allow the application of the initialization rules, the channel labels have to
be apsigned to the channels of the input and output formats. Each format converter channel label is
assogiated with a segment of the surface of the unit sphere, as defined in Table FC5.12. The segments are
designed non-overlapping.

The
data

assignment of channel labels to channelsiis done by geometrically matching the segments to the position
associated with the channels of the&hput and output formats. The azimuth and elevation angles in

degre¢es of the position data associated with the channels shall be rounded towards the nearest integer

num
appl
into

her before performing the channel label assignment. Note that the nominal channel positions shall be
ied in the following matching:{e’channel label sectors, i.e. the azimuth and elevation angles without taking

gccount potential angle deviations signalled inT,; , and/or I, , .

For gach channel thatis-not an LFE (low-frequency effects) channel:

If the|nominal pesition of the current channel, defined by its azimuth angle and elevation angle, is within or on
the bprder of 6ng' of the segments defined in Table FC5.12 then:

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 and the nominal
position associated with the matching segment (i.e. the angles in the second and third column of

Table FC5.2) to the angle deviations stored in I, , and Iy -

Else (i.e. no matching sector found), then:

336

Assign the CH_EMPTY label.

© ISO/IEC 2017 — All rights reserved


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

If an input or output format contains exactly one LFE channel, then the label CH_LFE1 shall be assign
this channel.

If an input or output format contains exactly two LFE channels, then the labels CH_LFE1 and CH_LFE2

ed to

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.

If an input or output format contains more than 2 LFE channels, then those 2 LFE channels out'\q
considered setup shall be selected that minimize the maximum azimuth distance to the CH,"LFE1
CH_LFE2 nominal azimuth positions. The labels CH_LFE1 and CH_LFEZ2 shall be assigned asin the cs
two LFE channels. The remaining LFE channels shall not be considered further in the calculation of dow
coefficients, i.e. the corresponding lines/columns of the downmix matrix shall remain filled-with zeros.

FC5.4.1.3 Handling for unknown input channels

If the label CH_EMPTY is assigned to an input channel, this channel shall ‘be ‘considered unknown t
rules-based initialization and the downmix coefficients for mapping this inputychannel to the output cha
shall be derived as specified in FC.3.4.6.7.

FC5.4.1.4 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 leas
channel label is assigned to more than one channel of the @uiput format, the output format shall be consi
unknown and the derivation of the downmixing coefficiénts shall be carried out as specified in FC5.4.
The rules-based derivation of downmix coefficients shall-not be applied for unknown output formats.

FC5.4.1.5 Handling of deviations from standard loudspeaker positions

If the below conditions are not met, the rules=based initialization is considered to have failed, the output f
shall be considered to be unknown, and.thé’downmixing gains shall be obtained as defined in FC5.4.1.6.

The absolute values of I, ,and F g shall not exceed 35 and 55 degrees, respectively. The minimum
between any loudspeaker pair (without LFE channels) shall not be smaller than 15 degrees.

The values of T, ,shall .be-such that the ordering by azimuth angles of the horizontal loudspeakers dog
change. Likewise, the ordering of the height and low loudspeakers shall not change.

The values of\ I, shall be such that the ordering by elevation angles of loudspeakers which
(approximately) above/below each other does not change. To verify this, the following procedure is applie

For eachrow of Table FC5.18 which contains two or three channels of the output format, do:

~>./Order the channels by elevation without randomization

f the

and
se of
nmix

o the
hnels

t one
lered
1.6.9.

brmat
D).

Angle

S not

are

— Order the channels by elevation with considering randomization

— If the 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.
FC5.4.1.6 Rules-Based Initialization algorithm

FC5.4.1.6.1 General
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The rules-based initialization algorithm is defined in the following. It shall not be applied if the output format is
considered unknown as defined above. Note that the following description makes use of the intermediate
parameters defined in Table FC5.4 only for clarity reasons. An implementation may omit the introduction of
these intermediate parameters.

Table FC5.4 — Format converter initialization intermediate parameters

S, S, S° Vector of converter source channels [input channel indices]
D, D", D° Vector of converter destination channels [output channel indices]
G, GG Vector of converter gains [linear]
E E E° Vector of converter EQ indices
Geo Matrix containing equalizer gain values for all EQ indices and processing bands

* The superscript S/P is the discriminator for the elevation rendering type. Those with P are initializedyto be
used|for the ‘spatial elevation rendering’ and used to create the primary downmix matrix Mpyx, those with S
are for the ‘timbral elevation rendering’ and used to create the secondary downmix matrix, and.those without
supefscript are for the non-elevation rendering and used to create both the primary and secondary downmix
matrikes.

The intermediate parameters describe the dowmixing parameters in a mapping-oriented”way, i.e. as sets of
pararpeters S;, D, , G, , E; per mapping i.

The fprmat converter initialization output parameters are derived as described in-the following figure,
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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 (i;,) <
l no : next downmix rule
each downmix rule for the input channel

for the input channel
L

Destination

Valid Rule?
== VIRTUAL? alid Rule
yes
no : next downmix rule for
the input channel . )
isPossibleELEV
yes : elevation rendering
\
rendertlevSptiParms non-elevation renderin
renderElevTmbrParms |« (with the parameters of downmix J
EQsz, Guy, and Gy, )
SS, ds, 85, eS, EainS, n® SP, dp, gva, gpvu eP, 8eq,7~14 n’
v v A
llect all the initializati
collect all the initialization cQgcrall the initialization collect all the initialization
parameters of
parameters of S D G G parameters of
s°, D°, G°, E°, Gain®, N° L S, D, G, E, Gain, Ggq 15, N
E ’ GEQ,7~14: N
SS DS GS ES P P P 3 P p S, D, G, E, Gain
i -'S 'S' S/DerHerLIE;GEQJNlMN T ’
Gain’, N v v Geq,1~s, N \
Post-processing for Post-processing for Post-processing for
Randdm Setup Random Setup Random Setup
§, D%, G’, E’, Geg, N° S, D, G, G'uL, EY, Geg, N S, D, G, E, Geo, N
Yy v .
Merge the input-output mapping and Create downmix Matrixes, Mpuy and Mpwxa

v

Mopyx and Momx,

Figure FC5.2 — Rule based downmix initialization flow

, with following steps for each channel:

1. If the destination of the downmix rule for the input channel (i;,) is VIRTUAL, isPossibleElev decides

whether the input channel should be rendered by the elevation rendering defined in FC5.4.1.6.7.
A. If isPossibleElev returns TRUE,
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i.  Asetof parameters of s°, d*, g, g°L, €°, Ggqeqq,)» @and n° and another set of parameters of
s, d ¢° e® gain®, and n° are initialized by the renderElevParms and renderTmbrParms,
respectively. Note that the parameters of n” and n® indicates the number of output
loudspeaker required for the input channel (i), s°, d°, g°w, g°L, and e” are n* column vectors,
s° d*, g° e°, and gain® are n® column vectors, Ggqeqi,,) iS @ 58 row vector representing the
EQ coefficients in 58 processing bands for the input channel (iy,).

ii. The initialization parameters are collected among the group of parameters, each primary or
secondary, and the downmix rules for next input channel are investigated until all the input

charmetmmapping s fourd:
B. IfisPossibleElev returns FALSE, the current downmix rule is ignored and the next downmix rule
is investigated
If the destination is not VIRTUAL, the downmix rule is investigated whether the rule is valid checking
the output layout includes all the channels in the destination column.
A. If the downmix rule is valid,

i A set of parameters is initialized by the non-elevation rendering initialization and-added
directly to the S, D, G, E, and Gain as specified in FC5.4.1.6.3 and to the Gggas specified in
FC5.4.1.6.4.

ii. The downmix rules for next input channel are investigated until all the input channel
mappings are found.

B. If the downmix rule is invalid, the current downmix rule is ignored and-thé next downmix rule is
investigated.

3. After collecting all the initializations parameters for the ‘spatial elevation-rendering,’ ‘timbral elevation

rendering,” and ‘non-elevation rendering,” post-processing for random 'setup shall be applied.

4. Create the primary downmix matrix combining the ‘spatial elevatiofrrendering’ and ‘non-elevation

rendering’ parameters and the secondary downmix matrix combining the ‘timbral elevation rendering’

and ‘non-elevation rendering’ parameters.

AO-

FC5.4.1.6.2 Random setups Pre-Processing

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

devigtion angles as input parameters I, ,and. kici. The angle deviations are taken into account as a pre-
procgssing step:

Modify in Table FC5.12 the channels™ azimuth and elevation angles by adding I,

wzi A and (N to the

corregponding channels’ azimuth and €levation angles.

FC5.4.1.6.3 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 / from an input channel to an output channel with non-zero downmix gain they define the downmix
gain ps well as an_equalizer index that indicates which equalizer curve has to be applied to the input channel
undef consideration in mapping i.

The g¢lements of the parameter vectors S, D, G, E are derived by the following algorithm:

Initiakize-the-rrapping-courteri—i=1i"=1_{°=1:

Initialize the EQ countere: e=21 (EQ slots for e from 1 to 5 are occupied by FC5.4.1.6.4, that for e from 7
to 14 are occupied by Table FC5.9, and that for e from 15 to 20 are occupied by Table FC5.6. The EQ counter
e will be shared in FC5.4.1.6.5 and FC5.4.1.6.7.6 in an incremental way)

For each input channel, ignoring channels with label CH_EMPTY assigned to them:
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If the input channel also exists in the output format (e.g. input channel under consideration is CH_M_RO030
and channel CH_M_RO030 exists in the output format), then:

Si = index of source channel in input (Example: Example: channel CH_M_R030 in

ChannelConfiguration 6 is at second place according to Table FC5.13, i.e. has index 2 in this forma)

Di = index of same channel in output

G, =10
E =0
i=i+1

Else (i.e. if the input channel does not exist in the output format)

search the first entry of this channel in the Source column of Table&€5.14, for which the channgls in
the corresponding row of the Destination column exist. The VIRTUAL destination shall be consiglered
valid if the isPossibleElev returns TRUE, which indicates(the output format contains reduired
channels for the elevation rendering of the input channel. The isPossibleElev, renderElevSptIParms,
and renderElevTmbrParms are defined in FC5.4.1.6.7.,The ALL U destination shall be consi¢lered
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 channels exist) if
the output format contains at least one “CH-M.” channel. If for no entry in Table F(5.14.
corresponding to the input channel the channgls in the Destination column exist, the rules-Qased
initialization shall terminate and the downmix/gains shall be derived according to FC5.4.1.6.9.

If Destination column contains VIRTUAL then:
[s”, d”, g7, o°L, €°, n°]= renderElevSptiParms (specified in FC5.4.1.6.7.4)

forn=1ton"

m =i

S = 5"1(iin)

D%n = d'y(iin)

G'wi =0 (i)

G'mi =0 m(in)

En = e%n(iin)

Clni = (iin)

C’mo = label of the output channel d”(ii,)
iv =P +1

[s° d g° €® gain, n® ]= renderElevSptiParms (described in FC5.4.1.6.7.5)

forn=1ton®
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SSm = Ssn(iin)

Dsm = dsn(iin)

G =0%(in)

Esm = esn(iin)

cS — (i

~mi in/

C®ro = label of the output channel d”(ii,)

Gain®, = gain,
i° =i*+1
where i;, is the input channel label.

Else, if Destination column contains ALL_U, then:

For each output channel x with “CH_U_" in its name, do:

S, = index of source channel in input
D, =index of channel x in output

Gi = (value of Gain column) / sqrt(nGmber of “CH_U_" output channels)

E, = value of EQ column
Gain; = (value of Gainxcetumn)
=i+l
Else if Destination column contains ALL_M, then:
For each outpuyt channel x with “CH_M_" in its name, do:

S;-= index of source channel in input
Di = index of channel x in output

Gi = (value of Gain column) / sgrt(number of “CH_M_" output channels)

| 1 Vil ¥ 1

I_i = vdadlutc Ul L CUITUTTITT

Gain; = (value of Gain column)
i=i+1

Else If there is one channel in the Destination column, then:
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S.

i = index of source channel in input

D.

. = index of destination channel in output

G, = value of Gain column

E—valueof EQ-column
Gain; = (value of Gain column)
I=i+1

Else (two channels in Destination column)

S.

i = index of source channel in input

Di = index of first destination channel in output

G, = (value of Gain column) * g,

E; = value of EQ column

Gain; = (value of Gain column)

i=i+1

Si =S,

D, =index of second destination channel in output

G

i = (value of Gain column) * @,

Ev=E

Gain; = (value of Gain column)

i=i+1

The gains (, and (, are computed by applying tangent law amplitude panning ip the

following way:

— Unwrap source destination channel azimuth angles to be positive.

— The azimuth angles of the destination channels are «; and @, (see Table
FC5.12).

— The azimuth angle of the source channel ( = panning target) is o .
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FCS5.
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__ 9 _ 1
% h+g? % 1+ g2 J tan o, +tan o +107"°

1.1.6.4 Derivation of equalizer gains G Q"

consists of gain values per processing band pb and equalizer index e. The'§)predefined equalizers are

combiinations of different peak filters for 1<e<5. Each equalizer is a serial cas¢ade of one or more peak filters
and g gain:

pb
GEQ,

wher

N
_ 109/201_[ peak (band ( pb)%, Pr o Pons Pg'”j

n=1

b band(pb) is the normalized center frequency of progessing band pb, specified in Table FC5.15, f; is the

samgling frequency, and function peak() is for negative G

pea(b, f,Q,G)=

and ¢

peak

b4+(le—2jf2b2+ &

G
i
bt 4| 207 _od 202 4 £
therwise
3
10
b* + 102 -2 |f*+f*
(b, £50:G) =

b4+(12—2] f2h*+ f*
, Q

The parameters for the equalizers are specified in Table FC5.17.

FC5.4.1.6.5 Post-Processing for Random Setups

344
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Once the output parameters are computed, they are modified related to the specific random azimuth and
elevations angles. This step has only to be carried out, if not all I, , are zero. Definition of the post-

processing algorithm for non-elevation rendering:

For each elementiin D,  do:

if output channel with index D is a horizontal channel by definition (i.e. output channel label contains the

label * M ), and

if this output channel is now a height channel (elevation in range 0..60 degrees), and

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
L (1-h)

Gain;

— Apply compensation gain to DMX gain: G, =G, -G

— Gcomp =h

comp
—  Define new equalizer Ggq,, with the index e, whete) GL5 , =h+(1-h)-GZ o
— E=e
— e=e+l

else if input channel with index Si is a horizontal channel (label contains * M _’)

— h = min(elevation of randomized output channel, 35) / 35
— Define new equalizer Ggg, with the index e,

where G2 :max(o.6310,min(1.5849,(h- IEQ(D,)" +(1-h))-GE L

EQ.e

ATl
S~——
S—

and IEQ(D, )" EQ(D))* is defined in Table FC5.5
— E =e

— e=e+l

Table FC5.5 — Inverse spatial elevation filter (EQy i, is defined in Table FC5.9)

Azimuth-of D: Front Center Front Side/Rear
' (-1515) (-90 -15) or (1590) | [-180 -90] or [90 180]
1 1 1
IEQ(D;)” o b o
Geqgg Geq7 Geqg s

Explanation of the post-processing steps defined above:

h'is a normalized elevation parameter indir‘nting the elevation of a nnminally harizantal output channel (‘ M ’)

due to a random setup elevation offset I ,. For zero elevation offset h=0 follows and effectively no post-
processing is applied.

The rule table (Table FC5.14) in general applies a gain of the value in the gain column when mapping an
upper input channel (‘_U_’ in channel label) to one or several horizontal output channels (* M_’ in channel

label(s)). In case the output channel gets elevated due to a random setup elevation offset I, ,, the gain is
partially (O<h<1) or fully (h=1) compensated for. Similarly the equalizer definitions fade towards a flat EQ-

curve (GE’)SYe =const.=1.0) for h approaching h =1.
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In case a horizontal input channel gets mapped to an output channel that gets elevated due to a random setup

elevation offset I

ele A

the equalizer G};Q_Ei fully applied and IEQ(D;)", an inverse form of spatial elevation filter

defined in Table FCS5.5, is partially (O<h<1) or fully (h=1) applied. As the spatial elevation filter is defined to
provide the tone color of overhead loudspeakers on horizontal loudspeakers, the inverse of the spatial
elevation filter is used to provide the tone color of horizontal loudspeakers on overhead loudspeakers. Note

that the modified EQ is thresholded within the level of 4 dB, [0.6310, 1.5849].

FC5.4.1.6.6 Spatial coloration filter for the horizontal input channels

WherL a horizontal input channel at side or rear is panned by two output loudspeakers, e.g. CH_M_L090_fis
panngd 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 5.0 are defined as in Table FC5.6. Here, the filter-name

COLOR_A_B means the coloration filter for the output at the azimuth of +B from the input at the @zimuth of

+A. The filtering algorithm is:

For elach element jin S do:

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 COLORZA B _in Table FC5.6,

If the output channel has no deviation in azimuth and elevation, ( 7,,;p,=0 and r¢;. p,=0)

If

Elseif

Elseif

Elseif

A==60 &&B==30

A==90 &&B==30

A==60 &&B==110

==90 &&B==110

Elseif

Elseif

A==135 && B == 110

A==180 &&B ==110

E; = 15 (COLOR_60_30)

E; = 16/(GOLOR_90_30)

=17 (COLOR_60_110)

Ei =18 (COLOR_90_110)

Ei= 19 (COLOR_135_110)

Ei =20 (COLOR_180_110)

Table\FC5.6 — Spatial coloration filters for horizontal channels

prockss | COLOR_180_110 | COLOR_090_030 | COLOR_060_110 | COLOR_135_110 | COLOR_090_110 | COLOR_060_030
bi:n;d Geqzo Geq16 Geq17 Geq19 GEq,18 Geq1s

0 1.257512901 1.016393 0.975283 1.057872 0.967818 1.024233

1 1.158560317 0.940154 1.020111 1.025689 1.000571 0.958515

2 0.975947998 0.924468 1.052661 0.972375 1.03672 0.938683

3 0.812670539 1.019364 1.034273 0.940191 1.0457 1.008225

4 0.793650794 1.163062 1.007329 0.931031 1.043259 1.123006

5 0.793650794 1.255373 1.010088 0.925814 1.048451 1.209438

6 0.793651 1.221591 1.044259 0.911691 1.054614 1.209597
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7 0.793651 1.164189 1.06016 0.895357 1.033851 1.193814
8 0.793651 1.151248 1.028108 0.894999 0.988836 1.196971
9 0.793651 1.174002 0.966481 0.915049 0.963343 1.177826
10 0.793651 1.235628 0.915263 0.954878 1.003832 1.126607
11 0.793651 1.26 0.914371 0.9984 1.075405 1.132111
12 0.793651 1.26 0.942626 1.002731 1.061876 1.26
13 0.793651 1.26 0.931554 0.959758 0.946306 1.26]
14 0.793651 1.26 0.880058 0.919532 0.851115 1.26]
15 0.793651 1.26 0.825 0.9062 0.840038 1.26]
16 0.793651 1.22276 0.814011 0.917664 0.892063 1.1157)5
17 0.793651 1.160128 0.864691 0.949673 0.94146 1.0655p8
18 0.793651 1.089699 0.936597 0.993391 0.956656 1.0668p1
19 0.793651 1.037545 0.997666 1.029246 0.96065 1.0775pR4
20 0.793651 0.986758 1.042468 1.031808 0.976646 1.0532p1
21 0.793651 0.929318 1.071918 1.001631 1.011122 0.9851p4
22 0.793651 0.883289 1.103262 0.96871 1.066606 0.9136@5
23 0.793651 0.858581 1.176045 0:959278 1.143043 0.88337
24 0.839215 0.849521 1.26 0.97236 1.234495 0.901514
25 0.895853 0.85036 1.26 0.976487 1.26 0.93963
26 0.921032 0.867297 1.26 0.950306 1.26 0.9766B9
27 0.915816 0.902004 1.26 0.916408 1.26 1.0211p1
28 0.907476 0.943387 1.26 0.910758 1.26 1.0857p8
29 0.902366 0.977346 1.26 0.928637 1.26 1.1467113
30 0.900041 1.008207 1.26 0.934616 1.26 1.1703[19
31 0.903678 1.043796 1.26 0.90898 1.26 1.1671/12
32 0.895045 1063373 1.26 0.866561 1.26 1.176141
33 0.827595 1.056064 1.26 0.794462 1.26 1.26]
34 0.81639 1.075206 1.26 0.807225 1.26 1.229941
35 0.793651 1.002088 1.26 0.793651 1.26 1.0948p9
36 0.848212 0.893956 1.26 0.793651 1.26 0.9918B8
37 0.843676 0.944609 1.26 0.793651 1.26 1.0548p2
38 0.807275 1.002863 1.26 0.793651 1.26 1.1760B3
39 0.793651 1.199923 1.26 0.793651 1.26 1.26]
40 0.793651 1.26 1.26 0.793651 1.26 1.26]
41 0.793651 1.26 1.26 0.793651 1.26 1.26
42 0.793651 1.26 1.119248 0.793651 1.26 1.26
43 0.793651 1.26 0.912938 0.793651 1.186579 1.26
44 0.793651 1.26 0.793651 0.793651 1.047277 1.26
45 0.793651 1.26 0.793651 0.793651 0.958699 1.26
46 0.793651 1.26 0.793651 0.836434 0.937138 1.26
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47 0.793651 1.26 1.102116 0.793651 1.092959 1.26
48 0.793651 1.26 1.092848 0.793651 1.26 1.26
49 0.793651 1.26 0.793651 0.815618 1.207313 1.26
50 0.793651 1.26 0.793651 0.818016 1.021066 0.793651
51 0.793651 0.922395 0.793651 0.899999 1.008149 0.793651
52 0.793651 0.793651 1.114079 0.856971 1.047784 0.793651
5 0.793651 0.793651 1.26 0.802702 1.26 0.793651
54 0.793651 0.976107 1.26 0.793651 1.26 0.99295v
54 0.793651 1.153876 1.26 0.793651 1.26 1.034704
54 0.793651 1.26 1.231165 0.793651 1.26 1.26
51 0.793651 1.26 0.976335 0.793651 1.067507 1.26

FC5.4.1.6.7 Elevation rendering

FC5.4.1.6.7.1 General

Elevd
contg
rendsd

tion rendering provides overhead sound image using 5.1 channel layout. When the Destination column
ins VIRTUAL, the isPossibleElev returns whether the input channel shall be rendered by the elevation
ring by comparing the output channel configuration and the required output channels for the spatial
elevgtion rendering.

Table FC5.7 — Detail information of the Elevation rendering initialization parameters

s Vector of converter source channels [input channel indices] e
D" Vector converter destination channels [output.channel indices] In|t|al|za}t|on pargmeters
G’ Vector of converter gains for 2.8~10kHz components for sp:a'tlal elevation
H gal P rendering
G"L Vector of converter gains below 2.8kHz and ‘above 10kHz components (renderElevSptiParms)
E"| | Vector of converter EQ indices P
S° Vector of converter source channelstfinput channel indices] Initialization parameters
D° Vector converter destination channels [output channel indices] for timbral elevation
G® Vector of converter gains [linear] rendering
= Vector of converter EQ indices (renderElevTmbrParms)
Geq| | Matrix containing equalizerygain values for all EQ indices and frequency EQ matrix for all
bands rendering types
When isPossibleEley.'is) TRUE, two sets of initialization parameters for the spatial elevation rendering and

The isPossibleElev returns TRUE when all the required output channels exist. The required output channels
are defined in Table FC5.8, indicating 1 for the required channel and O 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 returns FALSE and elevation rendering is not applied for the input
channel.
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Table FC5.8 — Required Output Channels for Elevation Rendering for isPossibleElev

Input Required Output Channels
Channel

CH_M_L030 | CH_M_R030 | CH_M_000 CH_LFE1 CH_M_L110 | CH_M_R110

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 a 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

FC5.4.1.6.7.3 initElevSptIParms: Initialization of elevation rendering parameters based on the |nput
channel elevation
The initial values of the spatial elevation filters ‘and the elevation panning coefficients are defined in [Fable
FC5.9, Table FC5.10, and Table FC5.11 for. the ‘height’ input channels, except CH_T_000. When a ‘height’
input channel except CH_T 000 has the “elevation higher than 35 degree, the spatial elevation| filter
coefficients and elevation panning coefficients shall be updated according to the degree of the elevation.|Note
that the elevation sector is defined from ¥21 to +60 degree for the height channels in Table FC5.14.
For the elevation rendering of an-input channel, an EQ is selected from the EQ column of the Table F(45.14.
For convenience, eq(i,) is defined as the EQ column, e.g. if the i;, is CH_U_000, eq(i;,) is 9 (EQVFC).
Table FC5.9— Spatial elevation filter initial values (for the 35 degree in elevation)
. EQo,in (.)
processing
(5:22?135) 7 8 9 10 11 12 13 14
(EQVF) | (EQVB) | (EQVFC) | (EQVBC) | (EQVOG) | (EQVS) | (EQBTM) | (EQVBA

0 0.841395 | 0.819093 | 0.685085 0.770312 | 0.625280 0.877674 | 0.922571 | 0.877674

1 0.841395 | 0.819093 | 0.685085 0.770312 | 0.625280 0.877674 | 0.922571 | 0.877674

2 0.926119 | 0.922571 | 0.830000 0.940445 | 0.625280 0.901571 | 1.143756 | 0.988553

3 0.926119 | 0.980995 | 0.830000 1.015469 | 0.675162 1.000000 | 1.117721 | 1.051155

4 0.926119 | 0.980995 | 0.830000 1.015469 | 0.675162 1.000000 | 1.117721 | 1.051155

5 0.944061 | 0.887837 | 0.768679 1.000000 | 0.729024 0.905038 | 1.023293 | 0.951335

6 0.944061 | 0.887837 | 0.768679 1.000000 | 0.729024 0.905038 | 1.023293 | 0.951335

7 0.944061 | 0.887837 | 0.768679 1.000000 | 0.729024 0.905038 | 1.023293 | 0.951335

8 0.944061 | 0.887837 | 0.768679 1.000000 | 0.729024 0.905038 | 1.023293 | 0.951335

9 0.944061 | 0.887837 | 0.768679 1.000000 | 0.729024 0.905038 | 1.023293 | 0.951335
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10 0.944061 | 0.887837 | 0.768679 1.000000 | 0.729024 0.905038 | 1.023293 | 0.951335
11 0.908518 | 0.958665 | 0.768679 | 0.887837 | 0.701576 1.039122 | 0.922571 | 1.027228
12 0.908518 | 0.958665 | 0.768679 | 0.887837 | 0.701576 1.039122 | 0.922571 | 1.027228
13 0.908518 | 0.958665 | 0.768679 | 0.887837 | 0.701576 1.039122 | 0.922571 | 1.027228
14 0.908518 | 0.958665 | 0.768679 | 0.887837 | 0.701576 1.039122 | 0.922571 | 1.027228
15 0.908518 | 0.958665 | 0.768679 | 0.887837 | 0.701576 1.039122 | 0.922571 | 1.027228
16 0.908518 | 0.958665 | 0.768679 | 0.887837 | 0.701576 1.039122 | 0.922571 | 1.027228
17 0.908518 | 0.958665 | 0.768679 | 0.887837 | 0.701576 1.039122 | 0.922571 | 1.027228
18 0.908518 | 0.958665 | 0.768679 | 0.887837 | 0.701576 1.039122 | 0.922571 | 1.027228
19 0.944061 | 0.936843 | 0.798751 0.838172 | 0.729024 1.023293 | 0.940445 | 0.860994
20 0.944061 | 0.936843 | 0.798751 0.838172 | 0.729024 1.023293 | 0.940445, |, 0.860994
21 0.944061 | 0.936843 | 0.798751 0.838172 | 0.729024 1.023293 | 0.940445- | 0.860994
22 0.944061 | 0.936843 | 0.798751 0.838172 | 0.729024 1.023293 | 0.940445 | 0.860994
23 0.944061 | 0.936843 | 0.798751 0.838172 | 0.729024 1.023293_[6:940445 | 0.860994
24 0.944061 | 0.936843 | 0.798751 0.838172 | 0.729024 1.023293) | 0.940445 | 0.860994
25 0.944061 | 0.936843 | 0.798751 0.838172 | 0.729024 1023293 | 0.940445 | 0.860994
26 0.944061 | 0.936843 | 0.798751 0.838172 | 0.729024 1.023293 | 0.940445 | 0.860994
27 0.944061 | 0.936843 | 0.798751 0.838172 | 0.729024 1.023293 | 0.940445 | 0.860994
28 0.980995 | 0.962351 | 0.830000 | 0.922571 | 0.649743 0.940445 | 0.940445 | 0.992354
29 0.980995 | 0.962351 | 0.830000 | 0.922571 0.649743 0.940445 | 0.940445 | 0.992354
30 0.980995 | 0.962351 | 0.830000 | 0.922571\.f 0.649743 0.940445 | 0.940445 | 0.992354
31 0.980995 | 0.962351 | 0.830000 | 0.922571 | 0.649743 0.940445 | 0.940445 | 0.992354
32 0.980995 | 0.962351 | 0.830000 | 0.922571 | 0.649743 0.940445 | 0.940445 | 0.992354
33 0.980995 | 0.962351 | 0.830000 "\ 0.922571 | 0.649743 0.940445 | 0.940445 | 0.992354
34 0.980995 | 0.962351 | 0.830000 | 0.922571 | 0.649743 0.940445 | 0.940445 | 0.992354
35 0.980995 | 0.962351 | 0-830000 | 0.922571 | 0.649743 0.940445 | 0.940445 | 0.992354
36 0.929311 | 0.892125/}-0.786271 0.855249 | 0.615512 0.871818 | 0.871818 | 0.919939
37 0.881628 | 0.908657 | 0.717845 | 0.908657 | 0.630513 0.944205 | 0.822369 | 0.901709
38 0.870100 | 0.892065 | 0.708457 | 0.892065 | 0.622267 0.926965 | 0.807353 | 0.885244
39 0.926766( |)0.855247 | 0.754596 | 0.823047 | 0.662793 0.909407 | 0.875168 | 0.848708
40 0.913913" | 0.838687 | 0.744132 0.807111 | 0.653601 0.891798 | 0.858223 | 0.832275
41 01962215 | 0.826864 | 0.734606 | 0.823697 | 0.620943 0.875859 | 0.934905 | 0.886001
42 0°889454 | 0.810537 | 0.724216 | 0.807432 | 0.612160 0.858564 | 0.916444 | 0.868506
43 0.876028 | 0.793461 | 0.713285 | 0.790422 | 0.602920 0.840476 | 0.897137 | 0.850208
44 6-897706—T 0793208 0736935 077515306420 14 6-856488—70-9248t4—0-907238
45 0.789863 | 0.779063 | 0.643126 | 0.809542 | 0.564885 0.809542 | 0.995954 | 0.911813
46 0.779856 | 0.733647 | 0.634979 | 0.706025 | 0.536730 0.765280 | 0.835899 | 0.786116
47 0.660004 | 0.546217 | 0.537392 0.484952 | 0.490480 0.567586 | 0.692945 | 0.585282
48 0.650985 | 0.535796 | 0.530049 | 0.475700 | 0.483778 0.556758 | 0.679725 | 0.574116
49 0.641943 | 0.525406 | 0.522686 | 0.466475 | 0.477058 0.545961 | 0.666543 | 0.562982
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50 0.632968 | 0.515151 | 0.515379 0.457370 | 0.388260 | 0.535305 | 0.653533 | 0.551994
51 0.624467 | 0.505491 | 0.508457 0.448794 | 0.383046 | 0.525267 | 0.641279 | 0.541644
52 0.616092 | 0.496025 | 0.501638 0.440390 | 0.377909 | 0.515431 | 0.629270 | 0.531501
53 0.607606 | 0.486487 | 0.494729 0.431921 | 0.372704 | 0.505519 | 0.617170 | 0.521280
54 0.599370 | 0.477280 | 0.488023 0.423747 | 0.367652 0.495952 | 0.605490 | 0.511415
55 0.591397 | 0.468415 | 0.481530 0.415876 | 0.362761 0.486740 | 0.594243 | 0.501916
56 0.583481 | 0.459661 | 0.475085 0.408104 | 0.357906 | 0.477644 | 0.583138 | 0.492586
57 0.576447 | 0.451922 | 0.469358 0.401233 | 0.353590 | 0.469602 | 0.573319 | 0.484243

When the 'height' input channel ij, has higher elevation than 35 degree, the spatial elevation.filter is calcylated
from EQ{y, (eq(i;,)) in Table FC5.9 by

If the input channel, ii, is frontal side : azimuth is in the range of (-90, 90)

20xlog,, (EQ{r, (eq(i,)))+0.05xlog, ( f,, x £:46000)+1 for f,, x f,>8000

EQ/ 4 =
Qi (ea(in) = 2O><Ioglo(EQ0’f:’in(eq(iin)))+1 otherwise

EQ2% (eqa(i,)) = EQ/, (eq(iy, ))x (1+min(max(el= 35,0), 25) x 0.05)

o - Q(Fm(e8ln) 2y20-005on(fur L) g £ 58000
EQeq(in) (EQE5, (ea(in))-1)/20 :
100 otherwise

else (the input channel is rear side : azimuth is either in [-180, -90] or in [90, 180])

20xlog,s(EQ;7, (ed(ii,))) +0.07xlog, ( f,, x f,/6000)+1 for f,, x f,>8000

EQ™ (eq(i,))=
Qs (ea( )) 20x|oglo(EQo‘ff’in(GQ(iin)))+1 otherwise

EQ, (ea(i,) )< EQ/, (eq(i, ))x(1+ min(max(elv—35,0),25) x 0.05)

1 O(EQZE{;b(eq(iin ))-1)120-0.07xlog, ( f f,/6000)
pb —
GEQ eQ( m)

for f,, x f,>8000

10! E% (ealin)-2)120 otherwise

where £, is the normalized center frequency of processing band pb, specified in Table FC5.15, £ is the
sampling frequency, and elv is the elevation of the input channel.

When the 'height' input channel i, does not have higher elevation than 35 degree, use the initial filter
coefficients by:

C;Ep(t)) eq(i;,) = EQO lin (eq(lln))
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The spatial elevation panning coefficients shall also be updated for the ‘height’ input channels, except
CH_T_000 and CH_U_180, for the different elevation degree. Table FC5.10 and Table FC5.11 show the initial
panning coefficients for the input channels with the elevation of 35 degree. When the elevation of the input
channel is higher than 35 degree, the ipsilateral gain to the input channel shall be reduced and the
contralateral channel shall be boosted with the gain difference g;(elv) and gc(elv).

Table FC5.10 — Initial spatial localization panning coefficients for 2.8 kHz ~ 10 kHz (35 degree in

elevation)
GvH0,1~6 (iin)
Channel
Label, i, | CH_M_L030 | CH_M_R030 | CH_M_000 CH_LFE1 CH_M_L110 | CH_M_R110
(Guroa(iin) (Guho2(iin) (Guhoa(iin) (Guhoa(iin) (Guros(iin) (Guhps(iin)

CH_u_o000 0.49146774 0.49146774 0.34746769 0 0.44507593 0144507593
CH| U_L045 0.70918131 0.27444959 0 0 0.56982642 0.31150770
CH] U_R045 0.27444959 0.70918131 0 0 0.31150770 0.56982642
CH| U_L030 0.70918131 0.27444959 0 0 0,56982642 0.31150770
CH) U_R030 0.27444959 0.70918131 0 0 031150770 0.56982642
CH| U_L090 0.56040317 0 0 0 0.81550622 0.14456093
CH| U_R090 0 0.56040317 0 0 0.14456093 0.81550622
CHl U_L110 0.34278116 0 0 0 0.91200900 0.22525696
CH) U_R110 0 0.34278116 0 0 0.22525696 0.91200900
CHl 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 0133519593 0 0.48822021 0.48822021

-

(35 degree in elevation)

able FC5.11 — Initial spatial localization panning coefficients below 2.8 kHz and above 10 kHz

GVL0,1—6 (iin)

Channel

L3bel, i, | CH_M_L030. [*CH_M_R030 | CH_M_000 | CH_LFE1 | CH_M_L110 | CH_M_R110

(Guroaii) (Gvioz(iin) (Gyios(iin)) (Guroa(iin) (Guros(iin) (Gvios(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|l U_L030 1 0 0 0 0 0
CH| O.R0O30 0 1 0 0 0 0
CH_U_L090 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
352 © ISO/IEC 2017 — Al rights reserved



https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

CH_U_R135 0 0.34278116 0 0.22525696 0.91200900
CH_U_180 0.22851810 0.22851810 0 0.66916323 0.66916323
CH_T_000 0.45328009 0.45328009 0.33519593 0.48822021 0.48822021

For all height input channel ii,, the Gyii~6 and Gui,1~6 shall be initialized with Gyioji~6:

Gyn,1~6(iin) = Gyno,1~6(lin)
Gyr,1~6(iin) = Gyro,1~6(in)
For each height input channel i;,, the Gi,1~6 shall be calculated from Guno,1~6:
If the input channel is CH_U_000,
Gys (ii,) = 10(0-25xmin(max(elv-35,0),25))/20 5 GVHO,S(iin)
GVH,6(iin) — 10(0.25><min(max(elv—35,0),25))/20 X GVHO,G(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),

g (elv) — 10(—0.05522><min(max(elv—S5,0),25))/20
ge(elv) = 10(0-41879xmin(max(elv—35,0),25))./20

else (the input channel is frontal or‘tear in [-70, 70], [-180, -110], or [110 180] )
g (elv) — 10(—0.047401><min(max(elv—35,0),25))/20

gc (elv) — 1((0-14985xmin(max(elv-35,0),25))/20

For each output chahnels ipsilateral to the input channel,
(e.g. CH_M_L030.and CH_M_L110 for CH_U_LO045)

Gynidip) = gi(elv) X Gypo(iin)
where the I of Gy, (ij,) represents the indices ipsilateral to the i,

Eor each output channels contralateral to the input channel,
(e.g. CH_M_RO030 and CH_M_R110 for CH_U_L045)

Gyn,c(iin) = gc(elv) X Gypo,c(iin)

where the C of G,y ¢(ij,) represents the indices contralateral to the i;,

A set of spatial localization panning coefficients for the input channel is normalized to make the sum
of powers be 1.

PGV“ (ijn) = 3:1 G\ZIH,O (ijn)
Loy 1 .
GvH,1~6(1in) - EGVH,1~6(1in)

v
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If the input channel is in [-160, -110) or (110 160], Gy, ¢ (ii,) shall be updated :
GvL,I (ijn) = gI(EIV) X GvLO,I (ijn)

Gyrc(iin) = gc(elv) X Gypo,c(iin)

Pg,.(iin) = f o=1 G210 (iin)

. 1 .
GVL,1~6(1in) = Pg GVL,1~6(lil’1)
vL

Note|that only the panning coefficients of the G, for the rear input channels change and those for the
frontdl/side input channel do not.

As a fesult of initElevSptiParms following parameters are derived :

3£g,eq(im) : Updated spatial elevation filter coefficient vector (58 bands) for the input.channel ii,.

hvi1~6(iin) : Updated spatial elevation panning coefficients for the input signaljin the range of 2.8~10 kHz

hv1~6(iin) : Updated spatial elevation panning coefficients for the inpUt, signal below 2.8 kHz and above
10kHEz

FC5.4.1.6.7.4 renderElevSptiParms : Derivation of input-output channel mapping and equalizer for
spatiial elevation rendering

renderElevSptiParms initializes the input-output channel/mapping for spatial elevation rendering for an input
chanpel (ii).

Ihitialize the mapping counter i=1;
ffor m=1to 6
If Gywm (iin) > 1
s"; = index of source channel i,
d”; = index of channel m in output
0" = (valuerof Gain column) * Gy (iin)
g° L _=\(value of Gain column) * G, , (iin)
€™y = eq(iin)

i=i+1l

n° o=i-1;
return {s", d, g°4, ¢°L, €”, and n" }

Note that the initialization does not add the input-output channel mapping that the gain g” i is zero and eq(ij,)
is from 7 to 15.
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By applying the downmix rules defined in Table FC5.14 with the spatial elevation filter and spatial localization
panning coefficients, the spatial elevation rendering parameters for each input channel is summarized as :

CH_U_L135, CH_U_R135, CH_U_180, or CH_T_000

Spatial Elevation Filter : the HRTF-based EQs (EQVB , EQVBC, or EQVOG)

Spatial Elevation Panning : Filtered signal is multiplied with the same panning coefficients over all

frequency (the gPH is identical to the gPL )

CH_U_L110, and CH_U_R110

FC5.4.1.6.7.5 renderElevTmbrParms : Derivation of input-output channel mapping and equalize
timbral elevation rendering

CH_U_L090 and CH_U_R090

CH_U_L030, CH_U_RO030, CH_U_L045, CH_U_RO045

CH_U_000

Spattat Efevation Fiter— the HRTF-based EQ (EQVBA)

Spatial Elevation Panning : Filtered EQ signal is multiplied with the different panning coefficients]

frequency range

o gPH for the elevation-effective range (2.8k~10kHz)

) gP._ for the rest frequency range : Use the “add-to-the-closest channel” method in.order to
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 with the differeftypanning coefficients

frequency range

o gPH for the elevation-effective range (2.8k~10kHz)

) gP._ for the rest frequency range : Panned at 90 degree usingfront and surround loudspeaks
order to provide enough envelopment and keep the audiorchannel wide enough.

Spatial Elevation Filter : the HRTF-based EQs (EQVF)

Spatial Elevation Panning : Filtered EQ signal is multiplied’with the different panning coefficients

frequency range

o gPH for the elevation-effective range (2.8k~10kHz)

) gP._ for the rest frequency range : Use the add-to-the-closest channel” method in order to
provide enough envelopment and keep{the audio channel wide enough.

Signals for the surround speakers, CH_M\ D110 and CH_M_R110, are delayed by one STFT ho

size in order to avoid front-back confusion using precedence effect. See details in FC5.4.2.3

Spatial Elevation Filter : : the HRTF-based EQ (EQVFC)

Spatial Elevation Panning : Filtefed EQ signal is multiplied with the different panning coefficients]

frequency range

o gPH for the elevation-gffective range (2.8k~10kHz)

o gPL for the rest frequency range : panned among three frontal output channels, CH_M_L03(
CH_M_000, andkGH_M_R030.

Signals for the surround speakers, CH_M_L110 and CH_M_R110, are delayed by one STFT ho,

size in order to-avoid front-back confusion using precedence effect. See details in FC5.4.2.3

over

over

rsin

over

over

r for

After théaenderElevSptiParms, renderElevTmbrParms initializes another input-output channel mapping for

timbral_elevation rendering for the same input channel i;,. The parameters are initialized following FC5.4
but ignoring the downmix rules with a destination field of VIRTUAL. As a result, a set of s°, d°, ¢°, e°, and
are-defined for the input channel i;, by the process:

Initialize the mapping counter i=1;

1.6.3
gain®

Search the first entry of the input channel in the Source column of the Table FC5.4 and the channels 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:
s% = index of source channel in input
d% =index of channel x in output
g% = (value of Gain column) / sqrt(number of “CH_U_” output channels)
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e%; = value of EQ column
gain; = (value of Gain column)
i=i+1

Else if Destination column contains ALL_M, then:

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)

Ci= VdiUG Uf EQ bU:UIIIII
gain; = (value of Gain column)
=i+l
Else If there is one channel in the Destination column, then:
s% = index of source channel in input
d*; = index of destination channel in output
g% = value of Gain column
e5, = value of EQ column
if > == 13 (EQBTM)
e% = 0 (No Process)
gain; = (value of Gain column)
i=i+1
Else (two channels in Destination column)
s% = index of source channel in input
d*; = index of first destination channel in output
g% = (value of Gain column) * ¢,

e5; = value of EQ column
if &% == 13 (EQBTM)
e% = 0 (No Process)
gain; = (value of Gain column)
=i+l
SSi = ssi—l
d*; = index of second destination.dhannel in output
g% = (value of Gain column) * .0
eSi = eSi-l
gain; = (value of Gain column)
=i+l
n° =i-1;
return { s°, d*, ¢°, e°, gainand n° }

The gains ¢, and J,are computed by applying tangent law amplitude panning in the following way:
— Wnwrap sodree destination channel azimuth angles to be positive.

— The azimuth angles of the destination channels are «; and o, (see Table FC5.12).

— The azimuth angle of the source channel ( = panning target) is «, .

|0‘1_0‘2|
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_ato,

a =
center
2

— a= (acenter _asrc)'sgn (0(2 —0!1)

g : tan o, —tan o +10°%°
— GmF— 0= 2 with 9=- " PPNET)
VIFO VIF0 oo, o +1u

FC5.4.1.6.7.6 Post-Processing for Random Setups with Elevation Rendering

After the parameters of S, D”, G, G”,, and E are initialized based on channel information, they are mo|
according to the azimuth and elevation deviations. For the convenience, CPi refers_the’label of S, C°,
the label of D, Tee,p,fefErs the elevation deviation of the C?i, and Tazi,p;T€fErs the ‘azimuth deviation of t

ios
(1) Elevation Post-Processing 1 : Find the “practically identical” channel
For each element i in S°, do
flag(i)=0

For each element i in S¥, do

If 7p1e,p, > 20 @nd 7, p,< 15
If (C°,, == CH_M_L030 and (C"; == CH_U_L030 || C’;y==CH_M_L045)) ||
(C”==CH_M_R030 and ( C%== CH_U_R030 || C";; ==CH_M_R045)) ||
(C?i% == CH_M_000 and CF ;== CH_U_000) ||

{ P
G iH =1
GP T 1
flag(i)= 1

For each elefiient j in S”, do
|fCPii == CPji && i ?'—'j

GE n=0
G L= 0
flag(j)= 1

}
If t105, > 20 and 7, p,< 25
If (C"i{,==CH_M _L110and (C’;;==CH_U _L110||C";i==CH_M_L135)) ||
(C”==CH_M_R110and (C’;; ==CH_U_R110 || C?;;==CH_M_R135))

dified
efers
he C°

{ P
G iH =1
GP i = 1
flag()= 1

For each element j in S°, do
IfCi==Cj && i #]j

For each element i in S7, do
If 710, > 20 and C”j, == CH_M_L110 and C";; == CH_U_L090
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For each element j in S°, do
If 71,5, > 20 and C° j, == CH_M_L030 and C*; == CH_U_L090

For each element k in S°, do
If C° == CH_U_L090

G’ =0

G’y =0

. flag(k)= 1
Gin =01
CiL T U1
G =0,
G =0,
flag(i)= 1
flag(j)= 1

If 71,5, > 20 and C”j, == CH_M_R110 and C;; == CH_U_R090
For each element j in S°, do
If 71,0, > 20 and C"jo == CH_M_RO030 and C"; == CH_U_R090

For each element k in S*, do
If C° == CH_U_R090

GP kKH = 0
G’y =0
flag(k)= 1

GE iH =01

GP iL =01

GPjH =0

GljL =0

flag(i)= 1

flag(j)= 1

The gains ¢, and g, are computed by applying.tangent law amplitude panning in the following way:

— Unwrap source destination channel azimuth angles to be positive.

—  The azimuth with the deviatiopsfor C*;, and CP,-O are ; and o,

— The azimuth angle of the-Source channel ( = panning target) is o .

o~ a|
1 2
J— aO =
2
o o ta,
center 2

~ o= (acenter _asrc)'sgn (a2 _al)

_tang,-tana+107"

_ = L = ; with = =
tan o, +tana +10

9, = v 0, =
' J1+ g2 ? 1+g°

(2) Elevation Post-Processing 2 on panning coefficients : Find the “practically dual mono” channel
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For each element i in S”, if flag(i)==0

If both CH_M_L030 and CH_M_RO030 have elevation deviations more than 20 degree
if C";; == CH_U_000
if C*io == CH_M_L030 || CH_M_R030

GPiH _= 1
i,
e GEiH _=O
eaiet

If both CH_M_L110 and CH_M_R110 are elevated
if C";==CH_U_180
if C",,==CH_M_L110 || CH_M_R110

G =1

Gy =1

flag(i)=1
else

GEiH =0

G iL = 0

flag(i)=1

(3) Elevation Post-Processing 3 on panning coefficients : Keep.ttie’central image
For each element i in S, if flag(i)==

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_RO030 has an elevation deviation[more
than 20 degree, then
if C*; == CH_U_000 || CH~T: 000
if C*i, == CH_M_LE030 || CH_M_R030
if C*,, is elevated
3 _TeleD;
G\i= G iy x 10207 35
if. €% == CH_U_000
2 TeleD;
GP i = GP iL X 10%><T
if C";; == CH_T_000

P_ P ixrele,Di
GiL =G L x1020" 35
flag(i)=1
else
PP ixTELe'Di
G iy =G iy x 10207 35
& =GP 2 [TeleD;
iL =G i Xx 10207 35
flag(i)=1
if C*;, == CH_M_000
2 TeleD;
GPiH =GPiHX10EX 35
P _ P ix'ele,ui
GiL =G jLx10207 35

flag(i)=1
if C"i == CH_U_180
if C"i, == CH_M_L030 || CH_M_R030
if C,, is not elevated

P p 2 Xrele,Di
G iy =G jux10720" 35
2 TeleD;
GP i = GP iL X 10720 35

flag(i)=1
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if only one of the output channels of CH_M _L110 or CH_M_R110 has an elevation deviation more
than 20 degree, then
if C"i==CH_U_180 || CH_T_000
if C";,==CH_M_L110 || CH_M_R110
if C",, is elevated
b b 2, leleD;
G iy =G gy x 10207 35
b b 2, leleD;
Gt =G L x10207 35

Hagit—t
if C"i == CH_U_000
if C°,, == CH_M_L110 || CH_M_R110
if C";, is not elevated

p P 2 XTELE'Di
G iy =G jux10720" 35
2 TeleD;
GP“_ = GP“_ x10720" 35

flag(i)=1

(4) Elevation Post-Processing 4 on panning coefficients : Keep the L/R balance when the Contralateral
Frontal Channel Elevated

ffor each element i in S°, if flag(i)==
if CH_M_LO030 is elevated more than 20 degree and CH_M_RO03(is not
if C";; == CH_U_RO030 || C*;; == CH_U_RO045, do
if C";, == CH_M_L030

P _ P _1,[eleD;
G ih =G jyx10 20" 35
P _ P _1 Jeled;
GiL =G L x10 207 35
flag(i)=1
elseif C°,, == CH_M_L110
4 TeleD;
G’y =Gy x 10720 3
P _ P _a [eleD;
Gyt =G L x10 207 35
flag(i)=1

elseif C°;; == CH_U_L090, do
if C";, == CH_M_L030

8.7, T€le.D;

G’ =G inx 1020755
flag(i)=1

elseif C°,, == CH M _L110
GPiH = GP iH X 10_%X%
flag(iy=1

elseif C" == CH_M_R110
Gl =
flag(i)=1

elseif C*;; ==CH_U_L110|| C";; == CH_U_L135, do
if C";, == CH_M_L030
5.6_TeleD;
G =G iy x 1020 3

eterD

flag(i)=1
elseif C°,, == CH_M_L110
4.6_TeleD;
G’y =G iy x 10720 35
4,6 _TeleD;
GP“_ = GP“_ X ];O_EXT
flag(i)=1
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elseif C°;, == CH_M_R110

b b 1 Xrele,Di
Gy =G jyXx10 207 35
1 _TeleD;
GP i = GP iL X 10720 35

flag(i)=1
elseif CH_M_RO030 is elevated more than 20 degree and CH_M_L030 is not
if C";; == CH_U_L030 || C°;; == CH_U_L045, do
if ", == CH_M_R030

1 ToloD.
GP iH = GPiH X 10720 35 i
1 _TeleD;
G’ =G iLx10720" 35
flag(i)=1
elseif C";, == CH_M_R110
4 TeleD;
GP iH = GPiH X ].0_EX 35
Po_ P _ixrele,Di
G L =G {1 x107 207 35
flag(i)=1

elseif C°;; == CH_U_RO090, do
if ", == CH_M_R030

g.7_TeleD;
GP iH = GPiH X 10EX 35
flag(i)=1
elseif C",, == CH_M_R110
Tele,D;
GP iH = GPiH X 10_%XTL
flag(i) =1
elseif C",, == CH_M_R110
G’ =0
flag(i)=1

elseif C°;; == CH_U_R110 || C"; == CH_U* R135, do
if ", == CH_M_R030

P p EXTELE'Di
G iy =Gy x 10207 35
b b Exrele,Di
GijL =G jLx1020" 35
flag(i)=1
elseif C*;, == CH_M 110
b b _ﬁxrele,Di
G iy =G iy x10 207 35
46 Tele,D;
G =GNEXx 10720 35
flag(i)=2
elseif C™y==CH_M_L110
1 _TeleD;
GP iH = GPiH X 10_%>< 35
b b _ixrele,Di
GiL =G jLx10 207 35
flag(i)=1

(8) Azimuth Post-Processing on panning coefficients

fhias =t CHM—030)+FrrfCH—M—RO30)
bbias = rai A(CH_M_L110)+ ryi A(CH_M_R110)
For each elementiin S,
If fhias > 10
If (CP; ==CH_U_000|| C?;==CH_T_000)&& (C"j, == CH_M_L030)
GPiH = GP iH X 10_21_0X(ﬂ?5a5)
If C”; ==CH_U_000
GP i = GP iL X 10_%X(ﬂ¥5a5)
elseif C°;; == CH_T_000

© ISO/IEC 2017 — Al rights reserved 361


https://iecnorm.com/api/?name=2b3842fdc2e747cb2d08d15d6a18c761

ISO/IEC 23008-3:2015/Amd. 3:2017(E)

(fbias)
GP“_ = GP“_ X 10_21_0X 15
flag(i)=1
If fhias <-10
If (C"i == CH_U_000 || C";; == CH_T_000 ) && ( C*j, == CH_M_R030)
GP iH = GPiH X 10710)(01115‘15)
If C°y==CH_U_000
GP = Gy x 105° 55
elseif C'; == CH_T_000
1 (fbias)
G =G L x1020° 15
flag(i)=1
If bbias > 10
If (C"i == CH_U_180 || C"j; == CH_T_000 ) && ( C"j, == CH_M_L110)
GP iH = GPiH X 102_10X(b1115aS)
1 _(bbias)
G =G"iLx1020" 15
flag(i)=1
If bbias < -10
If (C"i == CH_U_180 || C"j; == CH_T_000 ) && ( C*j, == CH_M_R110 )
GP iH = GPiH X 10_21_0X(b1115aS)
1 _(bbias)
G'iL =G iLx10720" 15
flag(i)=1
(6) gpatial elevation coefficient normalization
For each element i in S, if flag(i)==1
Py, =0
PiH =0

For each element i in S, if flag(i)==
For each element kin S°
If C*ji ==C"y
Py =Py + (GPiL)Z
Py =Py + (GPiH)Z
flag(i)==
For each element k in S°
If C7ji==C"y
GPy =GPy x \/P_I.L
GP iy =65 ¥ \/E
flag(i)==

(7) Elevation Post-Processing on spatial elevation filters

for.€ach element i in S

T 15 elevated (Tae alC o) > 20)
E?; =0 (no EQ)
(8) Update the ES, Geq by same process defined in FC5.4.1.6.5 as below :

For each element i in D*; do:
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if output channel with index D®; is a horizontal channel by definition (i.e. output channel label contains the label

‘M), and
if this output channel is now a height channel (elevation in range 0..60 degrees), and
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

P
- (’comp_n'ca- st (1l—n)

lTli
— Apply compensation gain to DMX gain: G% = G®% XGgomp
— Define new equalizer Ggq, with the index e, where Gé’g‘e
— Esi =€
— e=e+l
else if input channel with index S° is a horizontal channel (label contains ¥ M_’)

=h+(1- h)'GES,Ei

— h = min(elevation of randomized output channel, 35) /35
— Define new equalizer Ggq . with the index e,

where Gé’g’e = h-GEZ,er d-h)- GE;Ei
— Esi =€
— e=e+1

FC5.4.1.6.7.7 Merge general downmix rules and elevation rules
After the elevation rendering parameters are initialized, the vectors of S*, D°, G, G", and E” that ¢

elevation rendered height input channel shall be<merged with S, D, G, E, and Ggq that covers the rest
channels by

SP = [SP], DF = [Dp], 6P, = GPH], GP, = [GPL], EP = [EP]
s D G G E

S, D%, G®, and E® are also merged\with S, D, G, and E by

e P S N e A B

sr P’ Gl El

When no input channel is rendered by elevation rendering, the vectors of S°, D°, G" (or G7.), and H
identical with S%B%,'G®, and E® and also with S, D, G, and E,

FC5.4.1.6,8\Derivation of rules-based initialization downmix matrix:
Mpux(and Mpux, are derived by rearranging the temporary parameters from the mapping-ori

repfesentation (enumerated by mapping counter /) to a channel-oriented representation as defined i
follewing:

bvers
input

are

bnted
n the

Initialize Mpux and Mpwx2 as N, x N, zero matrixes for all STFT bins k.

out
For each i in S*do:

If (£°;= 0)

MID(MX,A,B = GPiL for A=DP?;, B=SP?;, for k& such that fpbzpbm(k)x fs/ 2 < 2800
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M[’)cMX,A,B = GP,:H fOF A =DP1', stpj, fOI" /( SUCh that 2800< fpb:pbm(k) X fS/ 2 < 10000
MSMX,A,B = GPL'L for A =DP?; B=S?;, for & such that fpb=pbm(k) X fs/ 2 > 10000
Else

MEyxap =GPy X GkEQ,E,-P for 4=DP;, B=S?;, for k such that fop-ppmu X fs/ 2 < 2800

For €

wher
the [
frequ
M DM

ZEros
spec

FC5.
Hand

In ca
deriv

Each

Mfyxap =GPy X GkEQ,EiP for A =DP?; B=SP, for k such that 2800< fyp=ppmp X fs/ 2 < 10000

Mz = GPi X G* gy pp for A=DP,, B=S7, for k such that fupmppmig X fo/ 2 > 10000
ach i in S°do:
If (5= 0)
MEyxoap =G5 forA=DS;, B=5S;, for0< k<K
Else

MII;MXZ,A,B :GiS -GEE™ for A= Dis. B= Sis, 0<k< K

EQ.E’

e fop is the normalized center frequency of processing band pb, specified in Table FC5.15, pbm defines
rocessing band to STFT frequency bin mapping as- specified in Table FC5.16, f; is the sampling
ENCy, Mfyxap and Mfyx, 4 5 denotes the matrix element in the Ath row and B th column of Mpuy and
». Note that after the rules-based initialization this matrix of downmix coefficients will contain columns of
, if unknown channels are present in the input format. Those columns are filled with downmix gains as
fied in FC5.4.1.6.9

1.1.6.9 VBAP-based downmix coefficients derivation
ling of unknown output formats:

se the output format is considered unknown, the downmix coefficients for all input channels shall be
bd as follows:

channel of the input setup is regarded as a static audio object at the position defined by the azimuth and

elevgtion angles associated with the input channel. For each input channel the mixing gains to all output

louds
shall
post-

The

peakers are calculated as VBAP panning gains g__,_,according to 8.4.3, where the same output format
be signaled to\the VBAP algorithm as to the format converter. The panning gain vectors g__, . shall be
brocessed according to FC5.4.1.6.10.

Jownmix matrix M:;Mx is finally derived by filling each matrix column with the post-processed panning

gain

eotor elements of the. r\nrrnepnnding ihpl it r-h:mnnly indnpnnr‘lnn’rly of the STET bhinindex k

Hand

ling of unknown input channels:

In case the input format contains unknown input channels, the downmix coefficients for these channels shall
be derived as follows:
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