ETS| TS 103 190-2 V1.3.1 (2025-07)

TECHNICAL SPECIFICATION

Digital Audio Compression (AC-4) Standard;
Part 2: Immersive and personalized audio

EBU




2 ETSI TS 103 190-2 V1.3.1 (2025-07)

Reference
RTS/JTC-110-2

Keywords

audio, broadcasting, codec, content, digital,
distribution

ETSI

650 Route des Lucioles
F-06921 Sophia Antipolis Cedex - FRANCE

Tel.: +334 9294 42 00 Fax: +33 4 93 65 47 16

Siret N° 348 623 562 00017 - APE 7112B
Association & but non lucratif enregistrée a la
Sous-Préfecture de Grasse (06) N° w061004871

Important notice

The present document can be downloaded from the
ETSI Search & Browse Standards application.

The present document may be made available in electronic versions and/or in print. The content of any electronic and/or
print versions of the present document shall not be modified without the prior written authorization of ETSI. In case of any
existing or perceived difference in contents between such versions and/or in print, the prevailing version of an ETSI
deliverable is the one made publicly available in PDF format on ETSI deliver repository.

Users should be aware that the present document may be revised or have its status changed,
this information is available in the Milestones listing.

If you find errors in the present document, please send your comments to
the relevant service listed under Committee Support Staff.

If you find a security vulnerability in the present document, please report it through our
Coordinated Vulnerability Disclosure (CVD) program.

Notice of disclaimer & limitation of liability

The information provided in the present deliverable is directed solely to professionals who have the appropriate degree of
experience to understand and interpret its content in accordance with generally accepted engineering or
other professional standard and applicable regulations.
No recommendation as to products and services or vendors is made or should be implied.

No representation or warranty is made that this deliverable is technically accurate or sufficient or conforms to any law
and/or governmental rule and/or regulation and further, no representation or warranty is made of merchantability or fithess
for any particular purpose or against infringement of intellectual property rights.

In no event shall ETSI be held liable for loss of profits or any other incidental or consequential damages.

Any software contained in this deliverable is provided "AS IS" with no warranties, express or implied, including but not
limited to, the warranties of merchantability, fithess for a particular purpose and non-infringement of intellectual property
rights and ETSI shall not be held liable in any event for any damages whatsoever (including, without limitation, damages

for loss of profits, business interruption, loss of information, or any other pecuniary loss) arising out of or related to the use
of or inability to use the software.

Copyright Notification

No part may be reproduced or utilized in any form or by any means, electronic or mechanical, including photocopying and
microfilm except as authorized by written permission of ETSI.
The content of the PDF version shall not be modified without the written authorization of ETSI.
The copyright and the foregoing restriction extend to reproduction in all media.

© ETSI 2025.

© European Broadcasting Union 2025.
All rights reserved.

ETSI


https://www.etsi.org/standards-search
http://www.etsi.org/deliver
https://portal.etsi.org/Services/editHelp/Standards-development/Tracking-a-draft/Status-codes
https://portal.etsi.org/People/Commitee-Support-Staff
https://www.etsi.org/standards/coordinated-vulnerability-disclosure

3 ETSI TS 103 190-2 V1.3.1 (2025-07)

Contents

Intellectual Property RIGNES.... ..ottt s e e nneene e 15
01 Yo (o OSSR 15
Modal VErDS EMINOIOQY.......ccveeeeiticiecte ettt e e s te e e besre e besbeeasesreeneetesteeneensesreensesneens 16
L1000 Tox o] o ISP 16
1 o0 o< TSP PSP 18
2 L= = 10 RSSO 19
21 NOIMALIVE FEFEIENCES ...ttt ettt et e et e et e et e e beeabesaeesaeesheesbeenseeaseesseeseesbeesteesbeesseensesnnennns 19
2.2 [INfOrMELIVE FEFEIENCES..... .ottt ettt b bt ae et e et et bt bt e a e et e e e b sheebesneene e e enrees 19
3 Definition of terms, symbols, abbreviations and CONVENLIONS...........ccccovrerirenereneseseeeeeee e 20
31 1= 10T STRUS PR 20
3.2 Y 1210 SRS 26
33 ADDIEVIBLIONS ...ttt ettt e st e et e e te s aee st e sbeesbeeabeeaeeebeeebe e beeabesatesaeesaeesaeesbeenbeenbeenteeneesteesreas 26
34 CONVENTIONS......c.tieteeiteeete ettt et e et et e et e e teebesaeesaeesaeesaeeseeateeaseesseebeesbeesbeesbeeseensesaeesaeesseenseenteentesssesneesteessnns 27
4 Decoding the AC-4 DItSEIEAM........ccuece ettt st e s b e e be s aeesaestesreeneenreereas 29
4.1 (T goo W 1ol BTSSP PR UR USSP 29
4.2 (01710 1= K=o [ o] o= (=SS 29
4.3 F0g100S 6 V== 1 o [ Lo TSP PRUSTORPP 31
4.4 PErSONAlIZEA AUIO. ...ttt e bbbt e bt et e s e et e e e b sheebesaeene e e e e e 32
45 F @ o) = A= TSSOSO 33
451 BiLSITEAIM SITUCTUI ...ttt ek et e b ettt s et bt sb e eb s heese e e e sb e st e sbeebe e e enteneea 33
4.5.2 Dala HEPENUENCIES ...ttt bbbt bbb et b e s e et b e s e e st b e s e e st ebene et eb e s b et eb et 35
453 = 0 S (= - SRR 36
4.6 Decoder COMPELTIDINTITIES. ..ottt eae e 37
4.7 DECOMING MOOES........ccteeeieetest ettt ettt b et b et eb s e e bt e e e eb b e e eh e b e e e bt bt s e bt eb e s ebe b e s e st bt e e nenb e s e enenns 37
47.1 INEFOTUCTION. ...ttt ettt et e e et e s te e sbe e s beebeeaseeaseeaeeebeaebeenbeessesbeesbaesbaeteensesnsesnnesans 37
4.7.2 FUIL dECOOING MOTE ...ttt bttt b et b e et b et b e bbb 37
4.7.3 (@e =X (= oo o [ oo [ 12700 (= 38
4.8 1= oo o [0 o] 0o =S 38
481 OVEIVIEW ..ttt ettt sttt be s e et e bese e st et e st e se et e s e em e eb e s e emeeb e s b e st ebenEen e e b e sE et e b e sb e e et e sbe e ebesbeneebenbenenrens 38
482 SElECHING @ PrESENLALION .......ecveeieeeee et e e st et e s teeste s e e sseesaeeseenseesaeesaesseessensseeseeneeenes 39
4.8.3 (DT to o [T I B 1S = 1 40
4831 T 0o o (8 o 1ol o DTSRRI 40
4832 [dentification Of SUDSITEAM tYPES ......couirieieie e e 41
4.8.3.3 SUDSLIEAM AECOUING OVEIVIEW ......eviiieictiitiieie ettt bbb eb b 42
4834 Decoding Of OhjECE PrOPEITIES .......cuiueiieiet ettt ettt b e et b e et b e et sa e eb e b nnenea 43
48341 INEFOAUCTION ...ttt e et s e e s e e saeesaeeebeeabeeabeeatesaeesba e beesbeenseensesnneenns 43
4.8.34.2 Object audio MEtadata |OCELION .........ccivirieiriieiri bbb 43
4835 0TS o I 0] 0110 LTSS 44
4.8.3.6 Stereo and Multichannel Processing (SIMP).......coeee et nnees 45
4.8.3.7 Inverse Modified Discrete Cosine Transformation (IMDCT).....cccvvecveiene e see e 45
4838 SIMPIE COUPIING (SCPL) ..ttt ettt ettt et e e estesseesaeesaeenaeeneeenseennenneesseesrens 45
4.8.39 L@ LY =g 1 TSP 45
4.8.3.10 (007107207 |1 0o TS S 45
483.10.1 INEFOAUCTION ...ttt e b e et e st e sae e s ae e beeabeeabeeatesbeebaebe e beenseensesanesans 45
4.8.3.10.2 Channel audio SUDSEFEAIM.........ooeieie ettt st besaeene e e eneeneens 45
4.8.3.10.3 Channel audio substream with an immersive channel element ..o 45
4.8.3.104 ObjECt QUOIO SUDSIFEAIM ......cueciieieiete et bbb bt b e 46
48.3.11 S SRS SS 46
483111 TNEFOTUCTION ...ttt bbbt b e e bt b e e aeeh e et e e e b e sbenbesreene e e e e es 46
483.11.2 Core decoding mode with ASPX_SCPL COEC MOUE........ccceieeieereenieeseeie e see e e e saeenne e e 46
483.11.3 Full decoding mode with ASPX_SCPL COEC MOUE ........cceeveerieeiiesieeieeee e seeseee e e 47
4.83.12 Advanced joint channel COAING (A-JCC) ....viiiieiieeiie et e et ae e sreesreesneeseenneens 47
4.8.3.13 Advanced Joint Object CodiNG (A-JOC).......ccuiiieierieiiee e st esteeste e e e s e e tesaeseesaeesseesseeseensenns 48
483.14 Advanced COUPIING (A=CPL) ...oiiiiiieieeeeese et es e s s e st e e ae et e s e s reesseesteesteetesneesneesneesseenseensenns 48

ETSI



4 ETSI TS 103 190-2 V1.3.1 (2025-07)

4.8.3.15 DialOgUE ENNANCEMENT ..ottt bbb et eb e s e e e b se et eb e e ebesbe e ebesbenneneas 48
4.8.3.16 Direct dynamic range control bitstream gain appliCation............ocooeeierienennie e 49
4.8.3.17 Substream gain application for operation with associated audio............cceererrereininereeee 49
4.8.3.18 Substream gain application for operation with dialogue SUbStreams ...........ccceoevirieienineneeee e 50
4.8.3.19 SUDSLIEAM FENOEITING. ...ttt b bbbt bbb e b s bbb b nn e 50
484 Mixing Of decoded SUDBSITEAIMS ..........ciieii e e e ae st e e e e e teeneenneenes 51
4.85 L OUONESS COMTECTION ...ttt sttt ettt b bt a et e e sb e b ae e s e e e et e se e eb e s aeeheene e e es e e e e abesbesaesbe e e enneneea 51
4851 FNEFOOUCTION ...t e b e e b a et e e s et bt bt eh e e ae e s et e st e e e b e seeebesaeebe e e e e es 51
4.85.2 [DIF: aTolg g gl LoToxz i o] o U USRS O TP URPRPRRSPPN 51
4.85.3 DoWNMIX [OUANESS COMTECTION. ......eiveieeiieieseeste sttt sb et e e b bt sbe e e e e 52
4854 Alternative presentation |oUdNESS COMECTION .........oieiririeirieree et 52
4855 Real-time |oudNESS COMTECLION TALA.........eiieieeeeeeieeeee ettt eeneeneen 52
4.8.6 DYNAMIC FANGE COMLIOL......eeeiiiite ittt ettt b e et b et b e et b e e et bt e b b 53
4.8.7 QM SYNENESIS......cceeeeete ettt b e et b e e a b s e st b e se st b e seea e e bt sb et eb e s b e e ebesbeneebenbeneenen 53
4.8.8 SAMPIE FELE COMVEISION ...ttt ettt ettt ettt s bt eb e s b e e eb e sb e e ebesb e e e b e sbeneebesbene ek e sbe e ebesbe e ebenbennenen 53
5 AlGOIITRMIC AELAIIS. ......ceiieeee et be s re e besbesre e st e besaeeneenneens 54
51 TR el o]0 Ter=\S | o 54
511 11 C0o (0o (o] o FOO USROS U PPTURURURPRRIN 54
5.1.2 Elementary stream multipleXing tO0] ...........oooiiiieiice et 54
5.1.3 Efficient high frame rat@ MOUE ..........oceeieeceee e ettt teeteeneeneeenes 56
52 Stereo and Multichannel Processing (SMP) for immersive audio...........cooveerereieneneeseese e 58
521 11 0o 1 o) o P SRRS 58
5.2.2 1= = ot 58
5221 FIOULS. .. et e a e e e a e e h e R n e e e e e sre e neene s 58
5222 1O 0 11011 | £ TP T TS O O R PO PP PRPR PRSP 59
5223 L0001 o K= TP PO PP PRPRURRRSUPPIN 59
523 Processing the immersive_channel_element ... e 59
5231 FNEFOOUCTION ...t e b e e b a et e e s et bt bt eh e e ae e s et e st e e e b e seeebesaeebe e e e e es 59
5.2.3.2 immersive_codec_mode € { SCPL, ASPX_SCPL, ASPX_ACPL_1} ..o 59
5.2.3.3 immersive_codeC_mMOde = ASPX _ACPL_2 ...ttt st ettt aen 61
5234 immersive_codeC_ MOde = ASPX _AJCC..... .ottt se et sne s e eneeeens 61
524 Processingthe 22 2 channel_Element ..o s 62
53 SIMPIE COUPIING (STCPL) ...ttt b e et b et b e bt b e et e b e et b e et eb e n e 63
531 1 0o 1 ') o P RRSRS 63
5.3.2 1= = oL RPN 63
5321 FOULS. ..t h e e e R a e e e e e re e n e nens 63
5322 (O 0 11 018 | £SO S SO TP URURPRRRSSIN 63
533 Reconstruction of the OULPUL ChaNNEIS...........coi it 63
5331 LU0 (oo o [ o TS 63
5.3.3.2 (o1 0 (= oo o [ o [T 64
54 Advanced Spectral extension (A-SPX) poStproCessing t00]..........ccvevieeiiiieiieseese e see e 65
54.1 11 d0e (0o (o] o FOO TS PRSP URTURURPSRIN 65
54.2 1= = ot 65
5421 FIOULS. ..t h e e h e a e e e e e re e neene s 65
5422 1O 0 11011 | £ TP TP P RO P PSPPSRSO 65
54.3 PIOCESSING ..ttt bbb e h b e bt b e R R e R h e e R R e R bR Rt R et b et b n e 65
55 Advanced coupling (A-CPL) fOr immersive aUAIO ..........coveeriiiienieieereeteseeet s 66
551 1 0o (0o (o] o FEO TSRO UTUTPRURTURURPRRIN 66
5.5.2 Processing the immersive_channel_element ..o e 66
5.6 Advanced Joint Channel CodiNg (A-JCC) .....ccueiieieeieeesieeseeseeste e ee s et e st e e etesaesreesreesseeseenaeeseesneesseesrens 68
56.1 [ 0o [0 (o] o FEO TSP S O PPURTURURPSRIN 68
56.2 110 = oL S YO PRURURURPRRRIN 68
56.21 8]0 11 S TSRS 68
56.22 1O 0 11011 | £ TP TP P RO P PSPPSRSO 68
5.6.2.3 L0011 o K= 68
56.3 PIOCESSING ...ttt bbbt e h b e bt h e e Rt R e R h e e R R e Rt bR Rt b e et b e et b s 69
5631 Parameter band to QM F subband Mapping........c.eeeereere e 69
56.32 Differential decoding and deqUaNtiZatiON ............ooeerereererieere e er e 69
56.3.3 Fa1C= g oTo = o] o T OSSPSR P TSRV PT SRR 70
56.34 Decorrelator and tranSieNt AUCKES ...........ooiiiieieeieieie s sb e neen 71
5.6.35 Reconstruction of the QULPUL ChaNNEIS ...........ooiireee e 72

ETSI



5 ETSI TS 103 190-2 V1.3.1 (2025-07)

56.35.1 INPUL CHANNELS. ...ttt b e et b e et eb e e e e b sb e e b e nnenneneas 72
56.35.2 A-JCC fUll dECOTING MOUTE.........eiuieeiiitiriieete ettt b et b e s b e b e a e b sreneeneas 72
5.6.35.3 A-JCC COre deCOdiNG MOGE.......c..eeetirieietertee ettt ettt b e et b e e b e et b e e e b sreneeneas 77
5.7 Advanced Joint Object COAING (A-JOC) .....c.eiirieirierieierie ettt sttt sttt eb e e be et b e sbesee e ebesreneeneas 80
57.1 11 0o 1 ') o USRS 80
572 11 = oS T PP S PO PTURURURPRTIN 80
5.7.2.1 1 0B L o= o 7= o o S 80
5722 8]0 11 S RSP SRTPPS 80
5723 L@ 1110 | TSR 81
5724 L0000 11 o K= TR ST O U PTURURURRSUPPN 81
573 PIOCESSING ..ottt b et b e e h b e bt b e R h e e R E e e Rt R e R bR Rt bRt bRt nbe e 81
5731 Parameter band to QM F subband Mapping........c.eeeereiierieeereeeie e 81
5732 Differential dECOMING .......c.eiirieirieieteie ettt b e et b e e b e et ebesaene b e sbeneenea 82
5733 (D<o (U= 4= 1 o] o IO PSPPSR PPTOSRURPTN 83
5734 Parameter time iNLEMPOIELION .........civeeirireeiiete ettt b e e b et b e b ebesreneenen 87
5.7.35 Decorrelator and tranSieNt AUCKES ...........ooiiiieieeieee ettt e seesre e eneeneens 88
5.7.3.6 Signal recoNSLrUCtioN USING MELIICES. ......ecvieeeieeesteesteeieeeesteestee e etesseesseeseeesseeaesseesseesseeseessessensseessns 88
5.7.36.1 L 0T00=-S o 88
5.7.36.2 DeCOrrelalion INPUL MEETTX ... .cieeieeieeeeseeseesteeeeesreeseesteesteseeseesaeesaeeseensesseessaesseessennsessesneesnes 91
5.8 Dialogue enhancement for iMmMErSiVE @UAIO ...........ccvieieiieiieie ettt ae e s 92
581 1 0o (0o (o] o FEO TSRO UTUTPRURTURURPRRIN 92
5.8.2 (0700 oo P 92
5821 Dialogue enhancement for core decoding of A-JCC coded 9.X.4 CONtENE...........oreerereeenereesierienens 92
5.8.2.2 Dialogue enhancement for core decoding of parametric A-CPL coded 9.X.4 content ...........cccevereenene 95
5823 Dialogue enhancement for full decoding of A-JOC coded CONENt.........ccovrveererieienerieiee e 96
5824 Dialogue enhancement for core decoding of A-JOC coded CONLEN .........ccoereeerereererieene e 96
5.8.25 Dialogue enhancement for non A-JOC coded object audio CONLENE...........ccovveerereiene e 97
59 Object audio MELAdAIA TIMING........cciiieiee et b et eb et b e et eb e ne e 98
591 11 C0o (0o (o] o FOO USROS U PPTURURURPRRIN 98
5.9.2 Synchronization Of ODJECE PrOPEITIES ......cc.eece et teeee e enes 98
5.10 L 210 1 o SR 100
5.10.1 L1100 (0o (oo FEO TP UR USSP 100
5.10.2 Channel BUAIO FENAEIEY ..ot b et h et e et se e b e s bt ebe e e e b e sbesbesbe e e ennennen 100
5.10.2.1 g1 0o 1 o o RS 100
5.10.2.2 GeNEral FENAEITNG MEEITX ....e.eeverteeetertereetest ettt sttt sttt b bt eb et e bt sb e e b e sbeseeb e b e e ebesbeneenenneneeneas 102
5.10.2.3 Panning of @ Stere0 OF MONO SIGNAL ......coueiueiiirieeete e ettt b e et b e 102
5.10.24 Substream downmix or upmiX for full deCOdING.........ccuririeirireii e 103
5.10.2.5 Matrix coefficients for channel-based renderer for full decoding.........cccovereeinenrineneisereee 104
5.10.2.6 Substream downmix or upmiX fOr COre deCOTING ........ervererreriirieeriereee et eenea 107
5.10.2.7 Matrix coefficients for channel-based renderer for core decoding.........cccovecveceenienieseccese e 107
5.10.3 Intermediate spatial fOrmat FeNUENTNG ........ccveieeiiece e rae e s e e saeenreeneens 108
51031 FNEFOOUCTION ...ttt e bbbt se e bbbt e e e e e b e e e e b e sb e sreebeeneene e e ennas 108
5.10.3.2 (0610177 011 T0] 0 = TSP U PP PRSP 108
5.10.3.3 INEEITACE ...t b bbbt b e et bR b e h et eh e e e b e R e b e e e e 109
5.10.3.3.1 ] 11 £SO 109
5.10.3.3.2 OULPULS ...ttt st r bt h e bt st e e R bt eh e b e et e e e se e s e reer e e Rt naeene e ene e 109
5.10.3.3.3 L0011 o] K= 109
51034 PIOCESSING ...ttt ettt b et b e e h b st he b s e e st b s e e s e eb e e e e Rt e R e sEeRe Rt e R e R e eb e s Rt bRt b e bt b b 109
511 ACCUrate frame rat CONLION .......uiie ettt sttt ene et e tesbesaeeaeeneeneeneeneas 110
6 BITSITBAM SYNEAX ....veeieeeeeeieeee ettt s e bt e st et e st e e et e st s bene et et n s 111
6.1 T gL g0To W 1T oo BTSSP P PRSP RPR PP 111
6.2 Y 1= s o= o N o= o) o S 112
6.2.1 A C-4 FTAME INTO.ce et b bttt e e bRtk e s bt b e e e et e besh e bt e ae e e e ennes 112
6.2.1.1 0 (o oS RPSPRPTN 112
6.2.12 ACA PreSENLATION_INFO ..ottt ettt et b e sttt bbb nneneene 113
6.2.1.3 aCA Presentation V1 N0 ..ottt 114
6.2.14 frame_rate fraCtioNS TNfO ........eiieeeee e 116
6.2.1.5 presentation_CONfig EXE INFO.....oii i et 116
6.2.1.6 Tz ST oS =T g o 0o T T o) (o TR 117
6.2.1.7 BCA SOI_SPECITIEN ..ttt bt b et b bt h bt h bt b et b b e ne b nneneas 117
6.2.1.8 acd SUDSream _iNfO_CREN .........cco i s sae e reens 118

ETSI



6.2.1.9
6.2.1.10
6.2.1.11
6.2.1.12
6.2.1.13
6.2.1.14
6.2.2
6.22.1
6.2.2.2
6.2.2.3
6.2.24
6.2.25
6.2.3
6.2.3.1
6.2.3.2
6.2.3.3
6.2.34
6.2.35
6.2.3.6
6.24
6.24.1
6.2.4.2
6.2.4.3
6.244
6.2.5
6.25.1
6.2.5.2
6.2.5.3
6.254
6.255
6.2.6
6.2.6.1
6.2.6.2
6.2.6.3
6.2.6.4
6.2.7
6.2.7.1
6.2.7.2
6.2.7.3
6.2.74
6.2.7.5
6.2.7.6
6.2.8
6.28.1
6.2.8.2
6.2.8.3
6.2.84
6.2.8.5
6.2.8.6
6.2.8.7
6.2.8.8
6.2.8.8a
6.2.8.9
6.2.8.9a
6.2.8.10
6.2.8.11
6.2.8.12
6.2.8.13
6.2.8.14
6.2.8.15
6.2.8.16
6.2.9

6 ETSI TS 103 190-2 V1.3.1 (2025-07)

o SN o == 0 (T 1 (o T o o 118
bed_dyn_0Dj_@SSIONIMENT ..ot et b e e 119
o To U oS = 0T 1o T o] o R 120
ac4d_presentation SUDSLIEAM INFO .......iiiiiie e 122
o7z 10 To RS T 01 =10 TN T 1o 122
aCh hsf_ext_SUDSITEAM INFO.......iiiiceiciecie et e e sneesreenneereens 122
AC-4 SUDSIIBAMS. ...ttt ettt eh et e e bt b e bt b e e e e b e se e e bt e bt e Rt e h e e e et e e e s e beebenbeeneenne e ennes 122
FNEFOOUCTION...c.e ettt e bbbt et bbbt e e e e et et e e et sheebesneenn e e ennas 122
o U 01 (== 0 OSSP 123
aCA Presentation_SUDSIIEAIM..........cccii i se st see e ste e e e st et e e e teeteenaesneesneesneenseensenns 123
o7z 10010 RS T 01 =10 o TR 125
2o AV = g Ter= o [ LY o= - WS 125
B To [0 ] - - TSP 126
= 0o o R = = o o= R 126
=00 o R F= 7= W o o 1< R 126
(o] o EST (o T @ 070 0= 1.0 o L= 126
= T0 o (1o i =1 = = oSSR 127
= TLo ol o [ 0 o (=T o= - TSP 128
oL o= [ T g1 (SR 128
ChANNE] BIEMENES.....ceeceeeee e bbbt h et e b se e e b e s bt es e e e e b e sbesaesbe e e ennennens 128
IMMersive_Channel _BleMENT...........ccoo et e e e 128
10T o 129
A A v g g0 B = 1= 1= o R 130
Var_ChanNEl_ElEMENL...... .ottt a e e e se e be st e seeseeeneeneeneennas 130
Advanced joint 0bjeCt COTING (A-JOC) .....curtiriiiriirieieiterieiert ettt sa bbb e ens 131
BJOC ettt ettt ettt ettt b e b e h b e oA e R R oA eh e R £eh e R e e eR e AR e £ eR e AR e e R e AR e AR eh e ARt AE ekt eE e e ebenR et eR e e Reneenenreneeneas 131
o L e Lo o g T o R 131
= Lo [og o - - OSSOSO PP SROPTPRSTUPPRRIN 132
=T a T =1 7= oo 1 o A o SRS 132
VLo o LU o 7= - PR 132
Advanced Joint Channel CodiNg (A-JCC) ....ccuuiiiieieiie e st este et e s e e e e e esseessaesreesreesseeseenseesenns 133
oo o= - S PS 133
ool = .11 o N o = = USSP 134
= o OO ST P TSP TP SRUPTPTSURPRON 134
Lo g1 1 e = = VRS 134
Y= o - R 135
001 =0 = - R 135
oTs S Tog 0= =0 - R 135
FUrhEr _TOUANESS INFO ...ttt st et et et saeene e e eneeneen 136
o= 10 (<o I 007 =T = e TSP 138
o= oo =0 7= 1= o 1 | S 139
Lo S 0 = e OSSP 139
Object Audio Metadata (OAMD) .......cieieirieiee ettt st st st st ae st ne b e sbe st e ens 140
o7z 1001 [ oo 001 0.010] 0 10 = = PR 140
o7z 10010 I (1 001 1o [ = - VS PS 141
08MA_AYNABEAL SINGIE....c.eieeeeiteeee ettt et e bt et eb e e e e b e b e s b e e ebesbenneneas 141
o7z o [ 01Y/ 0T =1 = 1 11 R 142
o] o= o1 Al T 1 (o T o] oo GRS 143
(o] o= ot Al o= T o | o R 144
(o] o= ot Al (=0 (= S o1 (TR 144
o= o N €= 070 (< S o1 (T 145
S = (= O T [0 G o0 1= i OSSP 146
L0 PSSP PTPRURRURRPON 146
12T | 0 0= 147
=T (o [ o= g o) o = A 12 S 147
Lo o= o 1 LTRSS 147
L o1 o= R oo L TSSO PRSP PUPRUPTPRPPRPRIN 148
L0070 I o T (o N =T o SRS 148
L0 0] I 1 o T (o N = P 148
L0070 I« 0 (o T =T o SR RRRRN 149
L0070 I« (o N = PSRRI 149
(=S = 01 o) = - P 150

ETSI



6.29.1
6.2.9.2
6.2.9.3
6.2.9.4
6.2.9.5
6.2.9.6
6.2.9.7
6.2.9.8
6.2.9.9
6.2.9.10
6.3
6.3.1
6.3.2
6.3.2.1
6.3.21.1
6.3.2.1.2
6.3.2.1.3
6.3.2.14
6.3.2.1.5
6.3.2.1.6
6.3.2.1.7
6.3.2.1.8
6.3.2.2
6.3.2.2.1
6.3.2.2.2
6.3.2.2.3
6.3.2.24
6.3.2.2.4a
6.3.2.2.5
6.3.2.2.6
6.3.2.2.7
6.3.2.2.8
6.3.2.3
6.3.23.1
6.3.24
6.3.24.1
6.3.24.2
6.3.25
6.3.25.1
6.3.2.5.2
6.3.2.5.3
6.3.25.4
6.3.2.5.5
6.3.2.5.6
6.3.2.6
6.3.2.6.1
6.3.2.7
6.3.2.7.1
6.3.2.7.2
6.3.2.7.3
6.3.2.7.4
6.3.2.7.5
6.3.2.7.6
6.3.2.8
6.3.28.1
6.3.2.8.2
6.3.2.8.3
6.3.2.84
6.3.2.85
6.3.2.8.6
6.3.2.8.7
6.3.2.9

7 ETSI TS 103 190-2 V1.3.1 (2025-07)

o T8 To [ o] ¢ R 150
(o0 o0 g 10 [ 0 Qo= - 151
COMX_DBIAIMELEN'S ...ttt ettt b et b e et b e et b e e et eb e s e e e eb e sa et eb e s b et ebesa et eb e s b e e eneebenneneas 152
L0070 IR o S (o o P RRRSRN 153
L0070 I o (o T o 2SS RRSSN 153
10 o) 2 (o 22 PSSR 153
100 I o = I USSR 153
10 0] (o = PSSR 154
(oo IR w220 o N T I PSSR 154
Lo I V22 o N - PSR 154
Description Of DItStream ElEMENTS.........c.oi ittt st b e e eb b e ene 155
1 0o 1 (') o SR 155
AC-4 Frame iNfOIMBLION .......eieiieeieee ettt et be ettt e e et e se et eseeseeeaeeneeneeneeneas 155
2o (o ol AN @2 B = o] L= o] 0 1= £ R 155
(oTL RSS2 0 T o o PR 155

o] oo [ TSRS 155

D frame _gIODaL..........oo ettt nteenaenraenaes 155

o o] (0o =10 ¢ o USSR 156
LS00 o T | >0 1N o L 156

D _Program _UUIA PrESENT.........ccuiiieeie et e e te e e e sreesreenseenteenseeneesraesseenneas 156

o] 0e 7= 4 U (1 o USSR 156
total _N_SUDSITEAM GIrOUPS.....cciueeieeiicieetie s tee sttt e sttt et te e e s e saeesreesneeaesneesneeseensenns 156
acd_presentation_v1_info - AC-4 presentation version 1 information ...........ccoecvvevennineneienieneens 156
D_SINGIE_SUDSIIEAIM GIOUD .. .veivieeiiiteieeieet ettt ettt st b e et b e nnene s 156
PrESENEALT ON_CONTIT .ttt bbbt b e et b e et b e s eb e b e b sbenrene s 156
IO _COIMIPEL ...tttk sttt ettt e et bt et b e bt b e b e e e bt e b e se e bt e b e seeb e eb e se e bt eb e se e st eb et eb e sb e e ebenbenreneas 157

D PreSENtEtioN T ..o et b e 157

1L < 012 (oo o USSP PTTRRO 157

Lo o1z g1 = o o T = USSR 157
D_eNalDIE PrESENLALION .....cveeieeee ettt eeraenraenneas 158

o 0 0210 oo USSR 158
N_SUDSLIEAM_grOUPS IMINUSZ .....ccuveieieiteesieesieesseesteeseessesseesseesseesseesseeseassesssssssessesssenssennsensenssesssens 158
presentation_version - presentation version information ...........ccocvveeveereececce s 158
o 1101 TSSOSO PSR RPPURPPRN 158
frame_rate fractions info - frame rate fraction information ............ocoeoeoeieiinnie e 158
D frame rate fraCtion .......o.eoeeeee et 158

b frame rate fraCtion IS 4.t 158
ac4d_substream_group_info - AC-4 substream group information...........c.ccoeeeeerereeneneeneseeenenens 158
D_SUDSITEAIMS PIESENT......c.eieeite ettt ettt bbbt bt e e b b nneneas 158
N_If_SUDSIIEAIMS MINUSZ .......veceieceie ettt ettt et e e e e e tesnae s e e sreesaeesseenteenseeneennaessaennens 158
oot 0= 1 oo o PSS 158
SUS VBT ..ttt ettt ettt et e etk skt s Rt e R e et R e £ R e e R e e R e R e SR e SR e AR e ARE e eRe e R e e R e eR e e nRe e e R e e Reenreene e s 159

D 0aMA_SUDSITEAIM ... ettt e st et enaesreenneas 159

o N o o USSR 159
acd sgi_specifier - AC-4 substream group information SPECITier.......ccooovvevieeveeve e, 159
[0 £o I8 o T o L= TSR PTORUPEPPTTRRO 159
ac4 substream_info_chan - AC-4 substream information for channel based substreams. .................. 159
11 0o 1 o PRSP 159
ChANNE]_MOME...... et sttt e ae et e et e seesbeeneene e e eneees 159

b 4 back ChanNElS PrESENT ..ottt neeneas 160

D CENIE PIESENL. ... .ottt b e et b et eb e e b nnene s 160
tOP_ChANNEIS PIESENL ......eeceeeceeeieee e e sre e sae e te e e eseeesaesre e seeteenseeneeenes 160

o =0 (o [ T o [ USSR 161
ac4 substream_info_ajoc - object type information for A-JOC coded substreams...........cccceevvenienns 161
(11100 0o 1ol WU OSSO PP PRORURTP 161

o T 1= SRRSO 161

[ = (T oo [0 PP RS 161
n_fullband_dmX_SignalS MINUSL.........cooiiieieee ettt see e eneeneeneas 161
b_0amd_COMMON_data PrESENT .......ooiieeeeeeeee ettt s a e e s e e eneas 161
n_fullband_UpmMiX_SIgNalS MINUSL........coceiieieiee et ene e eneas 162
bed_dyn_obj_assignment - bed and dynamic object assignment ...........cccovereininninieneincnees 162
AC-4 substream information for object based substreams using A-JOC.........ccooeerineneieneneieseeeene 162

ETSI



8 ETSI TS 103 190-2 V1.3.1 (2025-07)

6.3.2.10 ac4_substream _info_obj - object type information for direct-coded substreams...........ccocceeveeeneenenne 162
6.3.2.10.1 11 0o 1 o P RRR 162
6.3.2.10.2 (T o= ot £ oo (= PR 162
6.3.2.10.3 b_dynamic_objectsand b_dyn 0ObJECLS ONlY ........ccoiiiiiiiriiiree e 162
6.3.2.104 o T (=SSP 162
6.3.2.10.5 L] 07 o [ o] = o SRS SRPRN 162
6.3.2.10.6 Lo 07 o [ = SRR PSRPRN 162
6.3.2.10.7 TS - OSSPSR 163
6.3.2.10.8 Interpreting object POSItiON PrOPEITIES. ......ccueiieiieie et eree e e e sae e e e e sreenreeeeens 163
6.3.2.10.9 (=530 07 1= SO 166
6.3.2.10.10 (5SS AT o [0 = - SRS 166
6.3.2.11 ac4d_presentation_substream info - presentation substream information.............cccccevovvvienieienenne 166
6.3.2.11.1 D AIEEIMNBLIVE ...t ettt ettt re e et et et es 166
6.3.2.11.2 D IFES NAOL ...t bbb e 166
6.3.2.12 oamd_substream_info - object audio metadata substream information .............ccocovoeveeeeieieneneeene 166
6.3.2.12.1 o0 =27 I 0 (o PR 166
6.3.3 AC-4 SUDSIIBAMS. ...ttt ettt h et b et b bt e bt b et e b e ee e e b e e bt e Rt e he e e et e e e s e beebeebe et enne e enran 167
6.3.3.1 acd _presentation_substream - AC-4 presentation SUDSLIEaM..........cccecuveeieeeeieseesee e 167
6.3.3.1.1 Lo T2 ST 0] -5 | PR 167
6.3.3.1.2 Lo T =0T |4 ST 167
6.3.3.1.3 =T 0T T 0 USRS 167
6.3.3.1.4 PrESENLALION_ NAITIE. ... .ecueeeteesteesteeeeteseeseeseeesseesteeseesseaseesseeseesteentesnsesseesseesseenseenseansenssessenssenssnns 167
6.3.3.15 T2 0 = S0 11 1 P RS 167
6.3.3.1.6 TAIGEE TOVEL .. bbb bbb 167
6.3.3.1.7 tArget_dEVICE CAIEGONY[] . .eevereeeereriereetirtere ettt ettt sttt sttt bbbt b ettt b e 167
6.3.3.1.8 L0 (o = a =0 o o 1 RS 167
6.3.3.1.9 b duCKiNg_depth PrESENt......c.oiieeee bbb e 168
6.3.3.1.10 MAX_AUCKING_AEDEN ...ttt s seene s 168
6.3.3.1.11 o [0 o [ oo g g = ' <. TS S 168
6.3.3.1.12 Lo T8 T o gl = (o 1= S USSR 168
6.3.3.1.13 N_SUDSLIEAMS 1N PrESENLAiON.....c.viiieiee e see st este e ee s e steesae e ae e e sseesre e re e b e eseesraesreenneas 168
6.3.3.1.14 D BCEIVE .ttt bt b e et b ettt st st beebeneeneas 168
6.3.3.1.15 Lo = ez B < 0[RS 168
6.3.3.1.16 (o J0F= e (o 1 o] g = o = v PR 168
6.3.3.1.17 add_data DYtES MINUSL........coeiiie ettt st e e e bt esneene e e eneees 168
6.3.3.1.17a aalagT= ES AV 0 o o T g [T o RS 168
6.3.3.1.17b b 0amd_COMMON_TIMING ....cceiieiie et ettt e sae b e neeneeneeneas 169
6.3.3.1.17c b advanced_de data PreSENt ...ttt ne s 169
6.3.3.1.17d advanced _de COMPr_tC BEACK.........oiiiiierieiee ettt st ne e e 169
6.3.3.1.17e EETo\VETalorco o R oo g0l o) g (ol = == = 169
6.3.3.1.17f F=To\VETalorco o Lc oo 0o g 1o T 169
6.3.3.1.17g advanced _de COMPr_threSh ..ot 169
6.3.3.1.17h E=To\VE=Talorco I (oo 0o o = o O 169
6.3.3.1.18 =T (o o = - TS 169
6.3.3.1.19 drc_metadala SIZE& VAIUB.........coceece ettt et e st e st e e teeteeneenneenes 169
6.3.3.1.20 o 1070 ST o1 SRS 170
6.3.3.1.21 (oL o 1 =0 TSP 170
6.3.3.1.22 b_substream group_gaiNg PrESEN........ccoiiieiiireere ettt sb e s besre e ene s 170
6.3.3.1.23 o TG o TP TSSO 170
6.3.3.1.24 S o 0 7= 11 IO SO P PP 170
6.3.3.1.25 (=SS 0 W T =0 PR 170
6.3.3.1.26 o= S 0T = (= KT 0 110 (o USSR 170
6.3.3.1.27 1=ST o 1 1110 [ USSR 170
6.3.3.1.28 [10=ST o a1 010 [ o =SS 171
6.3.3.1.29 b _pres 4 back ChannElS PrESENt........cuc e ieeie et r e ennees 172
6.3.3.1.29a D PreS CONtIE PrESENE ....ccuei ettt et e sreesteeaeeneeenseenaeenaesnaesneas 172
6.3.3.1.30 Pres tOP_ChaNNE]_PAITS ..ottt ettt b e s b e bbb e 172
6.3.3.1.31 Lo oS3 = ST 1= TS 173
6.3.3.2 o7z 10010 RS T 101 =10 o R 173
6.3.3.2.1 11 0o 1 o PRSP 173
6.3.3.2.2 b_0amd_COMMON_data PrESENT .......ooiieeieeieeee ettt sae e e s eeneas 173
6.3.3.2.3 D 0aMA_LIMING_PrESENL .....c.eeeiiteieeeete ettt ettt b e e b e e e b b neeneas 173

ETSI



6.34
6.34.1
6.3.4.2
6.3.4.3
6.3.4.4
6.3.4.5
6.3.4.6
6.3.4.7
6.3.5
6.351
6.3.5.2
6.3.5.3
6.3.54
6.3.5.5
6.3.5.6
6.3.6
6.3.6.1
6.3.6.1.1
6.3.6.2
6.3.6.2.1
6.3.6.2.2
6.3.6.2.3
6.3.6.2.4
6.3.6.2.5
6.3.6.2.6
6.3.6.2.7
6.3.6.3
6.3.6.3.1
6.3.6.4
6.3.64.1
6.3.6.4.2
6.3.6.4.3
6.3.6.5
6.3.6.5.1
6.3.6.5.2
6.3.6.6
6.3.6.6.1
6.3.6.6.2
6.3.6.6.3
6.3.6.6.4
6.3.6.7
6.3.6.7.1
6.3.6.7.2
6.3.7
6.3.7.1
6.3.7.1.1
6.3.7.1.2
6.3.7.1.3
6.3.7.14
6.3.7.1.5
6.3.7.1.6
6.3.7.1.7
6.3.7.2
6.3.7.2.1
6.3.7.2.2
6.3.7.2.3
6.3.7.3
6.3.7.3.1
6.3.7.3.2
6.3.8
6.3.8.1
6.3.8.1.1

9 ETSI TS 103 190-2 V1.3.1 (2025-07)

B To [0 ] - - TSP 173
D SOME _SIGNAIS INBCHIVE. ... .ottt sae st e e e ene e e eneees 173
dmx_active_SIgnalS MASK]] .....coveeeuiriieieieeete et 173
o0 [0 TG {1 a1 oo 173
o000 I C= TS o T o= = o U 173
S 2] o T - S PS 173
o 0 0 G 11 01T 173
b_derive timing_frOmM AMX.......ccco i et e e e ne e 174

ChANNE] BIEMENES......ceeceeeee et bbbt e et sh e bt s bt ese e e e sbesbeseesbe e e eneennens 174
IMMErsiVe_COUEC MOUE COUR ... ...c.ueiieieie e sieesteesteete et eete s e e e e teesteeeesaeesseesreesse e teenteeneesnseeneeanes 174
oo f R v 0= 0= I ol o1 o R 174
COPE _BCN_GIOUDING. . vveeveeeueeteseeseete sttt sttt e et et se e e et sa e e ebese e e et e se e e et e se e e eb e sb e e ebesbe e et e nbeneeneabeneeneas 174
WA R v o o (= o 110 [ XS 174
(V2= o0 Lo (= ol 1 410 L= P SRS 175
VAI_COOING_CONTIQ: .ttt ettt b et b et b e e b e e e bbb s bbb se b b ens 175

Advanced Joint Object COAING (A-JOC) .....coiriiriirieiriirieeriere ettt e et sb e ae e ens 175
oo USSP 175

=T o L0 0 1o = 175
Voo o) 1o S PS 175
= TTo T (<ot g == o] 1= o | 175
= TTolo o) o = ot Al o === 4o 175
=TT ol L0 g 1 =0 S oo o = o 175
BJOC_QUANT_SEIECT ...ttt b bbbt et b bbb bt e 175
BJOC_SPAISE SEIECE ...ttt bbbt h b e bbbt e 176
ajoc_mix_mtx_dry present[O][Ch] .......ccoireirireireree s 176
ajoC_MiX_MtX_Wet_ PreSent[O][d]......ceerrireeririeiriereeiet et 176
= Lo oo - - OO ST P TP SRUPTPTSTUPPRRON 176
= oL o T oo | R 176
=T a T =1 7= oo 1 o A o SRS 176
=T o LW 0 1o | oo 1] LS 176
T o = A o]0 = T 176
= Lol = .10 K= I 11 LU 176
VLo o LU o = - TSP 177
T Y P et bbb e bbb R bbbttt n e et 177
BJOC _NOW ..ottt b bt bR b et h et R e bbbt e e 177
=TT o Lol e (g4 o (ST = - T 177
oo [0 DTG o[ o o SRS 177
D Keep dMX_de COBFTS.. .o et 177
(o (SR 7= T I o | o 1 = 177
(o (ST | Ko T e 14 G ol 1 e D 178
oL o= N T g1 (S PS 178
b_obj_without_bed iNfO_PrESENt ........cecceee et sra e esrees 178
num_obj_with_bed render_iNfo.........ccueieiice e 178

Advanced Joint Channel CodiNg (A-JCC) ....ccuiiiiieieiie e st erte et e e s e e e tesseesraesreesreesseeseenseenseens 178

oo o= - OSSP 178
o 0T | PRSP 178
CC_NUM_Param bandS 0 .......eeeeieeie e e e 179
Lo o = 110 = 179
Lo ol o 0 0 OO P TP 179
2 Lo ol o .0 < IO TSSOSO 179
Lo ol o 0 = TR OO RURSPEOPTTRROO 179
oo o 4 T o 1 180

ool = 1.1 o N o = e O PS 180
Lo ol g 10 o =10 1N 1Y/ L= 180
G CC_NUM_PAraMm_SELS COUE.......ueiueeieeeiteesteesteeiteetesttestaesteesteesreesseesseaseenseeseesseesseesseesseensesnsesneennes 180
ool o= = T 0= o T 180

Lo g1 1 e = = VR 180
T Y P et bbb e bbb R bbbt bt b e e 180
BJCC_NOW ..ttt bbbtk btk bR R R R R e bRt b et b e e 180

Y=o = TSRS 181
basic_metadata - basic MELATALA. .........cccevirireee et 181

b_substream [OUANESS TNFO........ooiiiieee e 181

ETSI



10 ETSI TS 103 190-2 V1.3.1 (2025-07)

6.3.8.1.2 SUDSLIEAM [OUANESS DTS .. .eeiieiceieeee ettt st s neenee e 181
6.3.8.1.3 b_further_substream _[0UdNESS INFO.......coiiiiieee s 181
6.3.8.1.4 (o= g Lo o ¢ T o S 181
6.3.8.1.5 (o] fo T 02 Voo I o o cH RS 181
6.3.8.1.6 o [ DG [ T8 To I o7 SRS 181
6.3.8.2 further_loudness_info - additional loudness informMation............ccccvveereeieese s 181
6.3.8.2.1 o 111 oo oo USSR 181
6.3.8.2.2 1 oo 0 o T USSR 182
6.3.8.3 dialog_enhancement - dialogue enhanCeMENL............coceeieeieere et sreenne e e 182
6.3.8.3.1 D B SIMUICASE ...ttt ettt se et st e et e st e seebeneeneas 182
6.3.84 Channel Mode QUENY FUNCLIONS.........ooiiiriiieerieret ettt b e seeneas 182
6.3.84.1 channel_mode_contaiNs Lfe() ...couerereieiieeeee e e e 182
6.3.84.2 (ot g Pl o 1< I 0 0To T (R oo g = 11 S of (S 182
6.3.8.4.3 channel_mode_CONtAINS 1) ...eoeeieieie e e e e 182
6.3.84.4 channel_mode_contaiNs LSRS().....coveieieiirieeeereese st 182
6.3.84.5 channel_mode_contaiNs LBRD() .......coiiiiiiiieee e e 183
6.3.8.4.6 channel_mode_contaiNngS LWRW() ..ccuviiiiiierieieeiecie et sttt ettt ettt s 183
6.3.8.4.7 channel_mode_contains THITII() ..c.eocveiiieieeeese e 183
6.3.85 7= IS Lo g TR = = ok o] 183
6.3.9 Object audio metadata (OAMD)......cui et e e e e sreeste et e enreeneeenaesreesneas 184
6.3.9.1 FNEFOOUCTION...c.e ettt e bbbt et bbbt e e e e et et e e et sheebesneenn e e ennas 184
6.3.9.2 oamd_common_data - OAMD COMMON AALA...........c.cceereereeiee e cee e e e e se e e e sreenaeeeeens 184
6.3.9.2.1 11 0o 1 o o PSR 184
6.3.9.2.2 b_default SCreen SIZE a0 ...oceeoieeee ettt st ne e 184
6.3.9.2.3 MASLEr _SCrEEN _SIZE T COUR ... .iviieiiieiieiieie ettt ettt seeeae e eneeneeneas 184
6.3.9.24 b _bed object_chan_distriDULE. ..........cooiiieeee e 184
6.3.9.3 o7z aTo [ (1 aaTHgo [0 C=1 - VR 184
6.3.9.3.1 11 0o 1 o PRSP 184
6.3.9.3.2 L2 1010 L= o = 184
6.3.9.3.3 Lo s 0 LT o= R Y/ L= 185
6.3.9.34 02 _SAMPIE_OFffSEL_COUE ......eeeieeie ettt e st e e s re et e e eeeneeenes 185
6.3.9.35 (0T R 001 LT o = 185
6.3.9.3.6 NUM_OD] _INFO_BIOCKS.....ccii ettt eraesraesneas 185
6.3.9.3.7 o] oo Qo)1 £ = = i (o (SRS 185
6.3.9.3.8 =100 oo (0= 1] NPT U STURPUSTPRTPPURPRRN 185
6.3.9.39 (=100 o o (8= o] T oo o L= T RS 185
6.3.9.3.10 (oS S =100 o T =0 =SS S 186
6.3.9.3.11 (=100 oI e [T o] T = 'o PRSR 186
6.3.94 08MA_AYNABEAL SINGIE....c.eieeeiitereee ettt et b e et b e et eb e s e et ene b e b e e ebesrenneneas 186
6.3.94.1 (11100 (0o 1ol o WU PP PRORURP 186
6.3.9.4.2 b dUCKING_dISBDIEA.......c.iieieeiice ettt ene s 186
6.3.9.4.3 (o] o = ot i =To 0 To [ o= =" (o V0SS 186
6.3.9.4.4 T A = = T = SRS 186
6.3.9.4.5 LT = o TSP 186
6.3.9.4.6 o o] 0107 ] 1o = - USSR 187
6.3.94.7 o J0R= L o = 1 PR 187
6.3.9.4.8 BT QAN .ttt bbb R bR bRt R R R e st bbb e e ens 187
6.3.9.4.9 B AIT POSITION ...ttt bbb e b e e b et b e e e e ene s 187
6.3.9.4.10 o101 OSSR 187
6.3.9.4.11 L 10 (U S 187
6.3.9.4.12 2 L o [o LS A= o o OSSP P TP 187
6.3.9.4.13 o L 001 D PSR 187
6.3.95 o= .01 0 1Y/ 070 F= r= N 001 1 PR 188
6.3.9.6 o o[ 1 ) TN oo <SSP 188
6.3.9.6.1 (11100 0o 1ol WU OSSO PP PRORURTP 188
6.3.9.6.2 Lo 0] o= o Al o A= ot (= USSR 188
6.3.9.6.3 (o] o = ot Al o= = Lo T 1 {0 T (S 188
6.3.9.6.4 (o o= S To T (o T =T SRS 188
6.3.9.6.5 ODJECE_reNder_INFO_SEALUS........eieeie ettt e b et ee et eae e e et e 188
6.3.9.6.6 D reNder_INfO FBUSE ... .ottt ettt e et e b seesbeeneenee e eneas 189
6.3.9.6.7 b render info_Partial FEUSE.......coiii ittt 189
6.3.9.6.8 (o= o o I = o L= o = - PR S 189

ETSI



11 ETSI TS 103 190-2 V1.3.1 (2025-07)

6.3.9.6.9 add_table data SIZ€ MINUSL.......cccoiiiiie ettt e e et eae e eneeee 189
6.3.9.6.10 =T (o [ o =T o= - VR 189
6.3.9.7 o] o 7= S Lo 1 (o RS 189
6.3.9.7.1 11 0o 1 o PSSR 189
6.3.9.7.2 b_default_ basic INfO MO .......oouiieeee e e 189
6.3.9.7.3 o= Lol T o1 (o T .01 USSR 189
6.3.9.7.4 (o] o = ot o 7= 11 T oo 1o /= 190
6.3.9.7.5 (o] o = ot o = 11 4 TR = 1 L= 190
6.3.9.7.6 (o] o = ot A o o 1 2 oo Lo = 190
6.3.9.8 o o IR (= 110 U= 1 01 o PR 190
6.3.98.1 11 0o 1 o PRSP 190
6.3.9.8.2 o] o T (=010 (= N 01 o T 207 190
6.3.9.8.3 D diff_POS COUIMNG ... vttt bbbt et b e e eb e e b b neene s 191
6.3.9.84 ROOM-ANCNOTEA POSITION. ...ttt ettt b e et b e et er e b srenneneas 191
6.3.9.85 b_grouped ZONE dEfAUILS..........coi et 193
6.3.9.8.6 GrOUP_ZONE FIAG ...ttt bbb bbb e 193
6.3.9.8.7 0] = 0 7= = 193
6.3.9.8.8 o= 0T o LR = =V = o o USSR 193
6.3.9.89 o 0] o = A 7= USSR 193
6.3.9.8.10 b _grouped Other defaUILS........c.ccouiiieiie e ae e sneas 194
6.3.9.8.11 Lo o1 oI 011 g 17> 194
6.3.9.8.12 (o] o =t LY o 11 T .07 o [ 194
6.3.9.8.13 (o] o = o1 AT Lo 11 T oo o[- S 194
6.3.9.8.14 (o] o = ot AT Lo 11 T G o o[- P 194
6.3.9.8.15 (o] o = ot AT Lo 11 T A oo o[- T 194
6.3.9.8.16 (o] o = ot AT Lo L1 g T o o L= R 194
6.3.9.8.17 (o e[S oS e = g I = ot (o) S ot Lo [ 195
6.3.9.8.18 OB ECE_AEPEN_ FACION ...ttt 195
6.3.9.8.19 oo o T ST 10T/ PRSRPN 195
6.3.9.8.20 (o] o] = ot o (1= =g Tor T = ox (o g oo o = 195
6.3.9.8.21 (o] o =t o 1R .27 o [ 195
6.3.9.8.22 O] ECE_AIV_LBIIE ...ttt enen 196
6.3.9.8.23 (o] o =t o 1R o [ 196
6.3.9.9 o= o N (=070 (< S o1 (T 197
6.3.99.1 11 0o 1 o PRSP 197
6.3.9.9.2 (o o= 0 I £=:070 L= T ) o TSRS 197
6.3.9.9.3 (oS (S L= o T o [0 G oo 1= 1 PR 198
6.3.9.94 (oo ootz = o= 0| RS 198
6.3.9.9.5 Bed render information gain preSenCe flags .......ooeveireeie e 198
6.3.9.9.6 Bed render information channel presenCe flags.......ccovvviereeriecie e 198
6.3.9.9.7 (0T T I (o T o ¢ L= U 198
6.3.9.9.8 (o= T g I o 7 (o T ¢ Y2 oo Vo [ 199
6.3.9.9.9 (o= T I 1 o T (0T (T L= 199
6.3.9.10 110 TSR 200
6.3.9.10.1 o €T T (== | USSR 200
6.3.9.10.2 LTz T 1166 [OOSR PSSR 200
6.3.9.10.3 ool oI £ T 4 T 1070 o (= 200
6.3.9.104 NUM_TRIM_CONFIGS......ciiiiieee ettt sttt st se e e se e besaesbesneeseeneeeeneeneeneas 200
6.3.9.10.5 o0 == | 10 PR 200
6.3.9.10.6 o0 11! o) L= o SRS 200
6.3.9.10.7 trimM_DalanCe _PrESENCE] ..o bbb 200
6.3.9.10.8 LT o= 11 USSR 201
6.3.9.10.9 L0 TS0 T 0T o 201
6.3.9.10.10 10T T 0= T o RSP SRRS 202
6.3.9.10.11 DAIBD_Y _SIgN_ID COUR......e ittt et st b et be e 202
6.3.9.10.12 DAIBD_Y _@MOUNE D .t 202
6.3.9.10.13 o7z TIC D I = To o T TSI o o L= 202
6.3.9.10.14 o721 C D I = 0. To 11 | =T O 202
6.3.9.10a NEACDPNONE ... bbbt b et b e bbb 203
6.3.9.10a1 D NEAAPNONE. ... . bbb 203
6.3.9.10a2 NP_OPEraLiON_IMOTE.......ceeitieieete ettt et b e ettt eb e b e b e b neeneas 203
6.3.9.10a.3 b head track diSahle @ll ........ooeoiiee e e 203

ETSI



12 ETSI TS 103 190-2 V1.3.1 (2025-07)

6.3.9.11 =T (o [ o= g o] o [ 0 1o 1SS P TP STUPTPRSTUPPTRON 203
6.3.9.11.1 D O] M diSADIE ... e 203
6.3.9.11.2 D EXE IEC PDOS. .ottt et b e e b b neene s 203
6.3.9.11.3 D NEAAPNONE. ... bbb 203
6.3.9.114 o oI = 010 (=g 101070 [ o] o[RS 203
6.3.9.11.5 b _head track disable Ob .......ccuoeiiiiecie e 204
6.3.9.12 Lo 0= o L SRR 204
6.3.9.12.1 Lo o (= ol 10T o=~ = ot [ 204
6.3.9.12.2 L o= ol 010 L=< | L G PR STPPR 204
6.3.9.12.3 L o= o 010 1< | I AP UPRTPPS 204
6.3.9.124 EXE_OFEC_POSBD _Z ...ttt sttt et r e ne s 205
6.3.10 (=S = 01 o = - R 205
6.3.10.1 Fo 0o ot ] gl [o N o [91=-SSY olo 4 (= 1o o O 205
6.3.10.1.1 o]0 o[ o0 o oo ¢ LSRR 205
6.3.10.1.2 D COrr_fOr_IMMEISIVE OUL .....oceeieieee ettt s sb e e ene e e eneas 205
6.3.10.1.3 (o]0 Vo fo T o N o [ oo 1 T TSRS 205
6.3.10.1.4 o € S o0 o I 1 ¢ o 1P 205
6.3.10.1.5 o Lo 18 o I o 2 ¢ o USSR 205
6.3.10.1.6 [0Ud_COIT_OUT _CH_CONF ..ottt sttt sttt st eb st e enesaeneenens 205
6.3.10.2 custom_dmx_data - custom dOWNMIX AaLA..........c.eeeueieeiieeriere e e e e ee e sae e e e sreeaeeeeens 205
6.3.10.2.1 o LS ot o T o 11T PSS 205
6.3.10.2.2 o wlo [ o = = R o] - | USSR 206
6.3.10.2.3 N_CAMX_CONFIGS MINUSL.....cuiitiiieieie ettt sttt e tesee st e sneeneeneeneas 206
6.3.10.2.4 OUL_CH_CONFIGIOC] ..ttt b bbbtk 206
6.3.10.2.5 (oS (S L= o T o [0 G oo L=, 1 SRS 206
6.3.10.3 CUStOM AOWNMIX PAIAIMELEIS. .......eivireeieete sttt sttt ettt r et bt ebesb et ebesbeseebesbeseebesse e ebesbeneeneas 206
6.3.10.3.1 o= T T 0 T o o L= SRR 206
6.3.10.3.2 gain_f2 _code, gain_b code, gain t1 code, and gain_t2[abcdef] _code.........ccoveievineninininenne 207
6.3.10.3.3 o LU = o = 1 (o T oSSR 207
6.3.10.34 o o) o I {1 (o TN )| A USSR 207
6.3.10.3.5 o o) o I {10 (0 TR T L= USSR 207
6.3.10.3.6 Lo (o) o I o= o3 |q (o T 1 (e | OSSR 207
6.3.10.3.7 (o (o) o I o= ox [q (o T o = USSR 207
6.3.10.3.8 o0 (o o N (o T 1 (o o PR 207
6.3.10.3.9 o0 (o o T (o TR Lo (SRS 207
6.3.10.3.10 Default custom dOWNMIX PAIAMELET .........cuiirieirierieierie ettt eb b ebesreneeneas 208
Annex A (nor mative): TADIES.... e 209
N Ui g T o) =SS 209
A.l1l A-JOC Huffman COAEDOO0K tADIES ..ottt sre e e e e eneas 209
A.l2 A-JCC Huffman codebOok taDIES..........ooiiiieieee e et 211
A2 COBFTICIENE TADIES. ...ttt ettt b e e et se b e nre b e 213
A.21 [ SF COBFFICIENLS ... bbb h e bbbt s et e ae e e e b e b sbeeb e e e enneneenres 213
A3 Channel CONFIQUILIONS.......ccueieereieeiese ettt st s eseesaeeeeseeeneesbesseenseseessesneessesneeneas 213
E S == L g0 1= TSRS 215
F TS 0=z (< g oo 1o SRR 216
Annex B (informative): AC-4 bit-rate CalCUIAtioN..........cceeeeiiceee e e 217
Annex C (normative): Y O S [l =T 1T 219
Annex D (nor mative): AC-4in MPEG-2transport StreamS........ccoeeereeeeeenenese s 220
D 200 A 111 0o (1 (o OSSR 220
D.2 Congraintson carrying AC-4 in MPEG2 transport StrEamMS..........ccccvveeveieese e 220
D.21 YUl (o= =0 1= 1 A (=10 S 220
D.2.2 L S 7= = o ] o TS 220
D.2.3 Service informMation SIGNATING ....ocveecieie e et e st et e e e e sreesreesreesreenneenneenns 220
D.24 LIS DI 0o (T o N o0 = = = S 220

ETSI



13 ETSI TS 103 190-2 V1.3.1 (2025-07)

Annex E (normative): AC-4 bitstream storage in the 1SO base mediafileformat ...................... 221
R 111 0o (1 (o OSSR 221
R N O i ="ox [qo 11 o o S 221
E.3  AC-45ample defiNitioN .........ooiiiiiciee e 222
S N O S g aTo 1= 11 Y/ =T S 222
T AN O S o= e = T 224
E.5a ACA Presentation Lalel BOX .......ccoi ettt sne et sesneeneeseennes 224
G- R o S YA OSSR 225
E.6.1 SYNEBX AN SEMANTICS. ...ttt bbbt b e bbb et b e b e e e st b e bt e b e b 225
o o L= (= o SRR 228
E7.1 Y1 10 = = o 228
(SIS o2 R o= g =11 4 O o RS 228
ES8.1 011 0o 1 o o PRSP 228
E.8.2 SEIMBINTICS ...ttt sttt ettt ettt ettt e et e it ea e et e teseeseesaeeaeeseeaeemeeaeeeeeabeaaeeseemeeneeneeas e beeeeebeeneenteneeeeeaeeaeeneeneentennens 229
TV o T o SR 229
(o O T To i o o= g = (o T 0 oL S 229
300 O T 1 1o o [FTox i o] o PSPPSR 229
T O R ¢ = TP TP PR PRTURUSOPPRIR 229
T O T g ot PSRN 232
E.10.3  Presentation ChanmEl groUDS..... ..ot bbb 235
(S0 = o7 ST o= g 0 [ 00 o T o < SR 236
I RV | - O PUPRTUR T RRPSRRI 236
ELL1.2  SEIMBNTICS . .eueeueete ittt ettt ettt ettt b e bt e e et be s h e eb e ae e s e e e e e e b e eh e eb e e he e R e e e e R e b e eh e eE e eReeR e e e e Re bt eheere e e enrenrea 237
T = ) (= 0 (A= | RS 239
T At R 1 = TP S PP PRTURUSOTPRIN 239
T S 0 o5 S RSN 240
E.13 The MIME COUECS PAraMELES .......ocueeiieciecie sttt ettt sttt ettt ste e e st eere e besre e e e stesneennesreenes 240
Annex F (informative): Decoder Interfacefor Object AUdIO.......cccoceecieiicceiece e 241
Nt 111 oo (1 (o OSSR 241
F.2 Room-anchored poSition MEAOELAL ...........cceiveieeieieieiiri e 241
F.3  Speaker-anchored poSition MELBAELA. ...........covereerreerieiirierese e e 241
F.4  Screen-anchored poSition MELAOELAL...........cceierieieiieie et eee ettt te e e beereeseesresneenns 242
T = T 1= = = - VS 242
e TS = 01 = - TS 243
A (Lo LY 1= = o = - S 243
F.8  Z0Ne CONSIraiNtS MELATEIA. .......cveeeueeiiriirii sttt st a e e e nnensesne s 243
F.O  DIVErgeNnCe MELAOELAL. .........coveeeeeeeieiiei ettt e e ettt b b b e e e e st e bt nbeenenn e enes 244
F.LO SN MELAOEIA ......c.ceueeieeeietieiestere ettt b bbb e s e et st st b e s e e e s e e e seen e b nne s 244
I A 0 T ol 1= = - VS 245
e I T I 0 =0 = S 245
Annex G (normative): AC-4iN MPEG-DASH.......c..o et 247
L0 R 1 11 L o1 oo RSSO 247

ETSI



14 ETSI TS 103 190-2 V1.3.1 (2025-07)

T N O A o= ol ol = 1] oS 247
G.21 ThE @COUECS BITIOULE. .......cecceeeeree ettt ettt e et e e st e et e e st e e eateesabeeesteesabeeenseesnsesenbesaseeenrenan 247
G.22 The @audioSamplingRELE @tITDULE ............ccieiicece e e ae e e e sreenreeneens 247
G.23 The PreSElE@CLION ElEMENT.........coii e e st e et e e e e e s e et e e te e teenteensesneesnnesneesseenseensenns 247
G.3  AC-4 specific DASH dESCriptor SCNEIMES .........oiiiiiiiiriesie ettt 247
G331l Virtualized audio fOr NEAOPNONES. ...........oiieiieeee e e re e sae s aesreesneesaeenreeneens 247
G.3.2 F U0 (Lo = 4 S = (= ST 248
G.33 Audio channel coNfiguration SCREIMES.........coiiiiirieeee et b e 248
G.331 Applicability of Audio channel configuration SChEMES..........ccioeiiiiiree s 248
G.3.3.2 The "Dolby:2015" audio channel configuration SCNEME ..........cccoiiiiiriree e 248
G.3.33 Mapping of channel configurations to the MPEG audio channel configuration scheme (informative)....249
Annex H (normative): AC-4Dbit Streamsin CMAF ..o 250
o 0 R N O A @ e I = oGS 250
H.1.1 FNEFOOUCTION ...ttt et e bbbt s e e e e et b e e bt eh e e aeeaeeb e e et em e e e e b e nbeeheebeeneenneneeras 250
H.1.2 THACK CONSITAINTS ...ttt ettt sttt bbbt a e e b e b e sh e e bt e h e e b e e e e b e b e seeeb e s Rt eb e e e et e s besbenbeeneennennennes 250
H.1.21 (C1c 07 - OSSP S TSP P TSP PURSTPTRSTURON 250
H.1.2.2 Track constraints for MUItI-SIFEAM SCENAIOS .........couertireriet ettt s b et se s 250
H.1.2.3 Track constraints for SINGIE-Stream SCENAITOS......c..vciviiieiie e e sieeste e e e et eaesrae e e steeaeeaesneeenes 251
H.124 Constraints for equivalent CONFIQUIALIONS. .........cooueiiirieiiire et 251
H.1.3 S T 0= 1T oo TSSOSO 251
H.14 CodeC dElaY COMPENSALION.......c.ieetirtieeeirteeet sttt b bbbt e bt b e b b e bt s b e s e ae e b et et e b e b e 251
H.14.1 g 0o (17 1o o TSRS 251
H.1.4.2 Delay compensation USING @ €It HiSh.........ceiieiiieec e 251
H.1.4.3 Delay compensation before enCapSUIBLION............couiveiriieerieesee e 251
H.1.5 Dynamic Range Control @nd LOUANESS.........coiuiiieieeieesie e ete e ee s e st ste e saesee e e sseesseenteensessansneessaesnnes 252
H.2 Random access point and Stream @CCESS POINT ........ceeerviieerereeieseeeesie e seeseeeee e eseessesreeseesneeneeseesnes 252
H.3  SWITCNING SELS......eceiiieeie bbbt b bt b n e e e enenr e ne e 252
H.4  AC-4A CMAF MEAIAPIOfIlES.....oo ettt s ee e ens 252
115 OSSPSR 254

ETSI



15 ETSI TS 103 190-2 V1.3.1 (2025-07)

Intellectual Property Rights

Essential patents

IPRs essential or potentially essential to normative deliverables may have been declared to ETSI. The declarations
pertaining to these essential IPRs, if any, are publicly available for ETSI members and non-members, and can be
found in ETSI SR 000 314: "Intellectual Property Rights (IPRs); Essential, or potentially Essential, IPRs notified to
ETS in respect of ETS standards’, which is available from the ETS| Secretariat. Latest updates are available on the
ETSI IPR online database.

Pursuant to the ETSI Directivesincluding the ETSI IPR Policy, no investigation regarding the essentiality of IPRS,
including I PR searches, has been carried out by ETSI. No guarantee can be given as to the existence of other IPRs not
referenced in ETSI SR 000 314 (or the updates on the ETS| Web server) which are, or may be, or may become,
essential to the present document.

Trademarks

The present document may include trademarks and/or tradenames which are asserted and/or registered by their owners.
ETSI claims no ownership of these except for any which are indicated as being the property of ETSI, and conveys no
right to use or reproduce any trademark and/or tradename. Mention of those trademarks in the present document does
not constitute an endorsement by ETSI of products, services or organizations associated with those trademarks.

DECT™, PLUGTESTS™, UMTS™ and the ETSI logo are trademarks of ETSI registered for the benefit of its
Members. 3GPP™, LTE™ and 5G™ logo are trademarks of ETSI registered for the benefit of its Members and of the
3GPP Organizational Partners. oneM 2M ™ |ogo is atrademark of ETSI registered for the benefit of its Members and of
the oneM2M Partners. GSM® and the GSM logo are trademarks registered and owned by the GSM Association.

Foreword

This Technical Specification (TS) has been produced by Joint Technical Committee (JTC) Broadcast of the European
Broadcasting Union (EBU), Comité Européen de Normalisation EL ECtrotechnique (CENELEC) and the European
Telecommunications Standards Institute (ETSI).

NOTE: The EBU/ETSI JTC Broadcast was established in 1990 to co-ordinate the drafting of standardsin the
specific field of broadcasting and related fields. Since 1995 the JTC Broadcast became a tripartite body
by including in the Memorandum of Understanding also CENELEC, which is responsible for the
standardization of radio and television receivers. The EBU is a professional association of broadcasting
organizations whose work includes the co-ordination of its members' activitiesin the technical, legal,
programme-making and programme-exchange domains. The EBU has active members in about
60 countries in the European broadcasting areg; its headquartersisin Geneva.

European Broadcasting Union

CH-1218 GRAND SACONNEX (Geneva)
Switzerland

Tel: +4122717 2111

Fax: +4122717 2481

The present document is part 2 of a multi-part deliverable covering the Digital Audio Compression (AC-4), asidentified
below:

Part 1:  "Channel based coding”;
Part 2. "Immersive and personalized audio” .

The symbolic source code for tables referenced throughout the present document is contained in archive
ts_10319002v010203p0.zip which accompanies the present document.
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Modal verbs terminology

In the present document “shall”, "shall not", "should", "should not", "may", "need not", "will", "will not", "can" and
"cannot" are to be interpreted as described in clause 3.2 of the ETSI Drafting Rules (Verbal forms for the expression of
provisions).

"must" and "must not" are NOT allowed in ETSI deliverables except when used in direct citation.

Introduction

Motivation

AC-4 ETSI TS 103 190-1 [1] provides a bit-rate-efficient coding scheme for common broadcast and broadband delivery
environment use cases. ETS| TS 103 190-1 [1] also introduced system integration featuresin order to address particular
challenges of modern media distribution, all with the flexibility to support future audio experiences:

. Inclusive accessibility:

- Provides the same high quality of experience for dialogue intelligibility, video description, and multiple
languages asis provided by the main service.

e  Advanced loudness and dynamic range control:

- Eliminating the need for expensive, stand-alone and single-ended real-time processing. AC-4 provides a
fully-integrated and automated solution that ensures any program source meets regulatory needs while
intelligently protecting sources that have been previously produced with regulatory needs in mind.

. Frame alignment between coded audio and video:

- Greatly ssimplifies audio and video time base correction (A/V sync management) in the compressed
domain for contribution and distribution applications.

° Built-in robustness:

- Enables adaptive streaming and advertisement insertions, switching bit rate and channel configuration
without audible artefacts.

The present document extends the AC-4 codec to a number of new use cases relevant for next-generation audio
services:

e  Audio personalization:

- A foundation for new business opportunities, allowing listeners to tailor the content to their own
preference with additional audio elements and compositional control.

° Increased immer siveness with surround sound in all three dimensions:

- Advanced techniques maintain immersion across a variety of common speaker |ayouts and environments
(including headphones), and future-proof content for later generations.

. Enhanced adaptability:

- Ensures that playback can provide the best appropriate experience across a wide range of devices and
applications for today and tomorrow.

ETSI
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Structure of the present document
The present document is structured as follows:

. Clause 4 provides an introduction to immersive audio and personalized audio, and specifies how to create an
AC-4 decoder.

. Clause 5 specifies the a gorithmic details for the various tools used in the AC-4 decoder.
e  Clause 6.2 specifies the details of the AC-4 bitstream syntax.

e  Clause 6.3 interprets bits into values used elsewhere in the present document.
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1 Scope

The present document specifies a coded representation (a bitstream) of audio information, and specifies the decoding
process. The coded representation specified herein is suitable for use in digital audio transmission and storage

applications.

Building on the technology specified in ETSI TS 103 190-1 [1], the present document specifies additional functionality
that can be used for immersive, personalized, or other advanced playback experiences. Additional representations can
be included, targeting individual listener groups or applications (providing the possibility of different audio experience
settings in addition to those specified in ETSI TS 103 190-1 [1]).

The present document does not specify an object audio renderer, which would be needed to decode object-based audio
to a channel-based representation. A reference object audio renderer that may be used with the technology specified in

the present document can be found in [i.2].
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2 References

2.1 Normative references

References are either specific (identified by date of publication and/or edition number or version number) or
non-specific. For specific references, only the cited version applies. For non-specific references, the latest version of the
referenced document (including any amendments) applies.

Referenced documents which are not found to be publicly available in the expected location might be found in the
ETSI docbox.

NOTE: While any hyperlinksincluded in this clause were valid at the time of publication, ETSI cannot guarantee
their long-term validity.

The following referenced documents are necessary for the application of the present document.

[1] ETSI TS103 190-1: "Digita Audio Compression (AC-4) Standard; Part 1. Channel based
coding".

[2] I SO/IEC 10646: "Information technology — Universal Coded Character Set (UCS)".

[3] I SO/IEC 14496-12: "Information technology — Coding of audio-visual objects — Part 12: 1SO
base mediafile format".

[4] IETF RFC 6381: "The 'Codecs and 'Profiles Parameters for "Bucket" Media Types'.

[5] I SO/IEC 23009-1: "Dynamic adaptive streaming over HTTP (DASH) — Part 1. Media
presentation description and segment formats”.

[6] I SO/IEC 23000-19: "Common Media Application Format for Segmented Media'.

[7] IETF BCP 47: "Tags for Identifying Languages'.

2.2 Informative references

References are either specific (identified by date of publication and/or edition number or version number) or
non-specific. For specific references, only the cited version applies. For non-specific references, the latest version of the
referenced document (including any amendments) applies.

NOTE: While any hyperlinksincluded in this clause were valid at the time of publication, ETSI cannot guarantee
their long-term validity.

The following referenced documents may be useful in implementing an ETSI deliverable or add to the reader's
understanding, but are not required for conformance to the present document.

[i.1] Recommendation ITU-R BS.2051-2: "Advanced sound system for programme production".

[i.2] ETSI TS 103 448: "AC-4 Object Audio Renderer for Consumer Use'".

[i.3] Recommendation EBU R 128: "L oudness normalisation and permitted maximum level of audio
signals'.

[i.4] Supplementary information EBU Tech 3344: "Guidelines for distribution and reproduction in
accordance with EBU R 128",

[i.5] I SO/IEC 23091-1:2018: "Information technology -- Coding-independent code points —
Part 1: Systems”.

[i.6] ISO/IEC 23091-3:2018: "I nformation technology — Coding-independent code points —
Part 3: Audio".

[i.7] SO 639-2:1998: "Codes for the representation of names of languages — Part 2: Alpha-3 code'.
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[i.8] CTA-861-1: "A DTV Profile for Uncompressed High Speed Digital Interfaces’.

[i.9] I SO/IEC 14496-14:2020: "Information technology — Coding of audio-visual objects —
Part 14: MP4 file format".

[i.10] ETSI TS 126 244: "Digital cellular telecommunications system (Phase 2+) (GSM); Universal
Mobile Telecommunications System (UMTS); LTE; 5G; Transparent end-to-end packet switched
streaming service (PSS); 3GPP file format (3GP) (3GPP TS 26.244)".

[i.11] ETSI TS 102 366: "Digital Audio Compression (AC-3, Enhanced AC-3) Standard".

[i.12] IETF RFC 2045: "Multipurpose Internet Mail Extensions (MIME) Part One: Format of Internet
Message Bodies'.

[i.13] I SO/IEC 13818-1: "Information technology — Generic coding of moving pictures and associated

audio information — Part 1: Systems'.

3 Definition of terms, symbols, abbreviations and
conventions
3.1 Terms

For the purposes of the present document, the following terms apply:

3'd Generation Partnership Project: collaboration of telecommunications standard devel opment organizations that
produces reports and specifications for defining cellular telecommuni cations network technologies

AC-4 sync frame: optional bitstream container structure encapsulating AC-4 codec frames, used to provide
synchronization and robustness against transmission errors

NOTE: Thiscontainer structure may be used when the transmission system does not include information about
the framing of AC-4.

accessibility: features that make a program available to people with disabilities

advanced coupling: parametric coding tool for AC-4 in the Quadrature Mirror Filter (QMF) domain, used to improve
coding efficiency for multichannel and stereo content

advanced joint channel coding: parametric coding tool for AC-4 in the Quadrature Mirror Filter (QMF) domain, used
to efficiently code channel-based immersive audio content

advanced joint object coding: parametric coding tool for AC-4 in the Quadrature Mirror Filter (QMF) domain, used to
efficiently code object-based audio content

advanced spectral extension: parametric coding tool for AC-4 in the Quadrature Mirror Filter (QMF) domain, used to
efficiently code high frequency content

alternative presentation: presentation that supports the personalized audio use-case by providing alternative object
properties to be used in combination with common object essences

associated audio: audio program component designed to be presented together with at least one main audio program
component to provide accessibility features or additional information, for example a director's commentary or an audio
description for listeners with a visual impairment

associated audio substream: substream that carries associated audio

audio element: smallest addressable unit of an audio program, consisting of one or more audio signals and associated
audio metadata

audio object: data representing an object essence plus corresponding object properties
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audio preselection: set of references to audio program components that represents a sel ectable version of the audio
program for simultaneous decoding
audio program: audio part of a program

audio program component: set of audio elements characterized by an audio program component type and, optionally,
alanguage

NOTE: music and effects cannot be differentiated by language

audio program component type: classifier for an audio program component with regard to its content, such as music
and effects, dialogue, Visually Impaired (V1) or Hearing Impaired (HI)

audio spectral front end: waveform coding tool for AC-4 in the Modified Discrete Cosine Transform (MDCT) domain
that quantizes a spectrum based on a perceptual model and istailored for general audio signals

average bit rate: mode of bit rate control that approximates a given bit rate when measured over longer periods of time

bed: group of audio objects with speaker-anchored coordinates which can be used to carry pre-mixed audio content
such as complex ambiance sound or music

bed object: static object whose spatial position is fixed by an assignment to a speaker

Bfc: bottom front centre channel

Bfl: bottom front left channel

Bfr: bottom front right channel

bit rate: rate or frequency at which bits appear in a bitstream, measured in bps

bitstream: seguence of bits

bitstream element: variable, array or matrix described by a series of one or more bitsin an AC-4 bitstream
block: portion of aframe

block length: temporal extent of ablock (for example measured in samples or QMF time dlots)
C: centre channel

Cb: back-centre channel

channel-audio substream: substream that carries channel-based audio content

channel-based audio: audio content that is presented as one or more audio signals with a one-to-one mapping to
nominal speaker positions

channel configuration: definition of the channel assignments of all channel-based audio signals within a program
channel element: bitstream element containing one or more jointly encoded channels

channel mode: coded representation of a channel configuration

codec: system consisting of an encoder and decoder

codec frame: series of PCM samples or encoded audio data representing the same time interval for al channelsin the
configuration

NOTE: Decodersusually operate in a codec-frame-by-codec-frame mode.
codec frame length: temporal extent of a codec frame when decoded

commentary: audio program component containing supplementary dialogue, such as a director's commentary to a
movie scene
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common media application format: MPEG mediafile format optimized for delivery of a single adaptive multimedia
presentation to a large number and variety of devices; compatible with a variety of adaptive streaming, broadcast,
download, and storage delivery methods

companding: parametric coding tool for AC-4 in the Quadrature Mirror Filter (QMF) domain, used to control the
temporal distribution of the quantization noise introduced in the Modified Discrete Cosine Transform (MDCT) domain

complete main: audio program component in which music and effects and dialogue are mixed together prior to
encoding

constant bit rate: mode of bit rate control that yields the exact same number of bits per each frame or time period

cor e channel configuration: channel configuration present at the input to the downmix/upmix processing in the
channel based renderer in core decoding mode

cor e decoding: one of two decoding modes for AC-4 decoder implementations which enables alow-complexity decode
of acomplete audio presentation for devices with limited output capabilities (e.g. mobile devices, tablets, televisions,
etc.)

DASH accessibility descriptor: DASH descriptor for accessibility indication as specified by the accessibility scheme
DASH descriptor: DASH element used for property signalling

NOTE: DASH descriptors share acommon structure.
DASH element: XML element contained in the DASH media presentation description

DASH essential property descriptor: DASH descriptor that specifies information about the containing DASH element
that is considered essential by the media presentation author for processing the containing DASH element

DASH preselection element: DASH element used for audio preselection signalling

DASH representation: collection of one or more audio program components, encapsulated in a delivery file format
and associated with descriptive metadata (such as language or role)

DASH supplemental property descriptor: DASH descriptor that specifies supplemental information about the
containing DASH element that may be used by the DASH client for optimizing the processing

decoder -specific information: record in SO base mediafile formeat files, used for decoder configuration
dialogue: audio program component contai ning speech

dialogue enhancement: coding tool for AC-4, used to enable the user to adjust the relative level of the dialogue to their
preference

dialogue substream: substream that carries dialogue

dynamic adaptive streaming over HTTP: adaptive bit-rate streaming protocol that enables high-quality streaming of
media content over the Internet delivered from HTTP

dynamic object: audio object whose spatial position is defined by three-dimensional coordinates that can change over
time

dynamic range control: tool that limits the dynamic range of the output
elementary stream: bitstream that consists of a single type of encoded data (audio, video, or other data)

elementary stream multiplexer: software component that combines several input el ementsinto one or more output
AC-4 elementary streams

NOTE: Suchinput elements could be AC-4 presentations, AC-4 substreams, complete AC-4 elementary streams,
or specific metadata.

Extensible M etadata Delivery Format (EM DF): set of rules and data structures that enables robust signalling of
metadata in an end-to-end process, involving a container, metadata payloads, and authentication protocols

NOTE:  Specifiedin ETSI TS 102 366 [i.11] and ETSI TS 103 190-1 [1].
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first-in-first-out: mode of buffer, or queue, processing where elements are output in the order they are inserted into the
buffer
fps: number of unique consecutive audio or video frames an audio or imaging device produces in one second
frame rate: number of transmission frames decoded per second in realtime operation
framing: method that determines the QMF time slot group borders of signal or noise envelopesin A-SPX

full decoding: one of two decoding modes for AC-4 decoder implementations which enables decoding of a complete
audio presentation for devices with expanded output capabilities (e.g. audio/video receiver)

gain: multiplicative factor applied to asignal

helper element: variable, array or matrix derived from a bitstream element

Huffman code: aclass of variable-length prefix codes developed by David A. Huffman
Huffman code book: table of Huffman codes

immer sive audio: extension to traditional surround sound with better spatial resolution and 3D audio rendering
techniques used to enable a more realistic and natural sound experience

NOTE: Reproduction may use speakers located at ear level, overhead, and below the listener.
immer sive channel audio: immersive audio that is channel-based
immer sive channel configuration: channel configuration used for carriage of immersive audio content
immer sive object audio; immersive audio that is object-based
independently decodable frame: AC-4 frame that contains at least one independently decodable SSF granule

input channel configuration: channel configuration present at the input to the downmix/upmix processing in the
channel based renderer in full decoding mode

input channel mode:; coded representation of the input channel configuration
input track: audio track present after the IMDCT, before A-JOC, S-CPL, A-CPL or A-JCC processing

inter mediate decoding signal: output signal of the Stereo and Multichannel Processing tool when decoding the
immersive_channel_element

intermediate spatial format: format that defines spatial position by distributing the signal to speakers|ocated in a
stacked-ring configuration

intermediate spatial format object: static object whose spatial position is specified by | SF
I SO base media file format: mediafile format
NOTE: Asspecified in ISO/IEC 14496-12 [3].
L : left channel
Lb: left back channel
LFE: optional single channel of limited bandwidth (typically less than 120 Hz)
L o/Ro: downmix from a multichannel to atwo-channel output that is compatible for stereo or mono reproduction
Ls: left surround channel

Lt/Rt (Dolby Pro Logic Il compatible output): Dolby Surround compatible downmix that contains content from all of
the channels matrix encoded and mixed into the Left and Right channels

Lw: left wide channel

MIME type: identifier for file formats and contents
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NOTE: Asspecifiedin IETF RFC 2045(i.12].
music and effects: audio program component containing al audio except intelligible dialogue

NOTE: Can be combined with languages other than the primary language to create a dubbed version of the
program.

next-gener ation audio: audio technology that enables broadcasters, operators, and content providersto create and
deliver immersive and personalized audio content to be played back on consumer devices, adapting to different device
capabilities

OAMD substream: substream that contains object audio metadata
object audio essence: part of the object that is PCM coded
object audio metadata: metadata used for rendering an audio object

object audio renderer: renders object-based audio to a specific speaker layout. The input is comprised of objects, and
the outputs are speaker feeds

object audio substream: substream that carries object-based audio content
obj ect-based audio: audio comprised of one or more audio objects

object property: metadata associated with an object audio essence, which indicates the author's intention for the
rendering process

output channel configuration: channel configuration present at the output of the decoder
packet identifier: unique code that identifies a Packetized Elementary Stream (PES) within a transport stream

NOTE: ThePID iscontained in the transport stream packet header and is listed in the Service Information (SI) for
atransport stream.

packetized elementary stream: elementary stream that is split into small chunks (packets) for transmitting and
combining multiple streams within atransport stream

NOTE: Each PESisidentified by aunique Packet Identifier (PID).
parameter band: grouping of one or more QMF subbands sharing common parameters

per sonalization: audio production techniques that enable sound designers and mixersto deliver different versions of
the audio program that are tailored to viewers' needs and preferences and can be selected by the user on the Ul

personalized audio: audio content provided by content creators and broadcasters that can be modified to the viewers
needs and preferences by offering a consumer choice between different versions of the audio program

premix: method for providing personalization options by mixing or merging of multiple audio program components
into a single substream or substream group in accordance with associated metadata, prior to encoding to a
Next-Generation Audio (NGA) elementary stream

presentation: set of references to AC-4 substreams to be presented to the listener simultaneously

NOTE: Anaudio preselectionin AC-4.
presentation configuration: composition of an audio presentation, characterized by the types of referenced substreams
primary language: first language in a preference-ordered list of languages

program: self-contained audio-visual piece of content to be presented in TV or other electronic media, such asa
television show or a sports game, consisting of an audio program, a video program, and other data

NOTE: A program may be interrupted by interstitial programs, such as advertisements.

Program Map Table: table within an MPEG-2 transport stream that defines the set of elementary streams associated
with a specific program
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pulse code modulation: digital representation of an analog signal where the amplitude of the signal is sampled at
uniform intervals
QMF matrix: representation of the QMF domain as a matrix with QMF timeslot columns and QMF subband rows
QMF subband: frequency range represented by one row in a QMF matrix, carrying a subsampled signal
QMF subband group: grouping of adjacent QMF subbands
QMF subsample: single element of a QM F matrix
QMF time dlot: time range represented by one column in a QMF matrix

Quadrature Mirror Filter: filter that converts a PCM sample stream into two sample streams of half the input
sampling rate, so that the output data rate equals the input data rate

R: right channel
Rb: right back channel

real-time loudness leveller: I TU-R based loudness correction system that enabl es real-time adjustment of program
loudness, monitoring of program loudness, and creation of intelligent loudness metadata

Rs: right side/surround channel

Rw: right wide channel

set: collection of zero or more items

simple coupling: time-domain tool for processing immersive audio signals
speaker feed: audio signal designated to be played back by a specific speaker
spectral line: frequency coefficient

speech spectral front end: waveform coding tool for AC-4 in the Modified Discrete Cosine Transform (MDCT)
domain that quantizes a spectrum based on a source model of speech and istailored for speech signals

stream access point: data position in a DASH representation from which media playback can proceed without referring
to any previoudly transmitted data other than the initialization segment

substream: decodable unit that represents a specific channel configuration (mono, stereo, or 5.1), and contains audio
data and corresponding metadata

substream type: function of a substream in an audio presentation

NOTE: For substreams containing an audio program component, the substream type corresponds to the audio
program component type.

table of contents: datarecord containing version, sequence number, frame rate and other data, and at least one
presentation info element

Thc: top back centre channel
Thl: top back left channel
Thbr: top back right channel
Tc: top-centre channel

Tfc: top front centre channel
Tfl: top front left channel
Tfr: top front right channel

transmission frame size: data size of atransmission frame in the bitstream domain
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transport system target decoder: hypothetical decoder
NOTE: Asdefined and used in ISO/IEC 13818-1 [i.13].
T4dl: top side left channel
Tsr: top side right channel
Uniform Resour ce | dentifier: group of characters identifying aresource on a network (typically, the Internet)
universally unique identifier: 128-bit value chosen in such away asto be universally unique
NOTE: Thelarge name space for UUIDs renders the probability of duplicate IDs very close to zero.

window: weighting function associated with the inverse Modified Discrete Cosine Transform (IMDCT) of a block

3.2 Symbols

For the purposes of the present document, the following symbols apply:

X* complex conjugate of value X, if X isascalar; and conjugate transpose if X is avector
[X] round x towards plus infinity

[X] round x towards minus infinity

(A|B) concatenation of matrix A with matrix B

(A)T transpose operation of matrix A

3.3 Abbreviations

For the purposes of the present document, the following abbreviations apply:

3GPP 34 Generation Partnership Project
ABR Average Bit Rate

A-CPL Advanced Coupling

A-JCC Advanced Joint Channel Coding
A-JOC Advanced Joint Object Coding

ASF Audio Spectral Front end

A-SPX Advanced Spectral extension

Bfc Bottom Front Centre

Bfl Bottom front left

Bfr Bottom front right

C Centre

CAS Channel-Audio Substream

Cb Back centre

CBR Constant Bit Rate

CMAF Common Media Application Format
CRC Cyclic Redundancy Check

DASH Dynamic Adaptive Streaming over HTTP
DE Dia ogue Enhancement

DRC Dynamic Range Control

DSl Decoder-Specific Information
EMDF Extensible Metadata Delivery Format
ESM Elementary Stream M ultiplexer
FIFO First-In-First-Out

fps frames per second

HCB Huffman Code Book

IMDCT inverse Modified Discrete Cosine Transform
ISF Intermediate Spatial Format
|SOBMFF I SO Base Media File Format

L Left

Lb Left back

LFE Low-Frequency Effects

Lo/Ro Left only/Right only
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Ls Left side/surround

Lscr Left screen

Lw Left wide

MIME Multipurpose Internet Mail Extensions

OAMD Object Audio MetaData

OAR Object Audio Renderer

OAS Object Audio Substream

PCM Pulse Code Modulation

PES Packetized Elementary Stream

PID Packet Identifier

PMT Program Map Table

QMF Quadrature Mirror Filter

R Right

Rb Right back

Rs Right side/surround

Rscr Right screen

RTLL Real-Time Loudness Leveller

Rw Right wide

SCPL Simple Coupling

SMP Stereo and Multichannel Processing

SSF Speech Spectral Front end

Thc Top back centre

Thl Top back left

Thr Top back right

Tc Top centre

Tfc Top front centre

THl Top front left

Tfr Top front right

TOC Table Of Contents

Td Top side left

Tsr Top sideright

T-STD Transport System Target Decoder

ul User Interface

uimsbf unsigned integer, most-significant bit first

UTF Unicode Transformation Format

UuID Universally Unique IDentifier
3.4 Conventions

Unless otherwise stated, the following convention regarding the notation is used:

Constants are indicated by uppercase italic, e.g. NOISE_ FLOOR_OFFSET.

Tablesare indicated as TABLE[idx] .

Functions are indicated as func(x).

Variables areindicated by italic, e.g. variable.

Vectors and vector components are indicated by bold lowercase names, e.g. vector or vector idx.

Matrices (and vectors of vectors) are indicated by bold uppercase single letter names, e.g. M or M row,column.
Indices to tables, vectors and matrices are zero based. The top left element of matrix M isMoo.

Bitstream syntactic elements are indicated by the use of a different font, e.g. presentati on_i d.
ac4_presentation_vl_dsi/presentation_id indicatesthepresentation_i d element part of
ac4_presentation_vl_dsi (). All bitstream elements are described in clause 6.3.

Normal pseudocode interpretation of flowcharts is assumed, with no rounding or truncation unless explicitly
stated.
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Units of [dB;] refer to the approximation 1dB = factor of /2,0, i.e. 6dB = factor 0f2,0.
Fractional frame rates are written in "shorthand notation" as defined in table 1.
Hexadecimal constants are denoted 0x....

Binary constants are denoted ob....

Where several dternatives exist for adigit, X is used as placeholder.

Table 2 specifies standard functions used throughout pseudocode sections. Functions with a single argument
also apply to vectors and matrices by mapping the function element wise.

Speaker and channel configurations are either specified as f/s/h.x or hp.x.h. The notation can be abbreviated to
f/s/h or hp.x respectively, if the number of the corresponding speakersis zero. Table 3 defines symbolsf, s, h,
X, and hp.

If a Boolean bitstream element is defined to signal awhether statement then the statement is trueif the
Boolean istrue; i.e. the corresponding bit is set to 1.

Arraysin the bitstream are sent element by element, where the element with the lowest index is sent first.

Table 1: Shorthand notation for frame rates

Fractional framerate |Shorthand
1000
24 X /1 001 23,976

30 x 1000/, 0. 29,97
48 x 1000/ . |47,952
60 x 1000/, . 59,94
120 x 1000/~ = 1119,88

Table 2: Standard functions used in pseudocode

Function Meaning
abs(arg) larg|
sqgrt (arg) arg®>
powargl, arg2) arg1292
r=a?b:c if (a) r=b; elser =g
clip3(min, max, val) |(val < min) ? min : (val > max) ? max : val

Table 3: Symbols for speaker/channel configurations

Symbol Speakers
f front

S surround

h height

X low-frequency effects
hp horizontal plane
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4

4.1

Decoding the AC-4 bitstream

Introduction

The following clauses provide introduction, description, and specification for several topics.

4.2

Clause 4.2 introduces object-based audio coding and describes differences to traditional channel-based audio
coding.

Clause 4.3 introduces the immersive audio experience.
Clause 4.4 introduces the functionality of personalized audio in the context of AC-4.
Clause 4.5 describes the logical and physical structure of an AC-4 bitstream.

Clause 4.6 specifies compatibilities for the decoder to bitstream (elements) specified in ETSI
TS 103 190-1 [1].

Clause 4.7 specifies the decoding modes an AC-4 decoder supports.

Clause 4.8 specifies how to build an AC-4 decoder by using the decoding tools specified in clause 5.

Channels and objects

Objects give content creators more control over how content is rendered to loudspeakers in consumer homes.

In channel-based audio, a set of tracksisimplicitly assigned to specific loudspeakers by associating the set of tracks
with achannel configuration. If the playback speaker configuration is different from the coded channel configuration,
downmixing or upmixing specifications are required to redistribute audio to the available speakers.

The following channel designations and associated abbreviations are used in this specification:

Left (L)

Right (R)

Centre (C)
Low-Frequency Effects (LFE)
Left Side/Surround (L)
Right Side/Surround (Rs)
Left Back (Lb)

Right Back (Rb)

Top Front Left (Tfl)

Top Front Right (Tfr)
Top Side Left (Td)

Top Side Right (Tsr)
Top Back Left (Thl)

Top Back Right (Tbr)
Top Front Centre (Tfc)

Top centre (Tc)
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e  Top back centre (Thc)

. Bottom Front Left (Bfl)

. Bottom Front Right (Bfr)
. Bottom Front Centre (Bfc)
. Back Centre (Ch)

. Left Wide (Lw)

e  Right Wide (Rw)

o Left Screen (Lscr)

. Right Screen (Rscr)

In object-based audio, rendering is applied to audio objects (the object essence in conjunction with individually
assigned properties). The properties more explicitly specify how the content creator intends the audio content to be
rendered, i.e. they place constraints on how to render essence into speakers.

Constraints include:
J L ocation and extent:
- Controlling how much of the object energy gets rendered on individual speakers.
. Importance;
- Controlling which objects get prioritized if rendering to few speakers overloads the experience.
. Spatial exclusions:
- Controlling which regions in the output an object should not be rendered into.
. Divergence:
- Controlling width and presence of (predominantly dialogue) objects.
AC-4 specifies the following object types:
. Dynamic object:

- An object whose spatia position is defined by 3-dimensional coordinates, which may change
dynamically over time.

. Bed object:

- An object whose spatial position is defined by an assignment to a speaker of the output channel
configuration.

. I ntermediate spatial format obj ect:

- An object whose spatial position is defined by an assignment to a speaker in a stacked ring
representation.

Thetool for rendering dynamic objects or bed objectsto speakersis called the object audio renderer. Rendering
Intermediate Spatial Format (ISF) objects to speakersisreferred to as intermediate spatial format rendering. The present
document does not mandate any specific rendering a gorithm.
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Immersive audio

Immersive audio refers to the extension of traditional surround sound reproduction to include higher (spatial) resolution
and full 3D audio rendering techniques (including ear-level, overhead, and floor speakers located below the listener) in

order to reproduce more realistic and natural auditory cues. It also is often associated with audio creation and playback

systems that leverage object-based and/or hybrid-channel/object-audio representations.

The present document specifies transmission capabilities for channel-based, intermediate-spatial, and object-based
formats. Each format comes with pros and cons; it is up to content creators to pick the right trade-off for them:

. Channel-based audio:

In traditional channel-based audio mixing, sound elements are mixed and mapped to individual, fixed
speaker channels, e.g. Left, Right, Centre, Left Side/Surround, and Right Side/Surround. This paradigm
iswell known and works when the channel configuration at the decoding end can be predetermined, or
assumed with reasonable certainty to be 2.0, 5.X, or 7.X. The present document extends channel-based
coding to higher number of speakers, including overhead speakers.

However, with the popularity of new speaker setups, no assumption can be made about the speaker setup
used for playback, and channel-based audio does not offer good means of adapting a presentation where
the source speaker layout does not match the speaker layout at the decoding end. This presents a
challenge when trying to author content that plays back well no matter what speaker configuration is
present.

. I ntermediate spatial format audio:

The intermediate spatial format addresses this problem by providing audio in aform that can be rendered
more easily to different speaker layouts.

. Object-based audio:

NOTE:

In object-based audio, individual sound elements are delivered to the playback device where they are
rendered based on the speaker layout in use. Because individual sound elements can be associated with a
much richer set of metadata, giving meaning to the elements, the adaptation to the reproducing speaker
configuration can make much better choices of how to render to fewer speakers.

When no single scheme fits well, combinations are possible; diffuse, textural sounds such as scene
ambience, crowd noise, and music can be delivered using atraditional channel-based mix referred to as
an audio bed and combined with object-based audio elements.
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4.4 Personalized Audio

Personalization allows the content creator to deliver multiple stories for their content, providing audio experiences that
aretailored to the consumer's preference and to the capabilities of the playback device. The present document specifies
syntax and tools to support personalized audio experiences:

° Presentations:

- The ability to deliver multiple audio program components and combine these into presentations is the
key building block for delivering personalized experiences. Presentations allow flexibility in creating a
wider range of audio experiences that are relevant to their content. Simple personalization can be
achieved by creating a selection of presentations relevant to the content.

EXAMPLE 1.  For sports events, a"team-biased" presentation containing a"home" and an "away" team can be
created, having different commentators and supporter crowd effects. AC-4 carries descriptive text
to allow a decoding device to present the consumer with away of selecting the presentation that
aligns with the consumer preference.

. Target settingsfor playback devices:

- Some choices are not driven by consumer preference but rather by playback device capabilities. AC-4
provides the means to define multiple sets of target device metadata. Target-device metadata enables the
content creator to define how the same audio components are combined on different devices.

EXAMPLE 2:  Anaudio engineer may define the balance between dialogue and substream elements differently
for a 5.1 playback system and a mobile device. On the mobile device, the audio engineer may
decide that louder dialogue and a lower substream level are appropriate. Target-device rendering
works in conjunction with dynamic range control to enable the audio engineer to create audio
targeted towards each category of consumer devices.

Theinclusion of target-device metadata is optional but, where used, this rendering may support the
downmix process and give the content creator greater artistic flexibility as to how their mix plays
back on different devices.

. Extended User Interface (Ul) controls:

- For devicesthat support a Ul or a second screen device, the content creator can define which controls are
to be presented to the consumer to provide greater flexibility in creating a personalized experience.

. Classification of abjects:

- AC-4 metadata fields allow objects to be classified as a specific type (for example dialogue). This
expands on the functionality offered by dialogue enhancement by enabling a wider range of control to
adjust the balance between dialogue and other audio components of the selected presentation.

NOTE: Whilethe present document describes the metadata and controls available for creating personalization, it
does not specify requirements. Specifying decoder behaviour is|eft to application specifications.
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AC-4 bitstream

Bitstream structure

This clause describes the top level structure of the bitstream, from Table Of Contents (TOC) level down.

An AC-4 hitstream is composed of a series of raw AC-4 frames, each of which can be encapsulated in the AC-4 sync
frame transport format (see annex C), or in another transport format. Figure 1 shows how the key structures are

composed:

. TOC:

The TOC lists the presentations that are carried in the stream.

The TOC contains alist of one or more presentations.

° Presentation:

Presentations are described by the ac4_present ati on_v1_i nfo() structuresif bi t stream versi on> 1,
and by theac4_presentation_i nfo() structuresif bi t st ream versi on = 0. Presentations with
bi t st ream ver si on = 0 are described in ETS| TS 103 190-1 [1].

A presentation informs the decoder which parts of an AC-4 stream are intended to be played back
simultaneoudly at a given point in time. As such, presentations describe available user experiences.
Features such as loudness or dialogue enhancement are therefore managed on presentation level.

Presentations consist of substream groups.

e  Substream group:

Substream groups are referenced through the ac4_subst ream group_i nf o() element inthe TOC.

Each substream group has a specific role in the user experience: music and effects, dialogue, or
associated audio. The substream group carries properties common to all substreams contained in the
substream group. Depending on the role, specific metadata is associated with the substream group
(e.g. maximum amount of dialogue boost).

Substream groups can be shared between presentations, so that parts common to several experiences do
not need to be transmitted twice. Relative gains applicable to substream groups can be transmitted per
presentation (i.e. a substream group can be rendered with different gains in different presentations).
Further, substream groups can indicate that their referenced substreams are not contained in the AC-4
stream, but rather in a separate elementary stream. This provides support for dual-PID and second-screen
scenarios.

Substream groups consist of one or more individual substreams. Substreams in one substream groups are
either all channel coded or al object coded.

° Substream:

Substreams are referenced through the ac4_subst ream i nf o_chan(), ac4_substream i nf o_aj oc(), and
ac4_substream.info_obj () elementsinthe TOC.

Substreams contain the coded audio signal. Coded audio can either represent channel-based audio or
object-based audio. One substream can be part of several different substream groups, for efficiency
reasons, and thus be part of different presentations.

Substreams can be shared between substream groups, and therefore between different presentations.
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Figure 1: High-level bitstream structure
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Figure 2 shows a TOC with severa presentations for music and effects together with different
language tracks. The selected presentation contains the 5.1 music and effects substream, as well as
English dialogue. In the example, the defined substream groups just contain single substreams.

Other presentations could include different languages or additional commentary.

AC-4 sync frame

Sync word

TOC

Frame size

Raw AC-4 frame

TOC

Substream 0

Substream 1

Substream ...

Substream N

CRC word

AC-4 presentation info 0

Presentation config = 3

Presentation level
EMDEF info

Substream .
group info index 1

Substream

group info index 2

AC-4 presentation info ...

AC-4 sync frame

AC-4 presentation info X

Sync word

Substream group info 0

ez

Frame size

Raw AC-4 frame

Substream group info 1

| Substream info 0 |

CRC word

AC-4 sync frame

Substream group info 2

| Substream info 0 |

Sync word

Substream group info ...

Frame size

Substream group info M

Raw AC-4 frame

PR LT TN
g

CRC word

.

Substream index table

AC-4 sync frame

Sync word

Frame size

Raw AC-4 frame

CRC word

Substream 0

Music & Effects
5.1ch

-

Substream 1

Dialog English
1.0 ch

Substream 2

Dialog Spanish
1.0 ch

Substream 3

English description
1.0 ch

Substream 4

Spanish description
1.0 ch

Substream 5

Alt commentary 1
1.0 ch

Substream 6

Alt commentary 2
1.0 ch

Figure 2: Example of complex frame with several presentations and substream groups

45.2 Data dependencies

The AC-4 bitstream syntax supports data to be encoded incrementally over multiple consecutive codec frames

(dependency over time). The bitstream syntax conforming to the present document supports individual dependency over
time for substreams. If the transmitted data of one codec frame has no dependency over time for any of the substreams,

the corresponding codec frameis an I-frame, which is also indicated by the helper variable b_iframe_global.

NOTE 1: Inabitstream conformingto ETSI TS 103 190-1 [1], an |-frameis present if b_i f r ane iStrue.
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The following substream specific flags indicate whether the current data of the corresponding substream has no
dependency over time and hence the data can be decoded independently from preceding frames:

b_audio ndot Validfor anac4_substream

b_pres ndot Valid for theac4_presentati on_substream

b_oamd_ndot Valid for the oand_subst r eam

NOTE 2: Theoand_dyndat a_si ngl e and oand_dyndat a_nul ti elements present in one codec frame can differ in

the dependency over time, because both elements can be contained in different substream types.

4.5.3 Frame rates
The transmission frame rate of AC-4 can be controlled to match it to another frame rate, such as video.

In anumber of scenarios, it is desirable to match the duration of transmitted audio frames to the duration of video
frames. Amongst other things, this assists with achieving clean splices and seamless switching between Dynamic
Adaptive Streaming over HTTP (DASH) representations.

There are two important variables here: franme_rate_i ndex and frame_rate_fracti on.

frame_rat e_i ndex refersto the rate of transmitted audio frames. It is a so possible to control the efficiency of
transmitting AC-4 at high frame rates by distributing a codec frame over several transmission frames, as "fractions' of
frames, using the efficient high frame rate mode. To achieve this, afrane_rate_fracti on can be specified, so that the
codec frame rate can be lower than the transmission frame rate by a factor of 2 or 4.

Figure 3 shows the relationship of video frames, audio codec frames, and audio transmission frames.

codec frame

#1

fragment #1
fragment #1

presentation
substream

fragment #2
fragment #2

transmission frames

fragment #3
fragment #3

7

substream #2| substream #2 |substream #2 |substream #2

substream #1 |substream #1 |substream #1 |substream
fragment #4

fragment #4

NOTE: frame_rate_fraction = 4.
Figure 3: Efficiently transmitting AC-4 with a frame rate matched to video

See dlso clause 5.1.3 and clause 6.3.2.4.
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4.6 Decoder compatibilities

Decoders conforming to the present document shall be capable of decoding bitstreams where 0 <bi t st r eam ver si on <
2. Moreover, decoders conforming to the present document shall be capable of decoding all presentations that conform
to the decoder compatibility level as per clause 6.3.2.2.3 while also conforming to either ETSI TS 103 190-1 [1]
(present ati on_versi on = 0) or to the present document (pr esent at i on_ver si on = 1).

Table 4 showsthe present ati on_confi g values that the decoder shall be able to decode, dependent on the bitstream
version and presentation version. Table 5 shows the substream version values the decoder shall be able to decode,
dependent on the bitstream version and presentation version.

If the bitstream version is 1 and the presentation version is 1, the decoder shall decode the ac4_present ati on_i nf o()
element and evaluate the contained pr esent at i on_confi g value. If that present ati on_confi g is 7, the decoder shall
decodetheac4_presentation_vi_info() element contained in presentation_config_ext_info().

NOTE: If bitstream version =1, for compatibility with ETSI TS 103 190-1 [1], the
ac4_presentation_vl_info() canbecontainedinac4 _presentation_info().

Table 4: Valid combinations of bitstream version, presentation version, and presentation_config

Bitstream Presentation present ation_confi g contained in present ati on_config contained in
version version ac4_presentation_info() ac4_presentation_vl_info()
0 0 {0 ... 6}orpresentation_confignot [N/A
present
1 0 {0 ... 6} orpresentation_confignot [N/A
present
1 1 7 {0 .. 6} or present ati on_confi g not
present
2 {1;2} N/A {0 .. 6} or present ati on_confi g not
present
NOTE: The presentation_confi g can be contained in ac4_presentation_i nfo() and in
ac4_presentation_vl_info(), butdoes notneed to be present in the corresponding bitstream element.
The present ati on_confi g elements marked with N/A are not available because the bitstream element in
which they are contained is not present in the bitstream.

Table 5: Valid combinations of bitstream version, presentation version, and substream version

Bitstream version |Presentation version |Substream version
0 0 0

1 0 0

1 1 {0; 1}

2 {1; 2} 1

4.7 Decoding modes

4.7.1 Introduction

The present document specifies two decoding modes: full decoding and core decoding. The decoder implementation
shall support at least one of these two modes.

4.7.2 Full decoding mode

The full decoding mode supports fully immersive audio experience and the highest resolution of spatial information. In
this decoding mode, the decoding tools, advanced coupling and advanced joint channel coding, decode al coded
channels and enable the immersive channel configurationsto be played back with the maximum number of channels
present. The advanced joint object coding tool decodes the maximum number of audio objects present individualy,
resulting in the highest spatia fidelity.
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4.7.3 Core decoding mode

The core decoding mode enables the immersive experience with a reduced number of channels and the object-audio
experience with reduced spatial information to support decoding on low-complexity platforms. In this decoding mode,
decoding tools such as advanced coupling, advanced joint channel coding or advanced joint object coding operate in the
core decoding mode or are turned off. The decoding of a subset of the channels present in an immersive channel
configuration supports the immersive audio experience for decoders on low-complexity platforms. For object audio, the
core decoding mode supports decoding of a reduced number of audio objectsindividually. This does not mean that any
of the objects present are discarded, but the spatial resolution of the object-audio experience can be reduced.

4.8 Decoding process

48.1 Overview

This clause describes how the decoder, specified in the present document, shall decode the AC-4 bitstream by utilizing
the AC-4 decoding tools specified in clause 5. This process implies the usage of the AC-4 bitstream elements that are
specified and described in clause 6. The general process that shall be performed to decode an AC-4 bitstream is
described by the consecutive steps.

1) Select presentation.

2)  Decode presentation information.

3) Decode al substreams of the selected presentation.
4)  Mix substreams.

5)  Perform dynamic range control and loudness processing.

ETSI



39 ETSI TS 103 190-2 V1.3.1 (2025-07)

Figure 4 shows these steps as a flowchart.

( Bitstream )

v

Presentation selection

v

Decode presentation

forsin 1...N

Decode substream

IN*M

Channel-based substream
mixer

\ 4
Loudness correction

QMF synthesis

v
Sample rate Conversion

v

u/ PCM output >

NOTE: N = Number of substreams in presentation; M = number of objects in OAS (M = 1 for CAS).

Figure 4. Flow diagram of the decoding process (AC-4)

4.8.2 Selecting a presentation

The selection of presentations is application dependent. To successfully select an appropriate presentation and the
related substreams, the decoder may execute the following steps:

1) Createalist of presentations available in the bitstream:

- Initially derive the number of presentations, n_presentations, from the bitstream elements
b_single_presentationandb_nore_presentations inac4_toc(),asindicatedinclause6.2.1.1.

- For each of these n_presentations, parse the presentation information. The presentation information is
carried intheac4_present ati on_i nfo() element if bi t st ream versi on <1and as
ac4_presentation_vl_info() otherwise.
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Select the presentation that is appropriate for the decoder and the output scenario:

Details available to support presentation selection are mainly language type, availability of associated
audio, and type of audio (multichannel for speaker rendering, or apre-virtualized rendition for
headphones). For an alternative presentation (b_al t er nat i ve iStrue), the present at i on_nane element
provides alabel that may be displayed in an appropriate UI.

A decoding system usually employs a user agent to make the choice without the need to directly interact
with the end user.

Only presentations with an nd_conpat value that matches the decoder compatibility level shall be
selected asindicated in clause 6.3.2.2.3.

A presentation that is signalled as disabled (b_enabl e_pr esent at i on isfalse) shall not be selected.

The decoder should not rely on the order and number of presentations, as both can change over time.

Select the substreams to decode:

48.3.1

Depending on the origin of the presentation information for the selected presentation, the audio
substreams to decode are determined differently:

] If the presentation information originates from an ac4_present ati on_i nf o() element, the
substreams associated with the presentation are given by subst r eam i ndex fields within the
substream info elements which are part of the ac4_present ati on_i nf o() €lement.

= If the presentation information originates from an ac4_present ati on_v1_i nfo() element, each
substream group with b_subst r eans_pr esent istrue, referenced by ac4_sgi _speci fier ()
elements, references substreams by means of subst r eam i ndex fields within substream info
elements. All substreams from all substream groups within the presentation shall be selected for
subsequent decoding. If b_mul ti _pi d = 1, additional substream groups from other elementary
streams shall be selected as described in clause 5.1.2.

The subst ream i ndex values are used as an index into the subst ream i ndex_t abl e() and the substream
offset is calculated as described in ETSI TS 103 190-1 [1], clause 4.3.3.12.4.

Alternative presentations (b_al t er nat i ve istrue) alow the application of alternative metadata to the
selected substreams. Each substream used in the alternative presentation keeps OAMD in an
oamd_dyndat a_si ngl e() field. Theal t _dat a_set _i ndex field is used for the identification of the
alternative OAMD as described in clause 6.3.3.1.15.

Decoding of substreams

Introduction

In a presentation where pr esent at i on_ver si on = 1, two types of substreams containing audio content can be present:

Channel-Audio Substream (CAS) (b_channel _coded istrue)

Object Audio Substream (OAS) (b_channel _coded isfalse)

Presentations with present at i on_ver si on = 0 support CAS coding only.

The decoding of each substream is specified by the following steps:

1)
2)
3)
4)

Decode the object properties for all objects present in object audio substreams.

Apply audio spectral front end or speech spectral front end processing.

Apply stereo and multichannel processing.

Depending on the content, apply one of the following decoding tools:

Simple Coupling (S-CPL):
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= Applicableto core decoding mode and full decoding mode.

Advanced Coupling (A-CPL):

" Applicable to full decoding mode (for core decoding mode, gain factors shall be applied instead).
Advanced Joint Channel Coding (A-JCC):

= Applicableto core decoding mode and full decoding mode.

Advanced Joint Object Coding (A-JOC):

L] Applicableto full decoding mode.

5)  Apply dialogue enhancement.

6) For CASonly:

Apply dynamic range control gains present in the bitstream.

7)  Render to the output channel configuration.

Because these steps utilize AC-4 decoding tools specified for different processing domains, additional steps for time-to-
frequency-domain transformation and vice versa, which are not listed in the general steps, shall be performed. A more
detailed specification of the decoding process is shown in figure 5. The following clauses specify individual stepsin

more detail.

The output of the decoding process of one substream depends on the type of the substream as follows:

. CAS:

N audio sample blocks associated to channels, where N is the number of channelsin the output channel
configuration.

. OAS:

4.8.3.2

M times N audio sample blocks associated to channels, where N is the number of channelsin the output
channel configuration and M is the number of audio objects present in the corresponding substream.
Each object is processed individually by the object audio renderer, which produces N audio sample
blocks associated to channels.

Identification of substream types

For the purpose of decoding, substreams can be categorized into the following substream types:

. main;

° music and effects;

. associated audio; or

e  diaogue.

NOTE 1

NOTE 2:

The main substream and the music and effects substream require the same processing; they are considered
as one single substream type in the present document.

For present ati on_versi on = 1, substream types can be identified as specified in clause 6.3.2.2.1 (for
single substream group presentations) and clause 6.3.2.2.2, table 53 depending on the
presentation_config. For presentation_versi on = 0, substream types can be identified as specified in
ETSI TS 103 190-1 [1], clause 4.3.3.3.4.
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Figure 5: Substream decoding

The conditions shown in figure 5 are specified in table 6.
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Table 6: Conditions for substream decoding

immersive_channel_element) and
(immersive_codec_mode in [SCPL,
ASPX_SCPL]))) /* see note 1 */

No. Condition Description

1.1 |if (spec_frontend == 0) Tracks with an associated spectral frontend type of ASF
(spec_frontend = 0) shall be processed by the ASF tool.

1.2 |if (spec_frontend == 1) Tracks associated with the type speech spectral front end
(SSF) (spec_frontend=1) shall be processed by the SSF tool.

2.1 |if ((channel element == If the decoder processes an i mer si ve_channel _el ement

where the i mer si ve_codec_node is either SCPL or
ASPX_SCPL, the decoder shall utilize the S-CPL tool.

2.2

All other cases not covered by the condition 2.1

For all channel elements plus codec mode processing cases
not covered by the condition 2.1, or for object audio, the
S-CPL tool shall be bypassed.

3.1

if ((decoding mode == full decoding) and
(b_channel_coded == 0) and (b_ajoc == 1))

In full decoding mode, the decoder shall use the A-JOC tool
for A-JOC coded content.

3.2

if (codec mode in [ASPX_ACPL_1,
ASPX_ACPL_2, ASPX_ACPL_3]) /* see note 2 */

For full decoding of one channel element where the
corresponding codec mode is one of {ASPX_ACPL_1,
ASPX_ACPL_2, ASPX_ACPL_3}, the decoder shall utilize the
A-CPL tool.

3.3

if ((channel element ==
immersive_channel_element) and
(immersive_codec_mode == ASPX_AJCC))

For decoding the i mrer si ve_channel _el enment where
i mrer si ve_codec_node is ASPX_AJCC, the decoder shall
utilize the A-JCC tool.

3.4

All other cases

All other cases not covered by any of the conditions defined
as 3.1, 3.2, or 3.3 in this table.

effects

4.1 |if the substream type is associated audio Refer to clause 4.8.3.2.
4.2 |if the substream type is dialogue Refer to clause 4.8.3.2.
4.3 |if the substream type is either main or music and  |Refer to clause 4.8.3.2.

NOTE 1: channel el ement refers to the channel element to be processed by the decoder, and it can take one of the
following values: [si ngl e_channel _el ement, channel _pai r _el enent, 3_0_channel _el enent,
5_X_channel _el ement, 7_X_channel _el enent, i mrer si ve_channel _el enent, 22_2_channel _el enent ].
NOTE 2: codec node corresponding to the channel element, which can be one of {mono_codec_node,
st ereo_codec_node, 3_0_codec_npde, 5_X codec_node, 7_X codec_node, i mer si ve_codec_node,
22_2_codec_node}.
4.8.3.4 Decoding of object properties
4.8.3.4.1 Introduction
Decoding of object properties present in the Object Audio Metadata (OAMD) portions of the bitstream shall comprise
the following steps:
1) Retrieve and decode OAMD from the different locations in the bitstream:
- Determine the number and type of objects present in the currently decoded substream group by decoding
the OAMD configuration data.
- Decode the OAMD common data and OAMD timing data applicable to al objects of the substream
group.
- For each object decode the OAMD dynamic data. For an aternative presentation, use the alternative
metadata as indicated in the decoded presentation.
2)  Processthe OAMD timing data to synchronize the object properties with the pulse code modulation (PCM)
audio samples of the object essence(s) as specified in clause 5.9.
4.8.3.4.2 Object audio metadata location

The location of object audio metadata in the substreams depends on whether object properties, coded within the OAMD
portion, apply to all objects, agroup of objects, or an individual object.
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Object properties are coded in multiple OAMD portionsinside the bitstream, which are present on different bitstream
layers. The principle factor that determines the location of specific OAMD information in the bitstream is whether the
object audio substream is coded with A-JOC or not (asindicated by b_aj oc). The location of OAMD dynamic data for
substreams that are not coded with A-JOC also depends on whether alternative presentations are present (as indicated
by b_al t er nat i ve). Table 7 shows the location of the OAMD portions for possible values of b_aj oc.

Table 7: OAMD locations in the bitstream

OAMD portion b_ajoc is false b_ajoc is true

OAMD ac4_substream info_obj (clause 6.2.1.11) ac4_substream info_aj oc
configuration (clause 6.2.1.9)

data

OAMD oand_conmon_dat a (clause 6.3.9.2), contained in oand_conmon_dat a (clause 6.3.9.2),
common data |oand_subst ream(clause 6.3.3.2) contained in oand_subst r eam(clause

6.3.3.2) or ac4_substream i nfo_aj oc
(clause 6.2.1.9)
OAMD timing |oand_ti mi ng_dat a (clause 6.3.9.3), contained in oanmd_ti ni ng_dat a (clause 6.3.9.3),
data oand_subst r eam(clause 6.3.3.2) contained in oand_subst r eam
(clause 6.3.3.2) or audi o_dat a_aj oc
(clause 6.2.3.4)
OAMD The location depends on the value of b_al ter nati ve: QOAMD_dyndat a_si ngl e (clause 6.3.9.4),
dynamic data e Db_alternative is false. contained in audi o_dat a_aj oc
OAMD dyndata_mul ti (clause 6.3.9.5), contained |(clause 6.2.3.4)
in oand_subst r eam(clause 6.3.3.2)
e b _alternativeis true.
QAMD_dyndat a_si ngl e (clause 6.3.9.4),
contained in et adat a (clause 6.2.7.1), which is
contained in ac4_subst r eam(clause 6.2.2.2) and
QAMD_dyndat a_mul ti (clause 6.3.9.5), contained
in oand_subst r eam(clause 6.3.3.2)

If b_al ternative istrue, alternative object properties can be present in the oand_dyndat a_si ngl e element.

If the object audio substream is coded with A-JOC and b_st ati ¢c_dmx isfalse, two individual OAMD portions exist
inside the corresponding substream. Each portion comprises one oand_dyndat a_si ngl e element and up to two optional
oand_t i mi ng_dat a elements. Presence of oand_t i ni ng_dat a elementsin the bitstream isindicated by flags

b_dmx_ti mi ng or b_umx_t i mi ng. The decoder shall use the first portion present in the bitstream for core decoding mode
and the second portion present in the bitstream for full decoding mode.

4.8.3.5 Spectral frontends

The spectral frontend is the first tool that shall be utilized to decode a substream. The spectral frontend decodes the data
present in sf _dat a and provides a block of spectral lines for an audio track and associated information about the
subsequent windowing process for the frequency-to-time transformation.

The sf _dat a elements are present in the channel elements specified in ETSI TS 103 190-1 [1], clause 4.2.6 and
clause 6.2.4. These channel elements are used to encode both channel-audio substreams and object-audio substreams.
Channel-audio substreams contain one or more channel elements to represent the input channel configuration.
Object-audio substreams contain either a single object coded in mono_dat a, or multiple objects coded in channel
element(s).

The AC-4 decoder specification provides two spectral frontend tools:
e  Audio spectral front end:

- The Audio Spectral Front end (ASF) is specified in ETSI TS 103 190-1 [1], clause 5.1. If spec_front end
is 0, the ASF shall be utilized.

Speech spectral front end:

- The SSF is specified in ETS|I TS 103 190-1 [1], clause 5.2. If spec_f ront end is 1, the SSF shall be
utilized.
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The decoder shall utilize the spectral frontend to decode al sf _dat a elements while taking into taking account the
associated sf _i nfo and sf _i nfo_I f e elements as specified in ETSI TS 103 190-1 [1], clauses 6.2.6.3 and 6.2.6.4,
respectively.

4.8.3.6 Stereo and Multichannel Processing (SMP)

The Stereo and Multichannel Processing (SMP) tool shall be utilized to process the output tracks of ASF. If the input
channel configuration is one of the immersive channel configurations, the decoder shall utilize the SMP tool for
immersive input as specified in clause 5.2. For all other input channel configurations or the processing of an object
audio substream, the decoder shall utilize the SMP tool specified in ETSI TS 103 190-1 [1], clause 5.3.

If the input channel configurationis 7.X.4, 9.X.4, 5.X, or 7.X, the audio track acquired from the first sf _dat a element
shall be mapped to the LFE channel, and shall be directly routed to the Inverse Modified Discrete Cosine Transform
(IMDCT) stage, i.e. it is not passed into the SMP tool. If the input channel configuration is 22.2, the audio tracks
acquired from the first two sf _dat a elements shall be mapped to the LFE channels, and shall be directly routed to the
IMDCT stage, i.e. they are not passed into the SMP tool.

4.8.3.7 Inverse Modified Discrete Cosine Transformation (IMDCT)

After SSF processing or ASF processing and SMP, the decoder shall perform a frequency-to-time transformation
utilizing the IMDCT tool specified in ETSI TS 103 190-1 [1], clause 5.5.

4.8.3.8 Simple Coupling (S-CPL)

If the decoder processes ani mer si ve_channel _el enent where theimmersive_codec_mode is either SCPL or
ASPX_SCPL, the decoder shall utilize the S-CPL tool specified in clause 5.3. For the processing of all other channel
elements or object audio, the S-CPL tool shall be bypassed.

4.8.3.9 QMF analysis

The output of the IMDCT tool (subsequently S-CPL processed if applicable) shall be transformed into the Quadrature
Mirror Filter (QMF) spectral domain by the QMF analysis tool described in ETSI TS 103 190-1 [1], clause 5.7.3. The
output of the QMF analysis for each track is one matrix Q(ts, sh), where 0 <ts < num_gmf_timeslots and

0 <sb <num gmf_subbands.

4.8.3.10 Companding

48.3.10.1 Introduction

Use of the companding tool depends on the type of audio substream and the channel elements present in the substream.
The companding tool is specified in ETSI TS 103 190-1 [1], clause 5.7.5. Clause 6.2.9 in the same document defines
how companding is applied in channel audio.

4.8.3.10.2 Channel audio substream

When decoding a channel audio substream containing asi ngl e_channel _el ement , channel _pai r_el enent ,
3_0_channel _el enent , 5_X_channel _el ement Or 7_X_channel _el enent , the decoder shall utilize the companding tool
as specified in ETSI TS 103 190-1 [1], clause 6.2.9.

4.8.3.10.3 Channel audio substream with an immersive channel element

When decoding a channel-audio substream containing an i mer si ve_channel _el enent , where immersive_codec_mode
is ASPX_AJCC, the decoder shall utilize the companding tool as described in ETSI TS 103 190-1 [1], clause 6.2.9 for
theinput channelsL, R, C, Ls, and Rs, where this order is also the order of the channelsin conpandi ng_control .
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In an object-audio substream, the objects are coded in channel elements as specified in clause 6.2.3.3. Objects can be
coded insi ngl e_channel _el enent , channel _pai r_el enent, 3_0_channel _el enent, 5_X channel _el enent . For
objects coded into these channel elements, the decoder shall utilize the companding tool as specified in ETS|

TS 103 190-1 [1], clause 6.2.9 for the corresponding channel elements.

4.8.3.11

48.3.11.1

A-SPX

Introduction

For coding configurations specified in this clause, an AC-4 decoder shall process the QMF domain signal's except for
the LFE channel signal with the advanced spectral extension (A-SPX) tool specified in ETSI TS 103 190-1 [1],
clause 5.7.6. ETSI TS 103 190-1 [1], clause 6.2.10 specifies how the A-SPX tool shall be utilized to process

si ngl e_channel _el enent , channel _pair_el enent, 3_0_channel _el enent, 5_X channel _el enent , and
7_X_channel _el ement . The processing of these channel elementsis also applicable for the processing of an object
audio substream because objects are coded in some of the listed channel elements.

Table 8 summarizes how the decoder shall utilize the A-SPX tool to process ani nmer si ve_channel _el ement and a
22_2_channel _el ement . The processing of these channel elements depends on the decoding mode, the codec mode and
b_5fronts. If i mrersi ve_codec_node is SCPL, or the22_2_codec_node is SIMPLE, no A-SPX processing shall be
performed. Because A-SPX processing is preceded by S-CPL processing, but before A-CPL or A-JCC is applied, the
input signalsto A-SPX are either named as channels or till asintermediate decoding signals (A"-M"), respectively.

Table 8: Channels processed by A-SPX tool

Channel element | Decoding mode Codec mode b_5fronts Channels in A-SPX (see Note 3)
(see Note 1) (see Note 2)
ice Full ASPX_SCPL  [False (Ls, Lb), (Rs, Rb), C, (L, R), (Tfl, Thl),
(Tfr, Tbr)
ice Full ASPX_SCPL True (Ls, Lb), (Rs, Rb), C, (L, Lscr), (R, Rscr),
(Tfl, Thl), (Tfr, Thr)
ice Core ASPX_SCPL X [Ls], [Rs], C, (L, R), [THl], [Tfr]
ice Full/core ASPX_ACPL_1/ |X (A", B", (D", E"), (F", G"), C"
ASPX ACPL 2
ice Full/core ASPX_AJCC X (A", B", (D", E"), C"
22 Only full decoding [ASPX Not present (L, R), (C, Tc), (Ls, Rs), (Lb, Rb), (Tfl,
supported Tfr), (Tbl, Thr), (Tsl, Tsr), (Tfc, Thc), (Bfl,
Bfr), (Bfc, Cb), (Lw, Rw)
NOTE 1: ice =i mversive_channel _el enent, 22 =22_2_channel _el enent .
NOTE 2: Codec mode is one of {i mrer si ve_codec_node, 22_2_codec_node}.
NOTE 3: Order matches aspx_dat a_lch() and aspx_dat a_2ch() in the bitstream.
NOTE 4: Channels without parenthesis or bracket are processed with one aspx_dat a_1ch() element.
NOTE 5: Channels grouped by parentheses are processed together with one aspx_dat a_2ch() element.
NOTE 6: Channels in square brackets are processed with the first of two channels of one aspx_dat a_2ch() element.
48.3.11.2 Core decoding mode with ASPX_SCPL codec mode

When operating in core decoding mode with immersive_codec_mode = ASPX_SCPL.:

e  Thedecoder shall utilize the A-SPX postprocessing tool specified in clause 5.4 for the channels listed in

table 9.

Table 9: Channels to be processed by the A-SPX post-processing tool

b_5fronts channels
0 Ls, Rs, Tfl, Tfr
1 L, R, Ls, Rs, Tfl, Tfr
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e  Thedecoder shall apply a gain factor g = 2 to each output QMF subsample Qoutasex a(ts, sb) of output channel
a, for 0 <ts<num_gmf_timedotsand 0 < sb < num_gmf_subbands.

. If two input channels are processed in this operation, the decoder shall apply the same gain factor g to each
output QM F subsample Qoutasex b(ts, sb) of output channel b, respectively.

4.8.3.11.3 Full decoding mode with ASPX_SCPL codec mode

When operating in full decoding mode with immersive_codec_mode = ASPX_SCPL, the decoding requirements depend
on the value of b_5fronts.

When b_5frontsisfalse:

. The decoder shall apply a channel-dependent gain factor g to each of the output QM F subsamples
Qoutasex a(ts, sb) of output channel a for 0 <ts< num_gmf_timeslots and 0 < sb < num_gmf_subbands.

. If two input channels are processed in this operation, the decoder shall apply the same gain factor g to each
output QM F subsample Qoutasex b(ts, sh) of output channel b respectively.

Table 10 shows the gain factor g for the processing of different input channelsfor b_5frontsis false.

Table 10: Channel-dependent gain for full decoding in
immersive_codec_mode = ASPX_SCPL and b_5fronts is false

Input channels to A-SPX Gain factor g
L,C,R 2
Ls, Lb, Rs, Rb, Tfl, Tbl, Tfr, Thr V2

When b_5frontsistrue:

e  The decoder shall apply a channel dependent gain factor g to each of the output QMF subsamples
Qoutasex a(ts, sh) of output channel a, for 0 <ts< num_gmf_timeslots and 0 < sb < num_gmf_subbands.

. If two input channels are processed in this operation, the decoder shall apply the same gain factor g to each
output QMF subsample Qoutasex b(ts, sb) of output channel b respectively.

Table 11 shows the gain factor g for the processing of different input channels for b_5frontsis true.

Table 11: Channel-dependent gain for full decoding in
immersive_codec_mode = ASPX_SCPL and b_5fronts =1

Input channels to A-SPX Gain factor g
C 2
L, Lscr, R, Rscr 1
Ls, Lb, Rs, Rb, Tfl, Tbl, Tfr, Tbr V2

4.8.3.12 Advanced joint channel coding (A-JCC)

For the full decoding mode of a channel audio substream containing i mer si ve_channel _el enent where

i mer si ve_codec_node is ASPX_AJCC, the decoder shall utilize the A-JCC tool for full decoding mode as specified in
clause 5.6.3.5.2.

For the core decoding mode of a channel audio substream containing i mer si ve_channel _el ement where
i mer si ve_codec_node iS ASPX_AJCC, the decoder shall utilize the A-JCC tool for core decoding mode as specified
in clause 5.6.3.5.3.

The input to the A-JCC tool for full decoding mode, or the A-JCC tool for core decoding mode, is the output of the
preceding A-SPX tool.
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4.8.3.13 Advanced Joint Object Coding (A-JOC)

For the full decoding mode of an object audio substream containing A-JOC coded content (b_aj oc istrue), the decoder
shall utilize the A-JOC tool as specified in clause 5.7.

The input to the A-JOC tool is the output of the preceding A-SPX tool.

4.8.3.14 Advanced coupling (A-CPL)

If the AC-4 decoder operates in full decoding mode, the decoder shall utilize the advanced coupling tool. For decoding
of i mer si ve_channel _el enent , the A-CPL tool is specified in clause 5.5.2. Table 12 shows which channels the
decoder shall process. For decoding of 22_2_channel _el enent , no A-CPL processing is required. For decoding of all
other channel elements, the decoder shall utilize the A-CPL tool specified in ETSI TS 103 190-1 [1], clause 5.7.7. ETSI
TS 103 190-1 [1], clause 6.2.11, specifies which channels the decoder shall process for these channel elements.

Table 12: Channels processed by A-CPL tool for immersive_channel_element

immersive_codec_mode |b 5fronts Channels to be processed by A-CPL
ASPX_ACPL_1, 0 C, L, R, (Ls, Lb), (Rs, Rb), (Tfl, Thl), (Tfr, Tbr)
ASPX_ACPL 2
ASPX_ACPL 1, 1 C, (L, Lscr), (R, Rscr), (Ls, Lb), (Right Side/Surround (Rs), Rb), (Tfl, Thl),
ASPX_ACPL 2 (Tfr, Thr)
NOTE: Channels grouped by parentheses are processed together.

If the AC-4 decoder operatesin core decoding mode for decoding of i mrer si ve_channel _el enent , the decoder shall
not utilize the A-CPL tool, but apply again value g = 2 to all QMF subsamples of each present channel instead (except
for the LFE channel).

4.8.3.15 Dialogue enhancement

The application of dialogue enhancement is performed by different processes depending on the decoding mode and the
substream type: Channel Audio Substream (CAS) and Object Audio Substream (OAS).

For CAS processing, the decoder shall utilize the dialogue enhancement processing tool depending on the input channel
configuration and the coding mode as specified in table 13.

For OAS processing, the decoder shall utilize the dialogue enhancement processing tool depending onb_aj oc as
specified in table 14.

Table 13: Dialogue enhancement tools for CAS processing

Input channel Codec mode Dialogue enhancement tool for Dialogue enhancement tool
configuration core decoding for full decoding
stereo, 5.X, 7.X Any ETSI TS 103 190-1 [1], clause 5.7.8 |ETSI TS 103 190-1 [1],
clause 5.7.8
7.X.4,9.X.4 SCPL, ASPX_SCPL, |ETSITS 103 190-1 [1], clause 5.7.8 [ETSI TS 103 190-1 [1],
ASPX_ACPL 1 clause 5.7.8
7.X.4 ASPX_ACPL_2, ETSI TS 103 190-1 [1], clause 5.7.8 |ETSI TS 103 190-1 [1],
ASPX_AJCC clause 5.7.8
9.X.4 ASPX_ACPL_2 Clause 5.8.2.2 ETSI TS 103 190-1 [1],
clause 5.7.8
9.X.4 ASPX_AJCC Clause 5.8.2.1 ETSI TS 103 190-1 [1],
clause 5.7.8
22.2 Any ETSI TS 103 190-1 [1], clause 5.7.8 |ETSI TS 103 190-1 [1],
clause 5.7.8
Table 14: Dialogue enhancement tools for OAS processing
b_aj oc |Dialogue enhancement tool for core decoding |Dialogue enhancement tool for full decoding
True Clause 5.8.2.4 Clause 5.8.2.3
False Clause 5.8.2.5 Clause 5.8.2.5
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If b_de_si mul cast istrue, the decoder shall use the second de_dat a in di al og_enhancenent for the core decoding
mode.

Table 15 specifies which channels shall be processed by the dialogue enhancement tool specified in ETSI
TS103190-1[1], clause 5.7.8.

Table 15: Channels processed by the dialogue enhancement tool

Input channel configuration |Dialogue enhancement channels
Mono C
Stereo L, R
5.X, 7.X, 7.X4 L,R,C
9.X.4,22.2 Lscr, Rscr, C
4.8.3.16 Direct dynamic range control bitstream gain application

When decoding a channel audio substream with coded dynamic range control gain values present in the bitstream

(dr c_conpressi on_curve_f I ag = 0), the decoder shall decode the gain values for the channel configurations listed in
ETSI TS103190-1 [1], clauses 4.3.13.7.1, and 5.7.9.3.2. The decoder shall utilize the channel groups specified in
table 69 to perform the gain-value decoding analogoudly to ETSI TS 103 190-1 [1], clause 5.7.9.3.2. The decoder shall
apply the decoded gain values to the present channels as specified in ETSI TS 103 190-1 [1], clause 5.7.9.3.3. For core
decoding mode the decoder should discard gain values which are assigned to channels that are not present in the core
channel configuration.

4.8.3.17 Substream gain application for operation with associated audio

This clause describes the application of gains related to associated audio for presentations that include an associated
audio substream.

L ocation of the associated audio gains

If the selected presentation has apr esent ati on_versi on =1 and b_associ at ed istrue in the
ac4_presentati on_subst r eamassociated with this presentation, the gains related to associated audio should be
extracted from there.

If the selected presentation has apr esent ati on_versi on =0 and b_associ at ed istrue in the ext ended_net adat a of
the associated audio substream, the gains related to associated audio decoding should be extracted from there.

Associated audio user gain

Decoder systems should provide an option for consumers to control the level of the associated audio signal by applying
againg_assoc | [-0, 0] dB. If no gainis set, it shall default to 0 dB.

This control may be disabled if the assignment in the | anguage_t ag_byt es of the associated audio substreamis set to
one option with Mix Type premix - see ETSI TS 103 190-1 [1], clause 4.3.3.8.8.

Gain application

The resulting audio signal Y_associatedq, for each channel ch of the associated audio substream can be derived from the
input signal X_associateds, according to:

Y _associated ,, = X_associated ,, X g_assoc
Scale main or music and effects substream

The decoding allows for a gain adjustment of the channels or audio objects in the main or music and effects substream
if an adjustment needsto be done. If no gain values are given, a default of 0 dB shall be used.

For channel-audio substreams, the gain for the Centre channel of the main or music and effects substream, if available,
should be adjusted first using scal e_mai n_cent r e. Next, the gain for the two front channels L and R of the main or
music and effects substream should be adjusted using scal e_mai n_f ront . And finally, the gain for al channels of the
main or music and effects substream should be adjusted using scal e_nai n.

ETSI



50 ETSI TS 103 190-2 V1.3.1 (2025-07)

For object audio substreams, the gain of each audio object should be adjusted using a gain factor g_main which shall be
interpolated depending on the position of the audio object. It shall be determined in the decibel (dB) domain according
to:

g_main(x y z) = ¢, X scale_main_centre + ¢; X scale_main_front + scale_main
with the following position-dependent factors:

C_{(1—|2x—1|)><(1—2y)><(1—22) . y<¥HNz<
¢ 0 , y>%uz>Y

_{|2x—1|x(1—2y)><(1—22) , Yy<¥%Nz<¥%
= 0 . y>%huUz>%

where x = object_position_X, y = object_position_Y and z = object_position_Z are the object's OAMD coordinates as
specified in clause 6.3.9.

Scale dialogue substream

If the selected presentation includes one or more dia ogue substreams alongside an associated audio substream, the gain
for al channels and objects of the dialogue substreams should be adjusted using scal e_mai n_centre,

scal e_mai n_front, and scal e_mai n, analogously to the main or music and effects substream. If no gain values are
given, adefault value of 0 dB shall be used.

4.8.3.18 Substream gain application for operation with dialogue substreams

This clause describes the application of gains related to dialogue for presentations that include a dialogue substream.

Location of the dialogue gains

If the selected presentation has apresent ati on_versi on =1 and b_di al og iStruein the ext ended_net adat a of a
substream, the gains related to decoding of this substream should be extracted from there.

If the selected presentation has apr esent ati on_versi on =0 and b_di al og istruein the ext ended_net adat a of the
dialogue substream, the gains related to decoding of dialogue substreams should be extracted from there.

Dialogue user gain

A single user-agent-provided gain g_dialog ! [-0, g_dialog_max] dB should be applied to al channels of the dialogue
substream. This allows for a user-controlled adjustment of the relative dialogue level. The user-agent default value for
g_dialog shall be 0 dB. If b_di al og_nax_gai n istrue, g_dialog_max shall be retrieved from di al og_nax_gai n as
defined in ETSI TS 103 190-1 [1], clause 4.3.12.4.11, and set to O otherwise.

Theresulting audio signal Y_dialogen for each channel ch of the dialogue substream can be derived from the input signal
X_dialogen according to:

Y_dialog,, = X_dialog,, x g_dialog

4.8.3.19 Substream rendering

Substream rendering describes the process of rendering the decoded channels or object essences to the output channel
configuration. This processis significantly different for the two types of available substreams: channel audio
substreams and object audio substreams:

. Channel Audio Substream (CAYS):

- The decoder shall utilize the channel renderer tool specified in clause 5.10.2 to render the decoded
channels to the output channel configuration, including the consideration of downmix coefficients as
described in the tool specification. Hence, the output of the substream rendering process for one CASis
one instance of the output channel configuration to be mixed by the following substream mixer.
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e  Object Audio Substream (OAYS):

- If b_i st isfalse, the decoder shall utilize an Object Audio Renderer (OAR) tool, not specified in the
present document, to render each present object essence to one instance of the output channel
configuration. A reference AC-4 object audio renderer that may be used as specified in ETS
TS 103448 [i.2]. If b_i st istrue, the decoder shall utilize the I SF renderer tool specified in clause 5.10.3
to render each present object to one instance of the output channel configuration. Hence, the output of the
substream rendering process for one OAS comprises multiple instances of the output channel
configuration to be mixed by the subsequent substream mixer. The input to the OAS for the rendering
process of one object is the decoded object essence of the corresponding object plusits decoded
associated object properties, provided by the decoder interface for object audio specified in annex F.

4.8.4 Mixing of decoded substreams

This clause describes the process of applying substream group gains to the channel configuration instances of the
selected presentation as well as mixing these substreams into a single output channel configuration instance. The
channel configuration instances are the output of the substreams renderers, as described in clause 4.8.3.19.

Application of substream group gains

For presentations with pr esent ati on_ver si on = 1, the respective substream group gain gs, as defined in table 70, shall
be applied to the audio signal Xssy of each substream s which is part of a substream group sg according to:

Yssg = gsg X Xssg
Mixing of substreams

The actual mixing is done for each channel ch by summing up that channel Xsen of each substream s, according to:

n_sub-1
z =0 X s,ch

n_sub

Yen =

where n_sub is the total number of substreams that belong to the presentation to be decoded.
4.8.5 Loudness correction

485.1 Introduction

The loudness of the audio signal is determined by the di al nor mvalue. The AC-4 bitstream syntax supports presence of
additional loudness correction data for the cases where:

. downmixing to alower channel configuration;
. decoding of an aternative presentation;
e  red-timeloudness correction data (derived from real-time loudness estimates) is available.

The following clauses refer to the corresponding bitstream data and specify how to apply the loudness correction.

4.85.2 Dialnorm location

For presentations with pr esent ati on_ver si on = 1, the di al nor mvalue shall be extracted from the
ac4_presentati on_substream

For presentations with pr esent ati on_ver si on = 0, the di al nor mvalue shall be derived from the following sources:
. the basi c_net adat a of the associated substream for presentations containing associated audio; and

e  thesubstream indicated in table 16 for main audio decoding.
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Table 16: Substream containing valid dialnorm information

presentation_config Substream
dialogue

Main

Main

dialogue

Main

Main or dialogue

QR WN[FO

4.85.3 Downmix loudness correction

When downmixing is done in the decoder, the loudness shall be adjusted using the output channel-specific loudness
correction factor fromthel oud_corr element that relates to the selected downmix.

EXAMPLE: When transmitting 7.1.4 content and downmixing it to 7.1, the loudness correction factor
loud _corr_gain_7_Xisused:

loud_corr_gain_ OUT_CH_CONF /
Soud_corr,ch (ts, Sb) =2 6 X Sinch (ts, Sb)

where 0 <ts< num_gmf_timeslots and 0 < sb < num_gmf_subbands.

Here, sncn refersto the samples of each input channel ch and Soud_correh refers to the samples of each output channel ch.
Once a downmix loudness correction factor has been received, this factor is valid until an update is transmitted. A
default value of 0 dB should be used until the first reception of aloudness correction factor.

4.85.4 Alternative presentation loudness correction

When decoding an aternative presentation, i.e. an AC-4 presentation with b_al t er nat i ve iStrue, atarget-specific
loudness correction shall be applied:

target_corr_gain

Stargetfcorr,ch(tSaSb) =2 /6 X Sn,ch(tSva)
where 0 <ts< num_gmf_timeslots and 0 < sb < num_gmf_subbands.

Here, sncn refersto the samples of each input channel ch and Sarget corr,ch refers to the samples of each output channel ch.
target_corr_gain is the target-specific loudness correction factor specified for the target-device category (see table 67)
that matches the playback device. If target-specific loudness correction factors are specified for some target-device
categories only, these factors are used for the unspecified target-device categories according to table 17.

Table 17: Fallback target loudness correction factors

Output channel configuration |Target device category |First fallback |Second fallback

Stereo 1D 2D 3D

5.X,7.X 2D 3D 1D

5.X.2,5.X.4,7.X.2,7.X.4,9.X.4 |3D 2D 1D

Stereo Portable No fallback No fallback
4.85.5 Real-time loudness correction data

When real-time loudness correction datartll_comp_gain is present in the bitstream, this loudness correction factor shall
be applied as:

rtll_comp_gai

n
Srtllfcomp,ch(tSaSb) =10 /20 X Sn,ch(tSva)
where 0 <ts< num_gmf_timeslots and 0 < sb < num_gmf_subbands.

Here, sncn refers to the samples of each input channel ch and Sui_comp,ch refers to the samples of each output channel ch.
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4.8.6 Dynamic range control

NOTE: Only gains originating from compression curves are applied in this clause. Directly transmitted gains are
applied in the substream decoding process as specified in clause 4.8.3.16.

The decoder shall utilize the dynamic range control (DRC) tool specified in ETSI TS 103 190-1 [1], clause 5.7.9 and
DRC metadata dr c_f r ane to apply gains to the channelsin order to adjust the dynamic range of the output signal. For
processing of thei mrer si ve_channel _el ement and the 22_2_channel _el enent , the decoder shall derive the number of
processed channels and the grouping of the corresponding channels from table 69.

If the presentation to be decoded contains an ac4_pr esent at i on_subst ream dr c¢_f r ame shall be extracted from this
one.

If the presentation to be decoded does not contain an ac4_pr esent ati on_subst r eam dr c_f r ame shall be extracted from
met adat a, which is present in the ac4_subst r eam If more than one instance of ac4_subst r eamis present, the decoder
may be set to select ac4_subst r eamaccording to the substream that provides the di al nor mvalue for this presentation as
specified in clause 4.8.5.2.

The DRC tool requires two inputs per channel ch: the audio signal that is the output from a preceding tool (usually
loudness correction), Qinlorc cn, and the signal that is used to measure levels and drive the side chain, Qin2orc ch.

The Qin2prc signal driving the side chain should be the signal that is present at the input to dialogue enhancement (i.e.
it does not include dialogue enhancement) as specified in clause 4.8.3.15. Alternatively, the side chain signal Qin2prc
may be driven with Qinlorc.

4.8.7 QMF synthesis

A QMF synthesis filter shall transform each audio channel from the QM F domain back to the time domain as specified
in ETSI TS 103 190-1 [1], clause 5.7.4.

4.8.8 Sample rate conversion
For values of frame_r at e_i ndex not equal to 13, the following requirements apply:
e  Thedecoder shall be operated at external sampling frequencies of 48 kHz, 96 kHz, or 192 kHz.

. The decoder shall utilize the frame-rate control tool specified in clause 5.11 to adjust the sampling frequency
to the external sampling frequency.

e  The decoder shall use the resampling ratio as specified in ETSI TS 103 190-1 [1], clause 4.3.3.2.6.

For frame_rat e_i ndex = 13, the decoder may be operated at any external sampling frequency.
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5 Algorithmic details

5.1 Bitstream processing

51.1 Introduction

Bitstream tools assemble, multiplex, or select the correct parts of the bitstream for processing.

All the substream tools refer to bits that are parsed from the bitstream. Before substream parsing can commence,
preparatory steps sometimes need to be taken:

. Clause 5.1.2 specifies where to locate the correct parts when presentations have been divided into separate
elementary streams.

. Clause 5.1.3 specifies a pre-collection step before the substream decoder starts.

5.1.2 Elementary stream multiplexing tool
The ESM tool combines substreams from multiple bitstreams according to presentation structure and selection.

AC-4 dlows distributing a presentation over multiple elementary streams. The ESM tool takes multiple AC-4
elementary streams as input, and selects the appropriate substreams of each to present to the decoder for further
processing in asingle instance.

OnTOC level, theac4_present ati on_v1_i nf o() indicates the presentation configuration as described in
clause 6.3.2.2.2:

. If theb_nul ti _pid bitintheac4_presentation_v1_info() elementisfase, the presentationisfully
contained within asingle AC-4 elementary stream, and each substream belonging to the presentation can be
referenced from the subst ream i ndex_t abl e as contained in the Table Of Contents (TOC).

° If theb_mul ti _pid bitintheac4_presentation_v1_info() elementistrue, the presentation is split over more
than one AC-4 elementary stream, and not all substreams required by the presentation are contained within a
single AC-4 elementary stream. In this case the subst ream i nf o_* elements of the TOC do not contain
information about the substream location (and a substream is not included). It is then assumed that system
level signalling provides information about which elementary streams are necessary to fully decode the
presentation.

In the | atter case, the ESM tool shall examine the TOC of all available AC-4 streams for matching
ac4_presentation_vl_info() andac4_substream group_i nfo() elements. These elements, in combination, provide
all necessary references to substreams.

NOTE 1. Details of how to identify matching presentations are outside the scope of the present document.

NOTE 2: The compatibility indication (see clause 6.3.2.2.3) signals the compatibility level necessary for decoding,
rendering and mixing all substreams, regardless of whether they are contained in one elementary stream
or distributed. Thus, all matching presentations share the same value of nd_conpat .

The ESM tool shall then provide the collated presentation information to subsequent processing steps. Detéils are
implementation-dependent; in a straightforward implementation, it may merge al the ac4_present ati on_v1_i nfo()
and ac4_subst ream group_i nfo() elements, as well as the substream payloads, into a new multiplex, building a self-
contained elementary stream.

EXAMPLE: Figure 6 shows a simple example with two input AC-4 bitstreams, ES1 and ES2, both containing
the same presentation information. Two presentations exist that offer the possible combinations of
music and effects with English dialogue or music and effects with French dialogue. The ES1 AC-4
bitstream contains both the music and effects and English dial ogue substreams, and the
subst ream i ndex_t abl e indicates the location of these in the bitstream. However, it does not
indicate the location for the French dialogue substream, as it is not contained in ES1. ES2 contains
the French dialogue and asubst r eam i ndex_t abl e entry for it. The ESM tool combines both ES1
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and ES2 to produce an output that contains all the substreams required by each presentation, be
that music and effects with English or French dialogue. This tool also updates
ac4_substream group_i nfo() and subst ream i ndex_t abl e to reflect the new bitstream structure.

ES1 ES2 Output
TOC TOC TOC
M+E M+E M+E
EN EN EN
M+E M+E M+E
EN EN EN
M+E M+E M+E
FR FR FR
M+E M+E M+E
FR FR FR
Substream Substream Substream
Info O Info O Info O
Substream Substream Substream
Info 1 Info 1 Info 1
Substream Substream Substream
Index M+E Index FR Index M+E
Substream Substream
Index EN Index EN
Substream
Index FR
Substream 0 Substream 0 Substream 0
M+E FR M+E
Substream 1 Substream 1
EN EN
Substream 2
FR

Figure 6: music and effects with English and French dialogue,
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5.1.3 Efficient high frame rate mode

AC-4 is capable of aigning the frame rates with video signals of up to 120 frames per second. To improve encoding
efficiency at high frame rates, the present document introduces an efficient high frame rate mode.

The efficient high frame rate mode is enabled on a per-presentation basis. In this mode, the codec receives AC-4 frames
at the transmission frame rate. The decoder assembles a decodable audio payload from a group of

frame_rate fraction = 2 or frame_rate_fraction = 4 frames of the elementary stream at the nominal framerate.
Assembling a decodable audio payload starts at a frame where sequence_countermodframe_rate fraction = 0 (called
"thefirst frame"). Assembling ends at a frame where (sequence counter + 1)modframe rate fraction = 0 (called "the
last frame"). When assembling is complete, the decoder can decode the entire audio payload.

The first frame contains an unfragmented ac4_pr esent at i on_subst r eam Each successiver aw ac4_frane() contains
the same number n_substreams of substream fragments. See figure 7 for an example.

NOTE 1. Substream fragment sizes of zero length are possible.

raw_ac4_frame raw_ac4 _frame
(=]

c o — ~ c o — ~
o| 5| SE| €2 £2 £2 o| 5|SEH £ £2 £L
9 % Eé mC mC rUC .8 %Emg (UC m{: (UC
Jl eleE| BE pE pE 2 SlsEg 2E o og
O i ftal 0 O 0 O 0 D O §m£~ 0 O 0 O 0 O
© g =} _DE _DE _DE © O _DE _DE .Q[V_J

3|l L3 5 5 5 2|29 S S S
w
—> <€

NOTE: n_substreams = 4.
Figure 7. Example of fragmented payload
The efficient high frame rate mode is active in a bitstream when al of the following conditions are met:
. the bi t st ream versi on is1 or greater;
. the frame rate of the stream as indicated by f r ame_r at e_i ndex islarger than 30 fps (frames per second); and
° the frame _rate fraction astransmitted infrane_rate _fractions_infois2or 4.

The resulting audio frame rates are shown in table 18.

Table 18: Determining the codec internal audio frame rate

Stream Stream frame rate [frame_rate_fraction |audio_frame_rate_index | Audio frame rate
frame_rate_index [fps] [fps]
5 47,95 2 0 23,976
6 48 2 1 24
7 50 2 2 25
8 59,94 2 3 29,97
9 60 2 4 30
10 100 2 7 50
4 2 25
11 119,88 2 8 59,94
4 3 29,97
12 120 2 9 60
4 4 30

To implement the feature, a decoder shall provide a first-in-first-out (FIFO) input buffer capable of storing partial
frames.

NOTE 2: Thisincreases the decoder latency by frame_rate fraction - 1 frames.

ETSI



57 ETSI TS 103 190-2 V1.3.1 (2025-07)

Frames are pushed into the FIFO buffer asthey arrive from the system interface. The decoder shall process framesin
units, where each unit consists of a sequence of frame_rate_fraction consecutive frames, starting with a frame where
sequence_countermodframe_rate fraction = 0.

To process a unit, the decoder shall reassemble the frame by concatenating all the ac4_subst r eam dat a fragments that
are referenced in the selected presentation.

NOTE 3: The control datadelay as specified in ETSI TS 103 190-1 [1], clause 5.6.2 provides smooth operation
across source changes.

EXAMPLE: A possible implementation of the FIFO is shown in figure 8.

NOTE 4: f=frame_rate_fraction; c=sequence_counter.

A

/ New / d fO - 1 d0 /"/I;ramé\‘\\ DECODE ‘//' } ) \\
<~ cmodf= 0 " Ac+ =0 < S { \
frame {emedf=0> NOT—»  PUSH frame —y\(\c\ )m:: f// YEs—y\\commete P YES—P CEmplEtE > END )
arrives ' U . S =
YES YES NO NO
CONCEAL
<\FIFO empty?)— < FIFOfull? >=———YES > + —
. ~. DEQUEUE
’$ NO
CONCEAL
+ —
DEQUEUE

Figure 8: Framing algorithm

See dso clause 4.5.3, and clause 6.3.2.4.
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5.2 Stereo and Multichannel Processing (SMP) for immersive
audio

521 Introduction

Thistool extends the SMP tool as specified in ETSI TS 103 190-1 [1], clause 5.3, by introducing additional processing
modes for the channel _dat a_el enent s specified in clause 6.2.4.

For all the channel _dat a_el ement s specified in ETSI TS 103 190-1 [1], clause 4.2.6, SMP shall be applied according
to ETSI TS 103 190-1 [1], clause 5.3.3. The present document additionally specifies the requirements for processing
i mer si ve_channel _el enent aswell as22_2_channel _el enent .

The multichannel tools take their input from the audio spectral frontend, receiving n-tuples of spectra with matching
time/frequency layout. The multichannel processing tool applies a number of time- and frequency-varying matrix
operations on these tuples. Between two and twenty-two spectra are transformed at atime.

Parameters for the transformations are transmitted by chpar am i nf o() €lements; the various transform matricesM (up
10 22 x 22) are built up from these parameters as described in the following paragraphs.

When the tuples have been transformed, they are passed on to the IMDCT transform, defined in ETSI TS 103 190-1 [1],
clause 5.5. Generally, the input to the multichannel processing tool does not have a " channel” meaning. For the
processing of i mrer si ve_channel _el enent , the output of the SMP tool represents intermediate decoding signals. For
the processing of al other channel elements, the output from the tool carries channelsordered asL, R, C, Ls, Rs, etc.

The general processing flow of thetool isillustrated in figure 9.

TS 103 190-1 [1] TS 103 190-2 (present document)
: ASF or SSF :
B‘t;:;am — ?SZ??;I']!}g e {Ei?:'l:l:f;::f;i] —— Track assignment ————3» Matrixing

Figure 9: General processing flow in the extended SMP tool

522 Interface

5221 Inputs
The input to the SMP tool are scaled spectral lines of tracks derived from decoding the sf _dat a element stored in:
e achannel _pair_el ement (Nsap=2);
. a3_0_channel _el ement (Ngap = 3);
. as5_X_channel _el enent (Nsap =5);
. a7_X_channel _el ement (Ngap = 7);
. ani mer si ve_channel _el enent (Nsap = 11/13); or
e a22 2 channel _el erent (Nsap = 22);
using the ASF tool:

S sMP,[0[1]...] Up to n sap vectors of spectral lines, each vector representing atrack decoded from an sf _dat a
element.

NOTE: Thetracks are numbered according to their occurrence in the bitstream, starting from track ssvp,o.
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5.2.2.2 Outputs
The outputs from the extended SMP tool are n sap blocks of scaled spectral lines:

Ssmpa"Bic’l..] N sap vectors of blk_len spectral lines assigned to intermediate decoding signals. In most cases
these signals are implicitly assigned to channels (L, R, C, ...) with discrete speaker locations.

NOTE: Seeclause A.3for alisting of channel abbreviations.

5.2.2.3 Controls
The bitstream and additional information used by the stereo audio processing tool is:
blk_len Block length. Equal to the number of input and output spectral linesin one channel.

sap_used[g][sfb]  Array indicating the operating mode of the stereo audio processing tool for group g and scale
factor band sfb.

sap_gain[g][sfb] Array of real-valued gains for group g and scale factor band sfb.
5.2.3 Processing the immersive_channel_element

5231 Introduction

Thei mer si ve_channel _el enent enables the immersive channel configurationslisted in clause A.3, intable A.31,
columns "5.X.0" through "9.X.4". Thei mer si ve_channel _el enent provides a number of audio tracks derived from
different combinations of channel data elements (see ETSI TS 103 190-1 [1], clause 5.3.3), similarly to the
5_X_channel _el enent andthe7_X channel _el enent .

The following clauses specify the processing for different settings of the immersive_codec_mode.

5.2.3.2 immersive_codec_mode € {SCPL, ASPX_SCPL, ASPX_ACPL_1}

This clause defines stereo/multichannel processing when immersive_codec_mode 1 { SCPL, ASPX_SCPL,
ASPX_ACPL_1}.

1) Tracks O, Oy, ..., O12 shall be produced as specified in ETSI TS 103 190-1 [1], clause 5.3.3.

NOTE 1: If b _Sfrontsisfalse, the tool operates only on 11 input tracks. In this case, all subsequent operations on
tracks O11, O12 (and [L,M] further down) can be disregarded.

2) Tracks Oy, Oy, ..., Or2 shall be assigned to internal output tracks A, B, C, ... as specified in table 19.
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Table 19: Track assignment

ETSI TS 103 190-2 V1.3.1 (2025-07)

core_5ch_grouping 0 (see note 2) 1 | 2 3
2ch_mode 0 1 N/A
Element Input Output Input | Output Input Output Input Output

mono_dat a [l JiCl_[ICl |- : [6] [C] - -
1%%t wo_channel _data [0,1] [A,B] |[A,D] |[3,4] [D,E] [4,5] [F,G] [5,6] [F,G]
2"t wo_channel _dat a [2,3] [D,E] |[B,E] |[5,6] [F,G] [7,8] [H,1] [7,8] [H,1]
3" wo_channel data [4,5] [F.G] |[F.G] |[7,8] [H.1] [9,10] [J,K] [9,10] [3.K]
4™t wo_channel _data [7,8] H,1 ([H1] 1[9,10] |[J.K] [11,12] [L,M] [11,12] [L,M]
5"t wo_channel _dat a [9,20] |[J.K] |[3.K] [[11,12] |[L,M] - - - -
6"t wo_channel _dat a [11,22] [[LM] [[LM] |- - - - - -
t hree_channel _dat a - - [0,1,2] [[AB,.C] |- - - -
four _channel _data - - - - [0,1,2,3] |[AB,D,E] |- -
five_channel _data - - - - - - [0,1,2,3,4] |[AB,C,D,E]

NOTE 1: Tracks Oi are labelled [i] in this table for convenience of notation.
NOTE 2: When cor e_5ch_groupi ng = 0, the assignment of input tracks from the first two t wo_channel _dat a
elements to the output signals depends on the element 2ch_node.

EXAMPLE: Let core_5ch_groupi ng = 1. Processing the first t wo_channel _dat a element (specified in ETSI

TS 103 190-1 [1], clause 5.3.3) produces outputs Op,01. The outputs are assigned to tracks E, D.
These are input to the next step.

3) Determine parameters a;, by, ¢, di (i [ {0,1}).

- If b_use_sap_add_ch istrue, the parameters a;, by, ¢, di (i [ {0,1}) shall be read from the contained
chpar am i nf o elements as specified in ETSI TS 103 190-1 [1], clause 5.3.2.

- Otherwise, the parameters shall be determined asfollows: ai=di =1, bi=¢ =0.

4)  ProcesstracksD, E, F, G asfollows:

D] [& by 0 0O D
Fl _|c do 0 0 y F
El |0 0 a b |E
G 0 0 ¢ dl |G

NOTE 2: Only thesignalsD, E, F, and G are modified in this step; al others are passed through into A" through C'
and F' through M'.

5) Determine parameters a'j.

- If thesap_nmode =ful | SAP, the parameters aj shall be extracted from n_elem chpar am i nf o elements,
6 ifb Sfronts= 0

<i
4 else and0<j<n_elem.

wheren _elem = {

- Otherwise, the parameters a'j shall be set to 0.
6) Produce the outputs of the stereo and multichannel tool as specified in table 20.

NOTE 3: These outputs are not assigned to dedicated channels until they have passed either one of the coupling
tools (S-CPL/A-CPL) or the A-JCC tool.
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Table 20: Matrixing

b_5fronts Mapping
0 A7 1 0 0 0 0 0 0 0 0 0 0] A"
B'f [0 1 0 0 0 0 0 0 0 0 O] |B
cl [0 01 0 0 0 0 0O O O [C
Dl [0 00 1 0 0 0 0 O0 0 O |D
E'] |0 00 0O 1 0 0 0 0 0 O] |E
F'l=l0 0 0 0 0 1 0 0 0 0 O|x|F
gl [o oo o o o 1 00 0 0 |l
Hl o o 0 a2, o o 0o 1 0 0 O |n
" 000 0 a 0 0 010 of [r
J!V looo o o a 0o oo0 10| 7
k'l 1o 0o o 0 0 0 & 0 0o o 1/ Lk
1 A"y 1 0 0 0 O 0O O 0 0 O O 0O 07 A"
B" 0 1. 00 0 0 0 0O0O0UO0TO0 Of [B
c 0 0 1.0 0 0 0 0O0O0O0TO0 O jC
D" 0 001 0 0 0 0O0O0TOTO0 O [D
E 0 000 1 0 0 00O0O0O0OTO0O [F
=L 0 000 0 1 0 000O0TUO0OTO0ODO |F
G'|l=f0 0 0 0 0 0 1 00 O0 0 0 O|lx|c
H" 0 0 0d 0 0 0 100 0 0 Of |pH
" 0 0 00 a&a o0 0 01000 o0 |
J 0 0 00 0 a 0 001000 |J
K" 0 0 00 0 0 a 00010 of Ik
L la,b, 0 0 0 0 0 0 0 0 O O 1 0] |L
M) Lo a 0 0 0 0 0 00 0 0 0 1l Lm
5.2.3.3 immersive_codec_mode = ASPX_ACPL_2

This clause defines processing when immersive_codec_mode = ASPX_ACPL_2.
1) Tracks O, Oy, ..., Os shal be produced as specified in ETSI TS 103 190-1 [1], clause 5.3.3.
2) TracksA, B, C, D, E, F, G shal be assigned to tracks A' through G' as specified in step 2 in clause 5.2.3.2.
3) Therest of the tracks shall befilled with silence.
- If b_5fronts isfalse, silence tracks H' through K'.
- If b_5fronts istrue, silencetracks H' through M'.

4)  The outputs of the stereo and multichannel tool are tracks A' through K'/M".

5.2.3.4 immersive_codec_mode = ASPX_AJCC
This clause defines processing when immersive_codec_mode = ASPX_AJCC.
1) Tracks Op,04,...,04 shall be produced as specified in ETSI TS 103 190-1 [1], clause 5.3.3.

2) TracksA, B, C, D, E shall be assigned to tracks A’ through E' as specified in step 2 in clause 5.2.3.2, where
b Sfrontsisfalse.

3) Therest of the tracks shall be filled with silence.
- If b_5fronts false, silence tracks F' through K.
- If b_5frontsistrue, silence tracks F' through M'.

4)  Theoutputs of the stereo and multichannel tool are tracks A' through K'/M'.
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524 Processing the 22_2 channel_element

The22_2_channel _el enent enables the channel configuration for 24 channels (including two LFE channels) as
described intable A.27, column "22.2". The 22_2_channel _el ement comprisestwo nono_dat a elementsand 11
two_channel _dat a elements.

These channel data elements shall be processed according to ETSI TS 103 190-1 [1], clause 5.3.3. The processed
elements shall be assigned to output channels as shown in table 21.

Table 21: Input and output mapping for 22_2 codec_mode O {SIMPLE, ASPX}

element Input | Output
mono_data[0] [0] [LFE]
mono_data[1] [1] [LFE2]

two_channel_data[0] [[2,3] [L, R]
two_channel_data[1] |[[4,5] [C, Tc]
two_channel_data[2] [[6,7] [Ls,Rs]
two_channel_data[3] [[8,9] [Lb, Rb]
two_channel_data[4] [[10,11] [[Tfl, Tfr]
two_channel_data[5] [[12,13] |[Tbl, Tbr]
two_channel_data[6] |[[14,15] [[Tsl,Tsr]
two_channel _data[7] [[16,17] [[Tfc,Thc]
two_channel_data[8] [[18,19] |[[Bfl,Bfr]
two_channel_data[9] [[20,21] |[Bfc,Cb]
two_channel_data[10] |[22,23] |[Lw,Rw]
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5.3 Simple Coupling (S-CPL)

5.3.1 Introduction
The simple coupling tool operates in the time domain, processing the output of the IMDCT. The simple coupling tool is

used on signalsthat are coded in ani mrer si ve_channel _el enent when immersive_codec_mode [ { SCPL,
ASPX_SCPL}.

53.2 Interface

5.3.21 Inputs
Xin scpL[aBl...] N scein time domain signals, each being an IMDCT processed output signal of the SMP tool.

The Xin scpL signals each consist of frame_length PCM audio samples. The number of S-CPL input signals, n scpin,
depends on b_5fronts asindicated in table 22.

Table 22: Number of S-CPL input sighals

b_5fronts |[nscpL.in
False 11
True 13

5.3.2.2 Outputs

Xout scpe fapl..] N scpLout decoupled time signals.

The Xout scp. signals each consist of frame_length PCM audio samples. The number of S-CPL output signals, N scei ot
equals n scpyin. FOr core decoding, N scpiout IS limited to a maximum of seven channels.

5.3.3 Reconstruction of the output channels

5.3.3.1 Full decoding

In full decoding mode, the output channels (L, R, C, ...) of the simple coupling tool are created using a multiplication of
amatrix M sce. Withthe 11 or 13 IMDCT processed output signals (A", B", C", ...) of the stereo and multichannel
processing tool (seetable 20). The descriptors (A", B, C", ...) arere-used to clarify the connection between these

two tools.

The output channels shall be created as specified in table 23, where the values of ¢c_gain and m_gain are assigned as
follows:

C oain = {2 ifimmersive_codec_mode = SCPL
gan =1, ifimmersive_codec_mode = ASPX_SCPL

V2 ifimmersive_codec_mode = SCPL

m_gain = . .
-9 { 1 ifimmersive_codec_mode = ASPX_SCPL
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Table 23: S-CPL channel mapping for immersive_codec_mode O {SCPL, ASPX_SCPL}
for full decoding

b _5fronts Output channel mapping
L A"
R|=c_gainx |B"
C c
LS % % 0 0 0 0 0 071 [DY
Lb % —% 0 0 0 0 0 0 H"
0 Rs 0 0 % % 0 0 0 0 E"
Rb| . 0 0 % -% 0 0 0 0 "
TH|TMGANXZX 5 0 0 0 1w o oo o X
Thl 0 0 0 0 % —-% 0 0 J
Tir 0 0 0 0 0 0 % w!l le
[ Thr lo 0 0o 0 0o o0 ¥ -yl lk
[C] = c_gainx [C"]
Lw % % 0 0 A"
Lscr % —% 0 0 L"
rRe|=2%l0 o u w|X|B
Rscr 0 0 % -wl [m
LS % % 0 0 0 0 0 017 D"
1 Lb % —-% 0 0 0 0 0 0 H"
Rs 0 0 % % 0 0 0 0 =
Rb| . 0 0 % —-% 0 0 0 0 "
Th|TMGANXZX G 0 0w o oo o X
Thl 0 0 0 0 % —-% 0 0 J
Tir 0 0 0 0 0 0 % wn!l le
[ Thr 0 0 0 0 0 0 w -l Ikl
5.3.3.2 Core decoding

In core decoding mode, the output channels (L, R, C, ...) of the simple coupling tool are created by processing of the
first Nscer ot processed IMDCT output signals (A", B", C", ...) of the stereo and multichannel tool (see table 20) and
assigning them to the output channels.

The output channels shall be created as specified in table 24, where the value of ¢_gain is assigned as follows:

C oain = {2 ifimmersive_codec_mode = SCPL
~gan =1, ifimmersive_codec_mode = ASPX_SCPL

Table 24: S-CPL channel mapping for immersive_codec_mode 0 {SCPL, ASPX_SCPL}
for core decoding

Output channel mapping
[ LT 1 0 0 0 0 0 07 rA™
R 010 0 0 0O B"
C 0 01 0 0 0 O c'
Lsl=cganx|0 0 0 1 0 0 oO|x|D"
Rs 0 00 0100 E"
Tl 0 00 0010 F"
LTfr 0 0 0 0 0 0 11 LG“
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54 Advanced Spectral extension (A-SPX) postprocessing tool

541 Introduction

The A-SPX post processing tool appliesagain factor of -1,5 dB to the input signal (s) and passesit to the output.
5.4.2 Interface

5421 Inputs
Qinaspx_ppoj12...] num_sig complex-valued QM F matrices.
The Qinasex_pp matrices each consist of num_gmf_timesl ots columns and num_gmf_subbands rows.

If b_5fronts istrue, num sigis 6; otherwise, num sigis4.

5422 Outputs
Qoutaspx_pp012]...] num_sig complex-valued QM F matrices.

The Qoutaspx matrices each consist of num_gmf_timeslots columns and num_gmf_subbands rows.

5.4.3 Processing
The decoder shall process the input signals:
Qinasex_prroppl...] = Q_in_ASPX_PP[i], fori=0,1,2,...
to calculate the output signals:
Qoutasex_pejopp..] = Q_out_ ASPX_PP[i], for i=0,1,2,...
as specified in pseudocode 1.

Pseudocode 1: A-SPX post processing

for (i=0; i<numsig; i++)
for(ts=0; ts<numggnf _tinmeslots; ts++)
for (sb=sbx; sb<num gnf_subbands; sb++)
, Qout_ASPX PP[i][ts][sh] = 0.841395 * Qin_ASPX PP[i][ts][sh]; // -1.5 dB

}
}

NOTE: sbxisspecifiedin ETSI TS 103 190-1 [1], clause 5.7.6.

ETSI



66 ETSI TS 103 190-2 V1.3.1 (2025-07)

5.5 Advanced coupling (A-CPL) for immersive audio

551 Introduction

The specification of the A-CPL tool in this section extends the specification of the A-CPL tool in ETSI
TS 103 190-1 [1], clause 5.7.7, to support A-CPL for channel-based immersive audio.

5.5.2 Processing the immersive_channel_element

When decoding an i nmer si ve_channel _el ement in full decoding mode and

immersive_codec_mode 1 { ASPX_ACPL_1, ASPX_ACPL_2}, the decoder shall utilize the A-CPL tool specifiedin
this clause. In this case, the core_channel_configis 7CH_STATIC and either four or six parallel A-CPL modules are
utilized. If b_5frontsistrue, thirteen input channels are present and are processed by six A-CPL modules. If b_5frontsis
false, eleven input channels are present and are processed by four A-CPL modules. The mapping of the channels to
A-CPL input (xO ... x12) and output variables (z0 ... z12) is specified in table 25.

Table 25: Mapping of channels with A-CPL input/output variables
for immersive_channel_element and b_5fronts

A-CPL Input / Output variable Channel
x0/z0 L

x1/z2 R

X2/ z4 C

x3/z1 Lscr (see note)
x4/ z3 Rscr (see note)
x5/25 Ls

X6/ z7 Rs

X7/ z6 Lb

x8 /z8 Rb

x9/29 THl

x10/z11 Tir

x11/z10 Thl

x12 /z12 Tbr

NOTE:  Only applicable if b_5fronts is True
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Pseudocode 2 describes how the decoder shall calculate the output signals.

Pseudocode 2: Calculation of A-CPL output signals for immersive audio

x5in = 2*x5;

x6in = 2*x6;

x9in = 2*x9;

x10in = 2*x10;

u0 = inputSignal Modi fication(x5in); // use decorrelator DO
ul = inputSignal Modification(x6in); // use decorrelator DO
u2 = inputSignal Modification(x9in); // use decorrelator D1
u3 = input Signal Modi fication(x10in); // use decorrelator DIl
y0 = appl yTransi ent Ducker (u0) ;

y1l = appl yTransi ent Ducker (ul);

y2 = appl yTransi ent Ducker (u2);

y3 = appl yTransi ent Ducker (u3);

if (codec_npde == ASPX ACPL_1) {
X7in = 2*X7;
x8in = 2*x8;
x1lin = 2*x11;
x12in = 2*x12;

(z5, z6) = ACpl Mbdul e(acpl _al pha_1_dq, acpl_beta_1_dg, numpset_1, x5in, x7in, y0);
(z7, z8) = ACpl Mobdul e(acpl _al pha_2_dq, acpl_beta_2_dqg, numpset_2, x6in, x8in, yl);
(z9, z10) = ACpl Modul e(acpl _al pha_3_dq, acpl_beta_3_dqg, numpset_3, x9in, x1lin, y2);
(z11, z12) = ACpl Modul e(acpl _al pha_4_dq, acpl _beta_4_dq, numpset_4, x10in, x12in, y3);

if (b_5fronts) {

u4 = inputSignal Modification(x0in); // use decorrelator D2
u5 = inputSignal Modi fication(xlin); // use decorrelator D2
y4 = appl yTransi ent Ducker (u4);
y5 = appl yTr ansi ent Ducker (u5) ;
x0in = 2*x0;
xlin = 2*x1;
x3in = 2*x3;
x4in = 2*x4;
(z0, z1l) = ACpl Mbdul e(acpl _al pha_5_dq, acpl _beta_5_dg, numpset_5, x0in, x3in, y4);
(z2, z3) = ACpl Mobdul e(acpl _al pha_6_dq, acpl _beta_6_dqg, numpset_6, xl1lin, x4in, y5);
}
el se {
z0 = 2*x0;
z2 = 2*x1;
}
}
else if (codec_npde == ASPX_ACPL_2) {
(z5, z6) = ACpl Mbdul e(acpl _al pha_1_dq, acpl_beta_1 _dg, numpset_1, x5in, 0, yO0);
(z7, z8) = ACpl Mobdul e(acpl _al pha_2_dq, acpl_beta_2_dqg, numpset_2, x6in, 0, yl);
(z9, z10) = ACpl Mbdul e(acpl _al pha_3_dq, acpl _beta_3_dg, numpset_3, x9in, 0, y2);
(z11, z12) = ACpl Mbdul e(acpl _al pha_4_dq, acpl _beta_4_dg, num pset_4, x10in, 0, y3);

if (b_5fronts) {

u4 = inputSignal Modification(x0in); // use decorrelator D2
u5 = input Signal Modi fication(xlin); // use decorrelator D2
y4 = appl yTr ansi ent Ducker (u4);

y5 = appl yTr ansi ent Ducker (u5) ;

x0in = 2*x0;

xlin = 2*x1;

(z0, z1l) = ACpl Mbdul e(acpl _al pha_5_dq, acpl _beta_5_dg, numpset_5, x0in, 0, y4);
(z2, z3) = ACpl Mbdul e(acpl _al pha_6_dq, acpl _beta_6_dg, numpset_6, xlin, 0, y5);

el se {
z0 = 2*x0;
z2 = 2*x1;
}
}
z4 = 2*x2;
z5 *=sqrt(2);
z6 *= sqrt(2);
z7 *=sqrt(2);
z8 *= sqrt(2);
z9 *=sqrt(2);
z10 *= sqrt(2);
z11 *= sqrt(2);
z12 *= sqrt(2);

The functions inputS gnalModification() and applyTransientDucker () are defined in ETSI TS 103 190-1 [1],
clauses5.7.7.4.2 and 5.7.7.4.3, respectively, and ACplModul&() is defined in ETSI TS 103 190-1 [1], clause 5.7.7.5.
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The variables num _pset_1 to num_pset_6 indicate the value acpl_num_param_sets of the corresponding
acpl _data_1ich() element.

Thearraysacpl_alpha 1 dqg and acpl_beta 1 dq are the dequantized values of acpl _al phal and acpl _bet a1 of the
first acpl _dat a_1ch() element and all analogue variables with higher numbering should be calculated the same way
using the corresponding acpl _dat a_1ch() element.

The dequantization is performed as described in ETSI TS 103 190-1 [1], clause 5.7.7.7.

5.6 Advanced Joint Channel Coding (A-JCC)

56.1 Introduction

The Advanced Joint Channel Coding (A-JCC) tool improves coding of multiple audio channels. The coding efficiency
is achieved by representing the multichannel audio using a five-channel audio signal and parametric side information.
The A-JCC tool supports the full decoding mode as specified in clause 5.6.3.5.2 and the core decoding mode as
specified in clause 5.6.3.5.3.

5.6.2 Interface

5.6.2.1 Inputs

Qin ascc [ABICIDIE] Five complex valued QMF matrices of five input audio channels to be processed by the
A-JCC tool.

The Qin axcc matrices each consist of num_gmf_timeslots columns and num_gmf_subbands rows.

5.6.2.2 Outputs

Qout ascc[Lr(C]...] ajcc_num_out complex-valued QMF matrices corresponding to the number of
reconstructed audio channels.

The Qout ajcc matrices each consist of num_gmf_timeslots columns and num_gmf_subbands rows. ajcc_num_out
denotes the number of reconstructed output channels and depends on the decoding mode and b_5fronts as specified in
table 26.

Table 26: ajcc_num_out

Decoding mode |b_5fronts |ajcc_num_out
. False 11

Full decoding True 13

Core decoding  [X 7

56.2.3 Controls

The control information for the A-JCC tool consists of decoded and dequantized A-JCC side information. The side
information contains parameters to control the dequantization process described in clause 5.6.3.2, the interpolation
process described in clause 5.6.3.3, the decorrelation process described in clause 5.6.3.4, and parameters which are used
in the reconstruction process described in clause 5.6.3.5. The parameter band to QMF subband mapping is explained in
clause 5.6.3.1.
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5.6.3 Processing

5.6.3.1 Parameter band to QMF subband mapping

The A-JCC parameters are transmitted per parameter band. Like in the A-CPL tool, the parameter bands are groupings
of QMF subbands and they have lower frequency resol ution than the QM F subbands. The mapping of parameter bands
to QMF subbands for the A-JCC tool is the same as the mapping for the A-CPL tool as specified in ETSI

TS 103 190-1 [1], table 197. The number of parameter bands: 7, 9, 12, or 15 isindicated via the bitstream element
ajcc_num_param bands id.

5.6.3.2 Differential decoding and dequantization

Differential decoding as described in the pseudocode shown in pseudocode 3 shall be performed to get the quantized
valuesajcc_SET_q from the Huffman decoded values ajcc_SET. SET isan identifier for the A-JCC parameter set type,
and is one of:: dry1f, dry2f, dry3f, dry4f, drylb, dry2b, dry3b, dry4b, wetlf, wet2f, wet3f, wetdf, wet5f, wet6f, wetlb,
wet2b, wet3b, wetdb, wet5b, wet6b, alphal, alpha2, betal, beta2, dryl, dry2, dry3, dry4, wetl, wet2, wet3, wet4, wet5,
wet6.

Pseudocode 3: Differential decoding for A-JCC

[/ differential decoding for A-JCC

/'l input: array ajcc_SET (SET in {drylf, dry2f, ..., wet6})

/'l vector ajcc_SET _q_prev

/] output: array ajcc_SET_q

num ps = numps[SET]; // nunber of ajcc paraneter sets for SET
/'l = ajcc_numparamsets_code + 1 for SET

for (ps = 0; ps < numps; ps++) {

if (diff_type[ps] == 0) { /1 DI FF_FREQ
ajcc_SET _q[ps][0] = ajcc_SET[ps][O];
for (i = 1; i < numbands; i++) {
ajcc_SET qg[ps][i] = ajcc_SET _q[ps][i-1] + ajcc_SET[ps][i];
}
el se { /1 DI FF_TI ME
for (i = 0; i < numbands; i++) {
ajcc_SET q[ps][i] = ajcc_SET_qg_prev[i] + ajcc_SET[ps][i];

}
aj cc_SET _qg_prev = ajcc_SET_q[ps];

}

The quantized values from the last corresponding parameter set of the previous AC-4 frame, ajcc_SET_q_prev, are
needed when delta coding in the time direction over AC-4 frame boundaries.

The dequantized values ajcc_alphal dq, ajcc_alpha2_dq, ajcc_betal dq, and ajcc_beta2_dq are obtained from
ajcc_alphal g, ajcc_alpha2_q, ajcc_betal g, and ajcc_beta? qusing ETSI TS 103 190-1 [1], table 203 and ETSI
TS 103 190-1[1], table 204 if the quantization mode is set to fine(aj cc_gm ab = 0), and using ETSI TS 103 190-1 [1],
table 205 and ETSI TS 103 190-1 [1], table 206 if the quantization mode is set to coarse (aj cc_gm ab = 1).

For each parameter, an index ibeta is obtained from ETSI TS 103 190-1 [1], table 203 or ETSI TS 103 190-1 [1],

table 205 during the dequantization of the alpha values. Thisvalueisused in ETSI TS 103 190-1 [1], table 204 or ETSI
TS 103 190-1 [1], table 206, for fine and coarse quantization modes respectively, to calculate the corresponding
dequantized beta value.

The dequantized values ajcc_dryX_dq are obtained from the ajcc_dryX_q values by multiplying the entries of
ajcc_dryX_q by the delta factor corresponding to the signalled quantization mode and by subtracting a value of 0,6.
This operation is shown in pseudocode 4.

Pseudocode 4: Dequantization of A-JCC dry values

/'l dequantization of A-JCC dry val ues

if (quant_npde == 0) /1 fine quantization
delta_dry = 0.1;

el se
delta_dry = 0.2;
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for (i = 0; i < numbands; i++)
{
ajcc_dryX dg[i] = ajcc_dryX gq[i] * delta_dry - 0.6;

The deguantized values ajcc_wetX_dq are obtained from the ajcc_wetX_q values by multiplying the entries of
ajcc_wetX_q by the delta factor corresponding to the signalled quantization mode and by subtracting a value of 2,0.
This operation is shown in pseudocode 5.

Pseudocode 5: Dequantization of A-JCC wet values

/'l dequantization of A-JCC wet val ues

if (quant_npde == 0) /1 fine quantization
delta_ wet = 0.1;

el se
delta wet = 0.2;

for (i = 0; i < numbands; i++)
{
ajcc_wetX dg[i] = ajcc_wetX g[i] * delta_wet - 2.0;
}
5.6.3.3 Interpolation

Parameter sets are transmitted either once or twice per frame, determined by the variable ajcc_num_param_sets.

Decoded and dequantized A-JCC parameters carried in the bitstream are time-interpolated to calculate values that are
applied to the input of the decorrelator and to the ducked output of the decorrelator. Two forms of interpolation, smooth
and steep, are utilized to interpolate values for each QMF subsample:

e When smooth interpolation is used, the values for each QM F subsampl e between consecutive parameter sets
are linearly interpolated.

. When steep interpolation is used, the values for each QM F subsamples are switched over instantaneously at
the QMF time dot indicated by aj cc_param ti nesl ot .

The interpolate_ajcc() function, used in clause 5.6.3.5, is described by the pseudocode shown in pseudocode 6.

Pseudocode 6: interpolate_ajcc()

i nterpol ate_ajcc(aj cc_param num pset, sh, ts)

{

numts = numgnf_ti nmeslots;

if (ajcc_interpolation_type == 0) { // snmooth interpolation

if (numpset == 1) { // 1 paraneter set
delta = ajcc_paran|{0][sb_to_pb(sbh)] - ajcc_param prev[sb];
interp = ajcc_paramprev[sh] + (ts+l)*delta/numts;

}

el se { /] 2 paraneter sets
ts_2 = floor(numts/2);
if (ts <ts_2) {

delta = ajcc_paranf0][sb_to_pb(sb)] - ajcc_paramprev[sb];

interp = ajcc_paramprev[sb] + (ts+l)*delta/ts_2;
el se {
delta = ajcc_paran|1][sb_to_pb(sh)] - ajcc_paranf0][sb_to_pb(sb)];
interp = ajcc_paranf0][sb_to_pb(sb)] + (ts-ts_2+1)*delta/(numts-ts_2);
}
}
else { // steep interpolation
if (numpset == 1) { // 1 paraneter set
if (ts < ajcc_paramtineslot[0]) {
interp = aj cc_paramprev[sb];
}
el se {
interp = ajcc_paranf0][sb_to_pb(sh)];
}
}
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el se { /] 2 paraneter sets
if (ts < ajcc_paramtineslot[0]) {
interp = aj cc_param prev[sb];

else if (ts < ajcc_paramtinmesliot[1]) {
interp = ajcc_paranf0][sb_to_pb(shb)];

el se {
interp = ajcc_paranf1][sb_to_pb(shb)];
}
}
} .
return interp;

}

The sb_to_pb() function maps from QMF subbands to parameter bands according to ETSI TS 103 190-1 [1], table 197.
The array ajcc_param_prev[ sb], which holds the dequantized A-JCC parameters from the previous AC-4 frame rel ated
to the provided ajcc_param| pset] [pb] array, is aso passed on to the interpolate_ajcc() function although

ajcc_param prev is not shown asinput parameter.

The pseudocode shown in pseudocode 7 describes the initialization of ajcc_param prev[sb] for all relevant dequantized
A-JCC parameter arrays for the next AC-4 frame at the end of the A-JCC tool processing.

Pseudocode 7: ajcc_param_prev()

for (sb = 0; sb < numgnf_subbands; sb++) {
aj cc_param prev[sb] = ajcc_paran]num pset-1][sb_to_pb(sb)];

When decoding the first AC-4 frame, al elements of all ajcc_param prev[sb] arrays shall be 0.

56.34 Decorrelator and transient ducker

The A-JCC processing includes multiple decorrel ation processes where ajcc_num_decorr parallel decorrelator instances
generate the output signals:

Qdecorr_outascc ap...] ajcc_num_decorr complex-valued QM F matrices, each one is the output of one of the
parallel decorrelator instances.

The output signals are cal culated from the decorrelation input signals:

Qdecorr_inascc [ap]...] ajcc_num_decorr complex-valued QM F matrices; each one is the input to one of the
parallel decorrelator instances.

The Qdecorr_inajcc and Qdecorr_outacc matrices each consist of num_gmf_timeslots columns and
num_gmf_subbands rows. The number ajcc_num_decorr of parallel decorrelator instances depends on the decoding
mode and for the full decoding mode on b_5fronts as shown in table 27.

Table 27: ajcc_num_decorr

Decoding mode |b_5fronts |ajcc_num_decorr
Full decoding False 6

True 8
Core decoding X 4

The decorrelators used in A-JCC processing are identical to the decorrelators of the advanced coupling tool (DO, D1 and
D2). The coefficients of the three used decorrelators are described in ETSI TS 103 190-1 [1], clause 5.7.7.4.2. The
frequency subbands are grouped as described in ETSI TS 103 190-1 [1], clause 5.7.7.4.1. As the maximum number of
active decorrelator instancesis given by ajcc_num_decorr = 8, the three available decorrelators DO, D1, and D2 are
assigned as described in the comments of each respective inputSignalModification() call inside the pseudocode in
clause 5.6.3.5.2 and clause 5.6.3.5.3. The output signals of these decorrelator instances are also processed by the
transient ducker algorithm as described in ETSI TS 103 190-1 [1], clause 5.7.7.4.3.
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5.6.3.5 Reconstruction of the output channels

5.6.3.5.1 Input channels

For the A-JCC reconstruction processing five input channels are present. Their elements are addressed as:
First input channel Xo(ts,sb) € Qinaxcc,a
Second input channel x1(ts,sb) € Qinasccs
Third input channel Xo(ts,sh) € Qinaiccc

Fourth input channel x3(ts,sb) € Qinascc,p

Fifth input channel Xa(ts,sb) € Qinaxce

5.6.3.5.2 A-JCC full decoding mode

The reconstructed output channelsin full decoding mode are addressed as:
L eft output channel Zo(ts,sh) € Qoutaxc L
Right output channel z(ts,sh) € QoutasccR
Centre output channel 2(ts,sb) € QoutaxcC
L eft Screen output channel 75(ts,sb) € Qoutascc,Lscr
Right Screen output channel z(ts,sh) € Qoutascc,Rscr
L eft Side/Surround output channel Z5(ts,sb) € QoutaecLs
Right Side/Surround output channel Zs5(ts,sh) € QoutasccRs
L eft Back output channel Z7(ts,sh) € QoutagccLb
Right Back output channel 7g(ts,sb) € Qoutaicc,Rb
Top Front Left output channel Zo(ts,sh) € Qoutagce, Tl
Top Front Right output channel 210(ts,sb) € Qoutayee TTr
Top Back Left output channel z11(ts,9b) € Qoutascc, Thl
Top Back Right output channel Z12(ts,sb) € Qoutascc Thr

The outputs zz and z; are only present if b_5frontsistrue.
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The outputs are derived according to the pseudocode in pseudocode 8.

Pseudocode 8: A-JCC output in full decoding mode

x0in = (2+1/sqrt(2))*x0;
x1lin = (2+1/sqrt(2))*x1;
x2in = (2+1/sqrt(2))*x2;
x3in = (2+1/sqrt(2))*x3;
x4in = (2+1/sqrt(2))*x4;

if (b_5fronts) {

u0 = input Signal Modi fication(x0in); // DO
ul = inputSignal Modification(x0in); // D2
u2 = inputSignal Modi fication(xlin); // DO
u3 = input Signal Modi fication(xlin); // D2
u4 = inputSignal Modification(x3in); // Dl
u5 = inputSignal Modi fication(x3in); // D2
u6 = inputSignal Modification(x4in); // D1l
u7 = inputSignal Modification(x4in); // D2

num pset _1
num pset _2
num pset _3
num pset _4

ajcc_nps_|If;
ajcc_nps_rf;
aj cc_nps_I b;
aj cc_nps_rhb;

appl yTransi ent Ducker (u6) ;
appl yTransi ent Ducker (u7) ;

y6
y7

el se {
(wlin, w2in) = input_sig_pre_nodification(x0in, x3in, xlin, x4in);

u0
ul
u2
u3
ud
ub

nput Si gnal Modi fi cation(x0in); // DO
nput Si gnal Modi fication(wlin); // D2
nput Si gnal Modi fication(x3in); // D1l
nput Si gnal Modi fication(x1lin); // DO
nput Si gnal Modi fication(w2in); // D2
nput Si gnal Modi fi cation(x4in); // D1l

num pset _1
num pset_2

aj cc_nps_|;
ajcc_nps_r;

appl yTransi ent Ducker (u0) ;
appl yTransi ent Ducker (ul) ;
appl yTransi ent Ducker (u2) ;
appl yTransi ent Ducker (u3);
appl yTransi ent Ducker (u4) ;
appl yTransi ent Ducker (u5) ;

if (b_5fronts) {
(z0, z9, z3) = ajcc_nodul e_1(ajcc_drylf_dqg, ajcc_dry2f_dq,
aj cc_wet 1f _dq, aj cc_wet2f_dq, aj cc_wet 3f_dq,
num pset _1, x0in, y0, yl);
(z1, z10, z4) = ajcc_nodul e_1(ajcc_dry3f_dq, ajcc_dry4f_dq,
aj cc_wet 4f _dq, aj cc_wet5f_dq, aj cc_wet 6f_dq,
num pset _2, xlin, y2, y3);
(z5, z7, z11) = ajcc_nodul e_1(ajcc_drylb _dq, ajcc_dry2b_dq,
ajcc_wet 1b_dqg, ajcc_wet2b_dq, aj cc_wet3b_dq,
num pset _3, x3in, y4, y5);
(z6, z8, z12) = ajcc_nodul e_1(ajcc_dry3b_dg, ajcc_dry4b_dq,
aj cc_wet4b_dqg, ajcc_wet5b_dq, ajcc_wet6b_dq,
num pset _4, x4in, y6, y7);

el se {
(z0, z5, z7, z9, z11) = ajcc_nodul e_2(ajcc_al phal_dq, ajcc_betal dq,
ajcc_dryl dg, ajcc_dry2 dq,
ajcc_wetl_dqg, ajcc_wet2_dqg, ajcc_wet3_dq,
num pset _1, x0in, x3in, y0, yl, y2);
(z1, z6, z8, z10, z12) = ajcc_nodul e_2(ajcc_al pha2_dq, ajcc_beta2_dq,
ajcc_dry3_dg, ajcc_dry4_dq,
ajcc_wet4_dqg, ajcc_wet5_dqg, ajcc_wet6_dq,
num pset _2, x1lin, x4in, y3, y4, y5);
}

z2 = X2in;
z5 *= sqrt(2);
z6 *= sqrt(2);
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z7 *= sqrt(2);
z8 *= sqrt(2);
z9 *= sqrt(2);

z10 *= sqrt(2);
z11 *= sqrt(2);
z12 *= sqrt(2);

ETSI TS 103 190-2 V1.3.1 (2025-07)

Functions inputSignalModification() and applyTransientDucker () are specified in ETSI TS 103 190-1 [1],
clauses5.7.7.4.2 and 5.7.7.4.3, respectively.

The pseudocode in pseudocode 9 shows the input_sig_pre_modification() function.

Pseudocode 9: input_sig_pre_modification()

input_sig_pre_nodification(inl, in2, in3, in4)

}

g =0
d =0
if (ajcc_core_node == ajcc_core_node_prev) {
if (ajcc_core_node == 0) {
g =1
el se {
if (ajcc_core_node == 0) {

d = 1/ numggnf_timeslots;

1;
-1/ numgnf _timesl ots;

aj cc_core_node_prev = ajcc_core_node;

for (ts = 0; ts < numgnf_tineslots; ts++) {
g +=d;
for (sb = 0; sb < numgnf_subbands; sb++) {
out 1[ ts] [ sb]
out 2[ ts] [ sb]
}

return (outl, out2);

g*in2[ts][sb] + (1-g)*inl[ts][sb];
g*in4[ts][sb] + (1-g)*in3[ts][sb];

The helper variable ajcc_core_mode _prev shall be initialized to aj cc_cor e_node.
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The pseudocode in pseudocode 10 shows the ajcc_module_1() function.

Pseudocode 10: ajcc_module_1()

aj cc_nodul e_1(ajcc_dryl, ajcc_dry2,
ajcc_wetl, ajcc_wet2, ajcc_wet3,
num pset, x, y0, yl)

for (ps = 0; ps < numpset; ps++) {
for (pb = 0; pb < ajcc_numbands_tabl e[ aj cc_num param bands_i d]; pb++) {

ajcc_dry3[ps][pb] =1 - ajcc_dryl[ps][pb] - ajcc_dry2[ps][pb];

pO[ ps] [ pb] 1/sqrt(2) * (ajcc_wetl[ps][pb] + ajcc_wet3[ps][pb]);
pl[ps][pb] = 1/sqrt(2) * (ajcc_wet3[ps][pb] + ajcc_wet2[ps][pb]);

p2[ ps] [ pb] -1/sqgrt(2) * ajcc_wet3[ps][pb];

p3[ps][pb] = -1/sqrt(2) * ajcc_wet2[ps][pb];

p4[ps][pb] = -1/sqrt(2) * ajcc_wetl[ps][pb];

p5[ ps] [ pb] -1/sqgrt(2) * ajcc_wet3[ps][pb];

}

}

for (sb = 0; sb < num gnf_subbands; sb++) {
for (ts = 0; ts < numagnf_tineslots; ts++) {

interp_dO0 = interpolate_ajcc(ajcc_dryl, numpset, sh, ts);

interp_dl = interpolate_ajcc(ajcc_dry2, numpset, sb, ts);

interp_d2 = interpol ate_ajcc(ajcc_dry3, numpset, sb, ts);

interp_p0 = interpol ate_ajcc(p0, numpset, sb, ts);

interp_pl = interpolate_ajcc(pl, numpset, sh, ts);

interp_p2 = interpol ate_ajcc(p2, numpset, sh, ts);

interp_p3 = interpol ate_ajcc(p3, numpset, sb, ts);

interp_p4 = interpol ate_ajcc(p4, numpset, sb, ts);

interp_p5 = interpol ate_ajcc(p5 numpset, sh, ts);

zO[ts][sb] = interp_dO*x[ts][sb] + interp_pO*yO[ts][sb] + interp_pl*yl[ts][sb];
z1[ts][sb] = interp_dl*x[ts][sb] + interp_p2*yO[ts][sb] + interp_p3*yl[ts][sb];
z2[ts][sb] = interp_d2*x[ts][sb] + interp_p4*yO[ts][sb] + interp_p5*yl[ts][sb];

}
return (z0, z1, z2);

}

The pseudocode in pseudocode 11 shows the ajcc_module_2() function.

Pseudocode 11: ajcc_module_2()

aj cc_nodul e_2(aj cc_al pha, ajcc_beta,
ajcc_dryl, ajcc_dry2,
ajcc_wetl, ajcc_wet2, ajcc_wet3,
num pset, x0, x1, y0, yl, y2)

if (ajcc_core_node == 0) {
for (ps = 0; ps < numpset; ps++) {

for (pb = 0; pb < ajcc_num bands_tabl e[ aj cc_num param bands_i d]; pb++) {
do[ ps] [ pb] 1 + ajcc_al pha[ps][pb])/2;
di[ ps] [ pb]
d2[ ps] [ pb]
d3[ ps] [ pb]
d4[ ps] [ pb]
d5[ ps] [ pb]
d6[ ps] [ pb]
d7[ ps] [ pb]
d8[ ps] [ pb]
d9[ ps] [ pb]

(

0
0;
(1 - ajcc_al pha[ps][pb])/?2;
0;

0;

aj cc_dryl[ ps] [ pb];

aj cc_dry2[ ps][pb];

1’- ajcc_dryl[ps][pb]-ajcc_dry2[ps][pb];

wO[ ps] [ pb] aj cc_beta[ ps][pb]/2;

wi[ ps] [ pb] ;

w2[ ps][pb] = 0;

wW3[ ps] [ pb] -1*aj cc_beta[ ps][pb]/2;

wWA[ ps] [pb] = O;

w5[ ps] [ pb] = O;

w6[ ps] [ pb] = (aj cc_wet 1[ ps][pb] +aj cc_wet 3[ ps][pb])/sqrt(2);
w7[ ps] [ pb] -1*ajcc_wet3[ps][pb]/sqart(2);

wB[ ps] [pb] = O;

wWo[ ps] [ pb] -1*ajcc_wet 1] ps][pb]/sqrt(2);

w10[ ps] [ pb]
wl1[ ps] [ pb]
wi2[ ps] [ pb]
wL3[ ps] [ pb]
wl4[ ps] [ pb]

0;
(aj cc_wet 3[ ps] [ pb] +aj cc_wet 2[ ps] [ pb] )/sqrt (2);
-1*ajcc_wet2[ps][pb]/sqrt(2);

-1 aj cc_wet 3[ ps][pb]/sqrt(2);
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}
}

el se {
for (ps = 0; ps < numpset; ps++) {
for (pb = 0; pb < ajcc_num bands_tabl e[ aj cc_num param bands_id]; pb++) {
do[ ps] [pb] = ajcc_dryl[ps][pb];
difps][pb] = ajcc_dry2[ps][pb];
d2[ ps] [ pb] 1-aj cc_dryl[ ps][pb] -aj cc_dry2[ ps][pb];
d3[ ps] [ pb] :
d4[ ps] [ pb]
d5[ ps] [ pb]
d6[ ps] [ pb]
d7[ ps] [ pb]
d8[ ps] [ pb]
d9[ ps] [ pb]

coo9e

(1 + aj cc_al pha[ps] [pb])/ 2;
(1 - ajcc_al pha[ps][pb])/?2;

aj cc_beta[ ps][pb]/2;
-1*aj cc_beta[ ps][pb]/2;

wWL3[ ps] [ pb]
: WL4[ ps] [ pb]

WO[ ps] [pb] = (aj cc_wet1[ ps][pb] +aj cc_wet 3[ps][pb])/sqrt(2);
wi[ ps] [ pb] -1*ajcc_wet3[ps][pb]/sqart(2);

w2[ ps] [ pb] -1*ajcc_wet1[ ps][pb]/sqrt(2);

w3[ ps] [ pb] ;

wWA[ ps] [pb] = O;

W5[ ps] [pb] = (aj cc_wet 3[ ps][pb] +aj cc_wet 2[ ps] [pb])/sqrt(2);
we[ ps] [ pb] -1*ajcc_wet 2[ ps][pb]/sqrt(2);

w7[ ps] [ pb] -1*ajcc_wet 3[ ps][pb]/sqrt(2);

wB[ ps] [pb] = O;

wo[ ps][pb] = O;

wL0[ ps] [ pb] = O;

wL1[ ps][pb] = O;

wi2[ ps][pb] = O;

}

}
for (sb = 0; sb < num gnf_subbands; sb++) {
for (ts = 0; ts < numagnf_tineslots; ts++) {

interp_dO0 = interpol ate_ajcc(d0, num pset, sh, ts);
interp_dl = interpol ate_ajcc(dl, numpset, sb, ts);
interp_d2 = interpol ate_ajcc(d2, numpset, sb, ts);
interp_d3 = interpolate_ajcc(d3, numpset, sh, ts);
interp_d4 = interpol ate_ajcc(d4, numpset, sh, ts);
interp_d5 = interpol ate_ajcc(d5, numpset, sb, ts);
interp_d6 = interpol ate_ajcc(d6, numpset, sb, ts);
interp_d7 = interpolate_ajcc(d7, numpset, sbh, ts);
interp_d8 = interpolate_ajcc(d8, numpset, sh, ts);
interp_d9 = interpol ate_ajcc(d9, numpset, sb, ts);
interp_w0 = interpol ate_ajcc(w0, numpset, sb, ts);
interp_wl = interpolate_ajcc(wl, numpset, sh, ts);
interp_w2 = interpolate_ajcc(w2, numpset, sh, ts);
interp_w3 = interpol ate_ajcc(w3, numpset, sb, ts);
interp_w4 = interpol ate_ajcc(w4, numpset, sb, ts);
interp_ws = interpol ate_ajcc(ws, numpset, sb, ts);
interp_wb = interpolate_ajcc(ws, numpset, sh, ts);
interp_w/ = interpolate_ajcc(w/, numpset, sh, ts);
interp_w8 = interpol ate_ajcc(w8, numpset, sb, ts);
interp_w9 = interpol ate_ajcc(wd, numpset, sb, ts);
interp_wl0 = interpol ate_aj cc(wl0, num pset, sh, ts);
interp_wll = interpol ate_ajcc(wll, numpset, sh, ts);
interp_wl2 = interpol ate_ajcc(wl2, numpset, sb, ts);
interp_wl3 = interpolate_ajcc(wl3, numpset, sbh, ts);
interp_wl4 = interpol ate_ajcc(wl4, numpset, sh, ts);

zO[ts][sb] = interp_dO*x0[ts][sb] + interp_d5*x1[ts][sb] + interp_wO*yO[ts][sb] + interp_ws*yl
[ts][sb] + interp_wl0*y2[ts][sb];

z1[ts][sb] = interp_d1*x0[ts][sb] + interp_d6*x1[ts][sb] + interp_wl*yO[ts][sb] + interp_we*yl
[ts][sb] + interp_wll*y2[ts][sb];

z2[ts][sb] = interp_d2*x0[ts][sb] + interp_d7*x1[ts][sb] + interp_w2*yO[ts][sb] + interp_wr*yl
[ts][sb] + interp_wl2*y2[ts][sb];

z3[ts][sb] = interp_d3*x0[ts][sb] + interp_d8*x1[ts][sb] + interp_w3*yO[ts][sb] + interp_ws*yl
[ts][sb] + interp_wl3*y2[ts][sb];

z4[ts][sb] = interp_d4*x0[ts][sb] + interp_d9*x1[ts][sb] + interp_wi*yO[ts][sb] + interp_wd*yl
[ts][sb] + interp_wl4*y2[ts][sb];

}

return (z0, z1, z2, z3, z4);
}
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A-JCC core decoding mode

The reconstructed output channels in core decoding mode are addressed as.

L eft output channel

Right output channel

Centre output channel

L eft Side/Surround output channel
Right Side/Surround output channel
Top Side Left output channel

Top Side Right output channel

The output signals shall be derived according to the pseudocode in pseudocode 12.

Zo(ts,sh) € Qoutaxc,L
z(ts,sb) € QoutaxcR
2(ts,sh) € Qoutascc,C
Z3(ts,sh) € QoutascclLs
Z(ts,sh) € Qoutasxcc RS
Z5(ts,sh) € Qoutascc Td

Zs(ts,sh) € Qoutaxcc Tsr

ETSI TS 103 190-2 V1.3.1 (2025-07)

Pseudocode 12: A-JCC output in core decoding mode

x0in = (2+1/sqrt(2))*x0;

x1lin = (2+1/sqrt(2))*x1;

x2in = (2+1/sqrt(2))*x2;

x3in = (2+1/sqrt(2))*x3;

x4in = (2+1/sqrt(2))*x4;

u0 = input Signal Modification(x0in); //
ul = inputSignal Modification(x3in); //
u2 = inputSignal Modification(xlin); //
u3 = inputSignal Modification(x4in); //
y0 = appl yTransi ent Ducker (u0) ;

y1l = appl yTransi ent Ducker (ul);

y2 = appl yTransi ent Ducker (u2);

y3 = appl yTransi ent Ducker (u3);

if (b_5fronts) {
num pset _1 ajcc_nps_|If;
num pset_2 ajcc_nps_rf;
num pset _3 = ajcc_nps_| b;
num pset _4 = ajcc_nps_rb;

(z0, z3, z5) = ajcc_nodul e_3(ajcc_drylf_dq,

aj cc_wet 2f _dq,
aj cc_dry2b_dq,
aj cc_wet 2b_dq,
num pset _3,

aj cc_wet 1f _dq,
ajcc_drylb_dq,
aj cc_wet 1b_dq,
num pset _1,

(z1, z4, z6) = ajcc_nodul e_3(aj cc_dry3f_dq,

aj cc_wet 5f _dq,
aj cc_dry4b_dq,
aj cc_wet 5b_dq,

aj cc_wet 4f _dq,
aj cc_dry3b_dq,
aj cc_wet 4b_dq,

88R8

num pset_2, num pset_4,
el se {
num pset _1 = ajcc_nps_|;
num pset_2 = ajcc_nps_r;

(z0, z3, z5) = ajcc_nodul e_4(ajcc_al phal_dq,
aj cc_dry2_dq,
aj cc_wet 2_dq,
x3i n,

aj cc_dryl_dq,
ajcc_wetl dq,
num pset _1, x0in,

(z1, z4, z6) = ajcc_nodul e_4(ajcc_al pha2_dq,
aj cc_dry4_dq,
aj cc_wet 5_dq,
x4in,

aj cc_dry3_dq,

aj cc_wet 4_dq,

num pset _2, x1in,
}

z2 = Xx2in;

aj cc_dry2f_dq,
aj cc_wet 3f _dq,

aj cc_wet 3b_dq,
x3in, y0, yl);

aj cc_dry4f _dq,
aj cc_wet 6f _dq,

x0i n,

aj cc_wet 6b_dq,

x1lin, x4in, y2, y3);

aj cc_betal_dq,

aj cc_wet 3_dq,
yo, y1);

aj cc_beta2_dq,

aj cc_wet 6_dq,
y2, y3);

Functions inputSgnalModification() and applyTransientDucker () are specified in ETSI TS 103 190-1 [1],

clauses 5.7.7.4.2 and 5.7.7.4.3 respectively.
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The pseudocode in pseudocode 13 shows the ajcc_module_3() function.

Pseudocode 13: ajcc_module_3()

aj cc_nodul e_3(aj cc_dryif,
aj cc_wet 1f,
aj cc_drylb,
aj cc_wet 1b,
num pset _1,

aj cc_dry2f,
aj cc_wet 2f,
aj cc_dry2b,
aj cc_wet 2b,
num pset _2,

aj cc_wet 3f,

aj cc_wet 3b,
x0, x1, yO0, y1)

for (pb = 0; pb < ajcc_num bands_t abl e[ aj cc_num param bands_id]; pb++) {

for (ps = 0;
dO[ ps] [ ph]
d1[ ps] [ pb]
d2[ ps] [ pb]
WO[ ps] [ pb]

ps < numpset_1; ps++) {
1-aj cc_dry2f[ps][pb];

aj cc_dry2f [ ps] [ pb] ;

sqrt (0. 5%aj cc_wet 3f [ ps] [ pb] *aj cc_wet 3f [ ps] [ pb] + 0. 5*aj cc_wet 2f [ ps] [ pb] *aj cc_wet 2f [ ps] [ pb] ) ;

wi[ ps] [ pb]
w2[ ps] [ pb]
f[ ps% [pb]);

for (ps = 0;
d3[ ps] [ ph]
d4[ ps] [ ph]
d5[ ps] [ ph]

s < numpset_2; ps++) {

0;

aj cc_drylb[ ps] [ pb] +aj cc_dry2b[ ps] [ pb];
1-aj cc_drylb[ ps][pb]-ajcc_dry2b[ps][pb];

L no

séqrt (0.5%*aj cc_wet 3f[ps] [ pb] *aj cc_wet 3f[ps] [pb] + O0.5*aj cc_wet 2f [ ps] [ pb] *aj cc_wet 2

wa[ ps] [ pb] :
wA[ ps] [pb] = -
sgrt (0. 5*aj cc_wet 1b[ ps] [ pb] *aj cc_wet 1b[ ps] [ pb] + 0. 5*aj cc_wet 3b[ ps] [ pb] *aj cc_wet 3b[ ps] [ pb] ) ;
w5[ ps][pb] = sqrt(0.5%aj cc_wet 1b[ ps][pb] *aj cc_wet 1b[ ps][pb] + 0. 5%*aj cc_wet 3b[ ps] [ pb] *aj cc_wet 3
bl ps] [pb]);
}
}
for (sb = 0; sb < num gnf_subbands; sb++) {
for (ts = 0; ts < numagnf_tineslots; ts++) {

interp_dO0 = interpol ate_ajcc(d0, numpset_1, sh, ts);
interp_dl = interpolate_ajcc(dl, numpset_1, sb, ts);
interp_d2 = interpolate_ajcc(d2, numpset_1, sb, ts);
interp_d3 = interpolate_ajcc(d3, numpset_2, sh, ts);
interp_d4 = interpol ate_ajcc(d4, numpset_2, sh, ts);
interp_d5 = interpol ate_ajcc(d5, numpset_2, sb, ts);
interp_w0 = interpolate_ajcc(w0, numpset_1, sb, ts);
interp_wl = interpolate_ajcc(wl, numpset_1, sh, ts);
interp_w2 = interpolate_ajcc(w2, numpset_1, sh, ts);
interp_w3 = interpolate_ajcc(w3, numpset_2, sb, ts);
interp_w4 = interpol ate_ajcc(w4, numpset_2, sbh, ts);
interp_ws = interpolate_ajcc(ws, numpset_2, sh, ts);

zO[ts][sbh] =
[ts][sb];
z1[ ts] [ sb]
[ts][sh];
z2[ts][shb]
[ts][sb];
}

return (zO,

}

interp_dO*x0[ts][sb] + interp_d3*x1[ts][sb] + interp_wo*yO[ts][sb] + interp_w3*yl

interp_dl1*x0[ts][sb] + interp_d4*x1[ts][sb] + interp_wl*yO[ts][sb] + interp_wd*yl

interp_d2*x0[ts][sb] + interp_d5*x1[ts][sb] + interp_w2*yO[ts][sb] + interp_ws*yl

z1, z2);
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Pseudocode 14: ajcc_module_4()
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aj cc_nodul e_4(aj cc_
aj cc_

al pha, ajcc_beta
dryl, ajcc_dry2

ajcc_wetl, ajcc_wet2, ajcc_wet3,

num pset, xO

{

if (ajcc_core_node == 0) {

for (ps = 0; ps < num.pset;
for (pb = 0; pb < aj cc_num bands_t abl e[ aj cc_num param bands_i d] ;
(1+aj cc_al pha[ps][pb])/2

do[ ps] [ pb]
di[ ps] [ pb]
d2[ ps] [ pb]
d3[ ps] [ pb]
d4[ ps] [ pb]
d5[ ps] [ pb]
wo[ ps] [ pb]
wi[ ps] [ pb]
wW2[ ps] [ pb]
W3[ ps] [ pb]
wA[ ps] [ pb]

0

0

0

x1, yO0, yl)

ps++) {

(1-ajcc_al pha[ps][pb])/2

-ajcc_beta[ps][pb]/2

aj cc_dryl[ ps] [ pb] +aj cc_dry2[ ps] [ pb];
1-ajcc_dryl[ ps][pb]-ajcc_dry2[ps][pb];
aj cc_beta[ps][pb]/2

pb++) {

sqrt (0. 5*aj cc_ metl[ps][pb] ajcc_wetl[ps][pb] + 0.5*ajcc_wet3[ps][pb]*ajcc_wet3[ps][pb]);
= sqgrt(0.5*%ajcc_wetl[ps][pb]*ajcc_wetl]ps][pb] + O0.5*ajcc_wet3[ps][pb]*aj cc_wet3[

w5[ ps] [ pb]
psl [ pb%) ;

}

el se {

for (ps = 0; ps < numpset;

for (pb =
do[ ps] [ pb]
di[ ps] [ pb]
d2[ ps] [ pb]
d3[ ps] [ pb]
d4[ ps] [ pb]
d5[ ps] [ pb]
W[ ps] [ pb]
wet 2[ ps] [ pb] ) "2);
wi[ ps] [ pb]

L I VO I T I
o

ps++) {
0; pb < aj cc_num bands_t abl e[ aj cc_num param bands_i d] ;
ajcc_dryl[ps][pb];

1-ajcc_dryl[ ps][pb];

pb++) {

sqrt (0. 5*(aj cc_wet 1[ ps] [ pb] +aj cc_wet 3[ ps] [ pb] ) "2 + 0. 5*(aj cc_wet 3[ ps] [ pb] +aj cc_

sqrt (0. 5*(ajcc_ metl[ps][pb]+ajcc wet 3[ ps][pb]) "2 + 0.5*(aj cc_wet 3[ ps] [ pb] +aj cc_wet 2[ ps] [ pb] ) "2);

wW2[ ps] [ pb]
w3[ ps] [ pb]
wA[ ps] [ pb]
wh5[ ps] [ pb]

}
}
for (sb = 0; sb

for (ts = 0; ts < num gnf _ti mesl ot s;

nt er p_do
nterp_dl
nterp_d2
nterp_d3
nter p_d4
nt er p_d5
nterp_wo
nterp_wl
nterp_w2
nterp_w3
nterp_w4
nterp_ws

zO[ts][sbh] =
[ts][sb];
z1[ ts] [ sb]
[ts][sh];
z2[ts][shb]
[ts][sb];
}

return (z0, z1,

}

nmnn
QQQO

< num_gnf _subbands;

i nterpol ate_aj cc(dO,
nt er pol ate_aj cc(d1,

nt er pol ate_aj cc(d2
nt er pol ate_aj cc(d3
nt er pol ate_aj cc(d4
nt er pol ate_aj cc(d5
nt er pol at e_aj cc(wo,
nt er pol at e_aj cc(wl,
nt er pol ate_aj cc(w2
nt er pol at e_aj cc( w3,
nt er pol at e_aj cc(w4,
nt er pol at e_aj cc(w5,

sb++) {

ts++) {
num pset,
num pset,
num pset,
num pset,
num pset,
num pset,
num pset,
num pset,
num pset,
num pset,
num pset,
num pset,

sb
sb
sb
sb
sb
sb
sb,
sh,
sh,
sb,
sb,
sh,

ts)
ts);
ts);
ts)
ts)
ts);
ts);
ts)
ts)
ts);
ts);
ts)

interp_dO*x0[ts][sb] + interp_d3*x1[ts][sb] + interp_wo*yO[ts][sb] + interp_w3*yl

interp_dl1*x0[ts][sb] + interp_d4*x1[ts][sb] + interp_wl*yO[ts][sb] + interp_wd*yl

interp_d2*x0[ts][sb] + interp_d5*x1[ts][sb] + interp_w2*yO[ts][sb] + interp_whs*yl

z2);
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5.7 Advanced Joint Object Coding (A-JOC)

57.1 Introduction

The Advanced Joint Object Coding (A-JOC) tool isacoding tool for improved coding of alarge number of audio
objects. To gain coding efficiency thistool supports the reconstruction of audio objects out of alower number of joint
input audio objects and low overhead side information.

57.2 Interface

5.7.2.1 Input preparation

The output of decoding var _channel _el enent consists of m™ matrices Q" inajoc. To obtain the right order of the minput
matrices Qinajoc (see clause 5.7.2.1), the m” matrices Q' inajoc shall be reordered as follows:

1) thevalueof b_has_| f e istaken from the respective var _channel _el enent .

NOTE 1. TheLFE channel istreated separately, because this oneis not processed by the A-JOC tool, but again
combined with the output as described in clause 5.7.2.2.

2)  m's, the number of fullband input signals, isdetermined as: m's, =M’ - (b_has_I fe==17?1:0).

NOTE 2: The number m's, of fullband input signalsis the same as the number m of input matrices to the A-JOC
processing (see clause 5.7.2.1).

3) Themmatrices Qinajoc are assigned to the m” matrices Q'inajoc as specified in pseudocode 14a.

Pseudocode 14a: Input preparation for A-JOC processing

if (mM_fb > 3) {
n_offset = 2 + (m _fb nod 2);
for (i =0; i < n_offset; i++) {
Qn_AJOJi] = Q@in_AJOCm - n_offset + i];

if (b_has_lfe == 1) {
for (i =0; i <m_fb - n_offset; i++) {
Qn_AJOJi + n_offset] = @in_AJOJi + 1];
}

el se {
for (i =0; i <m_fb - n_offset; i++) {
Qn_AJOJi + n_offset] = @in_AJCJi];
}
}
}
el se {
if (b_has_Ife == 1) {
for (i =0; i <m_fb; i++) {

Qn_AJCJi] = Qin_AJCTi + 1];
}

el se {
for (i =0; i <m_fb; i++) {
Qn_AICJi] = Qin_AICJi]
}
}
}
5.7.2.2 Inputs
Qin asocap..] M ajc complex valued QMF matrices for m ajoc objects to be processed by the A-JOC tool

The Qin ajc matrices each consist of num_gmf_timeslots columns and num_gmf_subbands rows. m ajoc is the number
for num_dmx_signals objects in the coded A-JOC domain.

ETSI



81 ETSI TS 103 190-2 V1.3.1 (2025-07)

5.7.2.3 Outputs
Qout asoc,ap..] Najoc complex valued QMF matrices
Q’out asocap...] N’ ajoc complex valued QM F matrices

The Qoutajc and Q”outajoc matrices each consist of num_gmf_timesots columns and num_gmf_subbands rows. nasoc
is the number for num_umx_signals reconstructed objects and n”ajoc is the number of output matrices after possible re-
insertion of an LFE object.

Q’outaoc shall be derived from Qoutasoc by inserting the LFE signal at the position indicated by the corresponding A-
JOC reconstruction parameter as specified in pseudocode 15.

Pseudocode 15: Output postprocessing after A-JOC processing

if (b_has_lfe == 1) {
pos_|Ife = 0;
if (b_reconstruction_contains_Left_channel) {
pos_| f e++;

if (b_reconstruction_contains_Ri ght_channel) {
pos_| fe++;

if (b_reconstruction_contains_Centre_channel) {
pos_| f e++;

for (i =0; i < pos_lfe; i++) {

Qout_AICTi] = Qout_AJOTi];

}

Q out_AJOC pos_lfe] = @in_AJCJO0];
for (i = pos_Ife; i < n_AJCC i++) {
Qout_AJOT i +1] = Qout_AJCCi];

}

el se {
for (i =0; i <n_AICC i++) {
Qout_AICTi] = Qout_AJOTi];
}
}

5724 Controls

The control information for the A-JOC tool consists of decoded and dequantized A-JOC side information. The side
information contains parameters to control the dequantization process described in clause 5.7.3.3, the interpolation
process described in clause 5.7.3.4, the decorrelation process described in clause 5.7.3.5, and coefficients of two
submatrices - dry and wet - which are used in the reconstruction process described in clause 5.7.3.6.

5.7.3 Processing

5.7.3.1 Parameter band to QMF subband mapping

The AJOC parametersinside aj oc_dat a() are transmitted separately for each of the ajoc_num_bands parameter bands.
The number of parameter bands is coded using the element aj oc_num bands_code. The value of this element indicates
the number of transmitted parameter bands, ajoc_num_bands, as shown in table 78.
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The mapping of QM F subbands to parameter bands is shown in table 28.

Table 28: A-JOC parameter band to QMF subband mapping

QMF subband |A-JOC parameter band mapping dependent on ajoc_num_bands
23 15 12 9 7 5 3 1
0 0 0 0 0 0 0 0 0
1 1 1 1 1 1 1 0 0
2 2 2 2 2 2 1 0 0
3 3 3 3 3 2 2 1 0
4 4 4 4 3 3 2 1 0
5 5 5 4 4 3 2 1 0
6 6 6 5 4 3 2 1 0
7 7 7 5 5 3 2 1 0
8 8 8 6 5 4 2 1 0
9 9 9 6 6 4 3 1 0
10 10 9 6 6 4 3 1 0
11 11 10 7 6 4 3 1 0
12-13 12 10 7 6 4 3 1 0
14 - 15 13 11 8 7 5 3 2 0
16-17 14 11 8 7 5 3 2 0
18-19 15 12 9 7 5 3 2 0
20-22 16 12 9 7 5 3 2 0
23-25 17 13 10 8 6 4 2 0
26 - 29 18 13 10 8 6 4 2 0
30-34 19 13 10 8 6 4 2 0
35-40 20 14 11 8 6 4 2 0
41 - 47 21 14 11 8 6 4 2 0
48 - 63 22 14 11 8 6 4 2 0
5.7.3.2 Differential decoding

The pseudocode in pseudocode 16 describes the process to get quantized values mtx_dry go and mtx_wet_q, for A-JOC
object o from the Huffman decoded values mix_mtx_dry and mix_mtx_wet, where 0 < 0 < najoc and 0 < ch < majoc.

Pseudocode 16: Differential decoding for A-JOC objects

/1 differential decoding for A-JOC object o
/1 input: array mx_ntx_dry[o][dp][ch][pb]
/1 array mix_ntx_wet[o][dp][de][pb]

/1 array nmtx_dry_q_prev[o][ch][pb]

/] array nmtx_wet_q_prev[o][de][pb]

/1 output: array nmtx_dry_q[o][dp][ch][pb]

/1 array nmtx_wet_q[o][dp][de][pb]

for (dp = 0; dp < aj oc_numdpoints; dp++) {
/] dry matrix

nquant = (ajoc_quant_select[o] == 1) ? 51 : 101;
for (ch = 0; ch < numdnx_signals; ch++) {
if (ajoc_sparse_select == 1 && ajoc_sparse_mask_dry[o][ch] == 0) {

for (pb = 0; pb < ajoc_numbands[o]; pb++) {
ntx_dry_qg[o][dp][ch][pb] = (nquant - 1) / 2;
}

el se {
if (diff_type[o]l[dp][ch] == 0) { /1 DI FF_FREQ
ntx_dry_qgfo][dp][ch][0] = mix_ntx_dry[o][dp][ch][0];
for (pb = 1; pb < ajoc_num bands[o]; pb++) {
ntx_dry_g[o] [dp] [ch][pb] = (ntx_dry_g[o][dp][ch][pb-1] +
m x_ntx_dry[o][dp][ch][pb]) % nquant;
}

}
else { // DFF_TIME
for (pb = 0; pb < ajoc_numbands[o]; pb++) {
ntx_dry_qg[o][dp][ch][pb] = ntx_dry g_prev[o][ch][pb] +
m x_nt x_dry[o] [dp] [ch] [ pb];
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mx_dry_qg_prev[o][ch] = mx_dry_q[o][dp][ch];

/1 wet matrix

nquant = (ajoc_quant_select[o] == 1) ? 21 : 41;
for (de = 0; de < ajoc_numdecorr; de++) {
if (ajoc_sparse_select == 1 && aj oc_sparse_nask_wet[o][de] == 0) {

for (pb = 0; pb < ajoc_numbands[o]; pb++) {
ntx_wet_q[o][dp][ch][pb] = (nquant - 1) / 2;
}

el se {
if (diff_type[o][dp][de] == 0) { /1 DI FF_FREQ
ntx_wet_q[o] [dp][de][0] = mix_ntx_wet[o][dp][de][0];
for (pb = 1; pb < ajoc_num bands[o]; pb++) {
ntx_wet_qg[o] [dp] [de] [pb] = (ntx_wet_g[o] [dp][de][pb-1] +
m x_ntx_wet[o] [dp] [de][pb]) % nquant;
}

}
else { // DFF_TIME
for (pb = 0; pb < ajoc_num bands[o]; pb++) {
ntx_wet _qg[o] [dp] [de][pb] = nmtx_wet_qg_prev[o][de][pb] +
m x_nt x_wet [ o] [dp] [ de] [ pb];
}

}
}
mx_wet_qg_prev[o][de] = ntx_wet_q[o][dp][de];
}
}

The quantized values from the last corresponding data point of the previous AC-4 frame, mtx_dry_q prev and
mtx_wet_q_prev, are needed when delta coding in the time direction across AC-4 frame boundaries.

5.7.3.3 Dequantization

The dequantized values mtx_dry dg and mtx_wet_dq are obtained from mtx_dry g and mtx_wet_q using table 29 and
table 31 if the quantization mode is set to coarse (aj oc_quant _sel ect = 1), and using table 30 and table 32 if the
guantization modeis set to fine (aj oc_quant _sel ect = 0). For inactive objects, mtx_dry dq and mtx_wet_dq are set to
0,0.

The dry values are dequantized into ranges of -5,0048828 to +5,0048828. The wet val ues are dequantized into ranges of
-2,0019531 to +2,0019531. The dequantization is based on a uniform quantization and the quantization steps for the dry
values are identical to the dequantization of the advanced coupling parameter described in ETSI TS 103 190-1 [1],
clause 5.7.7.7.

Table 29: Coarse dequantization of A-JOC dry values

mtx_dry_g |mtx_dry dg
0 -5,0048828
1 -4,8046875
2 -4,6044922
3 -4,4042969
4 -4,2041016
5 -4,0039063
6 -3,8037109
7 -3,6035156
8 -3,4033203
9 -3,203125
10 -3,0029297
11 -2,8027344
12 -2,6025391
13 -2,4023438
14 -2,2021484
15 -2,0019531
16 -1,8017578
17 -1,6015625
18 -1,4013672
19 -1,2011719
20 -1,0009766
21 -0,8007813
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mtx_dry_g |mtx_dry dg
22 -0,6005859
23 -0,4003906
24 -0,2001953
25 0
26 0,2001953
27 0,4003906
28 0,6005859
29 0,8007813
30 1,0009766
31 1,2011719
32 1,4013672
33 1,6015625
34 1,8017578
35 2,0019531
36 2,2021484
37 2,4023438
38 2,6025391
39 2,8027344
40 3,0029297
41 3,203125
42 3,4033203
43 3,6035156
44 3,8037109
45 4,0039063
46 4,2041016
47 4,4042969
48 4,6044922
49 4,8046875
50 5,0048828

mtx_dry_g |mtx_dry_dq
0 -5,00488281
1 -4,90478516
2 -4,8046875
3 -4,70458984
4 -4,60449219
5 -4,50439453
6 -4,40429688
7 -4,30419922
8 -4,20410156
9 -4,10400391
10 -4,00390625
11 -3,90380859
12 -3,80371094
13 -3,70361328
14 -3,60351563
15 -3,50341797
16 -3,40332031
17 -3,30322266
18 -3,203125
19 -3,10302734
20 -3,00292969
21 -2,90283203
22 -2,80273438
23 -2,70263672
24 -2,60253906
25 -2,50244141
26 -2,40234375
27 -2,30224609
28 -2,20214844
29 -2,10205078
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Table 30: Fine dequantization of A-JOC dry values
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mtx_dry_g |mtx_dry_dq
30 -2,00195313
31 -1,90185547
32 -1,80175781
33 -1,70166016
34 -1,6015625
35 -1,50146484
36 -1,40136719
37 -1,30126953
38 -1,20117188
39 -1,10107422
40 -1,00097656
41 -0,90087891
42 -0,80078125
43 -0,70068359
44 -0,60058594
45 -0,50048828
46 -0,40039063
47 -0,30029297
48 -0,20019531
49 -0,10009766
50 0
51 0,100097656
52 0,200195313
53 0,300292969
54 0,400390625
55 0,500488281
56 0,600585938
57 0,700683594
58 0,80078125
59 0,900878906
60 1,000976563
61 1,101074219
62 1,201171875
63 1,301269531
64 1,401367188
65 1,501464844
66 1,6015625
67 1,701660156
68 1,801757813
69 1,901855469
70 2,001953125
71 2,102050781
72 2,202148438
73 2,302246094
74 2,40234375
75 2,502441406
76 2,602539063
77 2,702636719
78 2,802734375
79 2,902832031
80 3,002929688
81 3,103027344
82 3,203125
83 3,303222656
84 3,403320313
85 3,503417969
86 3,603515625
87 3,703613281
88 3,803710938
89 3,903808594
90 4,00390625
91 4,104003906
92 4,204101563
93 4,304199219
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mtx_dry_g |mtx_dry_dq
94 4,404296875
95 4,504394531
96 4,604492188
97 4,704589844
98 4,8046875

99 4,904785156
100 5,004882813

ETSI TS 103 190-2 V1.3.1 (2025-07)

Table 31: Coarse dequantization of A-JOC wet values

mtx_wet_g | mtx_wet_dq
0 -2,001953125
1 -1,801757813
2 -1,6015625

3 -1,401367188
4 -1,201171875
5 -1,000976563
6 -0,80078125
7 -0,600585938
8 -0,400390625
9 -0,200195313
10 0

11 0,200195313
12 0,400390625
13 0,600585938
14 0,80078125
15 1,000976563
16 1,201171875
17 1,401367188
18 1,6015625

19 1,801757813
20 2,001953125
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Table 32: Fine dequantization of the wet values

mtx_wet_g |mtx_wet_dq
0 -2,00195313
1 -1,90185547
2 -1,80175781
3 -1,70166016
4 -1,6015625
5 -1,50146484
6 -1,40136719
7 -1,30126953
8 -1,20117188
9 -1,10107422
10 -1,00097656
11 -0,90087891
12 -0,80078125
13 -0,70068359
14 -0,60058594
15 -0,50048828
16 -0,40039063
17 -0,30029297
18 -0,20019531
19 -0,10009766
20 0
21 0,100097656
22 0,200195313
23 0,300292969
24 0,400390625
25 0,500488281
26 0,600585938
27 0,700683594
28 0,80078125
29 0,900878906
30 1,000976563
31 1,101074219
32 1,201171875
33 1,301269531
34 1,401367188
35 1,501464844
36 1,6015625
37 1,701660156
38 1,801757813
39 1,901855469
40 2,001953125
5734 Parameter time interpolation

Decoded and dequantized advanced joint object coding parameters carried in the bitstream are time-interpolated for
further processing. Each frame can carry one or two new parameter sets. In the case of interpolation over multiple
frames, aframe can have no new parameter sets. The bitstream element aj oc_num dpoi nt s signals the number 0, 1 or 2
of parameter sets sent with the corresponding frame. The interpolation process for A-JOC differs from parameter
interpolation for the A-CPL or A-JCC parameters. The interpolation of A-JOC parameters facilitates synchronization
with the object audio metadata. The linear A-JOC parameter interpolation ramp is controlled with aramp length value,
which issignalled viaaj oc_r anp_I en, and aramp starting point time slot, which is signalled viaaj oc_st art _pos. The
maximum supported ramp length is 64 QMF time slots, which can cause an interpolation over multiple frame
boundaries. Pseudocode 17 shows the ajoc_interpolate() function, which is used in clause 5.7.3.6.1.
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Pseudocode 17: A-JOC interpolation

aj oc_interpol ate(aj oc_param prev_value, delta_inc, ts, curr_ranp_len, target_ranp_| en)

if (curr_ranp_len <= target_ranp_len) {
interpolated = prev_value + delta_inc;
prev_val ue = interpol at ed;
curr_ranp_| ent+;

el se {
i nterpol ated = prev_val ue;

}

for (dp = 0; dp < aj oc_numdpoints; dp++) {
if (ts == ajoc_start_pos[dp]) {
delta_inc = (ajoc_paranfdp] - prev_value) / ajoc_ranp_|len[dp];
}
}

return interpol at ed;

5.7.35 Decorrelator and transient ducker

This clause specifies function aj oc_decorrel at e() asan extension of the decorrelator specified for advanced coupling
in ETSI TS 103 190-1 [1], clause 5.7.7.4.2.

The A-JOC processing includes multiple decorrelation processes where ajoc_num_decorr parallel decorrelator
instances generate the output signals:

Qdecorr_outasocfap...] Yasoc complex-valued QMF matrices, each oneis the output of one of the
ajoc_num_decorr parallel decorrelator instances

from the decorrelator input signals:

Qdecorr_inasoc,fap|..] Uasoc complex-valued QMF matrices; each oneis the input to one of the
ajoc_num_decorr parallel decorrelator instances.

The Qdecorr_inajoc and Qdecorr_outajc matrices each consist of num_gmf_timeslots columns and
num_gmf_subbands rows.

The decorrelators used in A-JOC processing are identical to the decorrelators of the advanced coupling tool. The
processing frequency subbands are grouped as described in ETSI TS 103 190-1 [1], clause 5.7.7.4.1. The coefficients of
the three used decorrelators are described in ETS| TS 103 190-1 [1], clause 5.7.7.4.2. As the maximum number of
active decorrelatorsis given by ajoc_num_decorr = 7, the three available decorrelators are used in a cyclic way: 0, 2, 1,
0, 2,1, 0. The output signals of these decorrelators are also ducked as specified in ETSI TS 103 190-1 [1],

clause 5.7.7.4.3.

5.7.3.6 Signal reconstruction using matrices

5.7.3.6.1 Processing

For advanced joint object decoding, num_dmx_signals input objects are present. Their elements are addressed as
follows:

Input signals Xen(ts,sh) [ Qinagoc,en for ch=0,...,num_dmx_signals- 1
The num_umx_signals output objects are addressed as:
Output signals Z(ts,sh) L1 Qoutajoce for o=0,...,num_umx_signals- 1
The reconstruction of the output signals requires additional internal signals:
Decorrelator input signals Uge(ts,sh) € Qdecorr_inajocde for de=0,...,ajoc_num decorr - 1

Decorrelator output signals Vae(ts,sh) € Qdecorr_outasocde for de=0,...,ajoc_num_decorr - 1
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The num_umx_signals output signals can be calculated from the num_dmx_signalsinput signals and the
ajoc_num_decorr decorrelator output signals using reconstruction matrices C with num_umx_signals rows and
num_dmx_signals + ajoc_num_decorr columns which are also time variant over the gmf_timeslots and frequency
dependent on gmf_subbands:

ndmx-1 ndcr-1

Zo(tssh) = Xy Cocn(tSsh) X Xen(tsSh) + Zd . Condmx+de(ts,S0) Xy, (ts,sb)
e=

where ndmx = num_dmx_signals and ndcr = ajoc_num_decorr.
The reconstruction matrices C(ts,sb) can be divided into two sets of submatrices:

The submatrices Csubl,,cn(ts,sh) factor the input signals xen(ts,sb) to the output signal's zy(ts,sb) and are called the dry
submatrices. The submatrices Csub2, qe(ts,sb) factor the decorrelator output signals yqe(ts,sb) to the output signals
Zo(ts,sh) and are called the wet submatrices.

The matrix elements for both types of submatrices are calculated from the A-JOC bitstream via Huffman decoding (see
clause 6.3.6.5), differential decoding (see clause 5.7.3.2) and dequantization (see clause 5.7.3.3), followed by an
interpolation in time (see clause 5.7.3.4) and the ungrouping from parameter bands to QM F subbands (see

clause 5.7.3.1).

The pseudocode in pseudocode 18 shows the reconstruction process.

Pseudocode 18: A-JOC reconstruction

aj oc_reconstruct (*z, *x,
*mtx_dry_dq, *nmtx_wet_dq, *ntx_dry_prev, *ntx_wet_prev,
*delta_inc_dry, *deta_inc_wet)

clear_output_matrices(*z, numgnf_tinmeslots, numgnf_subbands);

/* cal cul ate decorrelation input matrix paraneter */
for (dp = 0; dp < ajoc_numdpoints; dp++) {
for (o = 0; o < numunx_signals; o++) {
for (pb = 0; pb < ajoc_numbands[o]; pb++) {
for (ch = 0; ch < numdnx_signals; ch++) {
for (de = 0; de < ajoc_numdecorr; de++) {
nmt x_pre_parani pb][de][ch][dp] +=
abs(ntx_wet _dq[o] [dp] [de][pb]) * ntx_dry_dq[o][dp][ch][pb];

if (b_ajoc_de_process) {
(mx_dry_dq, mtx_wet_dq) = ajoc_de_process(ntx_dry_dg, ntx_wet_dg, de_gain);

for (ts

= 0; ts < numgnf_timeslots; ts++) {
for (sb =

0; sb < num gnf_subbands; sb++) {

/* interpolate */
for (o = 0; o < numunx_signals; o++) {
for (ch = 0; ch < numdnx_signals; ch++) {
ntx_dry[ts][sb][o][ch] =
ajoc_interpolate(ntx_dry_dg[o][][ch][sb_to_pb(sb)],

mx_dry_prev[ts][sb][o][ch],
delta_inc_dry[ts][sb][o][ch],
ts,
curr_ranp_| en,
target _ranp_|l en);

for (de = 0; de < ajoc_numdecorr; de++) {
ntx_wet[ts][sb][o][de] =
ajoc_interpolate(ntx_wet_dg[o][][de][sb_to_pb(sb)],
m x_wet_prev[ts][sb][o][de],
delta_inc_wet[ts][sb][o][de],
ts,
curr_ranp_| en,
target _ranp_|l en);

ETSI



}

90 ETSI TS 103 190-2 V1.3.1 (2025-07)

for (ch = 0; ch < numdnx_signals; ch++) {
for (de = 0; de < ajoc_numdecorr; de++) {
ntx_pre[ts][sb][de][ch] =
aj oc_interpol ate(ntx_pre_paranisb_to_pb(sb)][de][ch],
mx_pre_prev[ts][sb][de][ch],
delta_inc_pre[ts][sb][de][ch],
ts,
curr_ranp_| en,
target _ranp_|l en);
}
}

for (de = 0; de < ajoc_numdecorr; de++) {
/* decorrelation pre-matrix */
u[ts][sb][de] = 0;
for (ch = 0; ch < numdnx_signals; ch++) {
u[ts][sb][de] += ntx_pre[ts][sb][de][ch] * x[ts][sb][ch];

/* decorrel ati on process */
y[ts][sb][de] = ajoc_decorrelate(u[ts][sb][de]);
}

/* reconstruct */
for (o = 0; o < numunx_signals; o++) {
for (ch = 0; ch < numdnx_signals; ch++) {
z[ts][sb][o] += x[ts][sb][ch] * mtx_dry[ts][sb][o][ch];

for (de = 0; de < ajoc_numdecorr; de++) {
z[ts][sb][o] += y[ts][sb][de] * mx_wet[ts][sb][o][de];

}
}

/* update curr_ranp_len and target_ranp_len */
for (dp = 0; dp < aj oc_numdpoints; dp++) {
if (ts == ajoc_start_pos[dp]) {
curr_ranp_len = 0;
target _ranp_len = ajoc_ranp_|l en[dp];
}
}

NOTE: clear_output_matrices() isa helper function that sets al elements of the output signal matrix zto zero.

ajoc_decorrelate() calculates the decorrelator output as outlined in clause 5.7.3.5. This includes usage of
the decorrelator input matrix mtx_pre as calculated by the pseudocode in pseudocode 18 to create the
decorrelator input signals.

sb_to_pb() isahelper function that maps from QMF subbands to A-JOC parameter bands according to
table 28.

mtx_dry_dq isthe matrix of A-JOC parameter for the dry submatrix for reconstruction with the dimension
mtx_dry_dg[num_umx_signals][ajoc_num _dpoints] [num_dmx_signals][ajoc_num bandgo]].

mtx_wet_dq isthe matrix of A-JOC parameter for the wet submatrix for reconstruction with the
dimension mtx_wet_dg[ num_umx_signals][ajoc_num_dpoints][ajoc_num decorr][ajoc_num bandg o]].

mtx_dry_prev isthe matrix of dry submatrix elements stored from the previous call to ajoc_reconstruct()
with the dimension
mtx_dry_prev[num_gmf_timeslots] [num_gmf_subbands] [ nhum_umx_signals| [num_dmx_signalg] .

mtx_wet_prev isthe matrix of wet submatrix elements stored from the previous call to ajoc_reconstruct()
with the dimension
mtx_wet_prev[num_gmf_timeslots] [num_gmf_subbands] [num _umx_signals][ajoc_num decorr].

mtx_pre_prev isthe matrix of pre-matrix elements stored from the previous call to ajoc_reconstruct()

with the dimension
mtx_pre_prev[num_gmf_timeslots] [num_gmf_subbands]| [ajoc_num_decorr][num dmx_signalg].
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delta_inc_dry isan array of values that stores the incremental delta value to be added by the interpolation
process with the dimension
delta_inc_dry[num_gmf_timesots][num_gmf_subbands] [ num_umx_signals] [num_dmx_signalg] .

delta_inc_wet is an array of values that stores the incremental delta value to be added by the interpolation
process with the dimension
delta_inc_wet[num_gmf_timeslots] [num_gmf_subbands] [num_umx_signals|[ajoc_num decorr].

delta_inc_preisan array of values that stores the incremental delta value to be added by the interpolation
process with the dimension
delta_inc_pre[num_gmf_timeslots] [ hum_gmf_subbands] [ajoc_num_decorr][num_dmx_signalg] .

b_ajoc_de processindicates whether the dial ogue enhancement operation is activated.

ajoc_de process() isafunction that applies dialogue enhancement and is specified in clause 5.8.2.3. If
the decoding mode is full decoding, the parameter de_gain is specified in clause 5.8.2.3; if the decoding
mode is core decoding, de_gain is specified in clause 5.8.2.4.

5.7.3.6.2 Decorrelation input matrix
The input signals for the parallel decorrelators are:
Decorrelator input signals  uge(ts,sh) 1 Qdecorr_inajocde for de=0, ..., gjoc_num decorr - 1

The decorrelation input signal's uge can be calculated from the input signal's xen using decorrelation input matrices
D(ts,sh) with ajoc_num_decorr rows and num_dmx_signals columns:

Uge(ts sb) = Y ITAMEET D (s sh)xn(t b)
The decorrelation input matrix can be calculated using the dry submatrix Csub1,cn and the wet submatrix Csub2; ge:

D(ts sb) = |Csub2(ts sb)T| x Csubl(ts sb)
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5.8 Dialogue enhancement for immersive audio

58.1 Introduction

This dialogue enhancement tool specification extends the specification of the dialogue enhancement tool in ETS
TS 103 190-1 [1], clause 5.7.8 to support dialogue enhancement for immersive object audio content and dialogue
enhancement for core decoding of A-JCC or A-CPL coded immersive channel audio content.

5.8.2 Processing

5.8.2.1 Dialogue enhancement for core decoding of A-JCC coded 9.X.4 content

This clause specifies the dialogue enhancement processing for core decoding of A-JCC coded 9.X.4 content where the
dialogue enhancement operation is performed right after the A-JCC core.

Thistool isan extension to the dialogue enhancement tool specified in ETSI TS 103 190-1 [1], clause 5.7.8. core
decoding of A-JCC content is specified in clause 5.6.3.5.3.

A-JCC coded 9.X.4 content is content coded in ani mer si ve_channel _el enent whereimmersive_codec_modeis set to
ASPX_AJCC and where b_5f ront s istrue. The input signals for the dialogue enhancement processing are a subset of
the A-JCC related signals (input and output) specified in clause 5.6.2.

The dialogue enhancement shall be performed by the following process:

y(tssh) = HDE,AJCC,Core(tS' sb) x (rS((:;;Sb))))

for 0 <ts< num_gmf_timeslot and for 0 < sb < num_gmf_subbands.

m(ts,sb) is a vector of three input signals to the A-JCC processing:

QiNyyeca
m={ QiMN\ycp

QiMsece
u(ts,sb) is avector of three output signals of the A-JCC processing:

Qout, s
u=| Qouty,-cr
Qout, sec ¢

The matrix Hpe axcc,core Shall be derived from a matrix Minerp(ts,sb) as:

Hoeascc core(ts D) = (Miperp(ts SO |1)
where | isthe 3 x 3 identity matrix and | isthe horizontal concatenation operator.

The matrix Minerp(ts,sb) shall be calculated from two A-JCC coefficients C. and Cr and a modified dialogue
enhancement (DE) matrix:
1
/ 0 0

. . | 0 11
Hpe core = Hoeme X | ol=1

\o 0 8/

0 0

where PIDE,MC isspecified in ETSI TS 103 190-1 [1], clause 5.7.8.6 and | isthe 3 x 3 identity matrix. The calculation of
Minterp(ts,sb) is specified in pseudocode 20. The input parametersint_type, num_ps and psts shall be initialized to:

[oNeoN —Ne)

int_ type=(ajcc_it_If,ajcc_it_rf)
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num ps= (aj cc_nps_| f,aj cc_nps_rf)
psts=(aj cc_psts_If,ajcc_psts_rf)
The calculation of the coefficients CL = C_L and Cr = C_Ris specified in pseudocode 19.

Pseudocode 19: Calculation of A-JCC coefficients

for (ps = 0; ps < numps[0]; ps++) {
for (pb = 0; pb < ajcc_num param bands; pb++) {
C L[ps][pb] =1 - ajcc_drylf _dq[ps][pb] - ajcc_dry2f_dq[ps][pb];

}
for (ps = 0; ps < numps[1]; ps++) {
for (pb = 0; pb < ajcc_num param bands; pb++) {
C_RIps][pb] =1 - ajcc_dry3f_dqg[ps][pb] - ajcc_dry4f_dq[ ps][pb];

Pseudocode 20: Dialogue enhancement matrix calculation and interpolation

joint_interpol ati on(de_param coeff_|, coeff_r, int_type, numps, psts)
{

int_type[2] = 0;

num ps[ 2] = 1;

coeff[0] = coeff_I;
coeff[1] = coeff_r;
coeff[2] = 1;

for (sb = 0; sb < num.gnf_subbands; sb++) {
ab = sb_to_pb(sh);
db = sb_to_pb_de(sb);
for (ch2 = 0; ch2 < 3; ch2++) {
for (ts = 0; ts < numagnf_tineslots; ts++) {
if (int_type[ch2] == 0) { /1 Snooth interpolation
if (numps[ch2] == 1) { /'l 1 paraneter set
if (ts == 0) {
for (chl = 0; chl < 3; chl++) {
Mgt[chl][ch2] = de_paran{db][chl][ch2] * coeff[ch2][0][ab];
delta[chl][ch2] = (Mgt[chl][ch2] - Murev[sb][chl][ch2])
/ num.gnf _tineslots;

}
coeff_prev[ch2][sb] = coeff[ch2][0][ab];

} else { /] 2 paraneter sets
if (ts == 0) {
for (chl = 0; chl < 3; chl++) {
delta_de = (de_paranidb][chl][ch2] -

de_param prev[sb][chl][ch2]) / numqgnf_tineslots;
Mle = de_param prev[sb][chl][ch2]

+ floor(numgnf_tinmeslots / 2) * delta_de;
Mgt[chl][ch2] = Mle * coeff[ch2][0][ab];
delta[chl][ch2] = (Mgt[chl][ch2] - Mirev[sb][chl][ch2])

[ floor(numagnf_tineslots / 2);

} elseif (ts == floor(numagnf_tinmeslots / 2)) {
for (chl = 0; chl < 3; chl++) {
Mprev[sb][chl][ch2] = Mgt[chl][ch2];
Mgt[chl][ch2] = de_paranfdb][chl][ch2]
* coeff[ch2][1][ab];
delta[chl][ch2] = (Mgt[chl][ch2] - Murev[sb][chl][ch2])
/[ (numagnf_tineslots - floor(numagnf_tineslots / 2));

}
coeff_prev[ch2][sb] = coeff[ch2][1][ab];

} else { /] Steep interpolation
if (numps[ch2] == 1) { /'l 1 paraneter set
if (ts == 0) {

for (chl = 0; chl < 3; chl++) {
delta_de[chl][ch2] = (de_paranfdb][chl][ch2] -
de_param prev[sb][chl][ch2]) / numgnf_timeslots;
Mie[ chl] [ch2] = de_param prev[sb][chl][ch2]
+ psts[ch2][0] * delta_de[chl][ch2];
Mgt[chl][ch2] = Mle[chl][ch2] * coeff_prev[ch2][sb];
delta[chl][ch2] = (Mgt[chl][ch2] - Morev[sb][chl][ch2])

ETSI



94 ETSI TS 103 190-2 V1.3.1 (2025-07)

/ psts[ch2][0];

} elseif (ts == psts[ch2][0]) {
for (chl = 0; chl < 3; chl++) {
Mie[ chl][ch2] = Mle[chl][ch2] + delta_de[chl][ch2];
Mnterp[ts][sb][chl][ch2] = Mle[chl][ch2] * coeff[ch2][0][ab];
Mgt[chl][ch2] = de_paran{db][chl][ch2] * coeff[ch2][0][ab];
delta[chl][ch2] = (Mgt[chl][ch2] - Mnterp[ts][sb][chl][ch2])
/ (numagnf_tineslots - psts[ch2][0] - 1);

}
coeff_prev[ch2][sb] = coeff[ch2][0][ab];
ts++;

} else { /] 2 paraneter sets
if (ts == 0) {
for (chl = 0; chl < 3; chl++) {

delta_de[chl][ch2] = (de_paranfdb][chl][ch2] -
de_param prev[sb][chl][ch2]) / numqgnf_tineslots;

Mile[ chl] [ch2] = de_param prev[sb][chl][ch2]
+ psts[ch2][0] * delta_de[chl][ch2];

Mgt[chl][ch2] = Mle[chl][ch2] * coeff_prev[ch2][sb];

delta[chl][ch2] = (Mgt[chl][ch2] - Murev[sb][chl][ch2])
| psts[ch2][0];

}
} elseif (ts == psts[ch2][0]) {
for (chl = 0; chl < 3; chl++) {
Mile[ chl] [ch2] = Mde[chl][ch2] + delta_de[chl][ch2];
M nterp[ts][sb][chl][ch2] = Mle[chl][ch2]
* coeff[ch2][0][ab];
Mle[ chl] [ ch2] = de_param prev[sb][chl][ch2]

+ psts[ch2][1] * delta_de[chl][ch2];
Mgt[chl][ch2] = Mle[chl][ch2] * coeff[ch2][0][ab];
delta[chl][ch2] = (Mgt[chl][ch2] - Mnterp[ts][sb][chl][ch2])

! (psts[ch2][1] - psts[ch2][0] - 1);

}

ts++;
} elseif (ts == psts[ch2][1]) {

for (chl = 0; chl < 3; chl++) {
Mie[ chl][ch2] = Mle[chl][ch2] + delta_de[chl][ch2];
M nterp[ts][sb][chl][ch2] = Mle[chl][ch2] * coeff[ch2][1][ab];
Mgt[chl][ch2] = de_paran{db][chl][ch2] * coeff[ch2][1][ab];
delta[chl][ch2] = (Mgt[chl][ch2] - Mnterp[ts][sb][chl][ch2])

/ (numagnf_tineslots - psts[ch2][1] - 1);

}
coeff_prev[ch2][sb] = coeff[ch2][1][ab];
ts++;
}
}

}
for (chl = 0; chl < 3; chl++) {
if (ts == 0) {
Mnterp[ts][sb][chl][ch2] = Morev[sb][chl][ch2] + delta[chl][ch2];
} else {
Mnterp[ts][sb][chl][ch2] = Mnterp[ts - 1][sb][chl][ch2]
+ delta[chl][ch2];
}

}
}

}
for (chl = 0; chl < 3; chl++) {
for (ch2 = 0; ch2 < 3; ch2++) {
Mprev[sb][chl][ch2] = Mgt[chl][ch2];
de_param prev[sb][chl][ch2] = de_paranidb][chl][ch2];
}
}
}
return M nterp;

}

NOTE: de param= HDE,CO,Q, coeff_| = Cy, coeff_r = Cg, Minterp = Minterp
The sb_to_pb() helper function maps from QM F subbandsto A-JCC parameter bands according to clause 5.6.3.1. The

sb_to_pb_de() helper function maps from QMF subbands to dial ogue enhancement parameter bands according to ETS
TS 103 190-1[1], clause 5.7.8.4.
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5.8.2.2 Dialogue enhancement for core decoding of parametric A-CPL coded 9.X.4
content

NOTE: Thistool isan extension to the dialogue enhancement tool specified in ETSI TS 103 190-1 [1],
clause 5.7.8.

Parametric A-CPL coded 9.X.4 content is content coded in ani mer si ve_channel _el enent , where
immersive_codec_mode is set to ASPX_ACPL_2 and where b_5f ront s istrue. The input signals for the dialogue
enhancement processing are a subset of the A-CPL input signals specified in ETSI TS 103 190-1 [1], clause 5.7.7.1.

The dialogue enhancement shall be performed by the following process:
y(ts sb) = HpgachL core(ts b) X m(ts sb)
for 0 <ts< num_gmf_timeslot and for 0 < sb < num_gmf_subbands.

m(ts,sb) is a vector of three input signalsto the A-CPL processing:

QiNycpy 5
m={ QiNycp

QI nACPL,C

The matrix Hpe acrL core Shall be derived from a matrix Minerp(ts,sh) as

HDE,ACPL,Core(tS' Sb) = (Minterp(ts’ Sb)“)
where | isthe 3 x 3identity matrix and | is the horizontal matrix concatenation operator.

The matrix Minerp(ts,sb) shall be calculated from two A-CPL coefficients C. and Cr and a modified dialogue
enhancement matrix:

10
/0 10
. . 0 0 11
Hpecoe = Hoeme X | g g o | =1

\o 0 8/
0 0
where PIDE,MC isspecified in ETSI TS 103 190-1 [1], clause 5.7.8.6 and | isthe 3 x 3 identity matrix. The calculation of
Minterp(ts,sb) is specified in pseudocode 20. The input parametersint_type, num_ps and psts shall be initialized to:
int_type =acpl _i nterpol ati on_t ype

NUM_pS = acpl _num par am set s

psts= acpl _param ti nesl ot

Each of these variablesis an array of two dequantized elements, where the first one shall be derived from the fifth
acpl _dat a_1ch element and the second one from the sixth acpl _dat a_1ch element present in the
i mrer si ve_channel _el enent .

The calculation of the coefficients C. = C_L and Cr = C_Ris specified in pseudocode 21.

Pseudocode 21: Calculation of A-CPL coefficients

for (ps = 0; ps < numps[0]; ps++) {
for (pb = 0; pb < acpl _num param bands; pb++) {
C L[ps][pb] = 0.5 * (1 - acpl_al pha5_dq[ ps][pb]);

}
for (ps = 0; ps < numps[1]; ps++) {
for (pb = 0; pb < acpl _num param bands; pb++) {
C Rips][pb] = 0.5* (1 - acpl_al pha6_dq[ ps][pb]);
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The acpl_alpha5_dq function shall be derived from the acpl _al phal valuein thefifth acpl _dat a_ich element and the
acpl_alpha6_dq function shall be derived from the acpl _al phal valuein the sixth acpl _dat a_1ch element present in
thei mrer si ve_channel _el enent .

5.8.2.3 Dialogue enhancement for full decoding of A-JOC coded content

NOTE: Thistool isan extension to the dialogue enhancement tool specified in ETSI TS 103 190-1 [1],
clause 5.7.8.

A-JOC coded content is content coded in an audi o_dat a_aj oc element. If dialogue enhancement is enabled for full
decoding of A-JOC coded content the dialogue enhancement processing shall be done by a modification of the A-JOC
parameters. The function ajoc_de process(), which is specified in pseudocode 22, shall be called during the A-JOC
processing as specified in pseudocode 18. The de_gain value for full decoding is specified as:

G
10 "720  ifGpg < Gy

de gain= G
10 ™20 dse

where Gma shall be derived from de_nax_gai n.

Pseudocode 22: A-JOC dialogue enhancement processing

aj oc_de_process(ntx_dry_dqg, ntx_wet_dqg, de_gain)
if (de_gain > 1)

(numdl g_obj, dlg_idx) = dlg_obj();
for (d = 0; d < numdlg_obj; d++)

for (dp = 0; dp < aj oc_numdpoint; dp++)
for (pb = 0; pb < ajoc_numbands[dlg_idx[d]]; pb++)
{ for (ch = 0; ch < numdnx_signals; ch++)
ntx_dry_dq[dl g_idx[d]][dp][ch][pb] *= de_gain;
for (de = 0; de < ajoc_numdecorr; de++)
nt x_wet _dq[dl g_idx[d]][dp][de][pb] *= de_gain;
: }
}
}

return (ntx_dry_dqg, ntx_wet_dq);
}

The dlg_obj() function is specified in pseudocode 28.

5.8.2.4 Dialogue enhancement for core decoding of A-JOC coded content

NOTE: Thistool isan extension to the dialogue enhancement tool specified in ETSI TS 103 190-1 [1],
clause 5.7.8.

When decoding A-JOC content in core decoding mode, dial ogue enhancement shall be applied according to the matrix
equation:

Yo (tS D) = Hy (ts sb) X Ha (s Sb) X Xy (ts D) + Xcn(ts sb)

where Xcn(ts,sb) correspond to the signals Qinaoc;abl..] SPecified in clause 5.7.2.1 and yen(ts,sb) is the dialogue
enhanced output for ch = a,b,... and the QMF timeslot ts and the QM F subband sb.
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The matrix Ha(ts,sb) is representing a partial A-JOC processing and shall be derived from the matrix mtx_dry which is
calculated by the function ajoc_reconstruct() as specified in pseudocode 18. The function ajoc_de process() is
specified in pseudocode 22, where de_gain for core decoding is specified as:

G
de gain= 1OGDE/20 —1 ifGpe < Gma
10 ™01 else

where Gma shall be derived from de_nax_gai n. Ha(ts,sb) shall be calculated from mtx_dry as specified in
pseudocode 23.

Pseudocode 23: Calculation of matrix Ha

calculate_H A(ts, sh)

[numdl g_obj, dlg_idx] = dlg_obj();
for (dilg = 0; dlg < numdl g_obj; dl g++)

for (ch = 0; ch < num.dnmx_signals; ch++)
H A[ts][sb][dlgl[ch] = mx_dry[ts][sb][dlg_idx[dlg]l][ch];

return H_A

}

The matrix Hwu(ts,sb) shall be the result of an interpolation process between the matrix H'm prev and H'm, where H'y shall
be calculated for each codec frame and after the interpolation process stored as H'w prev fOr the interpolation processin
the next codec frame. The interpolation processis specified as:

ts+1 ts+1

Hu (ts sb) = (1 ) X Hiy ey (D) +

- num_gmf_timeslots

X Hy(sh)

num_gmf_timeslots

where the calculation of H'y shall be done as specified in pseudocode 24. The variable de_dlg_dmx_coeff shall be
derived from de_dI g_dmx_coef f _i dx according to table 82.

Pseudocode 24: Calculation of matrix H'w

cal cul ate_H M dash(sb)

(numdl g_obj, dlg_idx) = dlg_obj();
for (dlg = 0; dlg < numdl g_obj; dl g++)

for (ch = 0; ch < num.dnmx_signals; ch++)
H M dash[sb][ch][dlg] = de_dlg_dnx_coeff[dlg][ch];

return H M dash;

}

The dig_obj() helper function is specified in pseudocode 28.

5.8.2.5 Dialogue enhancement for non A-JOC coded object audio content

NOTE: Thistool isan extension to the dialogue enhancement tool specified in ETSI TS 103 190-1 [1],
clause 5.7.8.

Non A-JOC coded object audio content is content coded in audi o_dat a_obj s. If dialogue enhancement is enabled for
decoding of non A-JOC coded object audio content and the processed substream is a dialogue substream, the decoder
shall apply a gain factor as follows:

Cpe .
de. gein = 10G /20 ifGpg < G
10 ™20 else

to the corresponding audio objects for which b_di al og istrue. Hence, the decoder should apply the gain factor to the
corresponding object essences.
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If b_di al og_max_gai n istrue, Gma shall be calculated from di al og_nmax_gai n as:
Gax = 3 X (1+dialog_max_gain)[dB]
Otherwise, Gmax shall be O dB.

5.9 Object audio metadata timing

591 Introduction

The AC-4 bitstream supports multiple updates of object properties per codec frame, where each update is contained in
one obj _i nf o_bl ock (called block update). The OAMD timing data specifies how updates of the object properties are
synchronized to the PCM audio samples of the object audio essence.

5.9.2 Synchronization of object properties

The decoder shall synchronize the object properties, contained in multiple block updates, to the PCM audio samples.
The decoder may split up the object audio essence into subblocks of PCM audio samples. These subblocks of samples
are associated with properties of the corresponding block update and are consecutively output of the decoder to be
processed by an object audio renderer.

The PCM audio sample, at which the corresponding block update starts to be effective, is called update PCM sample.
An update PCM sample shall be calculated for each present block update, which is an offset to the first PCM sample of
the actual codec frame. One block update is valid until the update PCM sample of the next received block update.

The update PCM sample value update_sample, for the block update n shall be calculated from sanpl e_of f set, whichis
shared by all block updates, and the bl ock_of f set _f act or Of the corresponding block update as
update_sample,=sanpl e_of f set +(32Xbl ock_of f set _f act or ).

Figure 10 shows the update PCM samples for received block updates and how block updates are stored in the AC-4
bitstream.
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Samples with updates of properties (no framing)
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Figure 10: OAMD block updates
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5.10 Rendering

5.10.1 Introduction

Thistopic specifies several different algorithms for rendering audio tracks into output channels corresponding to a
chosen speaker layout.

Two different renderers are defined:
Channel based renderer Downmixes or up-maps input channels to output channels.

ISF renderer Renders the intermediate spatial format.
5.10.2 Channel audio renderer

5.10.2.1 Introduction
This clause describes how decoded audio substreams are rendered to the output channel configuration.

The processisillustrated in figure 11 and is applicable to the processing of each channel audio substream of a
presentation.
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Figure 11: Channel rendering process

The channel rendering process shall perform the following steps:

1) When pan_di al og Or pan_associ at ed iS present, the decoder shall pan the dialogue or associated audio
signals to the horizontal-plane speakers of the output channel configuration, as described in clause 5.10.2.3.

2) If the presentation is an exclusively channel-based presentation (i.e. pres_ch_node # -1 or
pres_ch_node_cor e # -1), then all other signals shall be embedded into a channel configuration that reflects
the presentation channel mode as indicated by pres_ch_node for full decoding mode or pres_ch_node_cor e

for core decoding mode.

3) Theresulting channel configuration may be up-mixed or down-mixed to the output channel configuration as
specified in clause 5.10.2.4 for full decoding mode or clause 5.10.2.6 for core decoding mode. This processis

described by the rendering matrix specified in clause 5.10.2.2.

NOTE: Insome cases, the surround channels might undergo an additional phase shift operation of 90°.
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5.10.2.2 General rendering matrix

The calculation of the output signals oute,, where ch is the corresponding channel of the output channel configuration,
from the input signals inc,, where ch is the corresponding channel of the input channel mode, is described through the
generalized matrix operation:

- out, 1 i
outg Mg
outc Ne
out M
OUtgs Mks
out, !an
Outry INRp
OUtty !anl
OUtrfr Ny
OUtry Nt
OUthr inTbr
OUt fe oo To1 - Tozs N fe
Outrg | [fo Ti1 - T125 ‘ iNrg
OUtrg H : : iNre
OUtric | Lfs0 Tasa - Tasos] | ingg
OUthC inTbC
OUtr, inc
OUl,fep INLfe2
OUtg iNgsy
OUlgr ianr
OUthc in
OUth ) Bfc

Ncp

OUthcr in
OUtRscr iﬂLscr
OUtLW ) Rscr

L OUtRy I Mow

L ingy, |

NOTE: The channel configurations are specified in clause A.3.

If the presentation is an exclusively channel-based presentation: for full decoding mode the input channel modeis
indicated by pres_ch_node, for core decoding mode the input channel mode isindicated by pres_ch_node_core.
Otherwise (i.e. the pres_ch_node, Of pres_ch_node_cor e respectively, is-1): theinput channel mode is indicated by
the channel mode of the current substream, the ch_node field, specified in clause 6.3.2.7.2. The coefficients denote
Fout,in.

Input signals that are not present in the input channel mode should be silenced signals. Output signals that are not
present in the output channel configuration should be discarded.

5.10.2.3 Panning of a stereo or mono signal

If a channel audio substream is a dialogue substream and b_pan_di al og_pr esent istrue, n pan_di al og value(s) are
present (if the input channel configuration is mono, n = 1; otherwise, n = 2). If a channel audio substream is a dialogue
substream and b_pan_di al og_pr esent isfalse, then the pan_di al og value(s) shall default asfollows: If n=1, the default
value shall be pan_di al 0og=0; otherwise, the default values shall be pan_di al og[ 0] =330 and pan_di al og[ 1] =30.

If achannel audio substream is an associated audio substream and the input channel configuration is mono, one
pan_associ at ed valueis present.

Each pan_di al og Or pan_associ at ed value indicates a panning value o; as specified in ETSI TS 103 190-1 [1],
clause 4.3.12.4.9.

If the output channel configuration is mono, the decoder shall ignore present pan_di al og Or pan_associ at ed Value(s)
and the signal shall be passed through the panning process unmodified.
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For all other output channel configurations the decoder shall apply the present pan_di al og Or pan_associ at ed value(s)
by performing the following consecutive steps:

1) If the output channel configuration is stereo, the value o shall be derived from a; as:

[ a ifa; <30°Va; > 330°
30° ifa; >30°Aa; < 150°
a={ 330° ifa;>210°Aq; < 330°

|180° —a; ifa; > 150° A a; < 180°
540°—@; ifa; > 180°Aq; < 210°

If the output channel configuration is not stereo, then a = «a;.

2) Derivethe two adjacent speakers A and B from the horizontal -plane subset of the output speaker configuration
utilizing table 33, in away that speaker position angles o.a and og correspond to:

360° ifag = 0°

gy <a<
A {aB else

3) Cdculate:

_ a-ay

- ap—aa
4)  Calculate mix matrix coefficients rjm = cos(r x 90°) and rxm = sin(r x 90°), where mis 0 for mono input or in
[0, 1] for stereo input. The values for j and k depend on the output configuration and the corresponding
adjacent speakers A and B as shown in table 33.

EXAMPLE: If Alisspeaker R at -45 degrees, and B is speaker Rw at -60 degreesin a9.X.Y configuration, j will
be 1 and k will be 25. For a stereo input, elements i and r11 of the rendering matrix (see
clause 5.10.2.2) would be populated with the result of the cos() calculation, while rzs and ros1
would be populated with the result of the sin() calculation.

Table 33: Horizontal-plane subset of the output speaker configuration and
corresponding values for j and k

Output speaker configuration Speakers Corresponding values for j and k
9.X.Y L,R,C,Ls,Rs, Lb,Rb, Lw,Rw [0, 1, 2, 3, 4,5, 6,24, 25
7XY L,R,C,Ls,Rs, Lb,Rb 0,1,2,3,4,5,6
5.X.Y L,R,C,Ls,Rs 0,1,2 3,4
2.0 L, R 0,1
5.10.2.4 Substream downmix or upmix for full decoding

If the embedding process specified in step two in clause 5.10.2.1 is performed, the substream to be processed is present
in the presentation channel mode pr es_ch_node (specified in clause 6.3.3.1.27); otherwise, the current channel modeis
indicated by ch_node (specified in clause 6.3.2.7.2). The decoder shall calculate the signals of the output channel
configuration from the signal's of the input channel mode, i.e. the current channel mode, utilizing the generalized
rendering matrix specified in clause 5.10.2.2.

The decoder shall derive the coefficients row,in Of the rendering matrix from:
. static coefficients specified in this documentation; and
. customized downmix coefficients present in the bitstream.
Derivation of coefficientsis specified in clause 5.10.2.5.

Table 34 shows how to derive the matrix coefficients by referencing specific tablesin clause 5.10.2.5 depending on the
output channel configuration.
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Table 34: Mix matrix coefficients for different output channel configurations

Output channel 9.X.4 9.X.2 9.X.0 7.X.4 7.X.2 7.X.0 5.X.4 5.X.2 5.X.0
configuration
reference Table 35 |Table Table Table Table Table Table Table Table
36 37 38 39 40 41 42 43
NOTE: Table A.27 shows which speakers are contained in each channel configuration.

5.10.2.5

Matrix coefficients for channel-based renderer for full decoding

This clause contains one table of coefficients rou,in for the rendering matrix for each output channel configuration

referenced by table 34.

The matrix coefficients depend on the input channel configuration, as specified in clause 5.10.2.4. The configuration is
either indicated by the presentation channel mode pr es_ch_node or by the ch_node.

NOTE 1: Coefficients have a default value of -co dB. The following tables specify non-default coefficients.

NOTE 2: When the LFE channel containsasignal (X = 1), then ri111 = 0 dB; otherwise, ri1,11 = -0 dB.

Table 35: Channel rendering coefficients for output to 9.X.4 for full decoding

Input channel configuration Coefficients
9.X4 rii= 0 dB for i = {0...10, 22, 23}
9.X.2 rii =0 dB fori={0...6, 22, 23}, r7,12 = ro,12 = s 13 = r013 = -3 dB
9.X.0 rii =0 dB fori={0...6, 22, 23}
7X.4 ri=0dB for i = {0...10}
7.X.2 rii =0 dB fori={0...6}, r7,12 = re,12 = rg13 = r10,13 = -3 dB
7.X.0 rii =0 dB fori={0...6}
5.X.4 rij= 0 dB for i = {0...4, 7...10}
5.X.2 rii=0dB fori={0...4}, r7,12 = re,12 = rg13 = r10,13 = -3 dB
5.X.0 rii =0 dB fori={0...4}
3.0.0 rii =0 dB fori={0...2}
2.0.0 rii=0dBfori={0...1}
1.0.0 rii=0dBfori=2

Table 36: Channel rendering coefficients for output to 9.X.2 for full decoding

Input channel configuration Coefficients

9.X.4 rii=0dBfori={0...6,22..23}, r127 = ri29 = rizg = riz10 = -3 dB
9.X.2 ri=0dBfori={0...6,12...13, 22...23}

9.X.0 rii=0dB fori={0...6, 22...23}

7.X.4 rii=0dBfori={0...6}, r127 =ri29 =rizg = riz10 = -3dB
7.X.2 rii=0dBfori={0...6,12...13}

7.X.0 ri=0dB fori={0...6}

5.X.4 rii =0 dB fori={0...4}, r12,7 = ri20 = ri3g = ri3,10 = -3 dB
5.X.2 ri=0dBfori={0..4,12...13}

5.X.0 rii=0dBfori={0...4}

3.0.0 rii=0dB fori={0...2}

2.0.0 rii =0 dB fori={0...1}

1.0.0 rii=0dBfori=2
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Table 37: Channel rendering coefficients for output to 9.X.0 for full decoding

Input channel configuration Coefficients

9.X.4 rii=0 dB for i={0...6, 22...23}, r3,7=r4,8=r3,9=r4,10=-3 dB
9.X.2 rii=0 dB for i={0...6, 22...23}, r3,12=r413=-3 dB
9.X.0 rii=0 dB for i={0...6, 22...23}

7.X.4 rii=0 dB for i={0...6}, r37=rs,8=rso=rs4,10=-3 dB
7.X.2 rii=0 dB for i={0...6}, r312=r4,13=-3 dB

7.X.0 rii=0 dB for i={0...6}

5.X.4 rii=0 dB for i={0...4}, r37=rs,g=rso=rs4,10=-3 dB
5.X.2 rii=0 dB for i={0...4}, r312=r4,13=-3 dB

5.X.0 rii=0 dB for i={0...4}

3.0.0 ri;=0 dB for i={0...2}

2.0.0 rii=0 dB for i={0...1}

1.0.0 rii=0 dB for i=2

Table 38: Channel rendering coefficients for output to 7.X.4 for full decoding

Input channel configuration

Coefficients

9.X.4 rii=0dB fori={0...10}, ro22 = r1,23 = 0dB

9.X.2 rii=0dB fori={0...6}, r022=r123=0dB, r712 = rg12 = rg13 = r1013 = -3 dB
9.X.0 rii =0 dB fori={0...6}, ro22 =r123 =0 dB

7.X4 rii=0dB fori={0...10}

7.X.2 rii=0dBfori={0...6}, r7,12 =ro12 = rs13 = ro13 = -3dB
7.X.0 ri=0dB fori={0..6}

5.X.4 rii=0dB fori={0..4, 7...10}

5.X.2 rii=0dB fori={0...4}, r7,12 = ro12 = rs13 = ro13 = -3 dB
5.X.0 rii =0 dB fori={0...4}

3.0.0 rii=0dB fori={0...2}

2.0.0 rii=0dBfori={0...1}

1.0.0 rii=0dBfori=2

Table 39: Channel rendering coefficients for output to 7.X.2 for full decoding

Input channel
configuration

Coefficients

9.X.4 rii =0 dB for i ={0...6}, ro22 = r123 = gain_f1, r222 = rz223 = gain_f2, ri27 = r12.9 = r1z8 = riz,10
= gain_t1

9.X.2 rii=0dBfori={0...6,12, 13}, ro22 =123 = gain_f1, r22 = rz23 = gain_f2

9.X.0 rii=0dB fori={0...6}, ro22=r123=0dB

7.X.4 rii =0 dB fori={0...6}, r127 = r129 = ri3g = ri3 10 = gain_tl

7.X.2 rii=0dBfori={0...6,12...13}

7.X.0 rii=0dB fori={0...6}

5.X.4 rii=0dBfori={0...4}, r127 = r120 = r138 = 3,10 = -3 dB

5.X.2 ri=0dBfori={0..4,12...13}

5.X.0 rii =0dB fori={0...4}

3.0.0 rii=0dBfori={0...2}

2.0.0 rii=0dB fori={0...1}

1.0.0 rii=0dBfori=2
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Table 40: Channel rendering coefficients for output to 7.X.0 for full decoding

Input channel
configuration

Coefficients

9.X.4

rii=0dB fori={0...

= gain_t2b, rs7 = reg = gain_t2c, ro,9 = ri,10 = gain_t2d, rs9 = ra10 = gain_t2e, rs9 = re 10 = gain_t2f

6}, ro22 = r1,23 = gain_f1, r222 = r223 = gain_f2, ro,7 = r1,g = gain_t2a, ra7 = rag

9.X.2 rii =0 dB for i ={0...6}, ro22 = r1,23 = gain_f1, r222 = r223 = gain_f2, ro,12 = r1,13 = gain_t2a, r3 12 =
r4,13 = gain_t2b, rs 12 = rg 13 = gain_t2c

9.X.0 rii=0dB fori={0...6}, ro22=r123=0dB

7.X.4 rii =0 dB fori={0...6}, ro7 = ri,g8 = gain_t2a, r37 = rag = gain_t2b, rs7 = reg = gain_t2c, ro,9 = r1,10
= gain_t2d, r39 = ra,10 = gain_t2e, rs ¢ = rs,10 = gain_t2f

7.X.2 rii =0 dB for i ={0...6}, ro12 = r1,13 = gain_t2a, r3 12 = r4,13 = gain_t2b, rs 12 = rs,13 = gain_t2¢

7.X.0 rii =0dB fori={0...6}

5.X.4 rii=0dBfori={0...4},r37=rag=r3g=r410=-3dB

5.X.2 rii=0dB fori={0...4}, r312 =r313 = -3 dB

5.X.0 rii =0dB fori={0...4}

3.0.0 rii=0dBfori={0...2}

2.0.0 rii=0dB fori={0...1}

1.0.0 rij=0dBfori=2

Table 41: Channel rendering coefficients for output to 5.X.4 for full decoding

Input channel
configuration

Coefficients

9.X.4 rii=0dBfori={0...2, 7...10}, ro,22 = r1,23 = gain_f1, rz222 = r223 = gain_f2, ra3z =ras =r44 =
rs6 = gain_b

9.X.2 rii=0dB fori={0...2}, ro22 = r123 = gain_fl, rz22 = r2p3 = gain_f2, r3az =r3s =r44 =rae =
gain_b, r712 =rg12 =rg13 = rio13 = -3 dB

9.X.0 ri=0dBfori={0...2}, rop22=r123=0dB, r3za=r3s=rs4=rs6 =-3 dB

7.X.4 rii=0dBfori={0...2,7...10}, r33 =r35=r44 =rss = gain_b

7.X.2 rii=0dBfori={0...2}, r33=r3s =r44=r4s=gain_b, r712 = re12 = rg13 = r10,13 = -3 dB

7.X.0 ri=0dBfori={0...2}, r3z3=rss=rq4a=rs6=-3dB

5.X.4 ri=0dBfori={0..4,7..10}

5.X.2 rii =0 dB fori={0...4}, r712 = r912 = rg 13 = r10,13 = -3 dB

5.X.0 rii =0dB fori={0...4}

3.0.0 rii=0dBfori={0...2}

2.0.0 rii=0dB fori={0...1}

1.0.0 rij=0dBfori=2

Table 42: Channel rendering coefficients for output to 5.X.2 for full decoding

Input channel
configuration

Coefficients

9.X.4 rii=0dB fori={0...2}, ro22 =r123 = gain_fl, rz22 = r2p3 = gain_f2, r3z =r3s =r44 =rae =
gain_b, ri27 =ri29 = rizg = riz10 = gain_tl

9.X.2 rii=0dBfori={0...2, 12, 13}, ro22 = r1,23 = gain_f1, r222 = r223 = gain_f2, r3az =ras =rs4 =
r46 = gain_b

9.X.0 ri=0dBfori={0...2}, ro22=r123=0dB, r3z=r3s=rs4=rs6 =-3dB

7.X.4 rii=0dBfori={0...2}, r33=r3s=rsa=rse=gain_b, rio7 = riz9 = rizg = riz10 = gain_tl

7.X.2 rii=0dBfori={0...2,12...13}, r33 =r35 =r14 =36 = gain_b

7.X.0 ri=0dBfori={0...2}, r3z3=rss=r44a=rs6=-3dB

5.X.4 rii=0dBfori={0...4}, ri27 = ri29 = ri3g = riz,10 = gain_tl

5.X.2 ri=0dBfori={0..4, 12...13}

5.X.0 rii =0dB fori={0...4}

3.0.0 rii=0dBfori={0...2}

2.0.0 rii=0dBfori={0...1}

1.0.0 rij=0dBfori=2
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Table 43: Channel rendering coefficients for output to 5.X.0 for full decoding

Input channel Coefficients
configuration

9.X.4 rii=0dB fori={0...2}, ro22 = r1,23 = gain_f1, r222 = r2,23 = gain_f2, r33 = r35 = r4.4 = ra6 = gain_b,
ro,7 = ri,g = gain_t2a, ra7 = rag = gain_t2b, ro,o = ri,10 = gain_t2d, r3,o = r4,10 = gain_t2e

9.X.2 rii=0dB fori={0...2}, ro22 = r1,23 = gain_f1, r222 = r223 = gain_f2, r33 = r35 = r44 = ra6 = gain_b,
ro,12 = r1,13 = gain_t2a, rs 12 = r4,13 = gain_t2b

9.X.0 rii=0dBfori={0...2}, ro22=r123=0dB, r3z3=r3s=rs4=rs6 =-3 dB

7.X.4 rii=0dBfori={0...2}, r33 =r35=r44 =rae =gain_b, ro7 = ri,g = gain_t2a, ra37 = rag = gain_t2b,
ro,9 = ri,10 = gain_t2d, rso = rs,10 = gain_t2e

7.X.2 rii=0dBfori={0...2}, r33 =r35 =44 =46 = gain_b, ro,12 = ry,13 = gain_t2a, rs,12 = r4,13 =
gain_t2b

7.X.0 rii=0dBfori={0...2}, r33=r3s=rsa=r46=-3dB

5.X.4 rii=0dB fori={0...4}, ro,7 = r1,g = gain_t2a, r37 = rag = gain_t2b, roo = r1,10 = gain_t2d, rae =
r4,10 = gain_t2e

5.X.2 rii =0 dB fori={0...4}, ro,12 = r1,13 = gain_t2a, ra 12 = rs13 = gain_t2b

5.X.0 ri=0dBfori={0...4}

3.0.0 rii=0dBfori={0...2}

2.0.0 rii=0dB fori={0...1}

1.0.0 rii=0dB fori=2

5.10.2.6 Substream downmix or upmix for core decoding

If the embedding process specified in step two in clause 5.10.2.1 is performed, the substream to be processed is present
in the presentation channel mode for core decoding pres_ch_node_cor e (specified in clause 6.3.3.1.28); otherwise, the
current channel mode isindicated by ch_node (specified in clause 6.3.2.7.2). The decoder shall calculate the signals of
the output channel configuration from the signals of the input channel mode, i.e. the current channel mode, utilizing the
generalized rendering matrix specified in clause 5.10.2.2.

The decoder shall derive the coefficients row,in Of the rendering matrix from:
. static coefficients specified in the present documentation; and
. customized downmix coefficients present in the bitstream.
Derivation of coefficients specified in clause 5.10.2.7.

Table 44 shows how to derive the matrix coefficients by referencing specific tablesin clause 5.10.2.7 depending on the
output channel configuration.

Table 44: Mix matrix coefficients for different output channel configurations in core decoding mode

Output channel configuration [Location of coefficient definition
5.X.2 Table 45
5.X.0 Table 46

5.10.2.7 Matrix coefficients for channel-based renderer for core decoding

This clause contains one table of coefficients rqw,in for the rendering matrix for each output channel configuration
referenced by table 44.

The matrix coefficients depend on the input channel configuration, as specified in clause 5.10.2.6 either indicated by the
presentation channel mode for core decoding pr es_ch_mode_cor e or by the ch_node.

NOTE 1: Coefficients have a default value of -co dB. The following tables specify non-default coefficients.
NOTE 2: When the LFE channel containsasignal (X = 1), then ri111 = 0 dB; otherwise, ri1,11 = -0 dB.

NOTE 3: The coefficients depend on additional conditions specified in the second column.
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Table 45: Channel rendering coefficients for output to 5.X.2 for core decoding

Input channel configuration Condition Coefficients
9.X.X, 7.X.X Always ri =0dB fori={0...2}
top_channel s_present =3 r2,12 = rz,13 = gain_t1+3 dB

t op_channel s_present ={1,2} ri2,12 = riz13 = +3 dB
b_4 back_channel s_present =1 |r33=rs4 =gain_b+3 dB
b_4 back_channel s _present =0 [r33=r44=+3dB

5.X.0 Always ri=0dBfori={0...4}
3.0.0 Always ri=0dBfori=0...2}
2.0.0 Always ri=0dB fori={0...1}
1.0.0 Always rii=0dBfori=2

Table 46: Channel rendering coefficients for output to 5.X.0 for core decoding

Input channel Condition Coefficients
configuration
9.X.X, 7.X.X Always ri =0dBfori={0...2}
t op_channel s_present ={1...3} ro12 = r1,13 = gain_t2a+3 dB, ra 12 =r 4,13 = gain_t2b+3 dB
b_4_back_channel s_present =1 133 =rss4 =gain_b+3 dB
b_4 back_channel s_present =0 33 =rss=+3dB
5.X.0 Always ri=0dBfori={0...4}
3.0.0 Always ri=0dBfori={0...2}
2.0.0 Always ri=0dB fori={0...1}
1.0.0 Always rii=0dBfori=2

5.10.3 Intermediate spatial format rendering

5.10.3.1 Introduction

Spatial audio scenes may be represented using a variety of multichannel soundfield formats, including object formats or
traditional multichannel formats.

A spatial audio scene is comprised at the source of many individual sound objects, potentially with different radiation
characteristics, which may be encoded and transmitted in some interstitial format for eventual playback by rendering to
agiven speaker array or other audio output device at the sink.

The present document adopts the term | SF to describe any such interstitial format into which object audio may be
coded, and from which the same audio may be rendered to any given speaker array. An | SF preserves the flexibility to
"decode" this soundfield with minimal spatial distortion to almost any three-dimensional speaker array.

EXAMPLE: Spherical harmonics can be used to build an | SF, transmitting the soundfield using spherical
harmonic components.

The present document specifies a new class of | SF that provides equivalent spatial resolution using fewer audio signals,
by assuming the placement of playback speakersin relatively few horizontally aligned layers. The specified | SF
represents the soundfield as several "stacked rings" of signals, with each set similar to a circular harmonic component
representation.

5.10.3.2 Conventions

The stacked ring | SF format is denoted by SRM.U.L.Z, using four numbers to represent the number of | SF object audio
essences in the middle, upper, lower, and zenith rings as shown in figure 12.

EXAMPLE: SR9.5.0.1 represents a signal with 9 signals for the middle ring, 5 for the upper ring, 1 for the
zenith, and none for the lower ring.
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Figure 12: Schematic representation of the ISF stacked ring format

5.10.3.3 Interface

5.10.3.3.1 Inputs

X1,...N_in N_in decoded | SF object audio essences.
5.10.3.3.2 Outputs

V1.....N_out N_out speaker feeds output from the I SF tool.

N_out is the number of speakersin the output channel configuration as defined in clause 5.10.2.5.

5.10.3.3.3 Controls

i sf_config The configuration of 1SF object audio essences as defined in clause 5.10.3.2.

5.10.34 Processing

The ISF rendering al gorithm maps | SF object audio essences to speaker feeds with coefficients configured by the output
channel configuration.

To process | SF object audio essences, the decoder shall:

1) Select the matrix M for processing from clause A.2.1. The selection is dependent on the output channel
configuration.

2) Assign the decoded object audio essences successively to elements of column vector t = [Ms..., Us..., L1...,
Z].

NOTE 1: The exact layout of tis determined by i sf _confi g (seetable 61). LFE channels stays unassigned, i.e.
they bypass the | SF tool.

3) Transform the signal into speaker feeds by y=M X t.

NOTE 2: The ISF tool is operated at the output channel configuration (see clause 4.8.4).
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5.11  Accurate frame rate control

Thistool provides accurate control over mediatiming when frame lengths are fractional .
As specified in ETSI TS 103 190-1 [1], clause 4.3.3.2.6 AC-4 offers control over audio coding frame rate.

Frame ratesin [29,97; 59,94; 119,88] frames per second result in the nominal fractional decoded frame lengths of
1601,6, 800,8, and 400,4 samples, respectively, at the sample rate converter output (see ETSI TS 103 190-1 [1],
clause 6.2.15). In practice, the sample rate converter will not return fractional samples, but instead frames of integer
lengths straddling the fractional frame length.

1000 48000 1221 _ 1221

EXAMPLE: At aframerate of 29,97[Hz] = 30 x ——[HZ], each frame measures —— X =
1001 30 1000 5

samples. A standard sample rate converter will return frames of 1 601 and 1 602 samplesin a
sequence repeating after five frames, corresponding to five distinct phases of the resampler.

If the phase of the sample rate converter islocked to the stream, it will produce the same number of output sample from
aframe independent of where decoding started. Thisis achieved by locking the phase of the sample rate converter to ¢;
according to table 47, with:

cntmod>5 ifent#0
6, =1(¢, + Dmod5 if (cnt = 0) A (thisis not the first frame)
0 else

where cnt is set to the sequence_counter.

The decoder shall link the number of output samples per frame to the sequence_count er according to the equation
above and table 47.

When a source change is detected according to ETSI TS 103 190-1 [1], clause 4.3.3.2.2, and it resultsin a different
output sequence or ajump in the phase of the current output sequence this change shall only be applied at the time the
first frame of the new source is returned. In other words, the change in resampler phase sequence shall be delayed with
the signal so that the change only becomes active once the first sample from the new output sequence reaches the
resampler output.

Table 47: Mapping sequence index to number of resampler output samples

Frame rate [Hz] |Exact frame length [samples] |¢: |Internal block size [Number of output samples |Remainder
29,97 1601,6 0 |1536 1601 0,6
1 (1536 1602 0,2
2 |1536 1601 0,8
3 1536 1602 0,4
4 11536 1602 0
59,94 800,8 0 |768 800 0,8
1 (768 801 0,6
2 |768 801 0,4
3 |768 801 0,2
4 |768 801 0
119,88 400,4 0 |384 400 0,4
1 [384 400 0,8
2 1384 401 0,2
3 |384 400 0,6
4 1384 401 0
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6 Bitstream syntax

6.1 Introduction

The present document re-uses syntactic elements specified in ETSI TS 103 190-1 [1], clause 4.2. Most syntactic
elements are used unchanged asindicated in table 48. Some syntactic elements are amended as indicated in table 49.
This clause specifies amended and newly defined syntactic elements.

Table 48: Syntactic elements specified in ETSI TS 103 190-1 [1]

Syntactic element Location in ETSI TS 103 190-1 [1]

raw ac4 frame

Clause 4.2.1 (table 2)

variable bits

Clause 4.2.2 (table 3)

presentation_version

Clause 4.2.3.3 (table 6)

frame_rate_multiply info

Clause 4.2.3.4 (table 7)

emdf info

Clause 4.2.3.5 (table 8)

ac4 substream info

Clause 4.2.3.6 (table 9)

content_type

Clause 4.2.3.7 (table 10)

emdf payloads_substream_info

Clause 4.2.3.10 (table 13)

substream index table

Clause 4.2.3.11 (table 14)

ac4 hsf ext substream

Clause 4.2.4.2 (table 17)

emdf payloads_substream

Clause 4.2.4.3 (table 18)

single_channel_element

Clause 4.2.6.1 (table 20)

mono data

Clause 4.2.6.2 (table 21)

channel_pair_element

Clause 4.2.6.3 (table 22)

stereo data

Clause 4.2.6.4 (table 23)

3 0 channel element

Clause 4.2.6.5 (table 24)

5 X channel element

Clause 4.2.6.6 (table 25)

two channel data

Clause 4.2.6.7 (table 26)

three_channel data

Clause 4.2.6.8 (table 27)

four_channel data

Clause 4.2.6.9 (table 28)

five channel data

Clause 4.2.6.10 (table 29)

three channel info

Clause 4.2.6.11 (table 30)

four_channel_info

Clause 4.2.6.12 (table 31)

five_channel info

Clause 4.2.6.13 (table 32)

7 X channel element

Clause 4.2.6.14 (table 33)

sf_info Clause 4.2.7.1 (table 34)
sf_info_lfe Clause 4.2.7.2 (table 35)
sf_data Clause 4.2.7.3 (table 36)
asf transform_info Clause 4.2.8.1 (table 37)
asf_psy_info Clause 4.2.8.2 (table 38)

asf section data

Clause 4.2.8.3 (table 39)

asf spectral_data

Clause 4.2.8.4 (table 40)

asf scalefac data

Clause 4.2.8.5 (table 41)

asf snf data

Clause 4.2.8.6 (table 42)

ssf_data Clause 4.2.9.1 (table 43)
ssf_granule Clause 4.2.9.2 (table 44)
ssf_st data Clause 4.2.9.3 (table 45)
ssf_ac_data Clause 4.2.9.4 (table 46)
chparam_info Clause 4.2.10.1 (table 47)
sap_data Clause 4.2.10.2 (table 48)
companding_control Clause 4.2.11 (table 49)
aspx_config Clause 4.2.12.1 (table 50)

aspx_data_1ch

Clause 4.2.12.2 (table 51)

aspx_data_2ch

Clause 4.2.12.3 (table 52)

aspx_framing

Clause 4.2.12.4 (table 53)

aspx_delta_dir

Clause 4.2.12.5 (table 54)

aspx_hfgen_iwc_1ch

Clause 4.2.12.6 (table 55)

aspx_hfgen_iwc_2ch

Clause 4.2.12.7 (table 56)

aspx_ec_data

Clause 4.2.12.8 (table 57)

aspx_huff_data

Clause 4.2.12.9 (table 58)
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Syntactic element

Location in ETSI TS 103 190-1 [1]

acpl_config_1ch

Clause 4.2.13.1 (table 59)

acpl_config_2ch

Clause 4.2.13.2 (table 60)

acpl_data_1ch

Clause 4.2.13.3 (table 61)

acpl_data_2ch

Clause 4.2.13.4 (table 62)

acpl_framing_data

Clause 4.2.13.5 (table 63)

acpl_ec data

Clause 4.2.13.6 (table 64)

acpl_huff _data

Clause 4.2.13.7 (table 65)

drc_frame

Clause 4.2.14.5 (table 70)

drc_config

Clause 4.2.14.6 (table 71)

drc_decoder_mode_config

Clause 4.2.14.7 (table 72)

drc_compression_curve

Clause 4.2.14.8 (table 73)

drc_data Clause 4.2.14.9 (table 74)
drc_gains Clause 4.2.14.10 (table 75)
de_config Clause 4.2.14.12 (table 77)

emdf _payload_config

Clause 4.2.14.14 (table 79)

emdf_protection

Clause 4.2.14.15 (table 80)

Table 49: Amended syntactic elements specified in ETSI TS 103 190-1 [1]

Syntactic element Location in ETSI TS 103 190-1 [1] | Location in the present document
ac4_toc Clause 4.2.3.1 (table 4) Clause 6.2.1.1
ac4_presentation_info Clause 4.2.3.2 (table 5) Clause 6.2.1.2
presentation_config_ext_info |Clause 4.2.3.8 (table 11) Clause 6.2.1.5
ac4_hsf_ext_substream_info [Clause 4.2.3.9 (table 12) Clause 6.2.1.14
ac4_substream Clause 4.2.4.1 (table 16) Clause 6.2.2.2
audio_data Clause 4.2.5 (table 19) Clause 6.2.3.1
metadata Clause 4.2.14.1 (table 66) Clause 6.2.7.1
basic_metadata Clause 4.2.14.2 (table 67) Clause 6.2.7.2
further_loudness_info Clause 4.2.14.3 (table 68) Clause 6.2.7.3
extended _metadata Clause 4.2.14.4 (table 69) Clause 6.2.7.4
dialog_enhancement Clause 4.2.14.11 (table 76) Clause 6.2.7.5
de_data Clause 4.2.14.13 (table 78) Clause 6.2.7.6

6.2 Syntax specification
6.2.1  AC-4 frame info
6.2.1.1 ac4_toc
Syntax No of bits
ac4_toc()
DIt St rEaAM VI Si ON; Lo 2
if (bitstreamversion == 3) {
bi tstream version += variable_bits(2);
SEOUENCE _COUNE B | .ttt e e e e e e e e e e e e e 10
Lo Y= L A = 1 1
if (b_wait_franes) {
WA T T A S, .o 3
if (wait_franes > 0) {
o S o o Yo L= 2
}
I
LS T e 1= 1
frame_rat @ i NAEX; . ..o e 4
b i frame _global ; ... e 1
b singl @ present ati ON; ... ... 1
if (b_single_presentation) {
n_presentations = 1,
el se {
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Syntax No of bits
D MDr € _PreSeNnt ati ONS; . . ... e e 1
if (b_nmore_presentations) {

n_presentations = variable_bits(2) + 2;

el se {
n_presentations = 0;

}

payl oad_base = 0;
bopayl 0ad_base; . ... 1
if (b_payl oad_base) {
payl 0ad_base M NUSL; ... ... 5
payl oad_base = payl oad_base_mi nusl + 1;
if (payl oad_base == 0x20) {
payl oad_base += variabl e_bits(3);

if (bitstreamversion <= 1) {
for (i =0; i < n_presentations; i++) {
ac4_presentation_info();

}
el se {

D prOgr am i d; .. 1

if (b_program.id) {
ShOrt _programiid; ... ... 16
b_program Ul D_preSent | . ... e 1
if (b_programuuid_present) {

Program Ui 0; . ..ottt e e e 16 * 8

}

for (i = 0; i < n_presentations; i++) {
ac4_presentation_vl_info();

for (j =0; j < total _n_substreamgroups; j++) {
ac4_substream group_info();

}
substream i ndex_t abl e();
DYt @ Al iGN, . 0.7
}
6.2.1.2 ac4_presentation_info
Syntax No of bits
ac4_presentation_info()
D SiNgl @ SUDSt I AN . . 1
if (b_single_substream!= 1) {
Present ati ON_CONT i G; . ...ttt 3

if (presentation_config ==7) {
presentati on_config += variable_bits(2);
}
}

presentati on_version();
if (b_single_substream!= 1 and presentation_config == 6) {
b_add_endf _substreans = 1;

}

el se {
MO C oML . o . e e 3
Do present ati ON i d; . ... e 1

if (b_presentation_id) {
presentation_id = variable_bits(2);
}
frame_rate_multiply_info();
emdf _info();
if (b_single_substream== 1) {
ac4_substream.info();
}
el se {
D ST Xt oo 1
switch (presentation_config) {
case 0:
ac4_substream.info();
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Syntax

No of bits

if (b_hsf_ext) {
ac4_hsf_ext _substream.info(1);

ac4_substream.info();
br eak;
case 1:
ac4_substream.info();
if (b_hsf_ext) {
ac4_hsf_ext_substream.info(1);

ac4_substream.info();
br eak;
case 2:
ac4_substream.info();
if (b_hsf_ext) {
ac4_hsf_ext _substream.info(1l);

ac4_substream.info();
br eak;
case 3:
ac4_substream.info();
if (b_hsf_ext) {
ac4_hsf_ext _substream.info(1);

ac4_substream.info();
ac4_substream.info();
br eak;
case 4:
ac4_substream.info();
if (b_hsf_ext) {
ac4_hsf_ext_substream.info(1);

ac4_substream.info();
ac4_substream.info();
br eak;

case 5:
ac4_substream.info();
if (b_hsf_ext) {

ac4_hsf_ext_substream.info(1);

}
br eak;

defaul t:
presentation_config_ext_info();
br eak;

}
}

}
if (b_add_endf_substreans) {

if (n_add_endf_substreans == 0) {
n_add_endf _substreans = variable_bits(2) + 4;

}

for (i = 0; i < n_add_endf _substreans; i++) {
emdf _info();

}

}
}

bopre _virtual i zed; ... 1

b_add_endf _substreans; .......... ... .. ... ...

n_add_endf _SUbStreams; . ... .. e 2

6.2.1.3 ac4_presentation_vl1_info

Syntax

No of bits

ac4_presentation_vil_info()

if (b_single_substreamgroup != 1) {

if (presentation_config == 7) {
presentation_config += variable_bits(2);

}

if (bitstreamversion = 1) {
presentation_version();

b_single_substreamgroup; ............ ..

presentati On_CONfi g; . ... 3
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Syntax No of bits

if (b_single_substreamgroup != 1 and presentation_config == 6) {
b_add_endf _substreans = 1;

el se {
if (bitstreamversion I= 1) {
0 o0 140 - 3
Dopresentati ON_id; .. ... 1

if (b_presentation_id) {
presentation_id = variable_bits(2);

}

franme_rate_nultiply_info();

frame_rate_fractions_info();

emdf _info();
Dopresentati ON_filter; ... 1
if (b_presentation_filter) {

b_enabl e_presentati ON; . ... ... 1

if (b_single_substreamgroup == 1) {
ac4_sgi _specifier();
n_substream groups = 1;

}
el se {
D MUl i P d; oo 1
switch (presentation_config) {
case 0:
/* Music and Effects + D al ogue */
ac4_sgi _specifier();
ac4_sgi _specifier();
n_subst ream groups = 2;
br eak;
case 1:
/* Main + DE */
ac4_sgi _specifier();
ac4_sgi _specifier();
n_substream groups = 1;
br eak;
case 2:
/* Main + Associated Audio */
ac4d_sgi _specifier();
ac4_sgi _specifier();
n_substream groups = 2;
br eak;
case 3:
/* Music and Effects + D al ogue + Associated Audio */
ac4_sgi _specifier();
ac4_sgi _specifier();
ac4d_sgi_specifier();
n_substream groups = 3;
br eak;
case 4:
/* Main + DE + Associated Audio */
ac4_sgi _specifier();
ac4_sgi _specifier();
ac4_sgi _specifier();
n_substream groups = 2;
br eak;
case 5:
/* Arbitrary nunber of roles and substream groups */
N_SUDStream groUPS_M NUS2; . ...ttt e 2
n_subst ream groups = n_substream groups_m nus2 + 2;
if (n_substreamgroups == 5) {
n_substream groups += variable_bits(2);
}
for (sg = 0; sg < n_substreamgroups; sg++) {
ac4_sgi _specifier();
}
br eak;
defaul t:
/* ENMDF and ot her data */
presentati on_config_ext_info();
br eak;
}
}
bopre_virtuali zed; .. ... 1
b_add_endf _substreans; ... ... ... ... 1
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Syntax No of bits
acd_presentati on_substream.info();

}
if (b_add_endf_substreans) {
N_add_endf _SUDSt I amMB; .. ... 2
if (n_add_endf_substreans == 0) {
n_add_endf _substreans = variable_bits(2) + 4;

for (i = 0; i < n_add_endf_substreans; i++) {
emdf _info();
}
}
6.2.1.4 frame_rate_fractions_info
Syntax No of bits
frame_rate_fractions_info()
{
frame_rate_fraction = 1,
if (frame_rate_index in [5, 6, 7, 8, 9]) {
if (franme_rate_factor == 1) {
b frame _rate _fracti on; ... ... 1
if (b_frame_rate_ fraction == 1) {
frame_rate_fraction = 2;
}
}
}
if (frame_rate_index in [10, 11, 12]) {
b frame rate fracti on; ... ... . 1
if (b_frame_rate_fraction == 1) {
b_frame_rate _fracti On i S _4; ... 1
if (b_frame_rate_fraction_is_4 == 1) {
frame_rate _fraction = 4;
}
el se {
frame_rate_fraction = 2;
}
}
}
}
6.2.1.5 presentation_config_ext_info
Syntax No of bits
presentation_config_ext_info()
N SKI P Yt B8, L 5
D MOr e SKi P Yt €S, .o 1

if (b_nore_skip_bytes) {
n_ski p_bytes += variable_bits(2) << 5;

if (bitstreamversion == 1 and presentation_config == 7) {
n_bits_read = ac4_presentation_vl_info();
if (n_bits_read %8) {
n_skip_bits = 8 - (n_bits_read %8);
[ S IV, oo n_skip_bits
n_bits_read += n_skip_bits;

n_ski p_bytes = n_skip_bytes - (n_bits_read / 8);

}
for (i =0; i < n_skip_bytes; i++) {

[ S IV, .ottt 8
}

}
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6.2.1.6 ac4_substream_group_info

Syntax No of bits

ac4_substream group_i nfo()
D SUDST r A _Pr @S et . . . 1
o T 1= S = S 1
b_Singl @ SUDStreany . ... 1

if (b_single_substrean) {
n_| f_substreans = 1;

}
el se {
N SUDSt I aMB M NUS 2, ...t e e e e e e e 2
n_|If_substreans = n_|f_substreans_m nus2 + 2;
if (n_If_substreans == 5) {
n_| f _substreanms += variable_bits(2);
}
b_channel _coded; ... ... .. 1

if (b_channel _coded) {
b_ajoc = 0;
for (sus = 0; sus < n_|f_substreans; sus++) {
if (bitstreamversion == 1) {
SUS VBl | it it et e e e 1

el se {
sus_ver = 1,

ac4_substream i nfo_chan(b_substreans_present);
if (b_hsf_ext) {

ac4_hsf_ext _substream. i nfo(b_substreans_present);
}

}

el se {
D 0aNMT _SUDSE AT . . . 1
if (b_oand_substream {
oand_substream i nfo(b_substreans_present);

}
for (sus = 0; sus < n_|f_substreans; sus++) {
D8] OC; o 1
if (b_ajoc) {
ac4_substream i nfo_ajoc(b_substreans_present);
if (b_hsf_ext) {
ac4_hsf_ext_substream.info(b_substreans_present);
}
}
el se {
ac4_substream.info_obj (b_substreans_present);
if (b_hsf_ext) {
ac4_hsf_ext _substream. i nfo(b_substreans_present);
}
}
}
}
D CONt BNt Y P, .o 1

if (b_content_type) {
content_type();
}

6.2.1.7 ac4_sgi_specifier

Syntax No of bits

ac4_sgi _specifier()

if (bitstreamversion == 1) {
ac4_substream group_info();

el se {
fo Lo 18] 0 o = 3
if (group_index == 7) {
group_i ndex += variable_bits(2);

}

ETSI



118 ETSI TS 103 190-2 V1.3.1 (2025-07)

Syntax No of bits
return group_i ndex;
}
}
6.2.1.8 ac4_substream_info_chan
Syntax No of bits
ac4_substream i nfo_chan(b_substreans_present)
{
channel _mDde; ... .. 1/ 2/ 4171819

if (channel _node == 0b111111111) {
channel _node += variabl e_bits(2);

}
if (channel _node in [0b11111100, 0Ob11111101, Ob111111100, Ob111111101]) {

b_4 back_channel s_present; ... ... 1
D BNt T B Pr SNt .. 1
top_channel s_present; ... .. 2
}
if (fs_index == 1) {
B ST MUl i Pl i B o e 1
if (b_sf_nultiplier) {
ST MUl T Pl i Br o 1
}
}
b b trat e i Nf O .. e 1
if (b_bitrate_info) {
bitrate I Ndi Cat O . ... 3/5

}
if (channel _nbde in [0b1111010, 0b1111011, Ob1111100, 0b1111101]) {
add_Ch_baSe; ..o 1

for (i =0; i <frane_rate_factor; i++) {
b oaudi O NAOL ;. e 1

if (b_substreans_present == 1) {
SUDSE F @AM I NUEX, . .t e e e 2
if (substream.index == 3) {
substream.index += variable_bits(2);

}
}
}
6.2.1.9 ac4_substream_info_ajoc
Syntax No of bits
ac4_substream i nfo_aj oc(b_substreans_present)
o T = 1
DSt At i C MK, . e 1

if (b_static_dnx) {
n_ful | band_dnmx_si gnal s = 5;

el se {
n_ful l band_dmx_signal S_m nUSL; ... ... 4
n_ful I band_dnx_si gnals = n_ful | band_dnx_si gnal s_mi nusl + 1;
bed_dyn_obj _assi gnnent (n_ful | band_dmx_si gnal s) ;
}
b_oand_commDn_dat @ PreSent; . .. ... 1
if (b_oand_common_data_present) {
oand_comon_dat a() ;

n_ful l band_upm X_si gnal S_m nUSL; ... ... 4
n_ful I band_upm x_signals = n_full band_upm x_signal s_m nusl + 1;
if (n_fullband_upm x_signals == 16) {

n_ful | band_upm x_signal s += variabl e_bits(3);

bed_dyn_obj _assi gnnent (n_ful | band_upmi x_si gnhal s) ;

if (fs_index == 1) {
D ST ULt Pli I oo e 1
if (b_sf multiplier) {
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Syntax No of bits
sf_multiplier;

}

b b trat e i Nf O] .. e 1
if (b_bitrate_info) {
bitrate_indicator;

for (i =0; i <frane_rate_factor; i++) {
b_audi o_ndot ;
}

if (b_substreans_present == 1) {
SUDST I EaAM I NUBX, .. ittt e e e e e e 2
if (substream.index == 3) {
substream i ndex += variable_bits(2);
}

}

sus_ver = 1,

6.2.1.10 bed_dyn_obj_assignment

Syntax No of bits
bed_dyn_obj _assi gnnent (n_si gnal s)

/* This function provides an object count and type arrays in n_objs, obj_type[], b_Ife[] and
b_aj oc_coded[] */
/* obj_type = {BED, DYN, |SF} */
n_objs = 0;
b dyn_0b) ECt S _ONl Y, .. e 1
if (b_dyn_objects_only == 0) {
o T = 1
if (b_isf) {
i sf_config;
n_isf = 1[4, 8, 10, 14, 15, 30][isf_config];
for (i =0; i <n_isf; i++) {
obj _type[n_objs] = ISF;
b_Ife[n_objs] = 0;
b_aj oc_coded[ n_objs] = 1;
n_objs += 1;

}

el se {
D Ch_aSSi gN_COOE;] . .. 1
if (b_ch_assign_code) {
bed_chan_assi gn_Code; . ... .. e 3
for (i =0; i <[2, 3, 5 7, 9, 7, 9, 11][bed_chan_assi gn_code]; i++) {
obj _type[n_objs] = BED;
b_Ife[n_objs] = 0;
b_aj oc_coded[ n_objs] = 1;
n_objs += 1;
}
}
el se {
b_channel _assi gnment _fl ags_present; .. ... ... 1
if (b_channel _assignment _flags_present) {
b_nonstd_bed_channel _assi gnnent _f| ags_present;
if (b_nonstd_bed_channel _assi gnnent_flags_present) {
nonst d_bed_channel _assi gnnent _fl ag[];
for (i =0; i < 17; i++) {
if (nonstd_bed_channel _assignnent_flag[16 - i] != 0) {
if (i '=3andi !'= 16) {
obj _type[n_objs] = BED;
b_Ife[n_objs] = 0;
b_aj oc_coded[ n_objs] = 1;
n_objs += 1;
}
}
}

el se {
std_bed_channel _assignment _flag[]; ......... . 10
for (i =0; i <10; i++) {
if (std_bed_channel _assignnent_flag[9 - i] !=0) {
if (i '=2andi !'=9) {
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Syntax No of bits
for (j =0; j <[2, 1, 1, 2, 2, 2, 2, 2, 2, 1][i]; j++) {
obj _type[n_objs] = BED;
b_Ife[n_objs] = 0;
b_aj oc_coded[ n_objs] = 1;
n_objs += 1;

el se {

if (n_signals > 1) {
bed_ch_bits = ceil (1 0g2(n_signals));
n_bed_signal s_m NUSL; .. ... ... bed_ch_bits
n_bed_signals = n_bed_signals_m nusl + 1;

}

el se {
n_bed_signals = 1;

}
for (b =0; b <n_bed signals; b++) {
nonstd_bed_channel _assi gnment; . . ... ... 4
i f (nonstd_bed_channel _assignnment != 3) {
obj _type[n_objs] = BED;
b Ife[n_objs] = 0;
b_aj oc_coded[ n_objs] = 1;
n_objs += 1;

6.2.1.11 ac4_substream_info_obj

Syntax No of bits
ac4_substream i nfo_obj (b_substreans_present)

/* This function provides an object count and type arrays in n_objs, obj_type[], b_Ife[] and
b_aj oc_coded[] */
/* obj _type = {BED, DYN, ISF} */

n_objs = 0;
N_0D) BCT S _COOR; ...ttt 3
numobjects = [0, 1, 2, 3, 5, 7][n_objects_code];
D_dynam C_0b) ECt S, ... 1
if (b_dynanic_objects) {
o T > 1
for (i = 0; i < numobjects; i++) {

if (b_lfeand i == 0) {
obj _type[n_objs] = BED;
b_Ife[n_objs] = 1,

el se {
obj _type[n_objs] = DYN,
b_Ife[n_objs] = 0;

b_aj oc_coded[ n_objs] = 0;
n_objs += 1;

}
el se {
D bed_0bj ECt S, .o e 1
if (b_bed_objects) {
D e St art; .. 1
if (b_bed_start) {
D Ch _aSSi gN_COdE;] . .. 1
if (b_ch_assign_code) {
bed_chan_assi gn_Code; . ... .. i 3

for (i =0; i <[2, 3, 6, 8 10, 8, 10, 12][bed_chan_assign_code]; i++) {
obj _type[n_objs] = BED;
if (i ==3) {
b Ife[n objs] = 1;
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Syntax No of bits

}
el se {
b_Ife[n_objs] = 0;

b_aj oc_coded[ n_objs] = 0;
n_objs += 1;
}
}
el se {
b_nonstd_bed_channel _assignment _flags_present; ........ .. ... 1
if (b_nonstd_bed_channel _assi gnnent_fl ags_present) {
nonstd_bed_channel _assignment _flag[]; .. ... . 17
for (i =0; i <17; i++) {
i f (nonstd_bed_channel _assignnment_flag[16 - i] != 0) {
obj _type[n_objs] = BED;
if (i ==3or i ==16) {
b_Ife[n_objs] = 1,
}

el se {
b_I fe[ n_objs]

0,

b_aj oc_coded[ n_objs] = 0;
n_objs += 1;
}
}

el se {
std_bed_channel _assignnment _flag[]; .. ... ... 10
for (i =0; i <10; i++) {
if (std_bed_channel _assignnent_flag[9 - i] !=0) {
for (j =0; j <1[2, 1, 1, 2, 2, 2, 2, 2, 2, 1][i]; j++) {
obj _type[n_objs] = BED;
if (i ==2o0r i ==9) {
b Ife[n_objs] = 1;
}
el se {
b_Ife[n_objs] = O;

b_aj oc_coded[ n_objs] = 0;
n_objs += 1;

el se {
D i ST e e 1
if (b_isf) {
D i ST St ANt L 1
if (b_isf_start) {
1 ST CONT i G . 3
n_isf =1[4, 8, 10, 14, 15, 30][isf_config];
for (i =0; i <n_isf; i++) {
obj _type[n_objs] = ISF;
b_Ife[n_objs] = 0;
b_aj oc_coded[ n_objs] = 0;
n_objs += 1;
}
}

el se {
[ S DYt S oo e 4
reserved _dat @, ... ...t 8 * res_bytes
}
}

}
if (fs_index == 1) {
D ST MUl i Pl I o 1
if (b_sf_multiplier) {
ST MUl T Pl i Br oo 1

}

Dbl trat e i NfO; .. 1
if (b_bitrate_info) {
bitrate_indicator;
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Syntax No of bits
}
for (i =0; i < frame_rate_factor; i++) {
D audi O N0t ; .. 1
if (b_substreans_present == 1) {
SUDSEr @AM T NAEX; . .. e e e e e e e 2
if (substream.index == 3) {
substream.index += variable_bits(2);
}
}
sus_ver = 1,
}
6.2.1.12 ac4_presentation_substream_info
Syntax No of bits
ac4_presentati on_substream.info()
DAl t eI At i Ve, .o 1
D Pr S MOt . .. 1
SUDST I EaAM i MUBX, . .ottt e e e 2
if (substream.index == 3) {
substream i ndex += variable_bits(2);
}
}
6.2.1.13 oamd_substream_info
Syntax No of bits
oand_substream i nfo(b_substreans_present)
o o = U o [N (o (o ] f 1
if (b_substreans_present == 1) {
SUDST r @AM i NAEX, . . 2
if (substream.index == 3) {
substream.index += variable_bits(2);
}
}
}
6.2.1.14 ac4_hsf _ext_substream_info
Syntax No of bits
ac4_hsf_ext_substream.info(b_substreans_present)
{
if (b_substreans_present == 1) {
SUDST I @AM I NUBX, . .ottt e e 2
if (substream.index == 3) {
substream.index += variable_bits(2);
}
}
}

6.2.2 AC-4 substreams

6.2.2.1 Introduction
Theac4_substream dat a() element for a specific substream index depends on the type of info element that refersto

this specific substream. The mapping for the info elements defined in the present document is given in table 50, which
isan extension of ETS| TS 103 190-1 [1], table 15.
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Table 50: ac4_substream_data mapping

Info element type referencing the substream |ac4_substream_data element
ac4_substream_info()
ac4_substream_info_chan()
ac4_substream_info_obj()
ac4 substream info_ajoc()

ac4_substream()

ac4_hsf_ext_substream_info() ac4_hsf_ext_substream()
emdf payloads substream_info() emdf payloads substream()
ac4_presentation_substream_info() ac4 presentation_substream()
oamd_substream_info() oamd_substream()

Theac4_hsf _ext _substrean() and endf _payl oads_subst rean() elementsare specified in ETSI TS 103 190-1 [1];
ac4_substrean(), ac4_presentati on_substrean(), and oand_subst rean() are specified in the present document.

6.2.2.2 ac4_substream
Syntax No of bits
ac4_substrean()
{
audi 0_Si Ze _val Ue; . ... 15
audi o_si ze = audi o_si ze_val ue;
Lo T 10 =T o S 1

if (b_more_bits) {
audi o_si ze += variable_bits(7) << 15;

}
i f (b_channel _coded) {

audi o_dat a_chan(channel _node, b_audi o_ndot);
}
el se {

if (b_ajoc) {

audi o_dat a_aj oc(n_ful | band_upm x_signals, b_static_dm, n_fullband_dnx_signals, b_Ife,
b_audi o_ndot);

el se {
audi o_dat a_obj s(n_obj ects, b_lfe, b_audio_ndot);

}
}
LT T T o 0 VAR
DYt @l i N, o 0.7
met adat a(b_al ternative, b_ajoc, b_audio_ndot, channel _node, sus_ver);
DYt @l i N, o 0.7

}

NOTE 1: n_objects is derived from n_obj ect s_code according to clause 6.3.2.10.2
NOTE 2: If channel_mode has not been set by a preceding info element, it shall be considered undefined and be
represented by a negative numeric value.

6.2.2.3 ac4_presentation_substream

Syntax No of bits
ac4_presentation_substrean()

if (b_alternative) {

D A P ES Nt . oo e 1
if (b_nane_present) {
Dl NGt N, 1
if (b_length) {
NAITE | BN, L 5
}
el se {

name_|l en = 32;

Present ati ON_NaAITE; . ... ...ttt e e e e e e e e e e e e name_| en*8
}
n_targets_m nusl;
n_targets = n_targets_m nusl + 1;
if (n_targets == 4) {

n_targets += variable bits(2);
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Syntax No of bits
}
for (t =0; t < n_targets; t++) {

target L evel o 3
target _devi ce_cat egory[ ] .. oo 4
Dt dC Xt BNSI 0N Lo 1
if (b_tdc_extension == 1) {

FeServVed DIt S, .o 4
}
b_ducki Ng_dept h_present; . ... .. 1
i f (b_ducking_depth_present) {

maX_ducki NG _dept Ny L. 6
Dl OUA _COr Tt Ar gt ..ot 1
if (b_loud_corr_target) {

L OUd _COr T LAl et o o 5
}
for (sus = 0; sus < n_substreans_in_presentation; sus++) {

o= Tk A = 1

if (b_active) {

alt_data_set 1 NAeX; . ... 1

if (alt_data_set_index == 1) {
alt_data_set_index += variable_bits(2);

}
}
}

}
}
b_addi tional _data; .. ... ... 1
if (b_additional _data) {

add_dat a_byt eS_Im NUSL; . ... ... 4

add_data_bytes = add_data_bytes_m nusl + 1;
if (add_data_bytes == 16) {
add_data_bytes += variable_bits(2);

}

DYt @ Al iGN, . 0.7
add_data_bits = add_data_bytes * 8;

immersive_audi 0_i NAi CAt OF; . .. .. 1

add_data_bits = add_data_bits - 1;

if (pres_ch_node == -1) {
b_0anmd_COMMDN_ti M NG, ... 1
add_data_bits = add_data_bits - 1;

b_advanced_de_dat a_ preSent; ... ... ...ttt 1
add_data_bits = add_data_bits - 1;
if (b_advanced_de_data_present) {
/* if the advanced DE data el enment is not present in an |-frame, then A-DE is disabled */
advanced_de_data_bits = advanced_de_data();
add_data_bits = add_data_bits - advanced_de_data_bits;

}

Add_dat @; ... add_data_bits
dial NOrm i 1S .o 7
b_further _oudness i Nf o) ... . e 1

if (b_further_loudness_info) {
further_loudness_info(1, 1);

dre_metadat a_Si ze Val Ue; ... ..o e 5
drc_met adat a_size = drc_netadat a_si ze_val ue;
Lo T .0 =T o 0= 1

if (b_nore_bits == 1) {
drc_netadata_size += variable_bits(3) << 5;

drc_frame(b_pres_ndot);
if (n_substreamgroups > 1) {

b_substream group_gai NS_PreSent; . .. ...t 1
if (b_substream group_gains_present == 1) {
D KB, o e 1

if (b_keep == 0) {
for (sg = 0; sg < n_substream groups; sg++) {

SO_GaI N[ SO 5 - 6
}
}
}
D aSSOCT At @d; . . o 1
if (b_associated == 1) {
b_scal @ MBI N, ... 1
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Syntax No of bits
if (b_scale_main == 1) {

SCaAl B MBI N, L 8
}

D SCal B MBI M CENt T ] . . 1
if (b_scale_main_centre == 1) {

SCal @ MBI NNt €] . 8
b_scal e MBI N_front; ... . 1
if (b_scale_main_front == 1) {

scal e _mai N_froNt; ... 8
}

b _aSSOCi At € I S _MDNO0; . ..ot e 1
if (b_associate_is_nono == 1) {

PAN_ASSOCH At B0, . . . .t 8
}

cust om dnx_dat a( pres_ch_node, pres_ch_node_core, b_pres_4_back_channel s_present,
pres_top_channel _pairs, b_pres_has_|fe);

b_objects = (pres_ch_node == -1);

| oud_corr (pres_ch_node, pres_ch_node_core, b_objects);

DYt @ Al iGN, . 0.7
}
6.2.2.4 oamd_substream
Syntax No of bits

oand_substreamnm()

b_oanmd_commDn_dat @ PreSent; . .. ... 1
if (b_oand_common_dat a_present) {
oand_comon_dat a() ;

D 0anm _ti M NG Pr S et .. 1
if (b_oand_timng_present) {
oand_tim ng_data();

if (b_alternative == 0) {
oand_dyndata_mrul ti (n_objs, numobj _info_bl ocks, b_oand_ndot, obj_type[n_objs], b_Ife[n_objs],
b_aj oc_coded[ n_obj s]);

DYt @ Al iGN o e 0.7
}
6.2.2.5 advanced_de data
Syntax No of bits

advanced_de_dat a()

b_advanced_de_Confi g PresSent; . ... ... 1
advanced_de_data_bits = 1;
if (b_advanced_de_config_present) {

/* If not sent in an I-frame, then they will be reset to their defaults */

advanced_de_conpr_tC_attaCk; . ... ... 6
advanced_de_conmpr _t C_rel @ase; . . ... e 6
advanced_de_COmPr _rati 0] ... .. 4

advanced_de_data_bits += 16;

advanced_de_conmpr _t hresh; . ... 6
advanced_de_COMmPr _gai N, . ..ot e 5
advanced_de_data_bits += 11;

return advanced_de_data_bits;
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6.2.3.1 audio_data_chan
Syntax No of bits
audi o_dat a_chan(channel _node, b_ifrane)
switch (channel _node) {
case nono:
si ngl e_channel _el ement (b_i frame) ;
br eak;
case stereo:
channel _pair_el ement (b_i frame);
br eak;
case 3.0:
3_0_channel _el enent (b_i frane);
br eak;
case 5.0:
5_X channel _el emrent (0, b_iframe);
br eak;
case 5. 1:
5 X channel _elenent (1, b_ifrane);
br eak;
case 7. X
7_X_channel _el ement (channel _node, b_iframne);
br eak;
case 7.0.4:
i mrer si ve_channel _el emrent (0, 0, b_ifrane);
br eak;
case 7.1.4:
i mrer si ve_channel _el ement (1, 0, b_ifrane);
br eak;
case 9.0. 4:
i mrer si ve_channel _el emrent (0, 1, b_ifrane);
br eak;
case 9.1.4:
i mer si ve_channel _el enent (1, 1, b_ifranme);
br eak;
case 22.2:
22_2_channel _el ement (b_i frame) ;
br eak;
defaul t:
br eak;
}
}
6.2.3.2 audio_data_objs
Syntax No of bits
audi o_data_obj s(n_objects, b_Ife, b_ifrane)
if (b_Ife) {
nmono_dat a(1);
}
if (n_objects !'=0) {
channel _node = objs_to_channel _node(n_obj ects);
audi o_dat a_chan(channel _node, b_ifrane);
}
}
6.2.3.3 objs_to_channel_mode
Syntax No of bits

obj s_to_channel _node(n_obj ect s)

switch (n_objects) {
case 1:
return nono;
br eak;
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Syntax

No of bits

case 2:
return stereo;
br eak;

case 3:
return 3.0;
br eak;

case 5:
return 5.0;
br eak;

defaul t:
br eak;

6.2.3.4 audio_data_ajoc

Syntax

No of bits

audi o_data_aj oc(n_fb_upm x_signals, b_static_dnx,
if (b_static_dnx == 1) {
audi o_data_chan(b_Ife ? 5.1 : 5.0, b_iframe);
el se {
n_dnx_signal s
for (s 0; s
is_|fe[s]

= n_fb_dm_signals + (b_lfe?1:0);
< n_dnmx_signals; s++) {
o

}
if (b_lfe) {

is Ife[0] = 1;

b_sone_signals_inactive; ........ ... .. . ... ..
if (b_sone_signals_inactive) {
dnx_active_signal s_mask[];
}
var _channel _el ement (b_i frane,
b_dnmx_tim ng;
if (b_dmx_timng) {
oand_tim ng_data();

n_fb_dmx_signals, b_Ife)

oand_dyndat a_si ngl e(n_dnx_si gnal s,
obj _type_dnx[ n_dnx_signals], is_Ife[n_dm_signals]);

b_oand_extension_present; ......... ... . ... ... ..
i f (b_oand_extension_present) {

skip_bits = (variable_bits(3) + 1) * 8;

skip_bits skip_bits - ajoc_bed_info();

skip_data; ..........
}

ajoc(n_fb_dmx_signals, n_fb_upm x_signals);
aj oc_dnmx_de_data(n_fb_dnx_signals, n_fb_upm x_signals);
b umx_timing; . ...
if (b_unmx_timng 1) {

oand_timng_data();

el se {
b_derive_timng_fromdnx;

}

n_unx_signal s

for (s 0; s
is_|fe[s]

= n_fb_unx_signals + (b_lfe?1:0);
= < n_unx_signals; s++) {
= 0;

}
if (b_lfe) {
is_|fe[0]

1

n_f b_dmx_si gnal s,

...................................... 1

num obj _i nf o_bl ocks,

oand_dyndat a_si ngl e(n_unx_si gnal s,
obj _type_unx[ n_unx_si gnal s],

num obj _i nf o_bl ocks,

is_|fe[n_unx_signals]);

b_Ife, b_iframe)

n_fb_dnx_signal s

b_iframe, b_alternative,

b_iframe, b_alternative,
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6.2.3.5 ajoc_dmx_de_data
Syntax No of bits
aj oc_dnx_de_dat a(num dnx_si gnal s, num unx_si gnal s)
D dMK e O g; . .o 1
b_keep _dm_de_coef f S, ... 1
if (b_dmx_de_cfg) {
e _IMBX_QAI N} . e e e e e e 2
de_main_dl g_flag[]; .. num unx_si gnal s

}
if (b_keep_dnx_de_coeffs == 0) {
for (dio = 0; dio < numdlg_obj; dio++) {
for (dnmxo = 0; dnxo < num.dnx_signals; dnmxo++) {

de_dl g_dnx_coeff i dx[di o] [dmKO]; . ... VAR
}
}
}
}
6.2.3.6 ajoc_bed_info
Syntax No of bits
aj oc_bed_info()
{
b_obj _without _bed i Nfo_present; . ... ... 1
if (b_obj_w thout_bed_info_present) {
numobj W th_bed_render _i nfo; ... ... 3
}
}

6.2.4 Channel elements

6.24.1 immersive_channel_element

Syntax No of bits
i nrer si ve_channel _el ement (b_Ife, b_5fronts, b_ifrane)

i Mersi ve_codec_MDAE_COOE; . .. ...ttt VAR
if (b_iframe == 1) {
i mers_cfg(i nersive_codec_node);

}
if (b_lfe == 1) {
nmono_data(1);

}
if (i mersive_codec_npde == ASPX_AJCC) {
conpandi ng_control (5);

COr € _5Ch_gr OUPI N, . e e e e e e e e e e e e e e e e e e e e 2
switch (core_5ch_grouping) {
case 0:
20N MDA o 1

two_channel _data();
two_channel _data();
mono_dat a( 0) ;
br eak;

case 1:
t hree_channel _data();
two_channel _data();
br eak;

case 2:
four_channel _data();
nmono_dat a(0) ;
br eak;

case 3:
five_channel _data();
br eak;

}
if (core_channel _config == 7CH STATIC) {
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Syntax No of bits
b_use_sap_add_Ch; .. ... 1
if (b_use_sap_add_ch == 1) {

chparam.info();
chparam.info();
}

two_channel _data();

}
if (i mersive_codec_npde == ASPX_SCPL) {
aspx_data_2ch();
aspx_data_2ch();
aspx_data_1ch();
if (b_5fronts == 1) {
aspx_data_2ch();
aspx_data_2ch();

el se {
aspx_data_2ch();

}
aspx_data_2ch();
aspx_data_2ch();

el se {

if (immersive_codec_node in [ ASPX ACPL_1, ASPX ACPL_2, ASPX AJCC]) {
aspx_data_2ch();
aspx_data_2ch();
if (core_channel _config == 7CH STATIC) {

aspx_data_2ch();

}
aspx_data_1ch();

}

if (imersive_codec_npde == ASPX AJCC) {
aj cc_data(b_5fronts);

if (imersive_codec_node in [SCPL, ASPX SCPL, ASPX ACPL_1]) {
two_channel _data();
two_channel _data();
chparam.info();
chparam.info();
chparam.info();
chparam.info();
if (b_5fronts == 1) {
two_channel _data();
chparam.info();
chparam.info();

}

}
if (imersive_codec_node in [ASPX ACPL_1, ASPX ACPL_2]) {
acpl _data_1ch();
acpl _data_1ch();
acpl _data_1ch();
acpl _data_1ch();
if (b_5fronts == 1) {
acpl _data_1ch();
acpl _data_1ch();

}
}
}
NOTE: immersive_codec_mode is derived from i mrer si ve_codec_node_code as specified in clause 6.3.5.1.
core_channel_config is derived from immersive _codec_mode as specified in clause 6.3.5.2.
6.2.4.2 immers_cfg
Syntax No of bits

i mers_cf g(i nersi ve_codec_node)

if (imrersive_codec_npde != SCPL) {
aspx_config();

}
if (i mersive_codec_nbde == ASPX_ACPL_1) {
acpl _config_1ch(PARTIAL);

}
if (i mersive_codec_npde == ASPX ACPL_2) {
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Syntax No of bits
acpl _config_1ch(FULL);
}
}
6.2.4.3 22 2 channel_element
Syntax No of bits

22_2_channel _el enent (b_i frane)

22 2 COUBC_IMDUE; . ..t e e e e e e 1
if (b_iframe) {
if (22_2_codec_npde == ASPX) {
aspx_config();

}

nono_dat a(1);

mono_dat a(1);

for (cp = 0; cp < 11; cp++) {
two_channel _data();

}
if (22_2_codec_npde == ASPX) {
for (cp = 0; cp < 11; cp++) {
aspx_data_2ch(b_i frane);

}

}
}
6.2.4.4 var_channel_element
Syntax No of bits
var _channel _el enent (b_i frame, n_dnx_signals, b_has_|fe)
{

Var _COAEC_MDAE; . . .o 1

b_i sodd = n_dmx_signals % 2;
n_pairs = floor(n_dnx_signals / 2);
if (var_codec_node == ASPX) {
if (b_iframe) {
aspx_config();

if (n_dnx_signals <= 5) {
conpandi ng_control (n_dmx_si gnal s);

}

}

if (b_has_lfe) {
nono_dat a(1);

}

i

f (b_isodd) {
if (n_dnx_signals == 1) {
nono_dat a(0) ;
}

el se {
for (p =0; p<n_pairs - 1; p++) {
two_channel _data();
}
var _codi NG _CONT I O ..o 1
if (var_coding_config == 0) {
two_channel _data();
nmono_dat a( 0) ;

el se {
t hree_channel _data();
}
}

el se {
for (p =0; p <n_pairs; p++) {
two_channel _data();
}

}
if (var_codec_node == ASPX) {
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Syntax No of bits
for (p =0; p < n_pairs; p++) {
aspx_data_2ch();

}
if (b_isodd) {
aspx_data_1ch();
}
}

}

6.2.5  Advanced joint object coding (A-JOC)

6.2.5.1 ajoc

Syntax No of bits
aj oc(num dnx_signal s, num unx_si gnal s)

E= o T3 0 1812 o [=T o o 1 O 3
aj oc_ctrl _info(num.dnx_signals, ajoc_numdecorr, num.unx_signals);
aj oc_dat a(num dnx_si gnal s, num unx_si gnal s);

}
6.2.5.2 ajoc_ctrl_info
Syntax No of bits
aj oc_ctrl_info(numdnx_signals, ajoc_numdecorr, num.unx_signals)
{
for (d = 0; d < ajoc_numdecorr; d++) {
aj oc_decorr_enabl e[ d]; . ... 1
}
for (o = 0; o < numunx_signals; o++) {
aJ 0C_0Dbj ECt _PreSeNt [ 0] . . 1
aj oc_data_point_info();
if (ajoc_numdpoints) {
for (o = 0; o < numunx_signals; o++) {
if (ajoc_object_present[o]) {
aj 0c_numM bands_COde[ 0] ; . . .. 3
aj 0C_quant _Sel @CE [ 0] . oottt e 1
] 0C_Sparse_Sel eCt [ 0] ..ottt 1
if (ajoc_sparse_select[o] == 1) {
for (ch = 0; ch < numdnx_signals; ch++) {
ajoc_mx_nmx_dry_present[ o] [Ch]; ... .. 1
for (d = 0; d < ajoc_numdecorr; d++) {
if (ajoc_decorr_enable[d]) {
ajoc_mx_nmx_wet_present[ 0] [d]; ... 1
el se {
ajoc_m x_ntx_wet_present[o][d] = O;
}
}
}
}
}
}
}
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6.2.5.3 ajoc_data

Syntax No of bits
aj oc_dat a(num_dnx_si gnal s, num unx_si gnal s)

A 0C_ D N0t .. 1
for (o = 0; o < numunx_signals; o++) {
for (dp = 0; dp < ajoc_numdpoints; dp++) {
for (ch = 0; ch < numdnx_signals; ch++) {
m x_nt x_dry[ o] [dp] [ ch] 0;

for (de = 0; de < ajoc_numdecorr; de++) {
m x_mtx_wet[o] [dp][de] = O;
}
}
if (ajoc_object_present[o]) {
for (dp = 0; dp < ajoc_numdpoints; dp++) {
b_dfonly = (dp == 0 && aj oc_b_nodt);
nb = aj oc_num bands[ o] ;
gs = aj oc_quant_sel ect[0];
switch (ajoc_sparse_select[o]) {
case O:
for (ch = 0; ch < numdnmx_signals; ch++) {
m x_nmx_dry[o][dp][ch] = ajoc_huff_data(DRY, nb, gs, b_dfonly);

for (de = 0; de < ajoc_numdecorr; de++) {
mx_nmx_wet[o][dp][de] = ajoc_huff_data(WET, nb, gs, b_dfonly);
}
br eak;
case 1:
for (ch = 0; ch < numdnx_signals; ch++) {
if (ajoc_mx_ntx_dry _present[o][ch]) {
m x_ntx_dry[o] [dp][ch] = ajoc_huff_data(DRY, nb, gs, b_dfonly);
}

for (de = 0; de < ajoc_numdecorr; de++) {
if (ajoc_mx_ntx_wet_present[o][de]) {
m x_ntx_wet[o] [dp][de] = ajoc_huff_data(WET, nb, gs, b_dfonly);
}
}
br eak;
}
}
}
}
}

NOTE: The ajoc_num_bands values are derived using clause 6.3.6.2.3.

6.2.5.4 ajoc_data_point_info
Syntax No of bits
aj oc_data_point_info()
] OC_NUMLAPOI Nt S, . . e e e e e e e e e e e e e e e e e e 2
for (dp = 0; dp < ajoc_numdpoints; dp++) {
Q) 0C_Start _POS[ AP 5 - e 5
aj oCc_ranp_l en_m NUSL AP] 5 - . 6
}
}
6.2.5.5 ajoc_huff_data
Syntax No of bits

aj oc_huff_data(data_type, data_bands, quant_select, b_dfonly)

if (b_dfonly) {
diff_type = 0;

el se {
i Ff Y PO, o 1
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Syntax No of bits
}
if (diff_type == 0) {
aj oc_hcb = get_ajoc_hcb(data_type, quant_sel ect, FO);
) OC MO, . VAR
a_huff_data[ 0] = huff_decode(aj oc_hch, ajoc_hcw);
aj oc_hcb = get_ajoc_hcb(data_type, quant_sel ect, DF);
for (i =1, i < data_bands; i++) {
) OC MO, . VAR
a_huff_data[i] = huff_decode_diff(ajoc_hch, ajoc_hcw);
}
}
el se {

aj oc_hchb = get_aj oc_hch(data_type,

for (i =0; i < data_bands; i++) {
] OC _NCW, o o e VAR
a_huff_data[i] = huff_decode_diff(ajoc_hch, ajoc_hcw);

}

return a_huff_data;

quant _sel ect, DT);

}
NOTE: The function get_ajoc_hchb() is defined in clause 6.3.6.5.2.
6.2.6 Advanced Joint Channel Coding (A-JCC)
6.2.6.1 ajcc_data
Syntax No of bits
aj cc_data(b_5fronts)
o T2 o T | PP 1
aj cc_num param bands_i d; ... ... 2
num bands = aj cc_num bands_t abl e[ aj cc_num param bands_i d] ;
if (b_5fronts == 1) {
] CC_OM T o 1
) CC_OM b, 1
el se {
E= Vo o o3 o =T 1 o = 1
) CC_ M ab; .. 1
Q) CC_OM AW, . .t e e e e e e 1
}
if (b_5fronts == 1) {
ajcc_nps_If = ajcc_fram ng_data();
ajcc_nps_rf = ajcc_fram ng_data();
ajcc_nps_|Ib = ajcc_fram ng_data();
ajcc_nps_rb = ajcc_fram ng_data();
ajcc_drylf = ajced(DRY, numbands, ajcc_gmf, b_no_dt, ajcc_nps_If);
aj cc_dry2f = ajced(DRY, numbands, ajcc_gmf, b_no_dt, ajcc_nps_If);
aj cc_dry3f = aj ced(DRY, numbands, ajcc_gmf, b_no_dt, ajcc_nps_rf);
aj cc_dryaf = aj ced(DRY, num bands, ajcc_gmf, b_no_dt, ajcc_nps_rf);
ajcc_drylb = ajced(DRY, numbands, ajcc_gmb, b_no_dt, ajcc_nps_lb);
ajcc_dry2b = aj ced(DRY, num bands, ajcc_gmb, b_no_dt, ajcc_nps_lb);
aj cc_dry3b = aj ced(DRY, num bands, ajcc_gmb, b_no_dt, ajcc_nps_rb);
aj cc_dry4b = aj ced(DRY, num bands, ajcc_gmb, b_no_dt, ajcc_nps_rb);
aj cc_wet 1f = aj ced(WET, num bands, ajcc_gmf, b_no_dt, ajcc_nps_If);
aj cc_wet 2f = aj ced(WET, num bands, ajcc_gmf, b_no_dt, ajcc_nps_If);
aj cc_wet 3f = aj ced(WET, num bands, ajcc_gmf, b_no_dt, ajcc_nps_If);
aj cc_wet 4f = aj ced(\WET, num bands, ajcc_gmf, b_no_dt, ajcc_nps_rf);
aj cc_wet 5f = aj ced(WET, num bands, ajcc_gmf, b_no_dt, ajcc_nps_rf);
aj cc_wet 6f = aj ced(WET, num bands, ajcc_gmf, b_no_dt, ajcc_nps_rf);
aj cc_wet 1b = aj ced(WET, num bands, ajcc_gmb, b_no_dt, ajcc_nps_lb);
aj cc_wet 2b = aj ced(WET, num bands, ajcc_gmb, b_no_dt, ajcc_nps_|lb);
aj cc_wet 3b = aj ced(WET, num bands, ajcc_gmb, b_no_dt, ajcc_nps_|lb);
aj cc_wet4b = aj ced(WET, num bands, ajcc_gmb, b_no_dt, ajcc_nps_rb);
aj cc_wet 5b = aj ced(WET, num bands, ajcc_gmb, b_no_dt, ajcc_nps_rb);
aj cc_wet 6b = aj ced(\WET, num bands, ajcc_gmb, b_no_dt, ajcc_nps_rb);
}
el se {
ajcc_nps_| = ajcc_franm ng_data();
ajcc_nps_r = ajcc_framng_data();
aj cc_al phal = aj ced(ALPHA, num bands, ajcc_gmab, b_no_dt, ajcc_nps_l);
aj cc_al pha2 = aj ced(ALPHA, num bands, ajcc_gmab, b_no_dt, ajcc_nps_r);
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Syntax No of bits
aj cc_betal = aj ced(BETA, num bands, ajcc_gmab, b_no_dt, ajcc_nps_l);
aj cc_beta2 = aj ced(BETA, num bands, ajcc_gmab, b_no_dt, ajcc_nps_r);
ajcc_dryl = aj ced(DRY, numbands, ajcc_gmdw, b_no_dt, ajcc_nps_Il);
aj cc_dry2 = ajced(DRY, numbands, ajcc_gmdw, b_no_dt, ajcc_nps_l);
aj cc_dry3 = ajced(DRY, numbands, ajcc_gmdw, b_no_dt, ajcc_nps_r);
ajcc_dry4 = aj ced(DRY, numbands, ajcc_gmdw, b_no_dt, ajcc_nps_r);
ajcc_wetl = aj ced(VET, num bands, ajcc_gmdw, b_no_dt, ajcc_nps_Il);
aj cc_wet2 = aj ced(\WET, num bands, ajcc_gmadw, b_no_dt, ajcc_nps_l);
aj cc_wet3 = aj ced(\WET, num bands, ajcc_gmdw, b_no_dt, ajcc_nps_l);
ajcc_wet4 = aj ced(VWET, num bands, ajcc_gmdw, b_no_dt, ajcc_nps_r);
ajcc_wet5 = aj ced(WET, num bands, ajcc_gmdw, b_no_dt, ajcc_nps_r);
ajcc_wet6 = aj ced(WET, num bands, ajcc_gmdw, b_no_dt, ajcc_nps_r);
}
}
6.2.6.2 ajcc_framing_data
Syntax No of bits
aj cc_fram ng_dat a()
{
aj CC_interpol ati ON LY P, .. e 1
aj ce_numM param Set S _COUE; .. ...ttt e 1
if (ajcc_interpolation_type == 1) {
for (ps = 0; ps < ajcc_numparamsets_code + 1; ps++) {
aj cc_param timesl Ot [ PS] ;. . 5
}
} .
return ajcc_num param sets_code + 1,
}
6.2.6.3 ajced
Syntax No of bits

}

aj ced(dat a_type, data_bands, quant_node, b_no_dt, num ps)

for (ps = 0; ps < numps; ps++) {
a_param set[ps] = ajcc_huff_data(data_type, data_bands, quant_node, b_no_dt);

}

return a_param set;

6.2.6.4 ajcc_huff_data

Syntax No of bits

{

aj cc_huff _data(data_type, data_bands, quant_node, b_no_dt)

if (b_no_dt == 1) {
diff_type = 0;

el se {
Ai o Y PO, e 1

}
if (diff_type == 0) {
aj cc_hcb = get_ajcc_hcb(data_type, quant_node, FO);
) CC N O, . . e VAR
a_huff_data[0] = huff_decode(ajcc_hch, ajcc_hcw);
aj cc_hcb = get_ajcc_hcb(data_type, quant_node, DF);
for (band = 1; band < data_bands; band++) {
) CC MO, . VAR
a_huff_data[ band] = huff_decode_diff(ajcc_hch, ajcc_hcw);
}

el se {
aj cc_hcb = get_ajcc_hch(data_type, quant_node, DT);
for (band = 0; band < data_bands; band++) {
] CC_ N CW, L L VAR
a_huff_data[ band] = huff_decode_diff(ajcc_hch, ajcc_hcw);
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Syntax No of bits
}

return a_huff_data;

}

6.2.7 Metadata

6.2.7.1 metadata

Syntax No of bits
net adata(b_al ternative, b_ajoc, b_iframe, channel _nobde, sus_ver)

{

basi c_net adat a(channel _node, sus_ver);
ext ended_net adat a(channel _node, sus_ver);
if (b_alternative and b_ajoc == 0) {
oand_dyndat a_si ngl e(n_obj s, numobj_info_blocks, b_iframe, b_alternative, obj_type[n_objs],
b_Ife[n_objs]);
}

tool s_metadat a_Si ze _Val Ue; .. ... e 7
tool s_netadata_si ze = tool s_netadata_si ze_val ue;
o T 10 =T o S 1

if (b_more_bits) {
tool s_netadat a_si ze += variable_bits(3) << 7;

if (sus_ver == 0) {
drc_frame(b_ifrane);

di al og_enhancenent (b_i frane);

b_emdf payl oads_substreany ... ... ... . 1
if (b_enmdf_payl oads_substream {
emdf _payl oads_substrean();
}
6.2.7.2 basic_metadata
Syntax No of bits
basi c_net adat a( channel _node, sus_ver)
{
if (sus_ver == 0) {
dial NOrm DI 1S .. e 7
}
b_more_basi c_metadat @; ... ... ... 1

if (b_nore_basic_netadata) {
if (sus_ver ==
b_further _loudness i Nf O] . ... 1
if (b_further_l oudness_info) {
further_| oudness_i nfo(sus_ver, 0);

}
}
el se {
b_substream | oudness i Nf O] ... ... 1
if (b_substream | oudness_info) {
substream | oudNESS DIt S; ... o 8
b_further_substream loudness_info; . ... ... 1
if (b_further_substream | oudness_info) {
further_| oudness_i nfo(sus_ver, 0);
}
}
if (channel _nbde == stereo) {
D prev _dmK i Nf O, .. e 1
if (b_prev_dnx_info) {
Pre_dm Xt Y P _2Ch; o 3
pPhase90 i Nf O _2Ch; . ... 2
}

}
if (channel _node > stereo) {
if (sus_ver == 0) {
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Syntax No of bits
bostereo _dmx_Coef T ... e 1
if (b_stereo_dnx_coeff) {

[ Oro_CeNntre_M XQai N, . ... e 3
1 Oro_SUrround_m XQai N; . ..ottt e 3
bl oro _dmK | OUd _COr T .. e e 1
if (b_loro_dnmx_loud_corr) {

L Oro_dmK_ | OUA_COr T L e e e e 5
bt M Xi Nf O, .o 1
if (b_Itrt_mxinfo) {

Ltrt _centre M Xgai N, ... 3

FErt _SUrround_m XQai N, . ..ottt 3
bl trt _dm | OUd _COr T o 1
if (b_Itrt_dmx_loud_corr) {

Ltrt dmK  OUd _COT T L e e e 5
}
if (channel _nobde_contains_Lfe()) {

bl f e M Xi Nf O, 1

if (b_lfe_mxinfo) {

L e M QA N L 5

}
preferred_dmk_met hod; . ... ... . 2

}
}
i f (channel _node == 5_X) {
b predm Xty P _BCh; 1
if (b_predm xtyp_5ch) {
Pre_dm XtYP BN, . 3
}
b preupm Xty P _BCh; .. 1
if (b_preupm xtyp_5ch) {
Pre_upm Xtyp_5Ch; .. 4

}
if (channel _node == 7_X) {
D UPM XY P 7N, o 1
if (b_upm xtyp_7ch) {
if (3/4/0) {

Pr B UPIM Xt Y P 3 4, oo 2
el se {
if (3/2/2) {
Pr & _UPM XE Y P 3 2 2, ittt 1
}
}
PhaseO0 i Nf O T, ... 2
b_surround_attenuati On_KNOWN, . . ... 1
b I fe _attenuati On_KNOWN, .. ... . 1
}
D dC bl OCKI NG; .. 1
if (b_dc_bl ocking) {
dC_ bl OCK _ON; . 1
}
}
}
6.2.7.3 further_loudness_info
Syntax No of bits

further_| oudness_info(sus_ver, b_presentation_|dn)

if (b_presentation_ldn or sus_ver == 0) {

| OUANES S VeI Si 0N oottt e e e e e e e e e 2
if (loudness_version == 3) {
extended_| OUdNESS VeI Si ON; . ..ot e e e e e e e e 4
| oudness_versi on += extended_| oudness_versi on;
I}oud_pr AC LY PO, ot 4
if (loud_prac_type !'=0) {
b_loudcorr _dial gat ©; . ... ... ... 1
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Syntax No of bits
if (b_loudcorr_dialgate) {
dial gat e _prac_type; ... ... 3
}
D QU O It Y P, oot 1
}
el se {
b_loudcorr _dial gat ©; .. ... 1
}
Dl oUdr el gat; .. 1
if (b_loudrelgat) {
L OUr Bl QAT . .ot 11
}
Dl oUdSPCNgat ; . . 1
if (b_loudspchgat) {
L OUASPCNGAL ; . .. 11
di @l gat @ _PraC _t Y P, . 3
}
D OUASt F B S, L 1
if (b_loudstrnBs) {
L OUASt MBS, . 11
D mBX | OUASE I MBS, L o 1
if (b_max_| oudstrnBs) {
MBX_ | OUASt I MBS, . .o e e 11
}
o T O 1= o 1
if (b_truepk) {
ETUBPK, oo 11
}
D B t F UK, oo 1
if (b_max_truepk) {
BX T UBPK, o ot e 11

if (b_presentation_ldn or sus_ver == 0) {
Lo o 140 o Y2 1
if (b_prgnmbndy) {
prgnbndy = 1;
prgnbndy_bit = 0;
while (prgnbndy_bit == 0) {
prgnbndy <<= 1;

Prambndy DIt . 1
}
D eNd _Or St art .o 1
b prgmbndy _of fSet | .. 1
if (b_prgnbndy_offset) {
Prambndy _of f St ... 11
}
}
o - 1
if (b_lra) {
= 10
LI = Y o1 = o3 0V o TP 3
}
D UMMt T Y L 1
if (b_loudmtry) {
L OUAMMIE Ty o e e e 11
D mBX | QUMM Ty 1
if (b_max_l oudmtry) {
MBX | QUMM T Y, o 11
}
if (sus_ver >= 1) {
o T o o o3 o T ¢ 1
if (b_rtllconp) {
0 I I o3 oY ¢4 o PP 8
}
D EXT NS 0N, ..o 1
if (b_extension) {
€ DIt S ST ZE, 5
if (e_bits_size == 31) {
e_bits_size += variable_bits(4);
}
EXE BNST ONS DI LS, . e_bits_size
}
}
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Syntax No of bits
el se {
DXt NS ON; L 1
if (b_extension) {
€ DI 1S Si Z, it e 5
if (e_bits_size == 31) {
e _bits_size += variable_bits(4);
}
Dt oM, oo 1
if (b_rtllconp) {
L I o3 oY ¢4 o PP 8
exXt eNsSi ONS_ DIt S, ... e bits_size - 9
el se {
eXt eNsSi ONS_ DIt S, ... e bits_size - 1
}
}
}
}
6.2.7.4 extended_metadata
Syntax No of bits
ext ended_net adat a( channel _node, sus_ver)
if (sus_ver >= 1) {
b_dial 00; ... 1
el se {
if (b_associated) {
D SCal B MBI N, L 1
if (b_scale_main) {
SCaAl B MBI N .ot 8
}
D_Scal B MBI M CENt I, . e 1
if (b_scale_nmain_centre) {
SCal B MBI M_CBNET ] ..ottt e e e e 8
b_scal e _mai N_front; ... 1
if (b_scale_main_front) {
scal @ MBI N_frONt; .. 8
if (channel _nbde == nono) {
PAN_ASSOCH At €0, . . . .. 8
}
}
}
if (b_dialog) {
b_dial 0g_MBX _gal N .. e 1
if (b_dialog_max_gain) {
di @l Og_IMBX_ Qa0 N .. 2
}
b_pan_di al 0g _present ; . ... 1
if (b_pan_dial og_present) {
i f (channel _nmbde == nono) {
Pan_di @l 00 . ..o 8
el se {
PaN_di @l 0g[ 0] ; -« vttt 8
pan_di al 0g] L] ; . oo 8
pan_Si gnal _Sel @Ct O ; . ..o 2
}
b_channel s_cCl assi fi er; ... 1
if (b_channels_classifier) {
if (channel _nbde_contains_c()) {
D O ACt i Ve, oo 1
if (b_c_active) {
b_c_has_dial 00; ... ... 1
}
}
if (channel _node_contains_Ir()) {
T - U Y2 1
if (b_|_active) {
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Syntax No of bits
bl has_di @l 0g; .. ..o 1
}
Dl At VB, o 1
if (b_r_active) {
b_r_has_dial 0g; .. ..o 1
}
if (channel _npbde_contains_LsRs()) {
Dl S AT i VB, .ot e 1
o T =T - U3 A Y 1
if (channel _node_contains_LbRb()) {
o I« T2 U3 S Y2 = 1
T o ¢ T o3 A TV 1
}
i f (channel _nmbde_contai ns_LwRwW()) {
D W At I VB, .ot 1
D P W At I Ve, L 1
if (channel _node_contains_TfITfr()) {
Dt f At Ve, oo 1
Dt f At i VB, oo 1
if (channel _node_contains_Lfe()) {
Dl f B Al i Ve, oo 1
}
}
b_event _probabi [0 ty; ... 1
if (b_event_probability) {
event _probabi | ity .. 4
}
}
NOTE: For sus_ver == 0, b_associated is determined as specified in ETSI TS 103 190-1 [1], clause 4.3.12.4.1, and
b_dialog is determined as specified in ETSI TS 103 190-1 [1], clause 4.3.12.4.2.

6.2.7.5 dialog_enhancement
Syntax No of bits
di al og_enhancenent (b_i frane)
{
D de_dat @ PresSent; . ... 1

if (b_de_data_present) {
if (b_iframe) {
de_config();

el se {
bode_config flag; . ... 1
if (b_de_config_flag) {
de_config();

de_dat a(de_nethod, de_nr_channels, b_iframe, 0);
if (ch_npbde == 13 || ch_node == 14) {
Dode _Si MUl CaSt; .. 1
if (b_de_sinulcast) {
de_dat a(de_net hod, de_nr_channels, b_ifrane, 1);

}
}
}
}
6.2.7.6 de_data
Syntax No of bits
de_dat a(de_nethod, de_nr_channels, b_ifranme, b_de_sinulcast)

{
if (de_nr_channels > 0) {
if ((de_nethod == 1 or de_nethod == 3) and de_nr_channels > 1) {
if (b_de_sinmulcast == 0) {
if (b_iframe) {
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Syntax

No of bits

}
if(
if

}
}
}

}
if (bif

el se {

}
i
el se {

if(

}

de_par_code)

}

de_ns_proc_flag

ref_

de_keep_pos_flag = 0;

el se {
de_Keep_pos_flag; . ... 1

de_keep_pos_flag == 0) {

(de_nr_channel s == 3) {
de M X_COBT 2 1 AX; .ot 5

rame) {

de_keep_data_flag = O;

de_keep_data_flag; ... ... 1

f (de_keep_data flag ==
if ((de_method == or de_nethod == 2) and de_nr_channels == 2) {
de_MB_ProC _flag; ..ot 1

1l
e

for (ch = 0; ch < de_nr_channels - de_ms_proc_flag; ch++) {

b_iframe =0 and ch == 0) {

e _Par _COUE; .. VAR
de_par[0][0] = de_abs_huffrman(de_method % 2, de_par_code);

ref _val = de_par[0][0];

de_par_prev[0][0] = de_par[0][0O];

for (band = 1; band < de_nr_bands; band++) {

e _Par _COUE; . . VAR
de_par[0][band] = ref_val + de_diff_huffman(de_nmethod % 2, de_par_code);

ref _val = de_par[0][band];

de_par_prev[0] [ band] = de_par[0][band];

el se {
for (band = 0; band < de_nr_bands; band++) {

if (b_ifranme) {
JE_Par _COOE; .. e VAR
de_par[ch][band] = ref_val + de_diff_huffman(de_nmethod % 2, de_par_code);
ref _val = de_par[0][band];

}

el se {
JE_Par _COOE; .. VAR
de_par[ch][band] = de_par_prev[ch][band] + de_diff_huffman(de_nmethod % 2,

de_par_prev[ch][band] = de_par[ch][band];

val = de_par[ch][0];

}
if (de_nethod >= 2) {
de_signal _contri bution; ... .. 5

6.2.8 Object Audio Metadata (OAMD)

6.2.8.1 oamd_common_data
Syntax No of bits
oand_comon_dat a()

b_defaul t _SCreen_Si ze rati O] .. ... e e e e e e 1

if (b_default_screen_size_ratio == 0) {
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Syntax No of bits
Mast € _SCreen_Si Zze rati 0 _COUE] .. ... o ittt e e e e e e e e e e e e e e e 5
b_bed_object _chan_di stribute; ... ... .. 1
b_additional _data; ....... ... 1
if (b_additional _data) {
add_dat a_byt esS_Im NUSL; . ... ... 1

add_data_bytes = add_data_bytes_m nusl + 1;
if (add_data_bytes == 2) {
add_data_bytes += variable_bits(2);

}
add_data_bits = add_data_bytes * 8;
bits_used = trin();
add_data_bits = add_data_bits - bits_used;
if (add_data_bits) {
bits_used = bed_render_info();
add_data_bits = add_data_bits - bits_used;

}
if (add_data_bits) {
bits_used = headphone();
add_data_bits = add_data_bits - bits_used;

}
Add_dat @] ... add_data_bits
}
}
6.2.8.2 oamd_timing_data
Syntax No of bits
oand_tim ng_data()
{
oa_sanpl e_of fset _tyPe; ... 1/2
if (oa_sanpl e_offset_type == 0bl1l0) {
0a_sanpl e_of fSet _COUE; . .. ... 1/2
el se {
if (oa_sanple_offset_type == 0bll) {
0a_sanpl @ _Of f et ... 5
}
nuUM 0bj i Nf o Bl 0CKS; .. . 3
for (blk = 0; blk < numobj_info_bl ocks; bl k++) {
bl OCK _Of f st _faCt Or; ... 6
ramp_durati ON_COUE; . ... 2
if (ranmp_duration_code == 0b11) {
b_use _ranp _tabl € ... 1
if (b_use_ranp_table) {
ramp_durati on_tabl @; . ... 4
}
el se {
FAMP_AUI At T ON; .ot e e 11
}
}
}
}
6.2.8.3 oamd_dyndata_single
Syntax No of bits

oand_dyndat a_si ngl e(n_objs, n_blocks, b_iframe, b_alternative, obj_type[n_objs], b_Ife[n_objs])

for (i = 0; i < n_objs; i++) {
if (obj_type[i] == DYN and b_Ife[i] == 0) {
b_dynami c_obj ect = 1;

el se {
b_dynami c_obj ect = 0;
}
for (b =0; b < n_blocks; b++) {
obj ect_info_block((b_iframe !=0) and (b == 0), b_dynam c_object);
}
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Syntax No of bits
if (b_alternative) {
b_ducki ng_di sabl ed; ... ... 1
0bj ECt _SOUNA_CAt QOT Y, . . e e e e e e e e e e e e e e e e 2

if (object_sound_category == 3) {
obj ect _sound_cat egory += variable_bits(2);

N Al dat @ Sl S, ..ttt e e 2
if (n_alt_data_sets == 3) {
n_alt_data_sets += variable_bits(2);

for (s = 0; s < n_alt_data_sets; s++) {
o T =T =Y o PP 1
if (b_keep == 0) {
n_data_points = n_objs;
if (obj_type[0] == ISF) {
n_data_points = 1;

el se {
b COMMON_dat @; . ..o 1
if (b_common_data) {
n_data_points = 1;
}

}
for (dp = 0; dp < n_data_points; dp++) {
if (obj_type[dp] == BED || obj_type[dp] == ISF) {

DAl b gal Ny L 1
if (b_alt_gain) {
al t _0ob] _gai Ny 6
}
el se {
if (obj_type[dp] == DYN) {
DAl gai N, . 1
if (b_alt_gain) {
al t_0bj _gai N 6
}
if (b_lfe[dp] == 0) {
DAl t POSi ti ON; .. 1
if (b_alt_position) {
Al t_POS3D X . 6
Al t_POS3D Y, 6
Al t_POS3D _Z SigN; . 1
Al T _POS3D ;e 4
}
}
}
}
}
b_additional _data; . ...... ... 1

if (b_additional _data) {
skip_bits = (variable_bits(2) + 1) * 8;
skip_bits = skip_bits - ext_prec_alt_pos(n_objs, b_keep, obj _type, b_Ife);

SKI p_dat @; ... skip_bits
}
}
}
}
6.2.8.4 oamd_dyndata_multi
Syntax No of bits

oand_dyndata_multi (n_objs, n_blocks, b_iframe, obj_type[n_objs], b_lfe[n_objs],
b_aj oc_coded[ n_obj s])

for (i =0; i <n_objs; i++) {
if (b_ajoc_coded[i] ==
if (obj_type[i] == DYN and b_lfe[i] == 0) {
b_dynam c_obj ect = 1;

el se {
b_dynami c_obj ect = 0;

}
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Syntax No of bits
for (b =0; b < n_blocks; b++) {
obj ect _info_block((b_iframe !'= 0) and (b == 0), b_dynanic_object);
}

}
}
}

6.2.8.5 object_info_block

Syntax No of bits
obj ect _i nfo_bl ock(b_no_del ta, b_dynani c_object)

b_0bj @Ct _NOt _aCti Ve, . .o 1
if (b_object_not_active) {
obj ect _basi c_i nfo_status = DEFAULT;
}
el se {
if (b_no_delta) {
obj ect _basi c_info_status = ALL_NEW

el se {
b basi C i Nf O _r BUSE; . 1
if (b_basic_info_reuse) {
obj ect _basi c_i nfo_status = REUSE;

el se {
obj ect _basic_info_status = ALL_NEW
}
}
}
if (object_basic_info_status == ALL_NEW {
obj ect _basic_info();

if (b_object_not_active) {
obj ect _render _i nfo_status = DEFAULT,;

el se {
if (b_dynami c_object) {
if (b_no_delta) {
obj ect _render_info_status = ALL_NEW

el se {
borender _i Nf o _reUSE; . .. 1
if (b_render_info_reuse) {
obj ect _render_i nfo_status = REUSE;

el se {
b_render_info_partial _reuse; .. ... 1
if (b_render_info_partial _reuse) {
obj ect _render_i nfo_status = PART_REUSE;

el se {
obj ect _render_info_status = ALL_NEW
}
}
}
el se {
obj ect _render _i nfo_status = DEFAULT;

} }
if (object_render_info_status == ALL_NEW or object_render_info_status == PART_REUSE) {
obj ect _render_i nfo(obj ect_render_info_status, b_no_delta);

}
b_add_tabl e_dat a; ... ... ... 1
if (b_add_table_data) {

add_tabl e_data_sSi ze M NUSL; ... ... 4

atd_size = add_table_data_size_mnusl + 1;

used_bits = add_per_obj ect _nd(b_dynani c_object, b_object_not_active);

remain_bits = 8 * atd_size - used_bits;

add_tabl e_dat a; . ... ... remain_bits
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6.2.8.6 object_basic_info
Syntax No of bits
obj ect _basi c_i nfo()
b_defaul t_basi c_iNfo M, ... ... e 1
if (b_default_basic_info_nd == 0) {
basi C_i Nf O MO, .. 1/2
if (basic_info_nd == 0b0 or basic_info_nd == 0b10) {
Obj eCt _gai N_COdE; . ... 1/2
if (object_gain_code == 0b0) {
obj ect _gai N_val Ue; .. ... 6
} }
if (basic_info_nd == 0b10 or basic_info_nd == 0bll) {
0bj @Ct _PriOrity _COOE; .. e e e e e e e 5
}
}
6.2.8.7 object_render_info
Syntax No of bits
obj ect _render _i nfo(obj ect_render_info_status, b_no_delta)
if (object_render_info_status == ALL_NEW {
b_obj _render_ot her props_present = 1;
b_obj _render_zone_present = 1;
b_obj _render _position_present = 1;
el se {
/* object_render_info_mask section */
b_obj _render _ot her props _PreSeNnt ; ... 1
b_Obj _render _zone present; . ... e 1
b_0bj _render _posi ti On_PreSent; ... ... 1
}
if (b_obj_render_position_present) {
if (b_no_delta) {
b_di ff_pos_coding = 0;
}
el se {
b di ff _pOS_COAi NQ; .. 1
}
if (b_diff_pos_coding) {
Ai Ff o POS 3D X . oot 3
Ai Ff o POSBD Y, oo e 3
i FT o POSBD Z; . o e 3
el se {
POS 3D X, ot 6
POS 3D Y, o 6
POS3D Z Si GN; o ot ettt e 1
POS 3D Z; o 4
}
if (b_obj_render_zone_present) {
b_grouped_zone_def aul tS; ... ... 1
if (b_grouped_zone_defaults == 0) {
group_zone_flag] ] .. 3
if (group_zone_flag[2]) {
ZONE MBS K, . ittt 3
}
if (group_zone_flag[1]) {
b_enabl e_el evation = 0;
}
if (group_zone_flag[0]) {
b_obj ect _snap = 1;
}
}
if (b_obj_render_otherprops_present) {
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Syntax No of bits
b_grouped_other _defaul tS; . ... ... 1
if (b_grouped_other_defaults == 0) {

group_Ot her _IMBSK; . .. 4
if (group_other_nmask & 0b0001) {
obj eCt _W dt h_mDAe; . . .. 1
if (object_wi dth_node == 0) {
obj ect Wi dt h_Code; . ... . 5
}
el se {
obj ect Wi dt h_X COOE; .. .. 5
obj ect _Wi dt h_ Y _COOe; .. .. 5
obj eCct _W dth_Z COde; .. ... e 5
}
}
if (group_other_mask & 0b0010) {
obj ect _screen_fact Or _COOe; . ... ... 3
obj ect _dept h_faCt Or; . ... 2
el se {

obj ect _screen_factor_code = 0;

}
if (group_other_mask & 0b0100) {
b_obj _at i nfi ity 1
if (b_obj_at_infinity) {
obj _di stance = inf;

el se {
obj _distance_factor_Code; . ... ... ... 4
}
}
if (group_other_mask & 0b1000) {
0bj ECt _di Vo _MDAE; . . 2
if (object_div_node == 0b00) {
obj ect _di v _tabl @ ... 2
el se {
if (object_div_node & 0b10) {
0bj eCt _di V_COOE; ... 6
}
}
}
}
}
}
6.2.8.8 bed_render_info
Syntax No of bits
bed_render _i nfo()
b_bed _render i Nfo; ... 1
if (b_bed_render_info) {
bostereo _dmx_COef T ... 1

if (b_stereo_dnx_coeff) {
stereo_dnx_coeff();

DMK _dat @ PreSent; . ... 1
if (b_cdnx_data_present) {
D CAMK Wt O 1
if (b_cdmx_w to_f) {
gai N_W t 0 _f _COOE; .. e e e 3
}
D CdMK DAt 0 D2, 1
if (b_cdnx_b4_to_b2) {
gai N_D4_t0_ D2 _COOE; ... 3
Dt M Ch I SNt .. 1
if (b_tmch_present) {
b cdmK _t 2t O _f S b, 1

if (b_cdnx_t2_to_f_s_b) {
tool _t2_to_f_s_b();

}
D CAMK t 2 O f S, o 1
if (b_cdnx_t2 to f_s) {
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Syntax No of bits
tool _t2_to_f_s();
}
Dt Ch I SNt .. 1
if (b_tb_ch_present) {
b_cdmX _t bt o _f S b, 1
if (b_cdm_tb to f_s b) {
tool _tb_to_f_s_b();
b_cdmK _t bt o f S 1
if (b_cdmx_tb_to_f_s) {
tool _tb_to_f_s();
}
Dt N presSent o 1
if (b_tf_ch_present) {
b cdmX _tf 0 f S b e 1
if (b_cdm_tf _to f_s b) {
tool _tf_to f_s_b();
D CdMX tf 0 f S, 1
if (b_cdnmx_tf_to_f_s) {
tool _tf_to f_s();
}
}
if (b_tb_ch_present || b_tf_ch_present) {
o oo 107G 0 T Ao T o 1
if (b_cdnmx_tfb_to_tm ({
gai N_tfb _to_tm Ccode; . ... . 3
}
}
}
}
}
6.2.8.8a stereo_dmx_coeff
Syntax No of bits
st ereo_dnx_coeff ()
{
| Or0_CENTTE_M XOAI N}« ottt e e e e 3
1 Oro_SUrroUNd_M X0 N; ..ottt e e 3
Dt M X Nf O] o 1
if ((b_ltrt_mxinfo) == (1)) {
FErt _CENETIE_M XA N, oottt e e 3
FErt _SUrTrOoUNd_M X0 N, .ottt e e 3
}
bl f e M Xi Nf O] 1
if ((b_Ilfe_mxinfo) == (1)) {
L f B M XTI N, . o 5
}
preferred_dmk_met hod; . ... ... 2
}
6.2.8.9 trim
Syntax No of bits
trinm()
{
Dt M I S Nt Lo 1
if (b_trimpresent) {
WA P_ITDAE, o oottt et 2
L= SY =T V= o 2
gl obal _trim mDde; ... e 2
if (global_trimnode == 0b10) {
for (cfg = 0; cfg < NUM_TRI M_CONFI GS; cfg++) {
bodef aul t i M 1
if (b_default_trim==0) {
bodisabl @ tri M .. 1
if (b_disable trim==0) {
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Syntax No of bits
trimbal ance_presencel]; .. ... 5
if (trimbalance_presence[4]) {

L I o =T S = 4

if (trimbalance_presence[3]) {
LML SUr T OUNG; o 4

if (trimbalance_presence[2]) {

trimhei ght; .o 4
}
if (trimbalance_presence[1]) {
bal 3D Y _Sign_th_Code; ... ... 1
bal 3D Y _amDunt _t b, .. 4
if (trimbalance_presence[0]) {
bal BD Y _Sign_| i S _COOE; . ... 1
bal 3D Y _amDuUNt i S, .ot 4

6.2.8.9a headphone

Syntax No of bits
headphone()
D headphone; . . . 1
i f (b_headphone) {
NP_0perati ON_MDAE; . . ... e 3
if ((hp_operation_npde == 0b001) || (hp_operation_node == 0b010)) {
b_head_track_disabl e_al | ; ... ... 1
}
}
}

6.2.8.10 add_per_object_md

Syntax No of bits
add_per_obj ect _nd(b_obj ect_not _active, b_dynam c_obj ect)

b_obj _trimdisabl @ ... 1
if (b_object_not_active == 0) {
if (b_dynami c_object) {
D BXt I B _POS; . ot 1
if (b_ext_prec_pos) {
ext _prec_pos();

}
}
}
b headphone; ... 1
if (b_headphone == 1) {
hp_render _mDde 0D ; . ... 2
b_head_track_disabl e_0bj; ... ... 1

}
}

6.2.8.11 ext_prec_pos

Syntax No of bits
ext _prec_pos()

Xt _PreC_POS_PreSENCE ] . 3
if (ext_prec_pos_presence[?2]) {
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Syntax No of bits
EXE _PrEC_POS 3D X o .ttt 2
if (ext_prec_pos_presence[1]) {
EXE _PrEC_POS3D Y, o 2
if (ext_prec_pos_presence[0]) {
eXE _PreC_POS3D Z; .. 2
}

}

6.2.8.12 ext_prec_alt_pos

Syntax No of bits

ext _prec_alt_pos(n_objs, b_keep, obj _type[n_objs], b_lfe[n_objs])

if (b_keep == 0) {
for (obj = 0; obj < n_objs; obj++) {
if ((obj_type[obj] == DYN) & (b_Ife[obj] == 0)) {
b eXt _prec_al t  POS; . 1
if (b_ext_prec_alt_pos) {
ext_prec_pos();

6.2.8.13 tool tb to f s b

Syntax No of bits
tool _tb_to_f_s_b()
bt op_back t o _front; ... 1
if (b_top_back_to_front == 1) {
a1 N_t 20 _COOE; . .. 3
gai n_t2e_code = 7;
el se {
Dt op_back _t o _Side; ... 1
if (b_top_back_ to_side == 1) {
a1 N_t 26 COUR; . .t e e e e e e 3
el se {
gai Nt 2f _COOE; . . 3
gain_t2e_code = 7;
}
}
}

6.2.8.14 tool tb to f s

Syntax No of bits
tool _tb_to f_s()

bt op_back t o front; ... 1
if (b_top_back to_front == 1) {
gai N_t 20 _COOE; . ... 3
gain_t2e_code = 7;
el se {
a1 N_t 26 _COUR; . .t e e e e e e e 3
}

ETSI



149

6.2.8.15 tool tf to f s b

ETSI TS 103 190-2 V1.3.1 (2025-07)

Syntax No of bits
tool _tf_to f_s b()
Dt Op _froNt _t O front; .. 1
if (b_top_front_to_front == 1) {
a0 N_t 28 _COO; . .ottt e e 3
gain_t2b_code = 7;
}
el se {
b top front _t o Side; .. ... 1
if (b_top_front_to_side == 1) {
A N_t 2D _COOE; . . 3
}
el se {
a1 N_t 2C_COUE; . . e e e e e 3
gai n_t2b_code = 7;
}
}
}
6.2.8.16 tool tf to f s
Syntax No of bits
tool _tf_to_f_s()
Dt op _front _t o _front; ... 1
if (b_top_front_to_front == 1) {
a1 N_t 28 COUR; . .. e e e e e e 3
gain_t2b_code = 7;
el se {
gaI N_t 2D _COOE; . . 3
}
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6.2.9 Presentation data

6.2.9.1 loud_corr

Syntax No of bits
| oud_corr (pres_ch_node, pres_ch_nopde_core, b_objects)

b_obj | oud_corr = 0;
if (b_objects == 1) {
D 0D I OUO _COT T o 1

if (pres_ch_node > 4 or b_obj_loud_corr == 1) {

b COrr _for i MBI Si VB OUL ..t e e e 1
}
if (pres_ch_npbde > 1 or b_obj_loud_corr == 1) {
Dl Or 0 | U _COMP; o e 1
if (b_loro_loud_conp == 1) {
L Or O _dmK | QU _COT T L e e e e e e e e e 5
D L trt  OUd _COMPD; o e 1
if (b_Itrt_loud_conp == 1) {
Lt dmK L U _COT T e e e e e 5
}
}
if (pres_ch_node > 4 or b_obj_loud_corr == 1) {
Dl OUO oM, oot 1
if (b_loud_conp == 1) {
L OUd _COr T D X o 5
}
if (b_corr_for_inmrersive_out == 1) {
Dl OUO oM, oo 1
if (b_loud_comp == 1) {
L OUAd _COr T D X 2, o 5
}
Dl OUd oM, .t 1
if (b_loud_comp == 1) {
[0 18 o [ oo 1 o S A O 5
}
}
}
if (pres_ch_node > 10 or b_obj _loud_corr == 1) {
if (b_corr_for_imersive_out == 1) {
Dl DU oM, oot 1
if (b_loud_comp == 1) {
L OUA _COr T 7 X A o 5
}
Dl DU COMP; oo 1
if (b_loud_comp == 1) {
L OUA _COr T 7 X 2, o 5
}
D OUA oM, .o 1
if (b_loud_comp == 1) {
L oUd_COr T S X A o 5
}
}
}
if (pres_ch_node_core >= 5) {
D OUd _COMD; .. 1
if (b_loud_comp == 1) {
L OUA_COr T _COr B 5 X 2, it 5
}
}
if (pres_ch_node_core >= 3) {
Dl DU _COMP; .o 1
if (b_loud_conp == 1) {
L OUd _COI T COr @ D X, ittt e e e e 5
}
Dl DU COMP; oo 1
if (b_loud_comp == 1) {
L OUO _COT T _COr B | OF 0] .ottt e e 5
L oUd_COrT _COr e | Tt o 5
}
}
if (b_obj_loud_corr == 1) {
Dl OUO oM, .ot 1

if (b_loud comp == 1) {
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Syntax No of bits
L oUd _COTT O X o 5
}
}
}
6.2.9.2 custom_dmx_data
Syntax No of bits

custom dnx_dat a(pres_ch_node, pres_ch_node_core, b_pres_4 back_channel s_present,
pres_top_channel _pairs, b_pres_has_lfe)

bs_ch_config = -1;
if (pres_ch_node in [11, 12, 13, 14]) {
if (pres_top_channel _pairs == 2) {
if (pres_ch_node >= 13 and b_pres_4_back_channel s_present == 1) {
bs_ch_config = 0;

if (pres_ch_mpbde <= 12) {
if (b_pres_4_back_channel s_present == 1) {
bs_ch_config = 1;

el se {
bs_ch_config = 2;
}
}

if (pres_top_channel _pairs == 1) {
if (pres_ch_nbde >= 13 and b_pres_4 back_channel s_present == 1) {
bs_ch_config = 3;
}
i

f (pres_ch_node <= 12) {
if (b_pres_4 back_channels_present == 1) {
bs_ch_config = 4;

el se {
bs_ch_config = 5;
}
}
}

}
if (bs_ch_config >= 0) {
DMK _dat @ Pr eSeNt ;.. 1
if (b_cdnx_data_present == 1) {
N_cdMX_CONfigS_ M NUSL; ... 2
n_cdnx_configs = n_cdnx_configs_m nusl + 1;
for (dc = 0; dc < n_cdnmx_configs; dc++) {
if (bs_ch_config == 2 or bs_ch_config == 5) {

out _Ch_Confi gl dC]; ... 1
}
el se {
out _Ch_CoNfi gl dC]; ... 3
}
cdnx_par anet ers(bs_ch_config, out_ch_config[dc]);
}
}
if (pres_ch_node >= 3 or pres_ch_npde_core >= 3) {
b st ereo _dmX_Coef f; .. e 1
if (b_stereo_dnx_coeff == 1) {
[ Or0_CENTTE_M XOAI N, .« oottt e e e e e e 3
1 Oro_Surround_m Xgai N ... e e e 3
b trt M Xi Nf O o 1
if (b_ltrt_mxinfo == 1) {
FErt _CENtIE_M XA N, . oottt e e 3
Ftrt _SUrround_m Xgai N ... e 3
}
if (b_pres_has_lfe == 1) {
bl f e M Xi Nf O] . e 1
if (b_Ife_mxinfo == 1) {
L e M XQaI N L 5
}
preferred_dmk_MBthod; . ... ... 2
}
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Syntax No of bits
}

}

6.2.9.3 cdmx_parameters

Syntax No of bits

cdnx_par anet ers(bs_ch_config, out_ch_config)

if (bs_ch_config == 0 or bs_ch_config == 3) {
tool _scr_to_c_I();

}
if (bs_ch_config < 2) {
switch (out_ch_config) {

case 0:
tool _t4_to_f_s();
tool _b4_to_b2();
br eak;

case 1:
tool _t4_to_t2();
tool _b4_to_b2();
br eak;

case 2:
tool _b4_to_b2();
br eak;

case 3:
tool _t4_to f_s_b();
br eak;

case 4:
tool _t4 to t2();
br eak;

}

}
if (bs_ch_config == 2) {
switch (out_ch_config) {
case 0:
tool _t4 to f_s();
br eak;
case 1:
tool _t4_to_t2();
br eak;

}

}
if (3 <= bs_ch_config <= 4) {
switch (out_ch_config) {
case 0:
tool _t2_to f_s();
tool _b4_to_b2();
br eak;
case 1:
tool _b4_to_b2();
br eak;
case 2:
tool _b4_to_b2();
br eak;
case 3:
tool _t2_to_f_s_b();
br eak;

}

}
if (bs_ch_config == 5) {
switch (out_ch_config) {
case 0:
tool _t2 to f_s();
br eak;
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6.2.9.4 tool_scr_to_c |
Syntax No of bits
tool _scr_to_c_I()
D_pUL _SCreen_t O _C; ... i 1
if (b_put_screen_to_c == 1) {
gai N_f d COAE; .. e 3
el se {
gai N_f 2 COE; .. e 3
}
}
6.2.9.5 tool_b4 to_b2
Syntax No of bits
tool _b4_to_b2()
{
gai N OO, .. 3
}
6.2.9.6 tool_t4 to t2
Syntax No of bits
tool _t4_to_t2()
a1 Nt _COUR; . . e e e 3
}
6.2.9.7 tool t4 to f s b
Syntax No of bits
tool _t4_to_f_s_b()
Dt Op froNt _t o front; .. 1
if (b_top_front_to_front == 1) {
gai N_t 28 _COUE; ... 3
gain_t2b_code = 7;
el se {
Dt op _front _t o _Side; ... 1
if (b_top_front_to_side == 1) {
A N_t 2D _COOE; . . 3
}
el se {
A N_t 2C_COUE; . .. 3
gai n_t2b_code = 7;
}
b top _back t o _front; ... 1
if (b_top_back_ to_front == 1) {
a1 N_t 20 _COOE; . .. e 3
gain_t2e_code = 7;
}
el se {
Dt op_back _t o _Side; ... 1
if (b_top_back_ to_side == 1) {
a0 N_t 26 _COO; ..ttt e e 3
}
el se {
gai Nt 2f _COOE; . . 3
gai n_t2e_code = 7;
}

}

}
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6.2.9.8 tool t4 to f s
Syntax No of bits
tool _t4_to_f_s()
Dt Op _front _t o front; ... 1
if (b_top_front_to_front == 1) {
gai N_t 28 _COUE; . ... 3
gain_t2b_code = 7;
el se {
gaI N_t 2D _COOE; . . 3
botop _back t o _front; ... 1
if (b_top_back_ to_front == 1) {
a1 N_t 20 _COOE; . .. e 3
gai n_t2e_code = 7,
}
el se {
a1 N_t 26 _COUE; . . e e e e e e e e e 3
}
}
6.2.9.9 tool t2 to f s b
Syntax No of bits
tool _t2_to_f_s_b()
Lo J 0 o J o T 0 2 PP 1
if (b_top_to_front == 1) {
a1 N_t 28 COUR; . . e e e e e e e e 3
gain_t2b_code = 7;
el se {
Lo T 0 o T o T 0 [P 1
if (b_top_to_side == 1) {
gai N_t 2D _COUE; . .. 3
el se {
a1 N_t 2C_COUR; . .t e e e 3
gain_t2b_code = 7;
}
}
}
6.2.9.10 tool t2 to f s
Syntax No of bits
tool _t2 to f_s()
Lo T 0 o T o T 0 21 PP 1
if (b_top_to_front == 1) {
A N_t 28 _COUE; ... 3
gain_t2b_code = 7;
el se {
gai N_t 2D _COUE; . .. 3
}

}
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6.3 Description of bitstream elements

6.3.1 Introduction

The description of bitstream elements is analogous to the description in ETSI TS 103 190-1 [1]. Elements that have
been described in ETSI TS 103 190-1 [1], clause 4.3, are not repeated in this clause unless their meaning has changed.

6.3.2 AC-4 frame information

6.3.2.1 ac4_toc - AC-4 table of contents

6.3.2.1.1 bitstream_version

This 2-bit code, which is extendable by vari abl e_bi t s() , indicates the bitstream version. A decoder implemented
according to the present document shall decode bitstreams where bi t st r eam ver si on < 2.

Table 51: bitstream_version

bitstream_version | Presentation information location Description

0 ac4_presentation_info() All presentations in the bitstream can be decoded by an
AC-4 decoder conforming to [1] or to the present
document.

1 ac4_presentation_info() All presentations in the bitstream can be decoded by an

AC-4 decoder conforming to the present document.
Presentations with a presentation version value of 0,
containing channel-based audio up to 7.1, can be
decoded by an AC-4 decoder conforming to [1].

2 ac4_presentation_vl_info() and |All presentations in the bitstream can be decoded by an
ac4_substream group_i nfo() AC-4 decoder conforming to the present document. The
bitstream is not decodable by an AC-4 decoder
conforming to [1].

6.3.2.1.2 br_code

Thebr _code value, in conjunction with thewai t _f r anes value, supports accurate determination of the long-term bit
rate for average bit-rate streams.

For average hit-rate streams, the br _code value of Ob11 isfollowed by a sequence of frames with br _code values
different from Ob11. That sequence of values can be used to improve the bit-rate estimation compared to simple
averaging of the size of the analysed frames. An algorithm for calculating the signalled bit rate is described in annex B.

Table 52: br_code

br_code Description

0b00 value(br_code) =0

0b01 value(br_code) = 1

0b10 value(br_code) =2

0bl1 Start-stop code for sequence of br_codes

6.3.2.1.3 b_iframe_global

This Boolean indicates whether the first substream in each presentation is encoded independently from preceding
frames (i.e. there is no dependency over time).

The Booleansb_audi o_ndot, b_pres_ndot and b_oand_ndot indicate for each substream whether a substreamis
encoded independently from previous frames and there is no dependency over time for the corresponding substream.
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Thefirst transmission framein agroup of frame_rate_fracti on frameshasb_i frame_gl obal set to trueif the first
codec frame of each presentation contains only substream without dependency ontime. If frane_rate_fracti on > 1,
every other transmission framein the group hasb_i f rane_gl obal set to false.

See dlso clause 4.5.3, and clause 5.1.3.

6.3.2.1.4 b_program_id

This Boolean indicates whether program identification data is present.

6.3.2.1.5 short_program_id

Theshort _program i d element holds the program identification as a 16-bit value.

6.3.2.1.6 b_program_uuid_present

This Boolean indicates whether program identification as a universally unique identifier (UUID) value, pr ogr am uui d,
is present.

6.3.2.1.7 program_uuid

The progr am uui d element holds the program identification as a 16-byte UUID value.

6.3.2.1.8 total_n_substream_groups

The value of this helper variable istotal_n_substream groups =1 + max_group_index, where max_group_index is the
maximum of the gr oup_i ndex values contained in all occurrences of ac4_sgi _specifier().

6.3.2.2 ac4_presentation_vl1_info - AC-4 presentation version 1 information

6.3.2.2.1 b_single_substream_group

This Boolean indicates whether a single substream group is present. In this case, the substream type of the referenced
substream group shall be considered as a Main substream. Otherwise, the number of substream groups,
n_substream_groups, and the associated substream types are determined using the value of present ati on_confi g.

6.3.2.2.2 presentation_config

This 3-bit code, which is extendable by vari abl e_bi t s(), indicates the presentation configuration for
present ati on_versi on = 1 asshown in table 53. The presentation configuration for present ati on_versi on =0is
specified in ETSI TS 103 190-1 [1], clause 4.3.3.3.4.

Table 53: presentation_config to substream type mapping for presentation_version =1

presentation_config substream type
15t substream group 2"d substream group 3'd substream group

0 music and effects dialogue substream N/A
substream

1 Main substream dialogue enhancement substream [N/A

2 Main substream associated audio substream N/A

3 music and effects dialogue substream associated audio substream
substream

4 Main substream dialogue enhancement substream |associated audio substream

5 substream types are determined by cont ent _cl assi fi er of each substream group
according to table 54 - see note

6 Extensible Metadata Delivery Format (EMDF)substream(s)

27 Reserved

NOTE: The number of substream groups is arbitrary
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For present ati on_confi g =5, substream types are determined by cont ent _cl assi fi er of each substream group
according to table 54.

Table 54: content_classifier to substream type mapping for presentation_config =5

content _classifier Content Classification (informative) substream type

000 complete main main or music and effects
001 music and effects main or music and effects
010 visually impaired associated audio

011 hearing impaired associated audio

100 dialogue dialogue

101 commentary associated audio

110 emergency main or music and effects
111 voice over main or music and effects

6.3.2.2.3 md_compat

Thisfield indicates the decoder compatibility as shown in table 55.

The nd_conpat element indicates decoder systems that are compatible with a presentation.

A decoder system with compatibility level n shall be able to decode all presentations with nd_conpat < n and:
) presentation_version =0asdefinedin ETSI TS 103 190-1 [1], clause 4.3.3.3.8; and
. presentation_versi on =1 asdefined intable 55,

A system with compatibility level n shall not decode (i.e. select) presentations with nd_conpat > n.

NOTE: A presentation may consist of several substreams, which may be distributed over several elementary

streams.
Table 55: md_compat for presentation_version =1
md_compat | Maximum number of tracks (see Maximum input channel Maximum reconstructed
note) if presentation includes configuration for channel-based A-JOC objects
no object audio | object audio immersive

0 2 N/A N/A N/A
1 6 6 N/A 15.1
2 9 8 7.1.4 15.1
3 11 10 7.1.4 17.1
4-6 Reserved
7 Unrestricted
NOTE:  "Number of tracks" refers to the total number of audio objects and channels in all substreams contributing to

the presentation, with the exception of LFE channels that have the b_| f e flag set in nono_dat a() structure.
6.3.2.2.4 b_presentation_id

This Boolean indicates whether the presentation carries apr esent at i on_i d that uniquely identifies a presentation
within this table of contents.

6.3.2.2.4a presentation_id
Thisunsigned integer uniquely identifies a presentation.

NOTE: A previous version of the present document used the term "presentation_group_index" instead of
presentation_id.

6.3.2.2.5 b_presentation_filter

This Boolean indicates whether the b_enabl e_pr esent at i on Boolean is present.
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6.3.2.2.6 b_enable_presentation

This Boolean indicates whether a presentation is enabled.

6.3.2.2.7 b_multi_pid

This Boolean indicates whether the presentation is contained in multiple packet identifier (PID) identified elementary
streams.

6.3.2.2.8 n_substream_groups_minus2

Then_subst ream gr oups_mi nus2 element indicates the number of substream groups minus 2. To get the number of
substream groups, n_substream_groups, a value of 2 needsto be added to n_subst r eam gr oups_mi nus2.

6.3.2.3 presentation_version - presentation version information

6.3.2.3.1 b_tmp

Theb_t np element, which might be present multiple times, is used to signal the version of the presentation. A
presentation version value of 0 indicates a presentation that is decodable by an AC-4 decoder conforming to ETSI

TS 103 190-1 [1] or to the present document. A decoder implemented in accordance with the present document shall
decode a presentation if its presentation versionis 1 or 2. A decoder implemented in accordance with the present
document shall skip theac4_presentation_i nfo() Or ac4_presentation_vl_info() if theversion of the presentation
isnot0, 1 or 2.

6.3.2.4 frame_rate_fractions_info - frame rate fraction information

6.3.2.4.1 b_frame_rate fraction

This Boolean indicates whether the variable frame_rate fraction is set to avalue greater than 1.

6.3.2.4.2 b_frame rate fraction is 4

This Boolean indicates whether the variable frame rate fraction is set to a value of 4.
6.3.2.5 ac4_substream_group_info - AC-4 substream group information

6.3.2.5.1 b_substreams_present

This Boolean indicates whether a substream group contains substreams.

6.3.2.5.2 n_If substreams_minus2

Then_I f _subst reans_ni nus2 element indicates the number of substreams referenced through either
ac4_substream i nfo_chan(), ac4_substream info_ajoc() Or ac4_substream i nfo_obj () elementsin the respective
substream group.

The total number of these substreams is given by n_If substreams. To get this helper variable, avalue of 2 needsto be
addedton_I f _substreans_ni nus2. Additional vari abl e_bi t s() are used to derive values of n_If substreams
exceeding 4.

6.3.2.5.3 b_channel _coded

This Boolean indicates whether the substreams contain channel-based audio.
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6.3.2.5.4 sus_ver

This bit indicates the substream version for bitstreams with bi t st r eam ver si on = 1. A value of 0 identifies a channel-
based audio substream using a bitstream syntax for ac4_subst r ean( ) , which is compatibl e to the syntax defined in
ETSI TS103 190-1 [1]. A vaue of 1 indicates the usage of an extended syntax for the AC-4 substream. If sus_ver is
not set, the default valueis 0.

6.3.2.5.5 b_oamd_substream

This Boolean indicates whether a substream containing object audio metadata is present.

6.3.2.5.6 b_ajoc

This Boolean indicates whether advanced joint object coding is used.
6.3.2.6 ac4_sgi_specifier - AC-4 substream group information specifier

6.3.2.6.1 group_index

The group_i ndex element, together with potential vari abl e_bi t s() , indicates the substream group index of the related
ac4_subst ream group_i nfo() element. The order of the referenced substream groups viaac4_sgi _speci fier()
elementswithin ac4_present ati on_v1_i nfo() iSgiven by table 53.

EXAMPLE: For present ati on_confi g = 4, the main substream group is indicated first, followed by the
dialogue enhancement substream group and the associated audio substream group.

6.3.2.7 ac4_substream_info_chan - AC-4 substream information for channel based
substreams
6.3.2.7.1 Introduction

Thethreefieldsb_4_channel _present, b_centre_present, andt op_channel s_present signa whether some of the
channels as signalled by channel _node are actually present in the original content (i.e. the audio signals fed to the AC-4
encoder during content creation) or not. This enables signalling and representing original content with channel
configurations that do not utilize all channels as signalled by channel _node. Channels that are not present in the
original content contain encoded silence, and the decoder may choose not to decode them.

6.3.2.7.2 channel_mode

Thisvariable length field indicates the channel mode and the variable ch_mode. The corresponding values for
present ati on_versi on =1 areshown in table 56.

NOTE: The channel mode and the value ch_mode for present ati on_versi on =0isshownin ETSI
TS 103 190-1 [1], table 88.
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Table 56: channel_mode

channel _node Channel mode ch_mode
0bo Mono 0
0b10 Stereo 1
0b1100 3.0 2
0b1101 5.0 3
0b1110 5.1 4
0b1111000 7.0:3/4/0 (L, C,R,Ls, Rs, Lb, Rb) [5
Ob1111001 7.1:3/4/0.1 (L, C, R, Ls, Rs, Lb, 6
Rb, LFE)
0b1111010 7.0:5/2/0 (L, C, R, Lw, Rw, Ls, Rs) |7
Ob1111011 7.1:5/2/0.1 (L, C, R, Lw, Rw, Ls, 8
Rs, LFE)
0b1111100 7.0:3/2/2 (L, C, R, Ls, Rs, Tfl, Tfr) |9
0Ob1111101 7.1:3/2/2.1 (L, C, R, Ls, Rs, Tfl, 10
Tfr, LFE)
0b11111100 7.0.4 11
0b11111101 7.1.4 12
0b111111100 9.0.4 13
0b111111101 9.14 14
0b111111110 22.2 15
0b111111111... |reserved 216
6.3.2.7.3 b_4 back_channels_present

When the back channels (Lb, Rb) are present in the bitstream as signalled by table 56, this fixed-length field signals
whether those channel s are present in the original content or only contain encoded silence as shown in table 57.

Table 57: b_4 back_channels_present

b_4_back_channel s_present Original content Encoded AC-4 bitstream
False Original content contains two Surr_oun_d channels of the origipal content are
surround channels: Ls, Rs carried in Ls, Rs; Lb, Rb contain silence
True Original content contains four Ls, Rs, Lb, Rb contain original content
surround channels: Ls, Rs, Lb, Rb

6.3.2.7.4 b_centre_present

When the Centre channel is present in the bitstream as signalled by table 56, this fixed-length field signals whether it
actualy is present in the original content or contains encoded silence as shown in table 58.

Table 58: b_centre_present

b_centre_present Original content Encoded AC-4 bitstream
False Original content does not contain a Centre channel [C contains silence
True Original content contains a Centre channel C contains original content
6.3.2.7.5 top_channels_present

When the top channels (Tfl, Thl, Tfr, Tbr) are present in the bitstream as signalled by table 56, this fixed-length field
signals the following information, as shown in table 59:

. whether al of those channels are present in the original content;
. whether the original content has only two top channels (Tdl, Tsr) and how they are carried; or

° or whether these channels contain encoded silence.
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Table 59: top_channels_present

top_channel s_present Original content Encoded AC-4 bitstream

0 Original content does not contain any of the  |Tfl, Tfr, Tbl, Tbr contain silence
channels Tfl, Tfr, Tbl, Tbr

Original content contains two top channels: Original content of Tsl, Tsr is carried in Tfl,

. Tsl and Tsr Tfr; Tbl, Tbr contain silence

> Original content contains two top channels: Original content of Tsl, Tsr is carried in Tbr,
Tsl and Tsr Tbl; Tfl, Tfr contain silence

3 Original content contains four top channels:  |Tfl, Tfr, Thl, Thr contain original content
THl, Tfr, Thl, Thr

6.3.2.7.6 b_audio_ndot

This Boolean indicates whether an audio substream can be decoded independently of preceding frames.

6.3.2.8 ac4_substream_info_ajoc - object type information for A-JOC coded
substreams
6.3.2.8.1 Introduction

Theac4_subst ream i nf o_aj oc element is used when objects in the substream are A-JOC coded. It contains
information about the number, types and positions of objects contained in a substream, both for core decoding and for
full decoding.

An A-JOC coded substream can contain a mixture of dynamic objects, and static objects. The latter are either
intermediate spatial format objects, or bed objects. Whenever a substream contains a mixture, the static objects precede
the dynamic objects. The number of static objects can be derived from the object position properties

(ac4_substream i nfo_obj Or bed_dyn_obj _assi gnnent ); the number of dynamic objectsis the difference to

n_obj ect s, the total number of objects in the substream. If the derived number of static objectsislarger than

n_obj ect s, behaviour is undefined.

Clause 6.3.2.10.1 provides further details about the make-up of objects in substream groups.

6.3.2.8.2 b_Ife
This Boolean indicates whether an LFE channel is present in the set of dynamic objects.

NOTE: Contrary to direct coded objects, A-JOC coded bed objects cannot contain an LFE channel (neither LFE
nor LFE2).

6.3.2.8.3 b_static_dmx

This Boolean indicates whether the A-JOC core decode signal is a static 5.0/5.1 bed.

6.3.2.8.4 n_fullband_dmx_signals_minusl

Then_ful | band_dmx_si gnal s_mi nus1 unsigned integer indicates the value n_fullband_dmx_signals of the number of
fullband signals in the core decode downmix. The value of n_fullband_dmx_signalsis determined by the following
equation:

n_fullband_dmx_signals = n_fullband_dmx_signals minusl + 1

6.3.2.8.5 b_oamd_common_data_ present

This Boolean indicates whether OAMD common data is present.
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6.3.2.8.6 n_fullband_upmix_signals_minusl

Then_ful | band_upmni x_si gnal s_ni nus1 unsigned integer indicates the value n_fullband_upmix_signals of the number
of fullband signalsin the full decode mode. The value of n_fullband_upmix_signals is determined by the following
equation:

n_fullband_upmix_signals = n_fullband_upmix_signals minusl + 1

6.3.2.8.7 bed_dyn_obj_assignment - bed and dynamic object assignment

Thebed_dyn_obj _assi gnment element is used when the objects in the substream are A-JOC coded. It contains
information about the types and positions of objects contained in a substream.

Clause 6.3.2.10.8 provides information about the interpretation of elementsin bed_dyn_obj _assi gnnent .

6.3.2.9 AC-4 substream information for object based substreams using A-JOC

Please see clause 6.3.2.10.8.

6.3.2.10 ac4_substream_info_obj - object type information for direct-coded
substreams
6.3.2.10.1 Introduction

Theac4_substream i nfo_obj element isused when objects in the substream are direct-coded. It contains information
about the number, types and positions of objects contained in a substream.

6.3.2.10.2 n_objects_code

Then_obj ect s_code codeword indicates the total number of objects (both dynamic and static) in the substream as per
table 60.

Table 60: n_objects_code

n_objects_code n_objects (Number of objects)
b_Ife

1+b Ife

2+b_Ife

3+b Ife

5+b I fe

.7 reserved

HNENEE

6.3.2.10.3 b_dynamic_objects and b_dyn_objects_only

These Booleans indicate whether the substream contains only dynamic objects.

6.3.2.10.4 b_lfe

This Boolean indicates whether an LFE channel is present. In this case, an LFE channel is part of the set of dynamic
objects. Otherwise, the presence of an LFE in the set of static objects can be signalled by bed_chan_assi gn_code,
nonst d_bed_channel _assi gnnent _fl ag[], OF st d_bed_channel _assi gnment _fl ag[] .

6.3.2.10.5 b_bed_objects

This Boolean indicates whether the substream contains bed objects.

6.3.2.10.6 b_bed_start

Beds and bed information can be split across several direct coded substreams.
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This Boolean indicates whether the bed in this substream is independent. In this case, the bed and bed information
contained in this substream are not an extension of previously transmitted information. Otherwise, they extend the bed
transmitted in a previous substream.

NOTE: If the bed contains only one LFE channel, it will always be part of the first substream. If two LFE
channels exist in the same bed, they are always split across two substreams, and the first substream
contains L FE while the second substream contains LFE2.

6.3.2.10.7 b _isf start
intermediate spatial format objects and | SF information can be distributed across several substreams.

This Boolean indicates whether the intermediate spatial format objects are independent. In this case, the intermediate
spatial format objects and information contained in this substream are not an extension of the | SF objects and
information transmitted in a previous substream. Otherwise, they extend previoudy transmitted information.

6.3.2.10.8 Interpreting object position properties

6.3.2.10.8.1 ISF object position signalling

The substream consists of intermediate spatial format objects when theb_i sf flag is set to true, and thei sf _config
field indicates the intermediate spatial format of the objects in the substream group.

Thei sf_confi g field shall be interpreted according to table 61. The intermediate spatial format objects are ordered as
presented in the table.

Table 61: isf_config

isf_config Objects present in the ISF (in M.U.L.Z layer order) Object configuration Number of
description objects

0b000 M1 M2 M3 Ul SR3.1.0.0 4

0b001 M1 M2 M3 M4 M5 Ul U2 U3 SR5.3.0.0 8

0b010 M1 M2 M3 M4 M5 M6 M7 U1 U2 U3 SR7.3.0.0 10

0b011 M1 M2 M3 M4 M5 M6 M7 M8 M9 U1 U2 U3 U4 U5 SR9.5.0.0 14

0b100 M1 M2 M3 M4 M5 M6 M7 U1 U2 U3 U4 U5L1L2L3 SR7.5.3.0 15

0b101 M1 M2 M3 M4 M5 M6 M7 M8 M9 M10 M11 M12 M13 M14 SR15.9.5.1 30

M15U1 U2 U3 U4U5U6 U7UBU9L1L2L3L4L5Z1

6.3.2.10.8.2 Speaker anchored (bed) object position signalling

If neither the Boolean b_dyn_obj ect s_onl y nor the Boolean b_i sf istrue, the substream consists of bed objects (that
is, it constitutes a bed).

NOTE 1: Inan A-JOC coded substream, the object type and object position are signalled independently for the core
decoding mode and the full decoding mode in bed_dyn_obj _assi gnnent ; in a substream that is not
advanced joint object coding (A-JOC) coded, they are signalled in ac4_subst ream i nf o_obj .

NOTE 2: Contrary to direct coded objects, A-JOC coded bed objects cannot contain an LFE. Any occurrence of
LFE in the bed signalling is ignored. Instead, specify an LFE as part of the dynamic objects by setting the
b_I feflaginac4_substream info_aj oc totrue.

Consecutive objects in the substream are assigned to speakersin the order that the speaker labels appear in the tables of
the present clause.

EXAMPLE 1. If the substream contains a bed object destined for the Left channel and one object destined for the
Right channel, then they appear in this order in the substream always.

NOTE 3: The number of objectsin the substream and the number of bed assignments can be different. If the
numbers are different, the behaviour is undefined.

There are several ways in which the location of the objects (that is, the configuration of the bed) can be signalled.
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Signalling by channel assignment code
bed_chan_assi gn_code determines the speaker configuration that the objects are assigned to, as
specified in table 62 and table 63.

Table 62: bed_chan_assign_code for direct coded objects

bed_chan_assign_code Speakers Channel configuration Number of
description channels

0 L, R 2.0.0 2

1 L,R,C 3.0.0 3

2 L,R,C,LFE, Ls, Rs 5.1.0 6

3 L, R, C, LFE, Ls, Rs, Tsl, Tsr 5.1.2 8

4 L, R, C, LFE, Ls, Rs, Tfl, Tfr, Thl, Tbr 5.1.4 10

5 L,R,C,LFE, Ls, Rs, Lb, Rb 7.1.0 8

6 L, R, C, LFE, Ls, Rs, Lb, Rb, Tsl, Tsr 7.1.2 10

7 L, R, C, LFE, Ls, Rs, Lb, Rb, Tfl, Tfr, Thl, Tbr |7.1.4 12

Table 63: bed_chan_assign_code for A-JOC coded substream
bed_chan_assign_code Speakers Channel configuration Number of
description channels

0 L,R 2.0.0 2
1 L,R,C 3.0.0 3
2 L,R,C,Ls, Rs 5.0.0 5
3 L, R, C, Ls, Rs, Tsl, Tsr 5.0.2 7
4 L, R, C, Ls, Rs, Til, Tfr, Thl, Tbr 5.0.4 9
5 L,R,C,Ls,Rs, Lb,Rb 7.0.0 7
6 L,R, C, Ls,Rs, Lb, Rb, Tsl, Tsr 7.0.2 9
7 L, R, C,Ls, Rs, Lb, Rb, Tfl, Tfr, Thl, Thr 7.0.4 11

Signalling by channel assignment flags
The Boolean b_nonst d_bed_channel _assi gnment _f | ags_pr esent indicates whether a non-
standard or standard bed channel assignment is present.
Inthiscase, anonst d_bed_channel _assi gnment _fl ag[] array is present. The Boolean elements
of nonst d_bed_channel _assi gnment _f | ag[] indicate an assignment of a speaker configuration to
an object as per table 64.
Otherwise, ast d_bed_channel _assi gnnent _f | ag[] array is present. The Boolean elements of
st d_bed_channel _assi gnnent _f 1 ag[] indicate an assignment of a speaker configuration to one
or two objects as per table 65.
Array positions, starting at zero, are used asindex into the table. The assignment proceeds by
channel order, asindicated in the table, to the bed objects from first to last object.
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Table 64: nonstd_bed_channel_assignment_flag(]

Array position [Channel order Channel
16 0 L

15 1 R

14 2 C

13 3 LFE (see note)
12 4 Ls

11 5 Rs

10 6 Lb

9 7 Rb

8 8 Tfl

7 9 Tir

6 10 Tsl

5 11 Tsr

4 12 Thl

3 13 Thr

2 14 Lw

1 15 Rw

0 16 LFE2 (see note)
NOTE:  not applicable for A-JOC coded bed objects.

NOTE 4: Table 65 can assign two objects at the same time. In that case, the Channel entry denotes first/second
channel, separated with a dash (/).

Table 65: std_bed_channel_assignment_flag[]

Array position [Channel order Channel Number of channels
L/R 2
C 1
LFE (see note) 1
Ls/Rs 2
Lb/Rb 2
THl/Tfr 2
2
2
2
1

Tsl/Tsr
Thl/Tbr
Lw/Rw
LFE2 (see note)
OTE:  not applicable for A-JOC coded bed objects.

OO (N |_|WIN[IF|O
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Signalling by individual channel assignment
In an A-JOC coded substream, the channels can be indicated by alist of integer values.
The Boolean b_channel _assi gnnent _f | ags_pr esent indicates whether channels are indicated by
flags or alist of integers.
If this case, channels are indicated by flags as per Signalling by channel assignment flags above
(seetable 64 and table 65).
Otherwise, alist of nonst d_bed_channel _assi gnnent integersindicate individual assignments, as
per table 66.
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Table 66: nonstd_bed_channel_assignment

nonstd bed channel_assignment Channel

0 L

1 R

2 C

3 reserved (see note)
4 Ls

5 Rs

6 Lb

7 Rb

8 THl

9 Tfr

10 Tsl

11 Tsr

12 Thl

13 Thr

14 Lw

15 Rw

NOTE: LFE not applicable for A-JOC coded bed objects.

EXAMPLE 2:  Inasubstream that is not A-JOC coded, A 5.1 channel configuration could be signalled as either
bed_chan_assi gn_code=2, Or aSst d_bed_channel _assi gnnent _f | ag[]=(0,0,0,0,0,0,1,1,1,1), or
asnonst d_bed_channel _assi gnment _f | ag[ ] =(0,0,0,0,0,0,0,0,0,0,0,1,1,1,1,1,1).

EXAMPLE 3: Inan A-JOC coded substream, A 5.1 channel configuration could be signalled as either
bed_chan_assi gn_code=2, or by sending nonst d_bed_channel _assi gnnent valuesof 0,1,2,4,5,
or asstd_bed_channel _assi gnnent _f | ag[ ] =(0,0,0,0,0,0,1,0,1,1), or as
nonst d_bed_channel _assi gnment _f | ag[ ] =(0,0,0,0,0,0,0,0,0,0,0,1,1,0,1,1,1); in addition to
setting the b_| f e flag to true.

6.3.2.10.9 res_bytes

This element specifiesthe size of ther eser ved_dat a element in bytes.

6.3.2.10.10 reserved_data

Thereserved_dat a element holds additional data and is reserved for future use.

6.3.2.11 ac4_presentation_substream_info - presentation substream information

6.3.2.11.1 b_alternative

This Boolean indicates whether an alternative presentation is present.

6.3.2.11.2 b_pres_ndot

This Boolean indicates whether a presentation substream can be decoded independently from preceding frames.

6.3.2.12 oamd_substream_info - object audio metadata substream information

6.3.2.12.1 b_oamd_ndot

This Boolean indicates whether an OAMD substream can be decoded independently from preceding frames.
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6.3.3 AC-4 substreams

6.3.3.1 ac4_presentation_substream - AC-4 presentation substream

6.3.3.1.1 b_name_present

This Boolean indicates whether a presentation name is present.

6.3.3.1.2 b_length

This Boolean indicates whether the length of the presentation name is transmitted as nane_| en. Otherwise, the length of
the present ati on_nane field is 32 bytes.

6.3.3.1.3 name_len

The nane_| en element indicates the length of the presentation name element in bytes.

6.3.3.1.4 presentation_name

Thepresent ati on_name element indicates the name of the presentation as a string using UTF-8 coding
(ISO/IEC 10646 [2]).

The decoder shall read an array byte with narme_I en elements out of present at i on_nane, where each element has the
length of one byte. If byte[nane_I en-1] = 0, the name of the presentation is given by byte[0] to byte[nanme_| en-2];
otherwise, the name of the presentation is serialized into multiple chunks, each transmitted in one codec frame. If
byte[narme_I en-2] = 0, the currently received chunk isthe last chunk of the serialized name of the presentation. Out of
thislast chunk the decoder shall read the total number of chunks from byte[name_I en-1] (as unsigned integer). The
decoder shall store the received chunks until the total number of chunksis received and the full name of the
presentation can be accumul ated.

6.3.3.1.5 n_targets_minusl

Then_target s_ni nus1 element indicates the number of presentation targets minus 1. To get the number of presentation
targets, n_targets, avaue of 1 needsto be added to n_t ar get s_ni nus1. Theresult of additional vari abl e_bits is
added to n_targets, if n_targets= 4.

6.3.3.1.6 target_level
Thetarget _I| evel element indicates the decoder compatibility for atarget.

NOTE: Itissimilar tothend_conpat element that indicates the decoder compatibility for a presentation. See
table 55 for more information.

6.3.3.1.7 target_device_category][]

Thetar get _devi ce_cat egory[] iSan array of Booleans as shown in table 67.

Table 67: target_device_category[]

target_device_category array index Semantics if the Boolean is true

0 Target device category contains stereo speakers (1D)
1 Target device category contains 5.1 speakers (2D)

2 Target device category contains height speakers (3D)
3 Target device category contains portable speakers

6.3.3.1.8 tdc_extension

Thet dc_ext ensi on element is used as an extension of thet ar get _devi ce_cat egory element. See table 67.
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6.3.3.1.9 b_ducking_depth_present

This Boolean indicates whether amax_ducki ng_dept h element is present.
6.3.3.1.10 max_ducking_depth
The max_ducki ng_dept h element indicates the maximum ducking depth according to table 68.

Table 68: max_ducking_depth

max_ducking_depth Maximum ducking depth [dB]
0...62 -1 x max_ducking_depth
63 -

6.3.3.1.11 b_loud_corr_target

This Boolean indicates whether al oud_corr _t arget element is present.

6.3.3.1.12 loud_corr_target

Thel oud_corr _t arget element indicates aloudness correction factor for a presentation target. For values of
I oud_corr_target in[0; 30], this element determines atarget_corr_gain value as:

target_corr_gain = (15—loud _corr_target)/2[dB,]

If the value of | oud_corr _target is 31, thiselement indicatesaloud_corr_gain value of 0 dB..

6.3.3.1.13 n_substreams_in_presentation

This helper variable indicates the number of audio substreams (including dialogue enhancement substreams) in a
presentation. The order of the substreams is defined by the order of appearance in ac4_subst r eam group_i nf o() (inner
loop) and appearance of ac4_sgi _specifier() inac4_presentation_vl_info() (outer loop).

6.3.3.1.14 b_active

This Boolean indicates whether the substream susis active for target t.

6.3.3.1.15 alt_data_set_index

Theal t _dat a_set _i ndex element, together with a possible extension viavari abl e_bi t s(), indicates which of the
aternative object audio metadata sets in the loop over n_al t _dat a_set s inoand_dyndat a_si ngl e() isused for the
objectsin the substream. A value of 0 indicates that no alternative data set is used and a value greater than O indicates
that the alternative data set with index s=al t _data_set i ndex - 1 isused.

6.3.3.1.16 b_additional_data

This Boolean indicates whether additional datais present.

6.3.3.1.17 add_data_bytes_minusl

The add_dat a_byt es_ni nus1 element indicates the number of additional data bytes minus 1. To get the number of
additional data bytes, add_data_bytes, avalue of 1 needsto be added to add_dat a_byt es_ni nus1. The result of
additional vari abl e_bi ts() isadded to add data bytesif add data bytes= 16.

6.3.3.1.17a immersive_audio_indicator

This Boolean indicates whether this presentation contains immersive audio. This indicator has no effect on decoding
and is purely informative.
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6.3.3.1.17b b_oamd_common_timing

This Boolean indicates whether all OAMD substreams over all substream groups of this presentation are based on a
common OAMD timing. This alows for simplified merging of substreams.

6.3.3.1.17c b_advanced_de_data_present

This Boolean indicates whether advanced dial ogue enhancement metadata is present in an advanced_de_dat a €lement.

6.3.3.1.17d advanced_de_compr_tc_attack

This unsigned integer indicates the attack time constant of the compressor. The attack time, in milliseconds, is
determined by the following equation:

attack time constant = advanced _de_compr_tc_attack * 5ms

The attack time ranges from 0 to 315 ms, with a5 ms quantization step.

6.3.3.1.17e advanced_de_compr_tc_release

This unsigned integer indicates the release time constant of the compressor. The release time, in milliseconds, is
determined by the following equation:

release time constant = advanced _de_compr_tc release * 20ms

The release time ranges from 0 to 1 260 ms, with a 20 ms quantization step.

6.3.3.1.17f advanced_de_compr_ratio
This unsigned integer indicates the compressor ratio. The ratio is determined by the following equation:

compressor ratio = (advanced _de _compr_ratio+1)/16

6.3.3.1.17¢g advanced_de_compr_thresh

Thisinteger indicates a compressor threshold relatively to the dialogue level. The absolute threshold T, in dB, is
determined by the following equation:

T = D + advanced_de_compr_thresh
The dialog level D is determined by the following equation:
D = dianorm — rtll_comp

advanced_de_conpr _t hr esh ranges from -32 to 31.

6.3.3.1.17h advanced_de_compr_gain

This unsigned integer indicates the compressor gain value, in dB. The gain ranges from 0 dB to 31 dB.

6.3.3.1.18 add_data

The add_dat a element holds additional dataand is reserved for future use.

6.3.3.1.19 drc_metadata_size value
Thisvalue indicates the DRC metadata size, i.e. the size of thedrc_franme() element, in bits.

NOTE: If b_nore_bits istrue, the DRC metadata size isincreased by vari abl e_bi ts
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6.3.3.1.20 b_more_bits

This Boolean indicates whether additional vari abl e_bi t s are used to determine the DRC metadata size.

6.3.3.1.21 drc_frame

Thedrc_frame element is present as specified in ETSI TS 103 190-1 [1], clause 4.2.14.5. The possible values for
nr_drc_channels specified in ETSI TS 103 190-1 [1], clause 4.3.13.7.1 shall be extended by the values shown in
table 69 for the immersive and 22.2 channel configurations.

Table 69: nr_drc_channels for higher channel modes

Channel nr_drc_channels Group 1 Group 2 Group 3 Group 4
configuration
7.X.4 (3/414) 4 L, R, [LFE] C Ls, Rs, Lb, Rb Til, Tfr, Thl, Tbr
9.X.4 (5/4/4) 4 L, R, [LFE], Lscr, Rscr |C Ls, Rs, Lb, Rb Tfl, Tfr, Thl, Tbr
22.2 4 L, R, [ LFE, LFE2], C Ls, Rs, Lb, Rb, THl, Tfr, Thl, Tbr, Tsl,
Lw, Rw Bfl, Bfr, Bfc, Cb Tsr, Tfc, Tbc, Tc

The sguare brackets in table 69 indicate that the LFE channel(s) are part of the group, in case they are present in the
used channel configuration.

6.3.3.1.22 b_substream_group_gains_present

This Boolean indicates whether gain values for the substream groups are present.

6.3.3.1.23 b_keep

This Boolean indicates whether substream group gains used in the previous AC-4 frame should be used. Otherwise, new
substream group gains are present in the bitstream. Until the first reception of an AC-4 frame where b_keep isfalse, a
value of 0 dB shall be used as substream group gain.

6.3.3.1.24 Sg_gain

The sg_gai n element indicates the substream group gain for the substream group sg according to table 70. The
substream group gain is applied to all substreams in the substream group sg.

Table 70: sg_gain

sg_gain [ Substream group gain [dB]
0...62 -0,25 x sg_gain
63 -0

6.3.3.1.25 b_associated

This flag indicates whether associated audio mixing metadata is present.

6.3.3.1.26 b_associate_is_mono

This Boolean indicates whether the associated audio substream is a mono stream.

6.3.3.1.27 pres_ch_mode

This helper variable indicates the (virtual) channel mode of the presentation. pres_ch_mode can be derived from
ac4_t oc() information as indicated by the pseudocode in pseudocode 25.

Pseudocode 25: Determining pres_ch_mode

pres_ch_node = -1;
b_obj _or_ajoc = 0;
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for (sg = 0; sg < n_substream groups; sg++) {
for (s = 0; s < n_substreans[sg]; s++) {
if ("substreams is of type ac4_substrean()") {
if (b_channel _coded) {
pres_ch_node = superset(pres_ch_node, ch_node);

el se {
b_obj or_ajoc = 1;
}
}
}

}

if (b_obj_or_ajoc) {
pres_ch_node = -1;

}

The superset() function takes two ch_mode values and returns one ch_mode value. The returned ch_mode value
indicates the lowest possible ch_mode which includes all channels present in the two provided ch_mode values. If one
input ch_mode valueis-1, the other input ch_mode valueis returned. The result of superset(0,1) shall be 1.

EXAMPLE: If the two input ch_mode values are 4 and 11, indicating the channel modes 5.1 and 7.0.4 (see
table 56), superset() will return avalue of 12, indicating the channel mode 7.1.4.

6.3.3.1.28 pres_ch_mode_core
This helper variable indicates the (virtual) core channel mode of the presentation.

The core channel mode of a substream is derived from substream properties asindicated in table 71.

Table 71: ch_mode_core

Substream properties Core channel mode [ch_mode_core
In ac4_substream_group_info: b_channel_coded is false and b_ajoc is
true, 5.0 3
in ac4_substream_info_ajoc: b_static_dmx is true and b_lfe is false
In ac4_substream_group_info: b_channel_coded is false and b_ajoc is

true, 51 4
in ac4 substream_info_ajoc: b_static_dmx is true and b_Ife is true

In ac4_substream_group_info: b_channel_coded is true, 5.0.2 core 5
in ac4_substream_info_chan: ch_mode in [11,13] o

In ac4_substream_group_info: b_channel_coded is true, 5.1.2 core 6
in ac4_substream_info_chan: ch_mode in [12,14] T

All other cases N/A -1
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To get the core channel mode of a presentation, the substream core channel modes from all substreams belonging to the
presentation are evaluated. The pseudocode in pseudocode 26 describes the determination of pres_ ch_mode_core,
which shall be done after the determination of pres_ch_mode.

Pseudocode 26: Determining pres_ch_mode_core

pres_ch_node_core = -1;
b_obj _or_aj oc_adaptive = 0;
for (sg = 0; sg < n_substream groups; sg++) {
for (s = 0; s < n_substreans[sg]; s++) {
if ("substreams is of type ac4_substrean()") {
if (b_channel _coded) {
pres_ch_node_core = superset(pres_ch_node_core, ch_npde_core);

el se {
if (b_ajoc) {
if (b_static_dnx) {
pres_ch_node_core = superset(pres_ch_node_core, ch_nbde_core);

el se {
b_obj _or_ajoc_adaptive = 1;
}

el se {
b_obj _or_ajoc_adaptive = 1;
}
}
}
}

if (b_obj_or_ajoc_adaptive) {
pres_ch_node_core = -1;

}

if (pres_ch_node_core == pres_ch_node) {
pres_ch_node_core = -1;

}

The superset() function takes two ch_mode_core values and returns one ch_mode_core value. The returned
ch_mode_core value indicates the lowest possible ch_mode_core which includes al channels present in the two
provided ch_mode_core values. If oneinput ch_mode _corevalueis-1, the other input ch_mode_core value is returned.
The result of superset(0,1) shall be 1.

6.3.3.1.29 b_pres_4 back_channels_present

This helper flag isalogica disjunction of al b_4_back_channel s_present flags of all substreamsin the presentation
that carry that flag.

6.3.3.1.29a b_pres_centre_present

This helper flag isalogical disunction of al b_centre_present flags of all substreamsin the presentation that carry
that flag.

6.3.3.1.30 pres_top_channel_pairs
This helper variable shall beinitialized according to table 72.

Table 72: pres_top_channel_pairs

pres_top_channel_pairs Condition

0 t op_channel s_present is O for all substreams in the presentation that carry that flag

1 At least one substream in the presentation that carries t op_channel s_pr esent has this
onesettolor?2

2 At least one substream in the presentation that carries t op_channel s_pr esent has this
one setto 3
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6.3.3.1.31 b_pres_has_Ife

This Boolean indicates whether an LFE is present in the presentation. In this case, at least one substream in the
presentation contains an LFE. Otherwise, no substream contains an LFE.

If pres_ch_mode > 0, the presence of an LFE is determined by the function channel _node_cont ai ns_Lfe() . If
pres_ch_node = -1, the presence of an LFE is determined by the condition that pres_ch_node_core =4 or
pres_ch_node_core = 6.

6.3.3.2 oamd_substream

6.3.3.2.1 Introduction

The oand_subst r eamelement is referenced in the substream group. The same oand_subst r eamelement can be
referenced by several substream groups.

6.3.3.2.2 b_oamd_common_data_present

This Boolean indicates whether oand_common_dat a is present in the corresponding oamd_subst r eam

6.3.3.2.3 b_oamd_timing_present

This Boolean indicates whether oand_t i mi ng_dat a is present in the corresponding oanmd_subst r eam

6.3.4 Audio data

6.34.1 b_some_signals_inactive

This Boolean indicates whether some of the signals present in var _channel _el enent contain coded silence asindicated
by dmx_acti ve_si gnal s_nask.

6.3.4.2 dmx_active_signals_mask{]

The array of flagsdmx_act i ve_si gnal s_mask indicates which of the signalsin var _channel _el ement contain coded
silence. Each flag corresponds to asignal inthevar _channel _el ement , according to the order in which the signals are
transmitted. If the flag is set to false, the signal contains coded silence.

6.3.4.3 b_dmx_timing

This Boolean indicates whether an individual OAMD timing data instance is present for core decoding mode.

6.3.4.4 b_oamd_extension_present
This Boolean indicates whether OAMD extension data is present.

NOTE: OAMD extension datais reserved for future use.

6.3.4.5 skip_data

Theski p_dat a element holds additional dataand is reserved for future use.

6.3.4.6 b_umx_timing

This Boolean indicates whether an individual OAMD timing data instance is present for full decoding mode.
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6.3.4.7 b_derive_timing_from_dmx

This Boolean indicates whether the OAMD timing data instance that is present for core decoding mode is aso valid for
full decoding mode.

6.3.5 Channel elements

6.3.5.1 immersive_codec_mode_code

For parsing i mrer si ve_codec_node_code, one bit shall be read first. If thisbit is 0, another two bits shall be read. The
bit code indicates the immersive_codec_mode for thei ner si ve_channel _el enent as shown intable 73.

Table 73: Immersive codec mode

immersive_codec_mode_code |immersive_codec_mode Description
value descriptor

0b000 0 SCPL SMP + S-CPL

0b001 1 ASPX SCPL SMP + A-SPX + S-CPL

0b010 2 ASPX ACPL 1 SMP + A-SPX + A-CPL mode 1

0b011 3 ASPX ACPL 2 SMP + A-SPX + A-CPL mode 2

Obl 4 ASPX AJCC SMP + A-SPX + A-JCC
6.3.5.2 core_channel_config

This helper variable indicates the core channel configuration that is used in the bitstream syntax of the
i mer si ve_channel _el enent and can be derived from the immersive_codec_mode as shown in table 74.

Table 74: Core channel configuration

immersive_codec_mode | core_channel_config |Core channel configuration
SCPL 7CH_STATIC 5.X.2
ASPX_SCPL 7CH_STATIC 5.X.2
ASPX_ACPL_1 7CH_STATIC 5.X.2
ASPX_ACPL_2 7CH_STATIC 5.X.2
ASPX_AJCC 5CH_DYNAMIC 5.X.0
6.3.5.3 core_5ch_grouping

The core_5ch_gr oupi ng indicates the core channel data element grouping as shown in table 75.

Table 75: Core channel data element grouping

core_5ch_grouping |Core channel data element grouping
0 1+2+2
1 3+2
2 1+4
3 5
6.3.5.4 22 2 codec_mode

This bit indicates the 22.2 codec mode as shown in table 76.

Table 76: 22.2 codec mode

22 2 codec_mode | Meaning
0 Simple
1 A-SPX
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6.3.5.5 var_codec_mode

This bit indicates the codec mode of the var _channel _el enent () asshown intable 77.

Table 77: var codec mode

var_codec_mode | Meaning
0 Simple
1 A-SPX

6.3.5.6 var_coding_config

This bit indicates the coding configuration of the var _channel _el ement () .

6.3.6 Advanced Joint Object Coding (A-JOC)

6.3.6.1 ajoc

6.3.6.1.1 ajoc_num_decorr

This element indicates the number of decorrelators to be used for the A-JOC reconstruction.
6.3.6.2 ajoc_config

6.3.6.2.1 ajoc_decorr_enable[d]

Thisflag indicates whether the decorrelator with index d is enabled.

6.3.6.2.2 ajoc_object_present[o]

This flag indicates whether the reconstructed object with index o is present.

6.3.6.2.3 ajoc_num_bands_code[o0]

This element indicates the number of parameter bands, ajoc_num_bands, for the reconstructed object with index o
according to table 78.

Table 78: ajoc_num_bands_code

ajoc_num_bands_code | ajoc_num_bands
0 23

1 15

2 12

3 9

4 7

5 5

6 3

7 1

6.3.6.2.4 ajoc_quant_select

This element indicates the quantization mode for the reconstructed object with index o according to table 79.
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Table 79: ajoc_quant_select

ajoc_quant_select | Meaning

0 Fine
1 Coarse
6.3.6.2.5 ajoc_sparse_select

This element indicates the reconstruction mode for the reconstructed object with index o according to table 80.

Table 80: ajoc_sparse_select

ajoc_sparse_select Meaning

0 Upmix from all inputs; all upmix matrices are transmitted

1 Upmix from some inputs; not all upmix matrices are transmitted
6.3.6.2.6 ajoc_mix_mtx_dry_present[o][ch]

This Boolean indicates whether the dry matrix element is present. In this case, nmi x_nt x_dry istransmitted in the
bitstream. Otherwise, the matrix element shall be set to a default value of 0,0.

NOTE: If the element is not transmitted, then input ch is not mixed into the reconstruction of output o.

6.3.6.2.7 ajoc_mix_mtx_wet_present[o][d]

This Boolean indicates whether the wet matrix element is present. In this case, mi x_nt x_wet istransmitted in the
bitstream. Otherwise, the matrix element shall be set to a default value of 0,0.

NOTE: If the element is not transmitted, then decorrelator output de is not mixed into the reconstruction of output
0.

6.3.6.3 ajoc_data

6.3.6.3.1 ajoc_b_nodt

This element indicates whether time-differential coding is alowed in the current A-JOC frame. Time-differential coding
isonly allowed if aj oc_b_nodt = 0.

6.3.6.4 ajoc_data_point_info

6.3.6.4.1 ajoc_num_dpoints

This element indicates the number of A-JOC data points.

6.3.6.4.2 ajoc_start_pos

This element indicates the first QMF time dot that isincluded in the interpolation of a reconstruction matrix element.

6.3.6.4.3 ajoc_ramp_len_minusl

This element indicates the length of the interpolation ramp ajoc_ramp_len = aj oc_ranp_l en_ni nus1 + 1in QMF time
slots.
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6.3.6.5 ajoc_huff_data

6.3.6.5.1 diff_type

This value indicates the type of differential coding according to table 81.

Table 81: diff_type

diff_type Description
0 Frequency differential coding
1 Time differential coding

6.3.6.5.2 ajoc_hcw

The aj oc_hcw element is a Huffman coded code word for the A-JOC data. The pseudocode in pseudocode 27 shows
how to determine the correct Huffman table for decoding of the Huffman code words.

Pseudocode 27: get_ajoc_hch()

get _aj oc_hch(data_type, quant_node, hcb_type)
{

/] data_type = {DRY, \WET}

/1 quant _node = {COARSE, FI NE}

/'l hcb_type = {FO, DF, DT}

aj oc_hcb = AJOC HCB <dat a_type> <quant _node>_ <hcb_type>;
/1 the line above expands using the inputs data_type, quant_node and hcb_type

return aj oc_hch;

NOTE: These 12 Huffman code books are given in clause A.1.1 and are named according to the schema outlined
above.

6.3.6.6 ajoc_dmx_de_data

6.3.6.6.1 b_dmx_de_cfg

This Boolean indicates whether a dial ogue enhancement configuration is present. b_keep_dnx_de_coef f s shall be
ignored by the decoder if b_dmx_de_cf g istrue.

6.3.6.6.2 b_keep_dmx_de_coeffs

This Boolean indicates whether the dialogue downmix coefficients are independent. In this case, the coefficients used in
the previous AC-4 frame are to be reused in the current frame. Otherwise, new coefficients are present in the bitstream.

b_keep_dmx_de_coef f s shall be ignored by the decoder if the current codec frameisan I-frameor b_dnx_de_cfg is
true.

6.3.6.6.3 de_main_dig_flag

Thede_main_dl g_fl ag[] elementisan array of flags indicating which objects represent the main dialogue that should
be boosted when dialogue enhancement is enabled. A flag set to 1 indicates an object where the dial ogue enhancement
is enabled. The function dlg_obj(), as specified in pseudocode 28, shows how to derive the helper elements
num_dlg_obj and dig_idx[] from the de_mai n_dl g_f I ag[] element. The variable num_dlg_obj indicates the number of
main dialogue objects, and the array dig_idx[] gives a mapping from dialogue object indices to upmix object indices.

Pseudocode 28: dlg_obj()

dl g_obj ()

num dl g_obj = 0;
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for (obj = 0; obj < num.unx_signals; obj++)
if (de_main_dlg_flag[obj])

dl g_i dx[ numdl g_obj] = obj;
num dl g_obj ++;
}
}
return (numdl g_obj, dlg_idx);
}

6.3.6.6.4 de_dlg_dmx_coeff_idx

Thede_dl g_dmx_coef f _i dx elements contain quantized downmix coefficients for the main dialogue objects. The
conversion into de_dlg_dmx_coeff values shall be done according to table 82.

Table 82: de_dlg_dmx_coeff

de_dl g_dmx_coeff _i dx de dlg dmx_coeff

0b0 0
0b10000 1/15
0b10001 2/15
0b10010 3/15
0b10011 4/15
0b10100 5/15
0b10101 6/15
0b10110 7/15
0b10111 8/15
0b11000 9/15
0b11001 10/15
0b11010 11/15
0b11011 12/15
0b11100 13/15
0b11101 14/15
0b1111 1

6.3.6.7 ajoc_bed_info

6.3.6.7.1 b_obj_without_bed_info_present

Theb_obj _wi t hout _bed_i nfo_present flag indicates whether objects without corresponding bed render information
are present in the AJOC substream.

6.3.6.7.2 num_obj_with_bed_render_info

The num obj _wi t h_bed_r ender _i nf o unsigned integer determines the number of objects with corresponding bed
render information in the AJOC substream.

NOTE: The bed objects are the first transmitted objects.

6.3.7  Advanced Joint Channel Coding (A-JCC)

6.3.7.1 ajcc_data

6.3.7.1.1 b_no_dt

This Boolean indicates whether the present parameters are delta-frequency or delta-time coded. In this case, all
parameters are delta-frequency coded. Otherwise, present parameters are delta-frequency or delta-time coded.
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6.3.7.1.2 ajcc_num_param_bands_id

Theaj cc_num par am bands_i d element is an index to table 83 that indicates the number of parameter bands.

Table 83: ajcc_num_bands_table

ajcc_num_param_bands_id [ ajcc_num_bands_table[ajcc_nhum_param_bands_id]
0 15
1 12
2 9
3 7
6.3.7.1.3 ajcc_core_mode

Theaj cc_cor e_nmode element indicates the channel configuration of the advanced joint channel coded core, as shown in
table 84.

Table 84: ajcc_core_mode

ajcc_core_mode |Present channels
0 L,R,C,Ls, Rs
1 L, R, C, Tfl, Tfr

NOTE: ajcc_core_node isonly present if b_5frontsis false.

6.3.7.1.4 ajcc_gm_f

Theaj cc_gm f element indicates the quantization mode for the parameters that are related to the front channels, as
shown in table 85.

Table 85: ajcc_gm_f

ajcc_qm_f Description
0 Fine quantization
1 Coarse quantization

6.3.7.1.5 ajcc_gm_b

The aj cc_gm b indicates the quantization mode for the parameters that are related to the back channels, as shown in
table 86.

Table 86: ajcc_gm_b

ajcc_gm_b Description
0 Fine quantization
1 Coarse guantization

6.3.7.1.6 ajcc_gm_ab

The aj cc_gm ab indicates the quantization mode for the alpha and beta parameter, as shown in table 87.

Table 87: ajcc_gm_ab

ajcc_gm_ab Description
0 Fine quantization
1 Coarse quantization
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6.3.7.1.7 ajcc_gm_dw

The aj cc_gm dw indicates the quantization mode for the dry and wet parameter, as shown in table 88.

Table 88: ajcc_gm_dw

ajcc_qgm_dw Description

0 Fine quantization

1 Coarse guantization
6.3.7.2 ajcc_framing_data
6.3.7.2.1 ajcc_interpolation_type

This value indicates the type of interpolation used as shown in table 89.

Table 89: ajcc_interpolation_type

ajcc_interpolation_type Meaning

0 Smooth A-JCC interpolation

1 Steep A-JCC interpolation
6.3.7.2.2 ajcc_num_param_sets_code

The aj cc_num par am set s_code element indicates the value of ajcc_num_param_sets as shown in table 90. The
ajcc_num_param_sets variable indicates how many A-JCC parameter sets per frame are transmitted in the bitstream.

Table 90: ajcc_num_param_sets

ajcc_num_param_sets_code |ajcc_num_param_sets

0 1
1 2
6.3.7.2.3 ajcc_param_timeslot

When steep interpolation is used, this value indicates the QMF time slot (0 - 31) at which the A-JCC parameter set
values change.

6.3.7.3 ajcc_huff_data

6.3.7.3.1 diff_type

This bitstream element has been described in clause 6.3.6.5.1.

6.3.7.3.2 ajcc_hcw

The aj cc_hcwelement is a Huffman coded code word for the A-JCC data. The pseudocode in pseudocode 29 describes
how to determine the correct Huffman code book for decoding the Huffman code words.

Pseudocode 29: get_ajcc_hch()

get _aj cc_hcb(data_type, quant_node, hcb_type)

/'l data_type = {ALPHA, BETA, DRY, WET}
/1 quant _node = {COARSE, FI NE}
/'l hcb_type = {FO, DF, DT}
if (data_type == ALPHA || data_type == BETA) {
aj cc_hcb = ACPL_HCB <data_t ype>_<quant _node>_<hcbh_type>; // (Note 1)
/1 the line above expands using the inputs data_type, quant_node and hcb_type
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el se {

aj cc_hcb = AJCC HCB <data_t ype>_<quant _node>_<hcbh_type>; // (Note 2)
}
return ajcc_hcb;

}

NOTE 1: These 12 Huffman code books are givenin ETSI TS 103 190-1 [1], Annex A.3 and are named according
to the schema outlined above.

NOTE 2: These 12 Huffman code books are given in clause A.1.2.

6.3.8 Metadata

6.3.8.1 basic_metadata - basic metadata

6.3.8.1.1 b_substream_loudness_info

This Boolean indicates whether substream loudness information is present.

6.3.8.1.2 substream_loudness_bits
The subst ream | oudness_bi t s element specifies the substream loudness in dBgs, in steps of 1/4 dBks:

substream_|oudness = —substream_loudness _bits/4[dBgg]

6.3.8.1.3 b_further_substream_loudness_info

This Boolean indicates whether additional substream loudness information is present inthef urt her _I oudness_i nf o()
element.

6.3.8.1.4 dialnorm_bits
This codeword indicates the di al nor mvalue for the substream.

If presentation_version is0, thedi al nor mvalue of each dialogue substream shall be the di al nor mvalue for the mix
of the music and effects substream and the dialogue substream. When mixing a music and effects, dialogue and
associated audio substream, the di al nor mof either the dialogue or the associated audio substream may be used for the
mixed signal.

6.3.8.1.5 loro_dmx_loud_corr

Thel oro_dmx_I oud_corr element signals the loudness correction that shall be applied when downmixing the substream
to Left only/Right only (Lo/Ro).

If presentation_versionisO,thel oro_dm_I oud_corr value of each dialogue substream shall be the
I oro_dmx_I oud_corr value for the mix of music and effects substream and the dial ogue substream.

6.3.8.1.6 Itrt_dmx_loud_corr

If presentation_versionisO,theltrt_dm_I oud_corr value of each dialogue substream shall be the
Itrt_dm_l oud_corr value for the mix of music and effects substream and the dial ogue substream.

6.3.8.2 further_loudness_info - additional loudness information

6.3.8.2.1 b_rtllcomp

This Boolean indicates whether Real-Time Loudness Leveller (RTLL) datais present.
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6.3.8.2.2 rtll_comp
Thisfield indicates the real-time loudness correction factor rt 1 | _conp_gai n, which can be calculated as:

rtll_comp_gain = (rtll_comp—128)/4[dB]
6.3.8.3 dialog_enhancement - dialogue enhancement

6.3.8.3.1 b_de_ simulcast

This Boolean indicates whether separate dial ogue enhancement data for core decoding is present.
6.3.8.4 Channel mode query functions

6.3.8.4.1 channel_mode_contains_Lfe()
This function returns true if the channel mode contains an LFE channel.

Pseudocode 30: channel_mode_contains_Ife

channel _node_contai ns_Lfe()

if (ch_nmode in [4,6,8,10,12,14,15]) {
return TRUE;

}
return FALSE;
}

6.3.8.4.2 channel_mode_contains_c()
This function returns true if the channel mode contains a Centre channel.

Pseudocode 31: channel_mode_contains_c

channel _node_contai ns_c()

if (ch_mbde == 0 || (ch_npde >= 2 && ch_node <= 15)) {
return TRUE;

return FALSE;
}

6.3.8.4.3 channel_mode_contains_Ir()
Thisfunction returns true if the channel mode contains a Left and a Right channel.

Pseudocode 32: channel_mode_contains_Ir

channel _node_contai ns_Ir ()

if (ch_npde >= 1 && ch_node <= 15) {
return TRUE;

}
return FALSE;
}

6.3.8.4.4 channel_mode_contains_LsRs()
This function returns true if the channel mode contains a Left Side/Surround and a Right Side/Surround channel.

Pseudocode 33: channel_mode_contains_LsRs

channel _node_contai ns_LsRs()

{
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if (ch_npbde >= 3 & ch_npde <= 15) {
return TRUE;

}
return FALSE;
}

6.3.8.4.5 channel_mode_contains_LbRb()
Thisfunction returns true if the channel mode contains a Left Back and a Right Back channel.

Pseudocode 34: channel_mode_contains_LrsRrs

channel _node_cont ai ns_LbRb()

if (ch_node == 5 || ch_node == 6 || (ch_nbde >= 11 && ch_npde <= 15)) {
return TRUE;

}
return FALSE;
}

6.3.8.4.6 channel_mode_contains_LwRw()
This function returns true if the channel mode contains a Left Wide and a Right Wide channel.

Pseudocode 35: channel_mode_contains_LwRw

channel _node_cont ai ns_LwWRwW()

if (ch_node == 7 || ch_nbde == 8 || ch_npde == 15) {
return TRUE;

}
return FALSE;
}

6.3.8.4.7 channel_mode_contains_TfITfr()
This function returns true if the channel mode contains a Top Front Left and a Top Front Right channel.

Pseudocode 36: channel_mode_contains_TfITfr

channel _node_contains_Tf| Tfr ()

if (ch_nmode == 9 || ch_node == 10) {
return TRUE;

}
return FALSE;
}

6.3.8.5 pan_signal_selector
Thisfield indicates the possibility to perform a simplified decoding of the 3_0_channel _el enent .

A simplified decoding and processing of 3_0_channel _el ement may be carried out if all of the following conditions are
met:

. ch_node is 2 (indicating 3 channels);

. 3_0_channel _el enent is used;

. 3_0_codec_node isset to SIMPLE;

. 3_0_coding_configissettol; and

. pan_si gnal _sel ect or isgreater than 0.

To carry out the simplified decoding, the following steps shall be executed:
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1) partialy decodethet hree_channel _dat a asindicated in table 91;
2)  pan the two decoded signals using pan_di al og[ 0] and pan_di al og[ 1] as described in clause 5.10.2.3.

NOTE: Thesimplified processing obviates the full processing as described in ETSI TS 103 190-1 [1],

clause 5.3.3.3
Table 91: pan_signal_selector
pan_signal_selector Meaning
0 decode sf _dat a of all 3 tracks
1 decode sf _dat a of track 1 and track 2
2 decode sf _dat a of track 0 and track 2
3 decode sf _dat a of track 0 and track 1

6.3.9 Object audio metadata (OAMD)

6.3.9.1 Introduction

OAMD comprises parameters that indicate properties of audio objects.
6.3.9.2 oamd_common_data - OAMD common data

6.3.9.2.1 Introduction

The oand_conmon_dat a contains properties that are common to all objects in the corresponding substream group.

6.3.9.2.2 b_default_screen_size_ratio

This Boolean indicates whether the decoder assumes a default value of 1,0 for master_screen size ratio.

6.3.9.2.3 master_screen_size ratio_code

Thenaster_screen_si ze_rati o_code hitstream element indicates the master_screen_size ratio, which defines the
ratio of the width of the screen to the distance between the L and R speakers in the mastering room. If
master_screen_size ratio = 1, the L and R speakers in the mastering room were located on the edge of the screen. The
value of master_screen_size ratio isgiven by:

master_screen_size ratio = (master_screen_size ratio_code+1)/33

6.3.9.24 b_bed object_chan_distribute

This Boolean indicates whether the channel distribution of bed objectsis activated. In this case, one bed object can be
distributed over multiple channels. Otherwise, bed objects cannot be distributed.

6.3.9.3 oamd_timing_data

6.3.9.3.1 Introduction

The oand_t i mi ng_dat a element provides timing information to be utilized for synchronization of object propertiesto
the object essence audio samples. One oand_t i ni ng_dat a element appliesto all substreams in a substream group.

6.3.9.3.2 sample_offset

The sample_offset helper variable indicates a timing offset value in audio samples.
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6.3.9.3.3 oa_sample_offset_type

Theoa_sanpl e_of f set _t ype element uses a prefix code and indicates the configuration type for the sample_offset as
shown in table 92.

Table 92: oa_sample_offset_type

oa_sanpl e_of fset _type Description
0bO0 sample_offset =0
0b10 sample_offset is indicated by oa_sanpl e_of f set _code
0b11 sample_offset is indicated by oa_sanpl e_of f set
6.3.9.3.4 oa_sample_offset_code

Theoa_sanpl e_of f set _code element indicates the sample_offset value by a prefix codeword as shown in table 93.

Table 93: oa_sample_offset_code

oa_sanpl e_of f set _code sample offset
0b0 16
0b10 8
Ob11l 24
6.3.9.3.5 oa_sample_offset

Theoa_sanpl e_of f set element indicates the sample_offset value.

6.3.9.3.6 num_obj_info_blocks

The num obj _i nf o_bl ocks element indicates the number of present obj ect _i nf o_bl ock elements for each object. The
value of num obj _i nf o_bl ocks can be 0 unless the current codec frameis an |-frame.

6.3.9.3.7 block_offset_factor

Thebl ock_of fset _f act or element isavailable for each obj ect _i nf o_bl ock and indicates atiming offset in audio
samples for each corresponding obj ect _i nf o_bl ock.

6.3.9.3.8 ramp_duration

Theranp_dur at i on bitstream element indicates the ramp_duration value, which is a helper variable indicating a
transition time value in audio samples. The ramp_duration value has a range of [0; 2 047].

6.3.9.3.9 ramp_duration_code

Theranp_durati on_code element indicates the ramp_duration value. This bitstream element codes the most common
ramp_duration values and enables an option for alternative ramp_duration signalling. The possible values for
ranp_dur at i on_code are shown in table 94.

Table 94: ramp_duration_code

ramp_dur ati on_code Description
0b00 ramp_duration is 0 audio samples
0b01 ramp_duration is 512 audio samples
0b10 ramp_duration is 1 536 audio samples
Ob11 ramp_duration is signalled via additional elements
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6.3.9.3.10 b_use ramp_table

This Boolean indicates how the ramp_duration in audio samplesisindicated. In this case, the ramp_duration valueis
indicated by the r anp_dur at i on_t abl e element. Otherwise, the ramp_duration value isindicated by the by the
ranp_dur at i on element.

6.3.9.3.11 ramp_duration_table

Theranp_durati on_t abl e element indicates the ramp_duration value as shown in table 95.

Table 95: ramp_duration_table

ramp_duration_table |ramp duration in audio samples

0 32
1 64
2 128
3 256
4 320
5 480
6 1000
7 1001
8 1024
9 1 600
10 1601
11 1 602
12 1920
13 2 000
14 2002
15 2048

6.3.9.4 oamd_dyndata_single

6.3.9.4.1 Introduction

The oand_dyndat a_si ngl e element contains object properties for objects of a single substream. The order of the objects
corresponds to the presence of object essences in the substream.

6.3.9.4.2 b_ducking_disabled

This Boolean indicates whether automatic ducking is disabled for the corresponding object.

6.3.9.4.3 object_sound_category

The obj ect _sound_cat egor y element defines the object sound category according to table 96.

Table 96: object_sound_category

object_sound_category |Sound category

0 Not indicated

1 Dialogue

Other Reserved
6.3.9.4.4 n_alt data_sets

Then_al t _data_sets element indicates the number of alternative properties sets.

6.3.9.4.5 b_keep

This Boolean indicates whether the values of the last object property update are till valid.
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6.3.9.4.6 b_common_data

This Boolean indicates whether the alternative properties set has common parameters for al present objects.

6.3.9.4.7 b_alt gain

This Boolean indicates whether alternative gain data is present in the bitstream. In this case, the gain data contained in
theal t _gai n element shall be used. Otherwise, the gain datain the object_gain element of each block of the
obj ect _basi c_i nf o element shall be used.

6.3.9.4.8 alt_gain
Theal t _gai n element indicates the alternative gain value, as shown in table 97, to be used in place of object_gain.

Table 97: alt_gain

alt_gain | object_gain [dB]
0...62 14 —alt_gain
63 —oo

6.3.9.4.9 b_alt_position

This Boolean indicates whether the set of alternative propertiesal t _pos3D_X, al t _pos3D_Z, al t _pos3D_Z_si gn, and
al t _pos3D_z contains position data. If the alternative properties set contains position data, that position data shall be
used in place of the position data contained in each block of the obj ect _r ender _i nf o element.

6.3.9.4.10 alt_ pos3D_X

Theal t _pos3D_x element indicates the X-axis position data in the alternative properties set. The value of the X-axis
position is given by:

object_position X = dlip3 (0 0 1.0 cip3(0-62.alt_pos3D_X) + clip3(—2.2.ext_prec _pos3D_X))
| — T 62 62%5
NOTE 1. Clause 6.3.9.8.4.1 describes room-anchored position data.

NOTE 2: Thevalue of ext _prec_pos3D_X is specified in clause 6.3.9.12.2.

6.3.9.4.11 alt_pos3D_Y

Theal t _pos3D_Y element indicates the Y -axis position data in the alternative properties set. The value of the Y-axis
position is given by:

cip3(0-62:at_pos3D_Y) +c|ip3(—2'2'eXt _prec JZ)OS3D_Y))

62 62X5

object_position_Y = clip3 (0.01 1.0/

NOTE 1: Clause 6.3.9.8.4.1 describes room-anchored position data.

NOTE 2: Thevalue of ext _prec_pos3D_Y is specified in clause 6.3.9.12.3.

6.3.9.4.12 alt_ pos3D_Z sign

Theal t _pos3D_z_si gn element indicates the sign of the Z-axis position data in the alternative properties set. If the
al't_pos3D z_signissetto 1, thesign of coordinate Z is +1; otherwise, the sign is-1.

NOTE: Clause 6.3.9.8.4.1 describes room-anchored position data.

6.3.9.4.13 alt_ pos3D_Z

Theal t _pos3D_z element indicates the Z-axis position data in the alternative properties set. The value of the Z-axis
position is given by:
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cip3(0-15alt_pos3D_2Z) + clip3(—2.2.ext_prec JZ)OS3D_Z))
15 15X5

object_position_Z = clip3 (_1_0, 1.0-sign x
NOTE 1. Clause 6.3.9.8.4.1 describes room-anchored position data.
NOTE 2: The value of sign is specified in clause 6.3.9.4.12.

NOTE 3: Thevalue of ext _prec_pos3D _z isspecified in clause 6.3.9.12.4.

6.3.9.5 oamd_dyndata_multi

Theoand_dyndat a_nul ti element contains object properties for the objects in the corresponding substream group. The
order of the objectsin oand_dyndat a_nul ti corresponds to the order of all object essences present over al audio
substreams of the according substream group in the order of bitstream presence.

6.3.9.6 obj_info_block

6.3.9.6.1 Introduction

Anobj _i nf o_bl ock element contains one update of properties for an object. Two tables of properties may be present in
obj _i nfo_bl ock:

. basic information (present in obj _basi c_i nf 0);
. rendering information (present in obj _r ender _i nf 0).

NOTE: Handling of the updatesin terms of timing isindicated viaoanmd_t i ni ng_dat a as described in
clause 6.3.9.3.

6.3.9.6.2 b_object_not_active

This Boolean indicates whether the object essence of the corresponding object contains silence.

6.3.9.6.3 object_basic_info_status

The object_basic_info_status helper variable indicates whether obj ect _basi c_i nf o is present, whether default values
shall be used, or whether the value from the previous obj _i nf o_bl ock shall be reused. The possible values for
object_basic_info_status are shown in table 98.

Table 98: object_basic_info_status

object_basic_info_status Description
DEFAULT e object_gain = -~ dB
e object priority =0
ALL_NEW Updates for all properties in obj ect _basi c_i nf o are present
REUSE Reuse metadata from previous obj _i nf o_bl ock
6.3.9.6.4 b_basic_info_reuse

This Boolean indicates whether properties shall be reused from the obj _basi c_i nf o of the previous obj _i nf o_bl ock.

6.3.9.6.5 object_render_info_status

The object_render_info_status helper variable indicates whether obj ect _r ender _i nf o is present, whether default
values shall be used for the according properties, whether the values shall be determined from the previous

obj _i nf o_bl ock, or whether only some fields shall be reused from the previous obj _i nf o_bl ock. The possible values
for object_render_info_status are shown in table 99.
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Table 99: object_render_info_status

object_render_info_status Description
DEFAULT e object_position_X =0,5

e  object_position_Y =0,5

e object _position_Z=0

e zone_mask = 0b000

e b _enabl e_el evation = false

e object width=0

e object_screen_factor =0

e b object_snap =false
ALL_NEW Updates for all properties in obj ect _r ender _i nf o are present
REUSE Reuse metadata from previous obj _i nf o_bl ock
PART_REUSE Partially reuse metadata from previous obj _i nf o_bl ock

6.3.9.6.6 b_render_info_reuse

This Boolean indicates whether object properties shall be reused. In this case, object properties from the
obj _render _i nf o of the previous obj _i nf o_bl ock shall be reused. Otherwise, object properties shall not be reused.

6.3.9.6.7 b_render_info_partial_reuse

This Boolean indicates whether some object properties shall be reused from the obj _r ender _i nf o of the previous
obj _i nf o_bl ock.

6.3.9.6.8 b_add table data

This Boolean indicates whether additional reserved datais present.

6.3.9.6.9 add_table_data_size_minusl

Theadd_t abl e_data_si ze_ni nus1 element indicates the size of add_t abl e_dat a field minus 1.

6.3.9.6.10 add_table_data

Theadd_t abl e_dat a isafield reserved for future extensions of obj _i nf o_bl ock.
6.3.9.7 obj_basic_info

6.3.9.7.1 Introduction

The obj _basi c_i nf o field contains high-level information about each object, such asits gain value.

6.3.9.7.2 b_default_basic_info_md

This Boolean indicates default object basic info metadata. In this case, the metadata shall be set to default values.
Otherwise, the metadata are explicitly transmitted.

object_gain has a default value of 0 dB. object_priority has a default value of 1.

NOTE: These default values differ from the default values for object_gain and object_priority defined in table 98,
where obj ect _basi c_i nfo_status = DEFAULT.

6.3.9.7.3 basic_info_md

Thebasi c_i nf o_nd element is coded using a variable length prefix code as defined in table 100, and indicates the basic
info metadata coding.
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Table 100: basic_info_md

basic_info_md Description

0bO Non-default gain, default priority

0b10 Non-default gain, non-default priority

0b11 Default gain, non-default priority
6.3.9.7.4 object_gain_code

The obj ect _gai n_code element is coded using a variable length prefix code as defined in table 101 and indicates the
value for object_gain.

Table 101: object_gain_code

object_gain_code object_gain [dB]

0b0 Specified by obj ect _gai n_val ue

0b10 —oo

0b11l Set to object_gain of previous object
6.3.9.7.5 object_gain_value

The obj ect _gai n_val ue indicates the value of object_gain as shown in table 102.

Table 102: object_gain_value

object_gain_value object_gain [dB]

0...14 15 — object_gain value

15...63 14 — object_gain value
6.3.9.7.6 object_priority_code

Theobj ect _priority_code element indicates the object_priority of an object which isin the range [0, 1]. The higher
the object_priority value, the more important that object is. The value of object_priority is given by:

object_priority = object_priority_code/31
6.3.9.8 obj_render_info

6.3.9.8.1 Introduction

Theobj _render _i nf o element contains multiple object properties, e.g. position properties.

6.3.9.8.2 obj_render_info_mask

These flags indicate whether property updates are transmitted. If obj ect _render _i nf o_st at us = ALL_NEW the flags are
implicitly set to true, and all properties are transmitted.

b_obj_render_position_present
Thisflag indicates that a position update is transmitted in this section (if true); otherwise, the
position of the previous obj _i nf o_bl ock shall be reused.
b_obj_render_zone present
Thisflag indicates that a zone mask update is transmitted in this section (if true); otherwise, the
zone mask information of the previous obj _i nf o_bl ock shall be reused.
b_obj_render_otherprops_present
Thisflag indicates that updates on a severa other properties are transmitted in this section (if true);
otherwise, the properties of the previous obj _i nf o_bl ock shall be reused.
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6.3.9.8.3 b_diff pos_coding

This Boolean indicates whether the position properties are differential coded by di f f _pos3D_X, di f f _pos3D_Y, and
di ff_pos3D z. The difference isrelative to the position transmitted in the previous obj _i nf o_bl ock. Vaues are coded
as signed integers (2's complement).

6.3.9.8.4 Room-anchored position

6.3.9.8.4.1 Introduction

The object position is given by 3 dimensional cartesian coordinates and determined as object_position_X,
object_position Y, and object_position_Z and derived from:

. pos3D_X, pos3D_Y, pos3D_Z si gn, and pos3D_Z; or
° di ff_pos3D X, di ff_pos3D_Y, and di ff _pos3D_z if the position is coded differentially; and

) ext _prec_pos3D_X, ext _prec_pos3D_Y, and ext _prec_pos3D_z if the position coordinate is coded using
extend precision.

The coordinates are defined in relation to a normalized room. The room consists of two adjacent normalized unit cubes
to describe the playback room boundaries as shown in figure 13. The origin is defined to be the front left corner of the
room at the height of the main screen. Location (0,5; O; 0) corresponds to the middle of the screen.

Figure 13: Object position coordinate system

e  x-axis: describeslatitude, or left/right position:
- x = 0 corresponds to left wall;
- x =1 correspondsto right wall.
e  y-axis: describeslongitude, or front/back position:
- y = 0 corresponds to front wall;
- y =1 corresponds to back wall.
. z-axis: describes elevation, or up/down position:

- z = 0 corresponds to a horizontal plane at the height of the main screen, surround, and rear surround
loudspeakers;

- z =1 corresponds to the ceiling;

- z = -1 corresponds to the floor.
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6.3.9.8.4.2 diff_pos3D_X

Thedi ff _pos3D_X element indicates the X-axis coordinate of the object position object_position_X, coded asa
difference between current and previous object position in standard precision. The current value is given by:

object_position_X
— dlip3 (0_0’ 1.0 clip3(0- 62 p60233D_X _prev) +cI|p3(—4' 3 gf _pos3D_X) 4 clip3(—2: 2/ e6x2t _)p()réec _pos3D_X))

NOTE 1. Thepos3D_X prev value isthe standard precision position value coded in the previous metadata update
block.

NOTE 2: Thevalue of ext _prec_pos3D_X is specified in clause 6.3.9.12.2.

6.3.9.8.4.3 diff_pos3D_Y

Thedi ff _pos3D_Y element indicates the Y -axis coordinate of the object position object_position_Y, coded as a
difference between current and previous object position object_position_Y_prev. The current value is given by:

object_position_Y
— dip3 (0_0’ 1.0 clip3(0- 62 p60233D_Y _prev) +cI|p3(—4' 3 gf pos3D_Y) 4 clip3(—2- 2r ext_prec _pos3D_Y))

62 X5

NOTE 1: Thepos3D_Y prev valueisthe standard precision position value coded in the previous metadata update
block.

NOTE 2: Thevalue of ext _prec_pos3D_Y is specified in clause 6.3.9.12.3.

6.3.9.8.4.4 diff_pos3D_Z

Thedi ff _pos3D_z element indicates the Z-axis coordinate of the object position object_position_Z, coded as a
difference between current and previous object position object_position_Z prev. The current value is given by:

object_position_Z
= clip3 (—1.0' 1.0/

clip3(—15'15'pos3D_Z prev) , clip3(—4 3 diff pos3D_Z) , clip3(—2s 2 ext_prec pos3D_Z)
15 + 15 + 15 x5

NOTE 1. Thepos3D_Z prev valueisthe standard precision position value coded in the previous metadata update
block.

NOTE 2: Thevalue of ext _prec_pos3D_z is specified in clause 6.3.9.12.4.

6.3.9.8.4.5 pos3D_X

The pos3D_x element indicates the X-axis coordinate of the object position object_position_X. Thisfield is coded as
unsigned integer. The linear value of X-axis coordinate is given by:

object_position X = clip3 (0.0‘ 1.0, &iP3(0 626'2p°S3D—X) 4 dipsC2 2 %th—frgc—posgD—x))

NOTE: Thevaueof ext _prec_pos3D X isspecifiedin clause 6.3.9.12.2.

6.3.9.8.4.6 pos3D_Y

The pos3D_Y element indicates the Y -axis coordinate of the object position object_position_Y. Thisfield is coded as
unsigned integer. The linear value of Y-axis coordinate is given by:

object_position Y = clip3 (0.0‘ 1.0, P30 626'2p°S3D—Y) 4 dipsC2 2 %th—frgc—posgD—Y))

NOTE: Thevalueof ext _prec_pos3D_Y isspecified in clause 6.3.9.12.3.
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6.3.9.8.4.7 pos3D_Z_sign

The pos3D_zZ_si gn element indicates the sign of the Z-axis coordinate of the object position. If the pos3D z_si gn bitis
set to 1, the sign of object_position_Zis+1, otherwisethe signis-1.

6.3.9.8.4.8 pos3D_Z

The pos3D_z element indicates the Z-axis coordinate of the object position object_position_Z. The value is coded as
unsigned integer. The linear value of Z-axis coordinate is given by:

clip3(0s 15' pos3D_2) + clip3(—2 2r ext_prec JZ)OS3D_Z))
15 15 X5

object_position Z = clip3 (—1.0' 1.0-sign x
NOTE 1. Thevaue of signis specified in clause 6.3.9.8.4.7.

NOTE 2: Thevalue of ext _prec_pos3D_z is specified in clause 6.3.9.12.4.

6.3.9.8.5 b_grouped_zone_defaults

This Boolean indicates whether the properties of the zone group shall be set to default values. Otherwise,
group_zone_fl ag[] and zone_mask are present in the bitstream.

6.3.9.8.6 group_zone_flag

Thegroup_zone_flag[] isan array of flags used for assignment of properties of the zone group as shown in table 103.

Table 103: group_zone_flag

group_zone_flag[] Description
group_zone_flag[ 2] zone_mask is present
group_zone_f | ag[ 1] b_enabl e_el evati on is false
group_zone_f 1 ag[ 0] b_obj ect _snap is true
6.3.9.8.7 zone_mask

Zones are subsets of speakers as specified in clause A.4. The zone_nask isacode that indicates constraints to include or
exclude zones for the rendering process. The assignment of zone_mask values to zone constraints is shown in table 104.

Table 104: zone_mask

zone_mask Zone constraints

No constraints

Back zone disabled

Side zone disabled

Only centre and back zone enabled
Only screen zone enabled

Only surround zone enabled

Only proscenium zone enabled
Reserved

~N[O|O|AR[WIN|F O

6.3.9.8.8 b_enable_elevation

This Boolean indicates whether rendering to height (top) speakersis enabled. By default b_enabl e_el evat i on should
betrue. It isimplicitly signalled viagr oup_zone_fl ag[ 1] .

6.3.9.8.9 b_object_snap

This Boolean indicates whether the artistic intent is to avoid changing the object timbre by distributing its energy over
multiple loudspeakers. By default b_obj ect _snap should be false. It isimplicitly signalled viagr oup_zone_f1 ag[ 0] .
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6.3.9.8.10 b_grouped_other_defaults

This Boolean indicates whether properties of the other properties group shall be set to default values.

6.3.9.8.11 group_other_mask

The gr oup_ot her _mask isabitmask that indicates which properties of the other properties group are present in the
bitstream as shown in table 105.

Table 105: group_other_mask

group_other_mask Description

0b0001 Object width properties present

0b0010 obj ect _screen_factor and obj ect _dept h_f act or element present
0b0100 Object distance properties present

0b1000 Object divergence properties present

6.3.9.8.12 object_width_mode

The obj ect _wi dt h_node flag indicates the mode of the object spreading according to table 106. Increasing the object
width may increase the number of speakers used to playback a particular object.

Table 106: object_width_mode

object_width_mode Description

0 Only one value is transmitted for 3D object spreading, i.e. the spreading is identical for all three
dimensions.

1 Each dimension of the 3D object spreading is transmitted individually.

6.3.9.8.13 object_width_code

The obj ect _wi dt h_code element indicates the radial object_width. The valueis given by:

object_width = object_width_code/31

6.3.9.8.14 object_width_X code

The obj ect _wi dt h_X_code element indicates object_width_X, the X-axis value of the 3D object width. The value is
given by:

object_width_X = object_width_X_code/31

6.3.9.8.15 object_width_Y_code

The obj ect _wi dt h_Y_code element indicates object_width_Y, the Y -axis value of the 3D object width. The valueis
given by:

object_width_Y = object_width_Y _code/31

6.3.9.8.16 object_width_Z_code

The obj ect _wi dt h_Z_code element indicates object_width_Z, the Z-axis value of the 3D object width. The valueis
given by:

object_width_Z = object_width_Z_code/31
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6.3.9.8.17 object_screen_factor_code

Theobj ect _screen_f act or _code element indicates the scaling factor object_screen_factor, which is applied to the X
and Z dimensions for objects that pan across the screen. The value is given by:

object_screen factor = (object_screen factor_code+1)/8

If the obj ect _screen_f act or _code element is not present, obj ect _screen_f act or shall be 0.

6.3.9.8.18 object_depth_factor

The amount of X- and Z-position scaling varies linearly with the Y -position so that if sounds are panned off-screen they
can use the full width and height of the room. The obj ect _dept h_f act or indicates the rate at which the scaling
converges when the object approaches the screen. The value specifies the exponent to be applied to the Y -position value
as specified in table 107.

Table 107: object_depth_factor

object_depth_factor [Y-position exponent
0 0,25
1 0,5
2 1
3 2
6.3.9.8.19 b_obj_at_infinity

This Boolean indicates whether the obj ect _di st ance_f act or isinfinity.

6.3.9.8.20 object_distance_factor_code

Theobj ect _di st ance_f act or _code bitstream element indicates the object_distance_factor, which defines how far
outside of the room the corresponding object is. The values of object_distance_factor are specified in table 108.

Table 108: object_distance_factor

obj ect _di stance_f act or_code object_distance_factor
0 1,1
1 1,3
2 1,6
3 2,0
4 2,5
5 3,2
6 4,0
7 5,0
8 6,3
9 7,9
10 10,0
11 12,6
12 15,8
13 20,0
14 25,1
15 50,1
6.3.9.8.21 object_div_mode

The obj ect _di v_node element indicates how the value of object_divergence is transmitted, as shown in table 109.
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Table 109: object_div_mode

obj ect _di v_node Description
0b00 indicated by obj ect _di v_t abl e.
0b01 reuse object_divergence as transmitted in the previous obj _i nf o_bl ock.
0b10 indicated by obj ect _di v_code.
0Obl11l Reserved
6.3.9.8.22 object_div_table
The obj ect _di v_t abl e element indicates the value of object_divergence as shown in table 110.

NOTE:

6.3.9.8.23

The obj ect _

Table 110: object_div_table

object_div_table |object divergence
0b00 0,500755
0b01 0,608529
0b10 0,704833
0b11 1,0

An emulation of the divergence control found in a Live Broadcast mixing console can be achieved when
an object is positioned at x = 0,5, y = 0, z = 0 (centre front speaker position). With the object positioned at
this location, the object divergence signals the separation in the x axis of the diverged object from the
Centre speaker (div = 0) to the Left and Right speakers (div = 1) and the effective maximum azimuth
angle is +45 degrees.

object_div_code

di v_code indicates the value of object_divergence as shownin table 111.
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Table 111: object_div_code

obj ect _div_code |object_divergence obj ect _div_code |object_divergence
0 reserved 32 0,704833
1 0 33 0,733123
2 0,004026 34 0,75932
3 0,00716 35 0,783416
4 0,012731 36 0,805451
5 0,020173 37 0,825506
6 0,028485 38 0,843686
7 0,04021 39 0,860112
8 0,050582 40 0,874914
9 0,063601 41 0,888222
10 0,079914 42 0,900168
11 0,100299 43 0,910875
12 0,125666 44 0,920461
13 0,140532 45 0,929035
14 0,157027 46 0,936698
15 0,175282 47 0,943544
16 0,195417 48 0,949656
17 0,217536 49 0,955112
18 0,241718 50 0,95998
19 0,268002 51 0,964322
20 0,296377 52 0,968195
21 0,326766 53 0,974729
22 0,359017 54 0,979923
23 0,392895 55 0,98405
24 0,428081 56 0,98733
25 0,464184 57 0,989935
26 0,500755 58 0,992874
27 0,537316 59 0,994955
28 0,573389 60 0,996817
29 0,608529 61 0,99821
30 0,642346 62 0,998993
31 0,674524 63 1

NOTE: Anemulation of the divergence control found in a Live Broadcast mixing console can be achieved when
an object is positioned at x = 0,5, y = 0, z = 0 (centre front speaker position). With the object positioned at
this location, the object divergence signals the separation in the x axis of the diverged object from the
Centre speaker (div = 0) to the Left and Right speakers (div = 1) and the effective maximum azimuth
angle is +45 degrees.

6.3.9.9 bed_render_info

6.3.9.9.1 Introduction

The bed rendering information in the bitstream contai ns elements that indicate parameters for rendering of bed objects.
Metadata for rendering bed objects to output loudspeaker layouts align with metadata for custom downmix of channel-
based immersive content. Bitstream elements that are not described in this clause are described in clause 6.3.10.3,
because the semantics are identical.

NOTE: Normative operation of arenderer isnot in scope of this specification.

6.3.9.9.2 b_bed_render_info

Theb_bed_r ender _i nf o flag indicates whether information for rendering of bed objectsis present in the bitstream.
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6.3.9.9.3 b_stereo_dmx_coeff

Theb_stereo_dmx_coef f flag indicates whether information for rendering of bed objects to stereo output is present in
the bitstream.

6.3.9.9.4 b_cdmx_data_present

Theb_cdnmx_dat a_present flag indicates whether information for rendering of immersive bed objectsis present in the
bitstream.

6.3.9.9.5 Bed render information gain presence flags
The following flags indicate whether corresponding custom gain values are present in the bitstream:

. b cdmx_w to f

. b _cdmx_b4 to b2

. b cdnx t2 to f s b

. b cdmx t2 to f s

. b cdnx_tb to f s b

. b cdmx tb to f s

. b cdmx tf tof sb

. b cdmx_tf to f s

. b cdmx_tfb to tm

NOTE: Seeclause 6.2.8.8 for syntactical information on the listed presence flags.

6.3.9.9.6 Bed render information channel presence flags

Table 112 shows flags that indicate whether corresponding channels are present as bed objects.

Table 112: Bed render information channel presence flags

Bed render information channel presence flag Channels present as bed objects
b_tf_ch_present Top Front Left and/or Top Front Right
b_tb_ch_present Top Back Left and/or Top Back Right
b_t m ch_present Top left and/or top right
NOTE: Column one lists presence flags and column two the channels that are present as bed objects, if the

corresponding flag is true.

6.3.9.9.7 gain_w_to_f code

Thegai n_w to_f_code codeword indicates the gain value gain_w_to_f as specified in table 112a.
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Table 112a: gain_w_to_f code

gain_w to_f_code |gain w to fin dB
0

-1,5

-3

-4,5

-6

-9

-12

-inf

~N[O|OAR[WIN|F(O

If gai n_w_to_f_code isnot present in the bitstream, gain_w_to_f shall be -3 dB.

The gain value gain_w_to_f may be used by arenderer to mix the Left Wide/ Right Wide to Left / Right channels.
6.3.9.9.8 gain_b4 to b2 code
Thegai n_b4_t o_b2_code codeword indicates the gain value gain_b4 to_b2 as specified in table 112b.

Table 112b: gain_b4 to_b2 code

gai n_b4_to_b2_code |gain_b4 to b2in dB
0
-1,5
-3
-4,5
-6
-9
-12
-inf

~N[O|O|AR[WIN|F (O

If gai n_b4_t o_b2 isnot present in the bitstream, gain_b4 _to b2 shall be -3 dB.

The gain value gain_b4 to b2 may be used by arenderer to mix the Left Back / Right Back to Left Side/Surround /
Right Side/Surround channels.

NOTE: SeeNote2intableA.27.

6.3.9.9.9 gain_tfb_to_tm_code

Thegain_tfb_to_tm code codeword indicates the gain value gain_tfb to_tm as specified in table 112c.

Table 112c: gain_tfb_to_tm_code

gain_tfb_to_tmcode |gain tfb to _tmin dB
0
-1,5
-3
-4,5
-6
-9
-12
-inf

N[O |IWIN|F|[O

If gai n_tfb_to_tm code iShot present in the bitstream, gain_tfb to_tm shall be -3 dB.

The gain value gain_tfb_to_tm may be used by arenderer to mix the Top Front Left / Top Front Right and Top Back
Left / Top Back Right channelsto Top Side Left / Top Side Right channel s respectively.
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6.3.9.10 Trim

6.3.9.10.1 b_trim_present

Theb_trim present flagindicates whether trim metadatais present in the bitstream.

6.3.9.10.2 warp_mode

Thewar p_node element is a codeword that indicates an object position adjustment before rendering as specified in
table 113.

Table 113: Object position adjustment indicated by warp_mode

warp_mode Object position adjustment

0b00 No object position adjustment.

0b01 The object_position_Y value shall be multiplied by a factor of 2.
0b1X Reserved.

6.3.9.10.3 global_trim_mode

The gl obal _tri m node element isacodeword that indicates the trim mode as specified in table 114. The global trim
mode is applicable to all trim configurations.

Table 114: Global trim mode indicated by global_trim_mode

gl obal _trim node Global trim mode Balance control
0 default_trim Disabled
1 disable_trim Disabled
2 custom_trim (see note) Indicated by:

. bal 3D_Y_sign_tb_code

. bal 3D_Y_anount _tb

e bal3D Y_sign_lis_code

e bal3D Y anount _lis

3 reserved reserved

NOTE: The global trim mode may be overwritten by the per-trim-configuration elements b_def aul t _t ri mand/or
b_disable trimb_default_trimis described in clause 6.3.9.10.5 and b_di sabl e_t ri mis described in
clause 6.3.9.10.6

6.3.9.10.4 NUM_TRIM_CONFIGS

The NUM_TRIM_CONFIGSis a helper variable that indicates the number of trim configurations. The number of trim
configurationsisnine, i.e. NUM_TRIM_CONFIGS= 9.

6.3.9.10.5 b_default_trim

Theb_def aul t _t ri mflag indicates whether the trim_mode is set to default_trim for the corresponding trim
configuration.

6.3.9.10.6 b_disable_trim

Theb_di sabl e_t ri mflag indicates whether the trim_mode is set to disable_trim for the corresponding trim
configuration.

6.3.9.10.7 trim_balance_presence|[]

The Boolean elements of this array indicate whether corresponding bitstream elements for trim and/or balance
processing are transmitted.
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Table 115 lists the correspondence between elements of t ri m bal ance_presence[] and bitstream elements of the

oamd_conmon_dat a/ t ri melement.

Table 115: trim_balance_presence[] elements

trimbal ance_presence element index Transmitted bitstream elements

4 trimcentre

3 trimsurround

2 trimhei ght

1 bal 3D Y _sign_tb_code, bal 3D Y _anmount _tbh

0 bal 3D Y sign lis _code, bal 3D Y anmount lis
6.3.9.10.8 trim_centre

Thetrimcentre codeword indicates the trim_centre value as specified in table 116.

Table 116: trim_centre

trimcentre |trim_centrein dB
0 +6

1 +3

2 +1,5
3 +0,75
4 -0,75
5 -1,5
6 -3

7 -4,5
8 -6

9 -7,5
10 -9

11 -10,5
12 -12
13 -13,5
14 -15
15 -36

6.3.9.10.9 trim_surround

Thetrim surround codeword indicates the trim_surround value as specified in table 117.

Table 117: trim_surround

trimsurround [trim_surround in dB
0-3 reserved
4 -0,75
5 -1,5
6 -3
7 -4,5
8 -6
9 -7,5
10 -9
11 -10,5
12 -12
13 -13,5
14 -15
15 -36
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6.3.9.10.10 trim_height

Thetrim hei ght codeword indicates the trim_height value as specified in table 118.

Table 118: trim_height

trimbheight |trim_heightin dB
0-3 reserved
4 -0,75
5 -1,5
6 -3
7 -4,5
8 -6
9 -7,5
10 -9
11 -10,5
12 -12
13 -13,5
14 -15
15 -36

6.3.9.10.11 bal3D_Y_sign_tb_code

Thebal 3D_Y_si gn_t b_code codeword indicates the direction of balance along the Y -axis to be applied in both the top
and bottom planes as specified in table 119.

Table 119: bal3D_Y_sign_tb indicated by bal3D_Y_sign_tb_code

bal3D_Y sign tb code |bal3D_Y sign tb Meaning
0 -1 The balance is towards the front of the room.
1 1 The balance is towards the back of the room.

6.3.9.10.12 bal3D_Y _amount_tb
Thebal 3D_Y_anount _t b codeword indicates the amount of balance along the Y -axisto be applied in both the top and

bottom planes, determined asbal3D_Y _tb = bal3D_Y_sign_tb x %ﬁo”mb“.

NOTE: bal3D_Y sign tbisspecified in clause 6.3.9.10.11.

6.3.9.10.13 bal3D_Y_sign_lis_code

Thebal 3D _V_si gn_I i s_code codeword indicates the direction of balance along the Y -axis to be applied in the listener
plane (z = 0) as specified in table 120.

Table 120: bal3D_Y_sign_lis indicated by bal3D_Y_sign_lis_code

bal3D_Y sign_lis_code |bal3D_Y_sign_lis Meaning
0 -1 The balance is towards the front of the room.
1 1 The balance is towards the back of the room.

6.3.9.10.14 bal3D_Y_amount_lis

Thebal 3D_Y_anount _| i s codeword indicates the amount of balance along the Y -axis to be applied in the listener plane

(z = 0), determined asbal3D_Y _lis= bal3D_Y_sign lisx %6"”“‘*“5“

NOTE: bal3D_Y sign lisisspecified in clause 6.3.9.10.13.
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6.3.9.10a  headphone

6.3.9.10a.1 b_headphone

This Boolean indicates whether common headphone metadata is present.

6.3.9.10a.2 hp_operation_mode

Thehp_oper ati on_node codeword indicates the expected headphone operation mode as specified in table 120a.

Table 120a: hp_operation_mode

hp_oper ati on_node Headphone operation mode
Stereo Mode

Default headphone NEAR mode

Default headphone FAR mode

Manual mode

7 reserved

OTE: Headphone operation modes are further specified in table 120b.

HNEINEE

Table 120b: Headphone operation modes

Headphone Description
operation mode
Stereo mode Headphone virtualization is disabled with bypass settings applied. Bypass settings are:

e Render mode is Bypass for all objects; and

e Head tracking is disabled for all objects.

Default headphone  |Headphone virtualization is applied with default settings. Default settings are:

NEAR mode e Render mode is NEAR for all objects; and

e Head tracking application for all objects is indicated by b_head_t r ack_di sabl e_al | .
Default headphone Headphone virtualization is applied with default settings. Default settings are:

FAR mode e Render mode is FAR for all objects; and
e Head tracking application for all objects is indicated by b_head_t r ack_di sabl e_al | .
Manual mode Headphone virtualization is applied with control settings per object. The control settings are

indicated by hp_r ender _node_obj and b_head_t r ack_di sabl e_obj .
NOTE: Headphone rendering modes are described in clause 6.3.9.11.4.

6.3.9.10a.3 b_head_track disable_all
This Boolean indicates whether head tracking is disabled for all objects.

6.3.9.11 add_per_obj_md

6.3.9.11.1 b_obj_trim_disable

Theb_obj _tri mdi sabl e flag indicatesif the trim modeistrim_disable for the corresponding object.

6.3.9.11.2 b_ext prec_pos

Theb_ext _prec_pos flag indicates whether position metadata with extended precision is present in the bitstream.

6.3.9.11.3 b_headphone

This Boolean indicates whether per-object headphone metadata is present.

6.3.9.11.4 hp_render_mode_obj

The hp_render _nmode_obj element indicates the mode of rendering for individual objects, as shown in table 121.
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hp_render_mode_obj Description

0 Bypass mode (stereo): Headphone virtualization is bypassed and normal stereo rendering is
applied. Directional cues and room simulation are disabled.

1 Near mode (neutral timbre): Headphone virtualization is applied with emphasis on
directionality and neutral timbre. Little to no room simulation is applied.

2 Far mode (externalized): Headphone virtualization is applied with directionality and room
simulation to match different acoustical environments. Emphasis on accurate localization.

3 Mid mode: headphone virtualization with intermediate amount of room simulation between
"near" and "far".

6.3.9.11.5 b_head_track_disable_obj

This Boolean indicates whether head tracking is disabled for an individual object.

6.3.9.12 ext_prec_pos

6.3.9.12.1 ext_prec_pos_presence]]

The Boolean elements of this array indicate whether corresponding extended precision metadata el ements are
transmitted. If any extended precision metadata el ement is not transmitted, its value shall be 0.

Table 122 lists the correspondence between elements of ext _prec_pos_presence[] and bitstream elements of the
add_per _obj ect _nd/ ext _prec_pos element.

ext _prec_pos_presence index |Transmitted bitstream elements
2 ext _prec_pos3D_X
1 ext _prec_pos3D_Y
0 ext _prec_pos3D Z
6.3.9.12.2 ext_prec_pos3D_X

Table 122: extp_pos_presence elements

Theext _prec_pos3D_X indicates the extended precision value to be used for calculation of object_position_X as
specified in clause 6.3.9.8.4.5 and clause 6.3.9.4.10. The extended precision value is shown in table 123.

Table 123: ext_prec_pos3D_X

ext _prec_pos3D X Semantics
0b00 1
0b01 2
0b10 -1
0b11 -2
6.3.9.12.3 ext_prec_pos3D_Y

Theext _prec_pos3D_Y indicates the extended precision value to be used for calculation of object_position_Y as
specified in clause 6.3.9.8.4.6 and clause 6.3.9.4.11. The extended precision value is shown in table 124.

Table 124: ext_prec_pos3D_Y

ext_prec_pos3D Y [ Semantics
0b00 1
0b0o1 2
0b10 -1
0b11l -2
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Theext _prec_pos3D_z indicates the extended precision value to be used for calculation of object_position_Z as
specified in clause 6.3.9.8.4.8 and clause 6.3.9.4.13. The extended precision value is shown in table 125.

Table 125: ext_prec_pos3D_Z

ext _prec_pos3D_Z Semantics
0b00 1
0b01 2
0b10 -1
0b11l -2

6.3.10 Presentation data

6.3.10.1 loud_corr - loudness correction

6.3.10.1.1 b_obj_loud_corr

This Boolean indicates whether loudness correction data for objectsis present.

6.3.10.1.2 b_corr_for_immersive_out

This Boolean indicates whether loudness correction data for immersive output channel configurationsis present.

6.3.10.1.3 b_loro_loud_comp

This Boolean indicates whether Lo/Ro downmix loudness correction data is present.

This Boolean indicates whether Lt/Rt (Dolby Pro Logic || compatible output) downmix loudness correction datais

6.3.10.1.4 b_Itrt loud_comp
present.
6.3.10.1.5 b_loud_comp

This Boolean indicates whether a loudness correction value follows in the bitstream.

6.3.10.1.6 loud_corr_ OUT_CH_CONF

Thisfield indicates aloudness correction factor for a specific output channel configuration OUT_CH_CONF.
OUT_CH_CONF T1{5 X,5 X 2,5 X 4,7 X,7 X_2,7 X_4,9 X_4, core_loro, core_Itrt, core 5 X, core 5 X_2}.

loud corr_gain OUT_CH_CONF = (15—Iloud_corr_OUT_CH_CONF)/2[dB,]

A value of 31 isreserved. If present, it indicates a gain of O dB.

6.3.10.2 custom_dmx_data - custom downmix data

6.3.10.2.1 bs_ch_config

The helper variable bs_ch_config, calculated as specified within clause 6.2.9.2, indicates the bitstream channel

configuration relevant for custom downmix processing according to table 126.
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Table 126: bs_ch_config

bs_ch_config | Description
9.X4
7.X.4
5.X.4
9.X.2
7.X.2
5.X.2

QB JWIN[(F]|O

6.3.10.2.2 b_cdmx_data_present

This flag indicates whether custom downmix datais present.

6.3.10.2.3 n_cdmx_configs_minusl

Then_cdmx_confi gs_ni nus1 element indicates the number of custom downmix configurations present in the bitstream
minus 1. To get the number of custom downmix configurations, avalue of 1 needs to be added to
n_cdnx_configs_m nusl.

6.3.10.2.4 out_ch_config[dc]

The out _ch_confi g element indicates the output channel configuration for the downmix configuration dc according to
table 127.

Table 127: out_ch_config

out_ch_config [ Description
0 5.X.0

1 5.X.2

2 5.X.4

3 7.X.0

4 7.X.2

56,7 Unused

6.3.10.2.5 b_stereo_dmx_coeff

This Boolean indicates whether stereo downmix coefficients are present.
6.3.10.3 Custom downmix parameters

6.3.10.3.1 gain_fl code

Thegai n_f 1_code element indicates again_f1 value according to table 128.

Table 128: gain_f1 _code

gain_f1_code |gain_f1[dB]
3,0

1,5

0
-1,5
-3,0
-4,5
-6,0

-0

N[OOI~ [WIN|FL[O
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6.3.10.3.2 gain_f2_code, gain_b_code, gain_t1 code, and gain_t2[abcdef]_code
The following gain codes map to gain values as shown in table 129:

. gai n_f2_code (gain_f2)

. gai n_b_code (gain_b)

. gain_t1_code (gain_tl)

. gai n_t2a_code (gain_t2a)

. gai n_t 2b_code (gain_t2b)

. gai n_t 2c_code (gain_t2c)

. gai n_t 2d_code (gain_t2d)

. gai n_t 2e_code (gain_t2e)

. gai n_t 2f _code (gain_t2f)

Table 129: gain_f2_code, gain_b_code, gain_t*_code

gain_f2_code, gain_b_code, gain_t* code |gain_f2, gain_b, gain_t* [dB]
0
-15
-3,0
-4,5
-6,0
-9,0
-12,0

-0

N[OOI [WIN[F|O

6.3.10.3.3 b _put screen to c

Thisflag indicates whether the Lscr and Rscr signals are mixed into the Centre channel C.

6.3.10.3.4 b_top_front_to_front

This Boolean indicates whether the Tfl and Tfr signals are mixed into the front channels L and R.

6.3.10.3.5 b_top_front_to_side

This Boolean indicates whether the Tfl and Tfr signals are mixed into the side channels Ls and Rs.

6.3.10.3.6 b _top back to front

This Boolean indicates whether the Thl and Thbr signals are mixed into the front channels L and R.

6.3.10.3.7 b_top_back_to_side

This Boolean indicates whether the Thl and Thr signals are mixed into the side channels Ls and Rs.

6.3.10.3.8 b _top to front

This Boolean indicates whether the Tdl and Tsr signals are mixed into the front channels L and R.

6.3.10.3.9 b _top to_ side

This Boolean indicates whether Tdl and Tsr signals are mixed into the side channels Ls and Rs.
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6.3.10.3.10 Default custom downmix parameter

If acustom downmix parameter is not transmitted for a certain out_ch_config, the default value for this custom
downmix parameter shall be used as specified in table 130 with the following exception: For the downmix from
bs_ch_config=1toout_ch_config=4thesametool _t4_to_t2() parametersasfor the downmix to

out _ch_config =1 shall beused, if transmitted.

Table 130: Default custom downmix parameter

Custom downmix parameter [Default value
b_put_screen_to c False
b_top_front_to_front False
b _top front to_side True
b top back to front False
b_top_back _to_side True
b_top_to_front False
b top to_side True
gain_f1 - dB
gain_f2 0dB
gain_b -3dB
gain_t1 -3dB
gain_t2a - dB
gain_t2b -3dB
gain_t2c - dB
gain_t2d - dB
gain_t2e -3dB
gain_t2f - dB
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Annex A (normative):
Tables

Al

All

Huffman tables

A-JOC Huffman codebook tables

Table A.1: A-JOC Huffman codebook AJOC_HCB_DRY_COARSE_FO

Codebook name

AJOC_HCB_DRY_ COARSE_FO

Codebook length table

AJOC HCB_DRY COARSE_FO LEN

Codebook codeword table

AJOC_HCB_DRY_COARSE_F0_CW

codebook length

51

cb_off

0

Table A.2: A-JOC Huffman codebook AJOC_HCB_DRY_FINE_FO

Codebook name

AJOC_HCB_DRY_FINE_FO

Codebook length table

AJOC_HCB_DRY FINE_FO LEN

Codebook codeword table

AJOC_HCB_DRY _FINE_FO CW

codebook length

101

ch_off

0

Table A.3: A-JOC Huffman codebook AJOC_HCB_DRY_COARSE_DF

Codebook name

AJOC HCB_DRY COARSE DF

Codebook length table

AJOC_HCB_DRY_COARSE_DF_LEN

Codebook codeword table

AJOC _HCB DRY COARSE_DF CW

codebook_length

51

cb_off

0

Table A.4: A-JOC Huffman codebook AJOC_HCB_DRY_FINE_DF

Codebook name

AJOC_HCB_DRY FINE DF

Codebook length table

AJOC HCB_DRY FINE DF LEN

Codebook codeword table

AJOC_HCB_DRY_FINE_DF_CW

codebook _length

101

ch_off

0

Table A.5: A-JOC Huffman codebook AJOC_HCB_DRY_COARSE_DT

Codebook name

AJOC_HCB_DRY_COARSE_DT

Codebook length table

AJOC HCB_DRY COARSE DT LEN

Codebook codeword table

AJOC HCB_DRY COARSE DT CW

codebook length

101

ch_off

50
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Table A.6: A-JOC Huffman ¢

210

odebook AJOC_HCB_DRY_FINE_DT

Codebook name

AJOC HCB_DRY FINE DT

Codebook length table

AJOC_HCB_DRY_FINE_DT_LEN

Codebook codeword table

AJOC_HCB DRY FINE DT CW

codebook_length

201

ch_off

100

Table A.7: A-JOC Huffman codebook AJOC_HCB_WET_COARSE_FO0

Codebook name

AJOC_HCB_WET COARSE_FO

Codebook length table

AJOC HCB_WET COARSE FO LEN

Codebook codeword table

AJOC_HCB_WET_COARSE_F0_CW

codebook_length

21

cb_off

0

Table A.8: A-JOC Huffman ¢

odebook AJOC_HCB_WET_FINE_FO

Codebook name

AJOC_HCB_WET_FINE_FO

Codebook length table

AJOC_HCB_WET FINE_FO LEN

Codebook codeword table

AJOC_HCB_WET FINE_FO CW

codebook length

41

ch_off

0

Table A.9: A-JOC Huffman codebook AJOC_HCB_WET_COARSE_DF

Codebook name

AJOC_HCB_WET_COARSE_DF

Codebook length table

AJOC_HCB_WET_COARSE_DF_LEN

Codebook codeword table

AJOC HCB_WET COARSE_DF CW

codebook_length

21

ch_off

0

Table A.10: A-JOC Huffman codebook AJOC_HCB_WET_FINE_DF

Codebook name

AJOC_HCB_WET FINE_DF

Codebook length table

AJOC HCB_WET FINE DF LEN

Codebook codeword table

AJOC_HCB_WET_FINE_DF_CW

codebook _length

41

ch_off

0

Table A.11: A-JOC Huffman codebook AJOC_HCB_WET_COARSE_DT

Codebook name

AJOC_HCB WET COARSE DT

Codebook length table

AJOC HCB_WET COARSE DT LEN

Codebook codeword table

AJOC HCB_WET COARSE DT CW

codebook length

41

ch_off

20

Table A.12: A-JOC Huffman codebook AJOC_HCB_WET_FINE_DT

Codebook name

AJOC_HCB_WET_FINE_DT

Codebook length table

AJOC_HCB_WET_FINE_DT_LEN

Codebook codeword table

AJOC HCB_WET FINE_DT CW

codebook_length

81

ch_off

40
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A.1.2 A-JCC Huffman codebook tables

Table A.13: A-JCC Huffman codebook AJCC_HCB_DRY_COARSE_FO

Codebook name

AJCC_HCB DRY COARSE_FO

Codebook length table

AJCC_HCB DRY COARSE FO LEN

Codebook codeword table

AJCC_HCB_DRY_COARSE_FO0_CW

codebook_length

12

cb_off

0

Table A.14: A-JCC Huffman

codebook AJCC_HCB_DRY_FINE_FO

Codebook name

AJCC_HCB_DRY_FINE_FO

Codebook length table

AJCC_HCB DRY_ FINE FO LEN

Codebook codeword table

AJCC_HCB DRY_FINE_FO CW

codebook length

23

ch_off

0

Table A.15: A-JCC Huffman co

debook AJCC_HCB_DRY_COARSE_DF

Codebook name

AJCC_HCB_DRY_COARSE_DF

Codebook length table

AJCC_HCB_DRY_COARSE_DF _LEN

Codebook codeword table

AJCC_HCB_DRY COARSE DF CW

codebook_length

23

ch_ off

11

Table A.16: A-JCC Huffman codebook AJCC_HCB_DRY_FINE_DF

Codebook name

AJCC_HCB_DRY FINE DF

Codebook length table

AJCC_HCB DRY FINE DF LEN

Codebook codeword table

AJCC_HCB_DRY_FINE_DF_CW

codebook _length

45

ch_off

22

Table A.17: A-JCC Huffman co

debook AJCC_HCB_DRY_COARSE_DT

Codebook name

AJCC_HCB_DRY COARSE DT

Codebook length table

AJCC_HCB_DRY COARSE DT LEN

Codebook codeword table

AJCC_HCB_DRY COARSE DT CW

codebook length

23

ch_off

11

Table A.18: A-JCC Huffman codebook AJCC_HCB_DRY_FINE_DT

Codebook name

AJCC_HCB_DRY_FINE_DT

Codebook length table

AJCC_HCB_DRY_FINE_DT_LEN

Codebook codeword table

AJCC_HCB DRY_FINE DT _CW

codebook_length

45

ch_off

22
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Table A.19: A-JCC Huffman codebook AJCC_HCB_WET_COARSE_FO0

Codebook name

AJCC_HCB WET COARSE _FO

Codebook length table

AJCC_HCB_WET_COARSE_FO_LEN

Codebook codeword table

AJCC_HCB WET COARSE FO CW

codebook_length

21

cb_off

0

Table A.20: A-JCC Huffman codebook AJCC_HCB_WET_FINE_FO

Codebook name

AJCC_HCB_WET FINE_FO

Codebook length table

AJCC_HCB WET FINE_FO LEN

Codebook codeword table

AJCC_HCB_WET_FINE_FO0_CW

codebook _length

41

ch_off

0

Table A.21: A-JCC Huffman codebook AJCC_HCB_WET_COARSE_DF

Codebook name

AJCC_HCB_WET_COARSE_DF

Codebook length table

AJCC_HCB_WET COARSE DF_LEN

Codebook codeword table

AJCC_HCB_WET COARSE DF CW

codebook length

41

ch_off

20

Table A.22: A-JCC Huffman codebook AJCC_HCB_WET_FINE_DF

Codebook name

AJCC_HCB_WET_FINE_DF

Codebook length table

AJCC_HCB_WET_FINE_DF_LEN

Codebook codeword table

AJCC_HCB WET FINE_DF CW

codebook_length

81

ch_off

40

Table A.23: A-JCC Huffman codebook AJCC_HCB_WET_COARSE_DT

Codebook name

AJCC_HCB WET COARSE DT

Codebook length table

AJCC _HCB WET COARSE DT LEN

Codebook codeword table

AJCC_HCB_WET_COARSE_DT_CW

codebook _length

41

ch_off

20

Table A.24: A-JCC Huffman codebook AJCC_HCB_WET_FINE_DT

Codebook name

AJCC_HCB_WET FINE DT

Codebook length table

AJCC_HCB_WET FINE DT LEN

Codebook codeword table

AJCC_HCB WET FINE DT CW

codebook length

81

ch_off

40
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A.2

A2.1

Coefficient tables

ISF coefficients

This clause specifies matrix coefficients to render | SF object audio essences into speaker feeds.

Table A.25 and table A.26 list the coefficient matrix identifiers from thets 103190 tables part2.cfile. Thefileis
located in the ts_10319002v010101p0.zip archive, which accompanies the present document.

Table A.25: ISF coefficient matrix identifiers in ts_103190_tables_part2.c (Table 1 of 2)

M.U.L.Z (in)

Channel mode (out)

2.X

5.X

5.x.2

5.x.4

7.X

3.1.0.0

SR3100 to 2

SR3100 to 50

SR3100 to_502

SR3100 to 504

SR3100 to_70

5.3.0.0

SR5300 to 2

SR5300_to_50

SR5300_to_502

SR5300_to_504

SR5300 to_70

7.3.0.0

SR7300 to 2

SR7300_to_50

SR7300_to_502

SR7300_to_504

SR7300_to_70

9.5.0.0

SR9500 to 2

SR9500 to_50

SR9500 to_502

SR9500 to 504

SR9500 to_70

7.5.3.0

SR7530 to 2

SR7530 to_50

SR7530 to_502

SR7530 to 504

SR7530 to_70

15.9.5.1

SR15951 to 2

SR15951 to_50

SR15951 to_502

SR15951 to_504

SR15951 to_70

Table A.26: ISF coefficient matrix identifiers in ts_103190_tables_part2.c (Table 2 of 2)

M.U.L.Z (in) Channel mode (out)
7.X.2 7.x.4 9.x 9.x.2 9.x.4
3.1.0.0 |SR3100 to 702 [SR3100 to 704 |SR3100 to 90 |SR3100 to 902 |SR3100 to 904

5.3.0.0

SR5300 to_702

SR5300 to_704

SR5300 to_90

SR5300 to_902

SR5300 to_904

7.3.0.0

SR7300 to_702

SR7300 to_704

SR7300 to_90

SR7300 to_902

SR7300 to_904

9.5.0.0

SR9500 to_702

SR9500 to_704

SR9500 to_90

SR9500 _to_902

SR9500 to_904

7.5.3.0

SR7530_to_702

SR7530 _to_704

SR7530_to_90

SR7530_to_902

SR7530_to_904

15.9.5.1

SR15951 to 702

SR15951 to 704

SR15951 to 90

SR15951 to_902

SR15951 to 904

A.3  Channel configurations

Table A.27 shows alist of audio loudspeaker names with corresponding indices and a mapping to AC-4 audio channel
layouts and channel group indices. The fields of this matrix indicate audio channelsincluded in the corresponding
channel layout as defined in see note 1 in table A.27 that are designated to the respective loudspeaker.

NOTE: Seeclause 3.4 for the format of configuration notation.
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Table A.27: Speaker layouts and speaker indices

Speaker Speaker Channel layouts Channel group
index name 5.X 7.X 5X.0 | 5.X.2 5.X.4 7.X.0 7.X.2 7.X4 | 9.X.0 [ 9.X.2 9.X4 |22.2 index
3/4/0 | 5/2/0 | 3/2/2
0 L Y Y Y Y Y Y Y Y Y Y Y Y Y Y 0
1 R Y Y Y Y Y Y Y Y Y Y Y Y Y Y
2 C Y Y Y Y S S S S S S S S S Y 1
3 Ls Y Y Y Y Y Y Y Y Y Y Y Y Y Y 2 (note 2)
4 Rs Y Y Y Y Y Y Y Y Y Y Y Y Y Y
5 Lb - Y - - - - - Ys Ys Ys S S S Y 3
6 Rb - Y - - - - - Ys Ys Ys S S S Y
7 THl - - - Y - - Y13 - - Y13 - - Y13 Y 4
8 Tfr - - - Y - - Y13 - - Y13 - - Y13 Y
9 Thl - - - - - - Y13 - - Y713 Y13 Y 5
10 Tbr - - - - - - Y3 - - Y713 - Y713 Y
11 LFE X X X X X X X X X X X X X Y 6
12 Tsl - - - - - YT11,2 - - YT11,2 - - Y112 - Y 7
13 Tsr - - - - - YT11,2 - - YT1,2 - - Y7112 - Y
14 reserved - - - - - - - - - - - - - - 8 (note 3)
15 reserved - - - - - - - - - - - - - -
16 Tfc - - - - - - - - - - - - - Y 9
17 Thc - - - - - - - - - - - - - Y 10
18 Tc - - - - - - - - - - - - - Y 11
19 LFE2 - - - - - - - - - - - - - Y 12
20 B - - - - - - - - - - - - - Y
21 Bfr - - - - - - - - - - - - - Y 13
22 Bfc - - - - - - - - - - - - - Y 14
23 Cb - - - - - - - - - - - - - Y 15
24 Lscr - - - - - - - - - - Y Y Y - 16
25 Rscr - - - - - - - - - - Y Y Y -
26 Lw - - Y - - - - - - - - - - Y
27 Rw - - Y - - - - - - - - - - Y 7

NOTE 1: Y = Speaker present in layout; Ys = Speaker present in layout (b_4_back_channel s_pr esent = true); YT1,2 = Speaker present in layout (t op_channel s_present =
{1,2}); Y13 = Speaker present in layout (t op_channel s_present = 3); S = Speaker present in layout but can be signalled as silent; X = Speaker present in layout only
if the channel configuration includes LFE.

NOTE 2: If channel group 3 is silent or not present, the azimuth angle of group 2 is 110 degrees, otherwise it is 90 degrees.

NOTE 3: This group is deprecated. If speaker indices of group 8 are signalled, they should be interpreted as the corresponding indices of group 7.

ETSI



215

ETSI TS 103 190-2 V1.3.1 (2025-07)

Table A.28 maps ch_modes with speaker layouts from table A.27. Additionally, this table provides referencesto ITU
channel names as defined in [i.1] the channel layouts are based on, including the respective speaker configuration
notation in the form of (upper+middle+bottom) speakers.

Table A.28: Speaker layouts, Channel Modes and ITU configurations for Sound System

Channel Layout ch_mode ITU configuration for Sound System, [i.1]
w/o LFE |with LFE

2.0 1 - A (0+2+0)

5.X 3 4 B (0+5+0)

7.X (3/410) 5 6 | (0+7+0)

7.X (5/2/0) 7 8 -

7.X (3/2/2) 9 10 C (2+5+0)

5.X.0

5.X.2

5.X.4

7X0 11 12 F (3+7+0)

7.X.2

7.X.4

9.X.0

9.X.2 13 14 G (4+9+0)

9.X.4

22.2 - 15 H (9+10+3)

A4

Speaker zones

Table A.29: Speaker zones

Speaker ITU configuration for Sound System
ITU SP Label | a(azimuth) [ A (0+2+0) |B-E (x+5+0) | F,J (x+7+0) | G (4+9+0) | H(9+10+3) | I(0+7+0)
M+000 0° Sc, P Sc, P Sc, P Sc, P Sc, P
M+SC, M-SC  [See note 1 Sc, P
M+030, M-030 |+30° Sc, Sy, P Sc, P Sc, P Sc, P Sc, P Sc, P
M+060, M-060 |+60° P
M+090, M-090 [+90° Si, Su Si, Su Si, Su Si, Su
M+110, M-110 (+110° B, Su
M+135, M-135 [+135° B, Su B, Su B, Su B, Su
M+180 180° B, Su
U+045, U-045 |+45° ) [3) p
NOTE 1: "SC"is located at the left and right edges of the display.
NOTE 2: B = back zone, Si = side zone, Su = surround zone, Sc = screen zone, P = proscenium zone. The centre-
back zone is a union of the back zone with the Centre speaker.

Table A.29 specifies an assignment for the horizontal and height speakers listed in [i.1] to zones (height speakers
belong to the height zone and do not influence assignment of speakersin the plane). For speaker pairs, the azimuth
angle is positive for the left speaker, and negative for the right speaker.

From the listed configuration, further configurations can be derived. ITU configurations for Sound System C through E
are equivalent to the one for Sound System B since only height speakers are added, F and J are equivalent because they
only differ in their height speakers. Layouts without the Centre speaker can be derived by substituting the Centre

speaker by Left and Right.
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The stereo configuration effectively defeats zone constraints; the back and side zones are empty, while all other zones
contain only the two speakers.

A5

Speaker Locations

Table A.30 lists approximate speaker positions for each channel, based on table A.27 and table A.29. Polar vector
angles are with regards to [i.1], while the cartesian coordinates can be used with systems such as CTA 3D Audio [i.g]
Speaker Location Descriptors. The azimuth angles in conjunction with the cartesian Z coordinates determine cylindrical
coordinate vectors.

Value definitions:

Azimuth: The azimuth angle expressed in degrees; positive values rotate to the left when facing the front.

X: Coordinate value normalized to the maximum distance along the X axis from the centre of the room. The X
axisis positive to the right of the centre.

Y : Coordinate value normalized to the maximum distance along the Y axis from the centre of the room. The Y
axisis positive from the centre going forward.

Z: Coordinate value normalized to the maximum distance along the Z axis from the centre of the room. The Z
axisis positive from the centre going up.

Table A.30: Speaker Locations (informative)

Speaker Polar Cartesian Note

Name Label [Azimuth | X Y Z
Left L +45° -1 +1 0
Right R -45° +1 |+l 0
Centre C 0° 0 +1 0

. +90° -1 |0 0 |7+.X.Xlayouts
Left Side/Surround LS [110° |1 |0.333 [0 [5.XX layouts
. . -90° +1 [0 0 |7+.X.Xlayouts

Right Side/Surround RS 1o [+1 [0333 [0 [5.XX Iay())/uts
Left Back Lb +135° -1 -1 0
Right Back Rb -135° +1 |1 0
Top Front Left THl +45° -0,5 |+0,5 +1
Top Front Right Tir -45° +0,5 |+0,5 +1
Top Back Left Thl +135° -0,5 |-0,5 +1
Top Back Right Tbr  |-135° +0,5 [-0,5 +1
Low-Frequency Effects |LFE |+45° -1 +1 -1
Top Side Left Tsl +90° -0,5 [0 +1
Top Side Right Tsr -90° +0,5 |0 +1
Top Front Centre Tfc 0° 0 +0,5 +1
Top back centre Thc [+180° 0 -0,5 +1
Top centre TC 0° 0 0 +1
Low-Frequency Effects 2 |LFE2 |-45° +1  |+1 -1
Bottom Front Left Bfl +45° -1 +1 -1
Bottom Front Right Bfr -45° +1  |+1 -1
Bottom Front Centre Bfc 0° 0 +1 -1
Back Centre Cb +180° 0 -1 0
Left Screen Lscr |+SC° -SC |+1 0 |Left edge of screen/display
Right Screen Rscr [-SC° +SC |+1 0 [Right edge of screen/display
Left Wide Lw +60° -1 |+0,667 (O
Right Wide Rw  |-60° +1 |+0,667 (O
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Annex B (informative):
AC-4 bit-rate calculation

For some systems, knowledge of the approximate audio bit rate is required.

For Constant Bit Rate (CBR) streams (signalled by awai t _f r anes value of 0) the bit rate can be calculated directly
from the frame sizes. (Because frame sizes may still vary by 1 byte, atime average of frame sizes will give a better
estimate of bit rate.)

For Average Bit Rate (ABR) streams, the following steps outline an algorithm that provides a high precision estimate of

the bit rate.

1)

Define an admissible sequence of length L as a sequence of | consecutive frames, where al of the following
conditions are fulfilled for 1 <i < L:

- frame_rat e_i ndex; = constant (the frame rate remains constant);
- sequence_count er Signals no source change (see ETSI TS 103 190-1 [1], clause 4.3.3.2.2);

- 1<wait_frames; <6 (the streamisan ABR stream).

NOTE: Hereand inthe following steps, pi denotes parameter p of framei, where0<i <L.

2)

3)
4)

5)

N' =

6)

7)

8)

9)

Find alength n + 2 admissible sequence where the br _codeo = br _coden+1 = 0b11 and br _code; # Ob11 for
O0<i<n+l

Determine the frame rate framerate,., from the constant f r ame_r at e_i ndex parameter of the sequence.

n br_code
F = 2 3
i=1

1
Fr=F x 2

Calculate correction factors:

and

Find alength n+1 admissible sequence with:

m+wait_frames, — wait_frames >3 if frame_rate idx € [0;9] or frame rate_idx = 13
m+2xwait_frames; — 2 x wait_frames_ > 6 if frame rate idx € [10;12]

Find raw frame sizes S in bytes by either reading them directly from the sync frame header (if available), or
otherwise deriving them by subtracting the transport overhead to arrive at the raw frame size as described in
table B.1.

Calculate the overall size of frames 1...m:
Srot = 8 X X S [bitg]
Calculate brmin and brmax:

o % x framerate,4[bps] if frame _rate idx € [0; 9] or frame_rate idx = 13
Fin =
™| 22 x framerates[bps] if frame rate_idx € [10; 12]
% x framerate,4[bps] if frame rate idx € [0; 9] or frame_rate idx = 13
Proex =1 s
e ST_"; x framerate,,[bps] if frame_rate idx € [10; 12]
Calculate:
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Ky = llng<102r(r)rEigps])J
K, =K;+1
10) Caculate four bit-rate estimates:
bri = F~ x 2Ki[kbps],i € {1; 2}
and
bri = F* x 2Ki[kbps],i € {1; 2}
11) Find theindex opt for which
bropt < brimax A brog = brip
12) Cadculate Rmin and Rmax:
Runin = max (brope b in ) [Kbps]
and

Rinax = min(bropy brina ) [Kbps]

13) Determine the framing overhead bit rate B in kbps. If the ac4_syncf r ame format is used, then B=OHgnce X

framerate,., X ﬁ [kbps], where OHgncr is determined from table B.1.

Table B.1: Overhead for different flavours of the sync frame transport format

sync_word [frame_si ze [bits] Overhead OHsyncr [bytes]
AC40 16 Sync word, length word 4
AC40 24 Sync word, length word 7
ACA1 16 Sync word, length word, CRC |6
ACA1 24 Sync word, length word, CRC |9

The stream bit rate liesin the interval:

[Rmin + B’ Rypay + B][kbpS]
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Annex C (normative):
AC-4 Sync Frame

ETSI TS 103 190-1 [1], Annex G defines a sync frame format and matching media type for AC-4. The AC-4 sync
frame is an optional bitstream layer for encapsulating AC-4 raw frames.

If a bitstream complying with the present document is encapsulated in the AC-4 sync frame format, the provisions of
[1], Annex G apply.

Frameworks that require a MIME type to signal specific stream properties may further qualify the payload.

EXAMPLE: audi o/ ac4; version=02. 01. 03 can signa an AC-4 sync frame stream with
present ation_versi on=1, bi t st ream ver si on=1 and nd_conpat =3.
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Annex D (normative):
AC-4 in MPEG-2 transport streams

D.1 Introduction

This appendix contains the elementary information for the integration of AC-4 coded bitstreams in MPEG-2 transport
streams. The AC-4 elementary bitstream isincluded in an MPEG-2 transport stream using packetized elementary
stream (PES) packetization and therefore carried in much the same way an MPEG-1 audio stream would be included.
AC-4 specific signalling is used to distinguish AC-4 from an MPEG audio stream so that streams can be routed to the
correct decoder.

The next clause specifies how AC-4 is carried in an MPEG-2 transport stream and outlines the constraints that need to
be taken into account when creating MPEG-2 transport streams that include AC-4. It specifically includes:

. properties of the elementary stream (clause D.2.1);
. properties of the packetized elementary stream (clause D.2.2);
e  AC-4sdignaling on service information level (clause D.2.3); and

. input buffer size for decoders (clause D.2.4).

D.2  Constraints on carrying AC-4 in MPEG2 transport
streams

D.2.1 Audio elementary stream

When AC-4 is multiplexed into an MPEG-2 transport stream, the AC-4 stream shall be formatted using the AC-4 sync
frame format as specified in ETSI TS 103 190-1 [1], Annex G.

D.2.2 PES packaging

e  Thevalueof stream. i d inthe PES header shall be OxBD (indicating pri vat e_st ream 1). Multiple AC-4
streams may share the same value of st ream i d Since each stream is carried using a unique PID value.

. The AC-4 elementary stream shall be byte-aligned within the packetized elementary stream (PES) packet
payload. Thefirst byte of an AC-4 frame shall reside in the first byte of the PES packet payload.

. One or more AC-4 frames can be packaged into one PES packet.

D.2.3 Service information signalling
. AC-4 content isidentified by an AC-4 specific descriptor in the Program Map Table (PMT) descriptor loop
following the ES_i nf o_I engt h field. The signalling should use an AC-4 specific descriptor defined by
application standards.

. Stream_type: the value of st ream t ype for an AC-4 elementary stream shall be set to 0x06 (indicating PES
packets containing private data).

D.2.4 T-STD audio buffer size

The main audio buffer size BS, shall have a fixed value of 131 072 bytes.
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Annex E (normative):
AC-4 bitstream storage in the ISO base media file format

E.1 Introduction

This annex defines the necessary structures for the integration of AC-4 coded bitstreamsin afile format that is
compliant with the |SO Base Media File Format [3]. Examples of file formats that are derived from the SO Base Media
File Format include the MP4 file format 1 SO/IEC 14496-14 [i.9] and the 3" Generation Partnership Project (3GPP) file
format ETSI TS 126 244 [i.10].

This annex additionally covers:

e thestepsrequired to properly packetize an AC-4 bitstream for multiplexing and storage in a DASH compliant
I SO base mediafile format file; and

. the steps required to demultiplex an AC-4 bitstream from a DASH compliant 1 SO base mediafile format
format file; and

e  definition of the Multipurpose Internet Mail Extensions (MIME) codecs parameter.

The Box syntax definitions in the subsequent sections shall inherit the | SO base mediafile format provisions as
specified in [3]. Thisincludes the object definition for Box and Ful | Box from section 4.2.2, the Audi oSanpl eEntry in
section 12.2.3 as well as the object syntax conventions in section 4.2.1 for the data types used in the semantics
descriptions.

E.2 AC-4 track definition

In the terminology of the | SO base mediafile format specification [3], AC-4 tracks are audio tracks. It therefore follows
that these rules apply to the media box in the AC-4 tracks.

. In the Handler Reference Box, the handl er _t ype field shall be set to soun.
° The Media Information Header Box shall contain a Sound Media Header Box.

. The Sample Description Box shall contain a box derived from AudioSampleEntry. This box is called
AcaSanpl eEnt ry and isdefined in clause E.4.

Thevalue of theti mescal e parameter in the Media Header Box (mdhd), referred to as mediatime scale, depends on
frame_rate and base_samp_freq. The mediatime scale shall be set according to table E.1.

NOTE: For the definition of samples, see clause E.3.

The value of the language parameter in the Media Header Box (ndhd) declares the language of the AC-4 audio track.
For single-language AC-4 tracks, the value of this field should contain the ISO 639-2/T [i.7] equivalent of the language
taginl anguage_t ag_byt es in the AC4Sanpl eEnt ry. If the AC-4 track contains multiple presentations in different
languages, the language field should contain 'mul .

The Sample Table Box (st bl ) of an AC-4 audio track shall contain a Sync Sample Box (st ss), unless all samples are
sync samples. The Sync Sample Box shall reference all sync samples part of that track. For Movie Fragments this
corresponds to sample_is non_sync_sample = false. The sequence_count er of the first sample should be set to zero.
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Table E.1: Timescale for Media Header Box

base_samp_freq [frane_rate_index frame_rate Media time sanpl e_del ta
[kHz] [fps] scale [units of media time
[1/sec] scale]
0 (23,976 48 000 2 002
1124 48 000 2 000
2 |25 48 000 1920
240 000 8 008
3 |29,97 (see note 1) 48000 | 1601, 1602 (see note 2)
4 (30 48 000 1 600
5 (47,95 48 000 1001
6 |48 48 000 1 000
7 |50 48 000 960
48 8 [59,94 240 000 4 004
9 |60 48 000 800
10 |100 48 000 480
11 |119,88 240 000 2 002
12 [120 48 000 400
13 [(23,44) 48 000 2048
14 [Reserved
15 |Reserved
0...12 |Reserved
44,1 13 [(21,53) 44 100 2048
14, 15 |Reserved
NOTE 1: There are two possible choices for the media time scale.
NOTE 2: The sanpl e_del t a value is non-constant and it changes between the two specified values.

E.3 AC-4 sample definition

For the purpose of carrying AC-4 in the | SO base media file format, an AC-4 sample corresponds to one
raw_ac4_frame(), asdefined in ETSI TS 103 190-1 [1], clause 4.2.1.

Sync samples are defined as samplesthat havetheb_i frame_gl obal flag setintheac4_t oc() . AC-4 sync samples are
marked as specified in clause E.2. Each AC-4 sync sample is arandom access point and stream access point.

The first sample of an AC-4 segment or fragment shall be an AC-4 sync sample.

NOTE: A segment or fragment may contain multiple sync samples.

E.4 AC4SampleEntry Box
Definition

Table E.2: Definition of AC4SampleEntry

Box Type: | ac-4

Container: |Sample Description Box (' stsd')
Mandatory: |Yes

Quantity:  [Exactly one

The Ac4Sanpl eEnt ry shall contain an AC4Speci fi cBox, as defined in clause E.5.
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The following optional boxes inherited from AudioSampleEntry from | SO/IEC 14496-12 [3] should not be present:

. DownMixInstructions()

. DRCCoefficientsBasic()

. DRClnstructionsBasic()

. DRCCoefficientsUniDRC()

. DRClnstructionsUniDRC()

Syntax

Pseudocode E.1: Syntax of AC4SampleEntry()

al i gned(8) class ACASanpl eEntry extends Audi oSanpl eEntry(‘ac-4") {
ACASpeci fi cBox();
/1 we permit any nunber of ACAPresentationLabel boxes:
ACAPr esent ati onLabel Box() [];
Box () [1; /'l further boxes as needed

Semantics

The layout of the AC4Sanpl eEnt ry box isidentical to that of Audi oSanpl eEnt ry defined in ISO/IEC 14496-12 [3],
clause 12.2.3 (including the reserved fields and their values), except that Ac4Sanpl eEnt ry additionally contains AC-4
specific boxes at the end, i.e. AC-4 bitstream information called Ac4Speci fi cBox and, optionally, one or more

ACAPr esent at i onLabel Box. The AC4Speci fi cBox field structure for AC-4 isdefined in clause E.5 and the

ACAPr esent at i onLabel Box field structure is defined in clause E.5a.

Additional AC-4 specific requirements on the elementsin the Audi oSanpl eEnt ry are provided in table E.3.

Table E.3: AC-4 specific requirements on the elements in AC4SampleEntry box

Element Data Type |On decoding, the On encoding, the value
value indicates
Box. si ze unsigned [the size of the See note
int(32) sanpl eEnt ry box
Box. type unsigned  |N/A shall be set to 0x61632D34 (‘ac- 4")
int(32)
Sanpl eEntry. data_r ef erence_i ndex |unsigned N/A See note
int(16)
Audi oSanpl eEnt ry. channel count unsigned |shall be ignored should be set to the total number of audio
int(16) output channels of the first presentation of
that track; see NOTE
Audi oSanpl eEntry. sanpl esi ze unsigned  |N/A shall be set to 16
int(16)
Audi oSanpl eEntry. sanpl i ngrate unsigned |shall be ignored should be set to the base sampling
int(32) frequency of the track, as indicated by
ac4_toc/fs_index; see note
NOTE: set according to the Sample Entry definition in ISO/IEC 14496-12 [3], clause 12.2.3.
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E.5 AC4SpecificBox

Definition

Table E.4: Definition of AC4SpecificBox()

Box Type: | dac4'

Container: |AC4SampleEntry Box (* ac-4')
Mandatory: |Yes

Quantity: |Exactly one

The AC4Speci fi cBox shall contain an ac4_dsi _vi() datastructure as specified in clause E.6.1.

Syntax

Pseudocode E.2: Syntax of AC4SpecificBox()

al i gned(8) class AC4ASpecificBox extends Box('dac4’) {
bit(8)[] ac4_dsi_v1(); // to end of the box
}

Semantics
Table E.5: Element description for AC4SpecificBox
Element Data Type On decoding, the value indicates On encoding, the value
Box. si ze unsigned int(32) |the size of the box shall be specified by [3]
Box. type unsigned int(32) |N/A shall contain the value 0x64616334 (‘dac4’).
ac4_dsi _v1() |bit(8)[] see clause E.6.1 see clause E.6.1

E.5a AC4 Presentation Label Box

Definition

Table E.5a: Definition of AC4PresentationLabelBox()

Box Type: | |ac#4

Container: |AC4SampleEntry Box (' ac-4')
Mandatory: |No

Quantity: [Zero or more

The AC-4 Presentation Label Box provides labels that can be used in a user interface to guide user-driven presentation
selection.

The AC4Pr esent at i onLabel Box may Occur zero or more times after AC4Sanpl eEnt r yBox/ AC4Speci fi cBox. If there are
multiple occurrences of the AC-4 Presentation Label Box, then they shall each have adifferent | anguage_t ag.
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Pseudocode E.2a: Syntax of AC4PresentationLabelBox()

al i gned(8) class ACAPresent ati onLabel Box extends Ful | Box(‘lac4’,

unsi gned int(16) num presentation_| abels;
utf8string | anguage_t ag;

for (i=0; i

< num presentati on_| abel s;

i++) {

unsi gned int(16) presentation_id;

utf8string presentation_| abel;

version = 0, 0) {

}
}
Semantics
Table E.5b: Element Description for AC4PresentationLabelBox
Element Data Type |On decoding, the value indicates On encoding, the value

Box.size unsigned the size of the See note 1
int(32) ACAPr esent at i onLabel box

Box.type unsigned N/A shall be set to 0x6C616334 (‘lac4’)
int(32)

FullBox.version unsigned N/A shall be set to 0
int(8)

FullBox.flags bit(24) N/A shall be set to 0

num presentation_| abel s |unsigned the number of presentation labels |shall be set to the number of
int(16) contained in the presentation labels that are included

ACAPr esent at i onLabel Box in this box.

I anguage_t ag null- the language of all labels in the shall be specified as in IETF
terminated |containing BCP 47 [7], encoded as a null-
string using |ACAPr esent at i onLabel Box. For terminated UTF-8 string. If no
UTF-8 different display languages, language tag is provided, the
characters  |multiple AC-4 Presentation Label |terminating null-byte shall be written.

Boxes shall be used.
presentation_id unsigned indicates the matching shall be set to the presentation_id
int(16) presentation in ac4_dsi _v1() fora |or ext ended_presentation_i d of the
label. presentation in the ac4_t oc() that the
See note 2 following pr esent ati on_| abel
corresponds to.

presentation_| abel null- a textual label for a presentation shall be stored as a null-terminated
terminated UTF-8-encoded string containing a
string using textual label for the matching
UTF-8 presentation. On writing, the string
characters shall be terminated with a null-byte,

even when the label is empty.

NOTE 1: set according to the Sample Entry definition in ISO/IEC 14496-12 [3], clause 12.2.3.

NOTE 2: The value does not exceed 511 as it is limited by the maximum possible number in

ac4_presentation_ vl dsi/extended_presentation_id.

See dlso clause E.10.2.

E.6

ac4d dsi vl

E.6.1 Syntax and Semantics

Theac4_dsi _vi() structure summarizesthe content of all samples referenced by Ac4Sanpl eEnt ry containing the DS,
with elements alighed and sized such that parsing the information involves less bit operations. This information may be
used to populate manifest files.

On decoding, if theac4_dsi _vi1() structureisavailable to the decoder, it shall be used for presentation selection. In this
case, selection criteriashall be only applied to the information intheac4_dsi _v1() and its substructures.
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On encoding, there are certain constraints placed on the valuesin theac4_dsi _v1() and its substructures, as further
detailed in the rest of the present Annex.

Insidetheac4_dsi _vi() structure, presentations are represented in an array of ac4_presentati on_vi_dsi () €elements.
The number and order of presentationsintheac4_dsi _vi() structure need not be the ssmeasintheac4_toc(); infact,
both structures may contain a different number of presentations. Therefore, to identify a presentation inthe ac4_t oc(),
a decoder shall match a presentation selected through itsac4_present ati on_v1_dsi () element to a presentation in the
ac4_t oc() asspecified in table E.11; the decoder shall decode the matching presentation.

NOTE 1: Inthe following, the "matching presentation” is the presentation contained in theac4_t oc() that matches
as specified inpresentati on_i d. Seetable E.11.

On encoding, each ac4_presentation_v1_dsi () should match one presentation.

NOTE 2: Therefore, entriesintheac4_dsi _vi() element apply to all samplesthat reference the Ac4Sanpl eEnt ry
containing the DSI. No configuration change can occur inside an Ac4Sanpl eEntry.

Syntax No of bits
ac4d_dsi_vi()
ACA_dSi _VEIrSIi ON; ..o 3
DIt St aAM Ve Si 0N ..o e 7
B S i NAEX, oot e 1
frame_rat @ I NAEX; . .. 4
N PrESENt Al i 0N, . .ottt e 9
if (bitstreamversion > 1) {
D I Ogr am i d; . 1
if (b_programid) {
ShOrt _program i d; ... .. 16
D UUI ;oo e 1
if (b_uuid) {
Program UUI d; ... e e e 16*8
}
}
ac4_bitrate_dsi();
DYt @l i N . 0.7
for (i =0; i < n_presentations; i++) {
PreSEeNt ati ON VeI Si ON; ..ttt et e e e e 8
P S DYt S 8
if (pres_bytes == 255) {
add_pres byt S ..o 16

pres_bytes += add_pres_bytes;

if (presentation_version == 0) {
presentati on_bytes = ac4_presentation_v0_dsi();

el se {
if (presentation_version == 1) {
presentati on_bytes = ac4_presentati on_v1_dsi (pres_bytes);

el se {
presentati on_bytes = 0;
}
}
ski p_bytes = pres_bytes - presentation_bytes;
SKi p_area; . ... ski p_bytes*8
}

}

NOTE:  The number of bits in byt e_al i gn pads the number of bits, counted from the start of ac4_dsi _vitoa
multiple of 8.
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Table E.6: Element description for ac4_dsi_v1() Elements

Element Data On decoding, the value indicates On encoding, the value
Type
ac4_dsi _version uimsbf |the version of the decoder-specific information (DSI). If shall be written equal to 1
the ac4_dsi _versi on field is set to a value greater than  |see note
1, decoders conforming to the present document shall
discontinue parsing and skip the rest of the box.
bi t stream version uimsbf |the version of the bitstream should be copied from ac4_t oc/ bi t st ream ver si on
frame_rate_i ndex uimsbf |the frame rate index as specified in ETSI should be copied from ac4_toc/frame_rate i ndex
TS 103 190-1 [1], clause 4.3.3.2.6
n_presentations uimsbf |the number of presentations available for selection should be copied from ac4_t oc/ n_pr esent ati ons
short_program.id uimsbf |a locally unique program ID should be copied from ac4_t oc/ short _program.id
progr am uui d uimsbf |a globally unique audio program ID should be copied from ac4_t oc/ pr ogr am uui d
presentation_version uimsbf |the presentation version as specified in ETSI should be copied from ac4_present ati on_i nf o/ present ati on_ver si on
TS 103 190-1 [1], clause 4.3.3.4. or ac4_presentation_vl_info/presentation_version, whichever is
present in the ac4_t oc()
pres_bytes uimsbf |the length, in bytes, of the adjacent per-audio is set to the length, in bytes, of the following presentation information

presentation information section

section, including the ski p_ar ea.

ac4_presentati on_v0_dsi ()

structure representing system-level information of a
presentation with present ati on_versi on setto 0 as
specified in ETSI TS 103 190-1 [1], clause E.4a

NOTE:

For ac4_dsi _version =0, see ETSI TS 103 190-1 [1], clause E.4.
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E.7

ac4 bitrate_dsi

E.7.1 Syntax and Semantics

This structure provides information on the bit rate of an AC-4 stream or of individua presentations of an AC-4 stream.

Syntax No of bits
acd_bitrate_dsi ()
DIt At @ MDA, . .. 2
oI S - 1 = 32
DIt rat @ PreCi Si 0N, . oo 32
}

Table E.7: Detailed Description for ac4_bitrate_dsi()

control mode is specified by table E.8.

Element Data On decoding, the value indicates On encoding, the value
Type
bit _rate_node uimsbf |the bit rate control algorithm. The depends on wai t _franes inthe ac4_t oc() . If

wai t _franmes=0 in the ac4_t oc() of all
samples referring to this sample entry, set the
bit_rate_node to 1. If in the ac4_t oc() of all
samples referring to this sample entry,

1=swait _franmes<6, setthe bit_rate_node to
2. For all other cases set the bit _rate_node
to 3.

bit_rate

uimsbf

the bit rate in bits/second. A value of O
means that the bit rate is unknown.

should be chosen according to Ry, <
bit_rate < Ryax as specified in annex B.

bit_rate_precision

uimsbf

the precision of bit _rate in
bits/second.
This parameter means that the true bit

shall be written such that bit_rate —
bit_rate_precision < Ry, and Ryay <
bit_rate + bit_rate_precision.

rate is in the range [bit _rate -
bit_rate_precision,bit_rate +

bi t _rat e_preci si on]. The special
value OxFFFFFFFF indicates that the
precision is unknown.

Table E.8: bit_rate_mode values

bit_rate_node Meaning

Bit-rate mode not specified
Constant bit rate

Average bit rate

Variable bit rate

WIN |~ |O

E.8 ac4 presentation_vO_dsi

E.8.1

Theac4_presentation_v0_dsi () structure represents system-level information of a presentation contained in the
sample entry.

Introduction

The syntax isdefined in ETSI TS 103 190-1 [1].

The current specification defines syntactic elements originally reserved in ETSI TS 103 190-1 [1] with a different
naming asindicated in table E.9:
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Table E.9: Element mapping for ac4_presentation_v0_dsi()

Element name in this specification

Element name in ETSI TS 103 190-1 [1]

presentati on_v0 _channel _groups[]

reserved_zero_channel _mask

E.8.2 Semantics

Table E.10: Element description for ac4_presentation_v0_dsi()

Element Data | On decoding, On encoding, the value
Type the value
indicates
presentation_vO_channel _groups[] |bool[] |indicates which  |conforming to the pseudo-code in clause E.10.3

audio channel
groups are active

each Boolean in this array shall indicate whether
the corresponding audio channel group is present in

in the the original content. The audio channel groups are
presentation shown in table A.27 and the right column shows the
corresponding to |index that maps to the

table A.27 present ation_v0_channel _groups[] array, where

the first sent element of the array indicates the
channel group with index 17 (Lw and Right Wide
(Rw))

E.9 Void

E.10 ac4 presentation_v1 dsi

E.10.0

Theac4_presentation_vi_dsi() structure represents system-level information of a presentation contained in the
sample entry.

Introduction

E.10.1 Syntax

Syntax No of bits
ac4_presentation_vl_dsi (pres_bytes)
{
presentati ON_CONfi g Vi .. ... 5
if (presentation_config_vl == 0x06) {
b_add_endf _substreans = 1;
}
el se {
Lo o0 140 - 3
Do present ati ON i d; ... 1
if (b_presentation_id) {
Present ati ON_i d; .. ... 5
}
dsi_frame_rate _nmul tiply i nfo; ... e 2
dsi_frame_rate fracti on_info; ... ... .. 2
presentati on_enmf _VerSi ON; ... ... 5
presentati ON_Key i d; .. ... 10

b_presentation_channel _coded; . ... ... ... ... 1
if (b_presentation_channel _coded) {

dsi_presentati On_Ch _mDAe; ... ... i 5
if (dsi_presentation_channel _node in [11, 12, 13, 14]) {
pres_b_4 back_channel s_present; . ... ... ... 1
Pres_top_Channel _Pai S, . ... 2
}
[=TSY =] V=0 =T o 6
presentati on_vil_channel _groupsS[]; - .. it 18
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Syntax No of bits
b_presentation_core_di ffers; . ... 1
if (b_presentation_core_differs) {

b_presentation_core_channel _coded; ... ... ... ... 1
if (b_presentation_core_channel _coded) {
dsi_presentation_channel _mDde_COre; . ... ... ... .. 2
}
Dopresent ati ON_fil ter; ... 1
if (b_presentation_filter) {
b_enabl e_present ati On; ... ... 1
N f i Ol DYt B8, . 8
for (i =0; i <n_filter_bytes; i++) {
Filter dat a; ... 8
}

if (presentation_config vl == Ox1f) {
ac4_substream group_dsi();

el se {
o 00 1 | G T . 1
if (presentation_config vl in [0, 1, 2]) {
ac4_substream group_dsi ();
ac4_substream group_dsi ();
}
if (presentation_config_ vl in [3, 4]) {
ac4_substream group_dsi ();
ac4_substream group_dsi ();
ac4_substream group_dsi ();

}
if (presentation_config_vl == 5) {
N_SUDStream groUPS_IM NUS2; . . ..ttt et e e e e e e e e e e e e e e e e e e 3
n_substream groups = n_substream groups_m nus2 + 2;
for (sg = 0; sg < n_substream groups; sg++) {
ac4_substream group_dsi();
}
}
if (presentation_config_vl > 5) {
N SKI P Yt B8, oo 7
for (i = 0; i < n_skip_bytes; i++) {
SKI P At @) . . 8
}
}
}
bopre_virtuali zed; ... ... 1
b_add_entdf _sUbStreams; ... ... 1
}
if (b_add_endf_substreans) {
Nn_add_endf _SUDSt I amB; ... .. e 7
for (j =0; j < n_add_endf _substreans; j++) {
substream emdf _Ver Si ON; ... ... 5
SUDStream KeY 1 0, ... 10
}
}
b_presentation_bitrate i Nfo; ... ... e 1

if (b_presentation_bitrate_info) {
acd_bitrate_dsi();

DAl ter Nat i Ve, . 1
if (b_alternative) {
DYt @ Al iGN, . 0.7
al ternative_info();
}
DYt @ Al iGN, . e 0.7
if (bits_read() <= (pres_bytes - 1) * 8) {
e i NAi Cat OF ;..o e e 1
imrersive_audi 0_i NAi Cat O ; .. ... 1
L= TSY =T = o 4
b_extended_presentati On i d; .. ... ... 1
if (b_extended_presentation_id) {
extended_presentati ONn_i d; . ... ... 9
}
el se {
[T = 2= 1
}
}

}
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Syntax No of bits

NOTE:  The number of bits in byt e_al i gn pads the number of bits, counted from the start of
ac4_presentation_vl_dsi () to a multiple of 8.
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Table E.11: Element description for ac4_presentation_v1_dsi()

Element Data On decoding, the value indicates On encoding, the value
Type
presentation_config_vl uimsbf |the number and types of substream groups shall be set to
inside the presentation e the value of presentati on_confi g read from the respective
ac4_presentation_vl_info() element, if
b_si ngl e_substream group =0, or
e Ox1F, otherwise.
nmd_conpat uimsbf |the decoder compatibility as described in ETSI shall be written equal to ac4_present ati on_v1_dsi/ nd_conpat
TS 103 190-1 [1], clause 4.3.3.3.8.
b_presentation_id bool  |whether the presentation carries a shall be written equal to
presentation_i d that uniquely identifies a ac4_toc/ac4_presentation_vl_info/b_presentation_id
presentation in a table of contents
presentation_id uimsbf |a presentation carried in shall be identical, to match a presentation in
ac4_toc/ac4_presentation_vl_info(). The ac4_dsi _v1/ac4_presentation_vl_dsi () toa presentation in
present ation_i d shall be overridden by the ac4_toc/ac4_presentation_vl_info()
value of ext ended_presentation_id, if
ac4_dsi _vi1/extended presentation_idis
present in the bitstream.
dsi _frame_rate_multiply_info uimsbf |frame_rate_mul tiply_i nfo as described in shall correspond to the respective value read from the
ETSI TS 103 190-1 [1], clause 4.3.3.5 ac4_presentation_vl_info() element as shown in table E.12
dsi _frame_rate_fractions_info uimsbf |the frame_rate_fractions_info as described |shall correspond to the respective value read from the
in clause 6.3.2.4 ac4_presentation_vl info() elementas shown intable E.13
presentation_enmdf _version uimsbf |the Extensible Metadata Delivery Format (EMDF) |[shall be the same as the respective endf _ver si on value read from the
syntax version as described in ETSI emdf _i nf o() field in the ac4_presentati on_vi1_info()
TS 103 190-1 [1], clause 4.3.3.6.1
presentation_key_id uimsbf [the authentication ID as described in ETSI shall be the same as the respective key i d value read from the
TS 103 190-1 [1], clause 4.3.3.6.2 emdf _i nfo() field in the ac4_presentati on_vi1_info()
b_presentation_channel _coded bool [that the presentation is channel coded shall be false if the pres_ch_mode is determined as -1, according to
pseudocode 25
dsi _presentation_ch_node uimsbf |the presentation channel mode shall equal the value of the pres_ch_mode determined according to
pseudocode 25, for the case when it is different from -1
pres_b_4_back_channel s_present bool  [the presence of non-silent signals in four versus [shall equal the value of b_pres_4 back channels_present as described
two back channels in clause 6.3.3.1.29
pres_top_channel _pairs uimsbf |the presence of a non-silent signal pair in the four [shall equal the value of pres_t op_channel _pai r s as described in

top channels

clause 6.3.3.1.30
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Element Data On decoding, the value indicates On encoding, the value
Type
presentation_vl_channel _groups]] bool[] |which audio channel groups are active in the conforming to the pseudo-code in clause E.10.3 each Boolean in this
presentation corresponding to table A.27 array shall indicate whether the corresponding audio channel group is
present in the original content. The audio channel groups are shown in
table A.27 and the right column shows the index that maps to the
presentation_vl_channel _groups[] array, where the first sent element
of the array indicates the channel group with index 17 (Lw and Rw).
b_presentation_core_differs bool  [the presentation allows core decode or full shall be set to true if the pres_ch_mode_core according to pseudocode
decode 26 has a value of -1; or in any ac4_subst ream group_i nfo() of the
presentation: b_channel _coded is false and b_aj oc is true. Otherwise,
this value shall be set to false.
b_presentation_core_channel _coded |bool |whether the core decoding mode of an shall be set to false if the pres_ch_npde_cor e is determined as -1,
presentation is channel coded according to pseudocode 26
dsi _presentation_channel _node_core [uimsbf |the channel mode of the core decoding mode of [shall be written as specified in table E.14, where pres_ch_mode_core is
an presentation determined according to pseudocode 26
b_presentation_filter bool whether presentation filter data is available for shall be the same as the value of b_presentation_filter inthe
the presentation respective ac4_presentation_vl_info() element
b_enabl e_presentation bool  |whether an presentation is enabled for playback |shall be the same as the value of b_enabl e_present ati on in the
respective ac4_presentation_vl_ info() element
n_filter_bytes uimsbf [the length of the following data field for filter data |should be written as 0
filter_data uimsbf [filter data. Decoders implemented according to this data is reserved and should be written as a sequence of 0x00
the present document shall parse the data but
ignore its contents.
b_mul ti _pid bool  |whether the presentation is split over more than |shall be the same as the respective value read from the b_rmul ti _pid
one AC-4 elementary stream, i.e. that the field in the ac4_presentati on_vi1_i nfo() element
substreams of some substream groups might not
be stored in the bitstream.
n_substream gr oups_mni nus2 uimsbf |the number of substream groups minus 2 for shall be the same as the respective n_substream_groups value for
presentation_config vi=5 presentation_config=>5inthe ac4 presentation_vl info() element
b_pre_virtualized bool  |pre-rendering as described in ETSI shall be the same as the respective value read from the
TS 103 190-1 [1], clause 4.3.3.3.5 ac4_presentation_ vl info() element
b_add_endf _substreans bool  |whether additional extensible metadata delivery  |shall be the same as the respective value read from the
format (EMDF) containers are present, as ac4_presentation_vl_info() element
described in ETSI TS 103 190-1 [1],
clause 4.3.3.3.6
substream emdf _versi on uimsbf [the EMDF syntax version as described in ETSI shall be the same as the respective endf _ver si on value read from the
TS 103 190-1 [1], clause 4.3.3.6.1 emdf _i nfo() field in the n_add_endf _subst reans() loop in the
ac4_presentation_vl info() element
substream key_i d uimsbf |the authentication ID as described in ETSI shall be the same as the respective key_i d value read from the

TS 103 190-1 [1], clause 4.3.3.6.2

emdf _i nf o() field in the n_add_endf _subst reans() loop in the
ac4_presentation_vl_info() element
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Element Data On decoding, the value indicates On encoding, the value
Type
b_presentation_bitrate_info bool |the presence of an ac4_bitrate_dsi () element |shall be setto true if b_bitrate_i nfo is set to true in all
ac4_substream i nfo_chan(), ac_substream i nf o_aj oc() and
ac4_substream i nf o_obj () contributing to the presentation.
The values in the following ac4_bi trat e_dsi () element shall be
calculated as described in clause E.7.1, considering only those
substreams contributing to the presentation.
de_i ndi cat or bool whether the audio presentation provides dialogue |shall be set to true if the presentation enables dialogue enhancement, i.e.
enhancement. at least one substream contributing to the presentation has at least one
of the flags b_de_dat a_pr esent or b_di al og_nmax_gai n set to true.
i mrer si ve_audi o_i ndi cat or bool  |whether this presentation contains immersive shall be the same as the respective i mer si ve_audi o_i ndi cat or value
audio. This indicator has no effect on decoding read from the ac4_present ati on_substrean() element.
and is purely informative.
b_ext ended_presentation_id bool  |whether an ext ended_present ation_i d element |shall be set to true if the value of the present ati on_i d is 32 or greater,
is present to enable coding it as ext ended_pr esent ati on_i d.
extended_presentation_id uimsbf |an ext ended_present ati on_i d that overrides shall be set to the present ati on_i d value of the corresponding

the present ati on_i d of this presentation.
see note

presentation_i nfo() inthe ac4_toc() if enabled by

b_ext ended_presentation_id.

NOTE:

ext ended_pr esent at i on_i d offers the possibility of transmitting pr esent ati on_i d values larger than 31.
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Table E.12: Determining dsi_frame_rate_multiply_info for v1

frame_rate_index |b_multiplier |multiplier_bit |dsi_frame_rate_multiply_info
0 X 00

2,3,4 1 0 01
1 1 10
0 X 00

0,1,7,8,9 1 X o1

5, 6,10, 11, 12, 13 |X X 00

Table E.13: AC-4 substream decoder-specific information v1

frame rate _index |b_frame rate fraction |b_frame rate fraction is_4 |dsi frame rate fractions_info
False X 00

10,11,12 True False 01
True True 10
False X 00

56,789 True X 01

0,1,2,3,4,13 X X 00

Table E.14: Determining dsi_presentation_channel_mode_core

pres_ch_node_core [dsi_presentati on_channel _node_core |Presentation core channel mode
3 0 5.0

4 1 5.1

5 2 5.0.2 core

6 3 5.1.2 core

E.10.3 Presentation channel groups

The value for the elements of the present ati on_v1_channel _groups[] array, and
presentation_v0_channel _groups[] respectively, shall be derived from pres_ch_node, pres_t op_channel _pairs,
b_pres_centre_present andb_pres_4_back_channel s_present asshown in pseudocode E.3.

Pseudocode E.3: presentation_channel_groups

presentation_vl_channel _groups[0...17]

if (pres_ch_npd == 15)
{

presentation_vl_channel _groups[17]
presentation_vl_channel _groups[15]
presentation_vl_channel _groups[ 14]
presentation_vl_channel _groups[ 13]
presentation_vl_channel _groups[12]
presentation_vl_channel _groups[11]
presentation_vl_channel _groups[ 10]

L I A A B 1
RPRRPRRPER

presentation_vl_channel _groups[9] = 1; /

}

if (pres_ch_nmod = 11)

if (pres_top_channel _pairs == 1)
presentation_vl_channel _groups[7] = 1;

if (pres_top_channel _pairs == 2)

{
presentation_vl_channel _groups[4] = 1;
presentation_vl_channel _groups[5] = 1;

}

if (b_pres_4_back_channel s_present)
presentation_vl_channel _groups[3] = 1;

1l
$

/'l Lw Rw
/1l Cb

/'l Bfc

/1 Bfl Bfr
/1 LFE2
/Il Tc

/'l Thbc

| Tfc

/1 Tsl Tsr

[ TEL Tfr
/1 Tbl Tbr

/1 Lb Rb
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if (b_pres_centre_present)
presentation_vl channel groups[2] =1; // C
}

if (2 < pres_ch_npde < 10)
if (pres_ch_npbde > 3)

presentation_vl_channel _groups[2] = 1; // Ls Rs

if (pres_ch_mode in [5; 6])
presentation_vl_channel _groups[3] = 1; // Lb Rb

if (pres_ch_node in [7; 8])
presentation_vl_channel _groups[17] = 1; // Lw Rw

if (pres_ch_mode in [9; 10])
presentation_vl channel groups[4] = 1; // Tfl Tfr

presentation_vl_channel _groups[0] = 1; // L R
presentation_vl_channel _groups[1] = 1; // C

}

if (pres_ch_node == 1)
presentation_vl_channel _groups[0] = 1; // L R

if (pres_ch_npde == 0)
presentation_vl channel groups[1] =1; // C

if (0) /'l not present in any supported channel configuration
presentation_vl_channel _groups[16] = 1; // Lscr Rscr

if (0) /'l reserved_zero
presentation_vl_channel _groups[8] = 1;

E.11 ac4 substream_ group dsi

E.11.1 Syntax

Syntax No of bits
ac4_substream group_dsi ()

D SUDSt r A Pr @SNt . . 1
D NS Xt o e 1
b_channel _coded; ... ... ... e 1
LTS Y 1 o 13 == U 3 8
for (i = 0; i < n_substreans; i++) {
dsi St MUl ti Pl e e 2
b_substream bitrate i ndicat or; ... ... ... 1
if (b_substreambitrate_indicator) {
substreambitrate i ndi cat Or; ... .. 5
}
if (b_channel _coded) {
L= TSY =] V2= 4 =T o 6
dsi _substream channel _groups[]; . . ... 18
}
el se {
D8] OC; .o 1
if (b_ajoc) {
DSt At i o dMK; . 1
if (b_static_dmx == 0) {
N_dmK_0Dj BCTS_M NUSL; . ... e 4
}
N_UMX_0Dbj @CtS_M NUS L, ..o e e e e e e 6

/* Substream conposition information */

b_substream contai ns_bed_obj eCtS; ... ... . 1
b_substream contai ns_dynam C_Obj eCt S; ... ... 1
b_substream contai Ns_| SF_0bj eCt S; . ... 1
FESEIVEA, ... 1
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Syntax No of bits
}
}
D CONt BNt Y P, .o 1
if (b_content_type) {
coNt Nt _Classi fi eI ... 3
b_language_i Ndi Cat OF ; . . ... 1
if (b_language_indicator) {
N_language_t ag byt eS; .. ... 6
for (i =0; i < n_language_tag_bytes; i++) {
language _tag byt @S, ... 8
}
}
}
}

E.11.2 Semantics

Table E.15: Element description for ac4_substream_group_dsi()

Element description for Data |On decoding, the On encoding, the value(s)
Type | valueindicates
b_substreans_present bool  |whether the shall be equal to the value of
substreams b_subst reans_pr esent in the respective
referenced inthe |ac4_substream group_i nfo() element
substream group
are stored inside
the track
b_hsf _ext bool |the availability of |shall be the same as the value read from the
spectral data for respective ac4_subst ream group_i nf o()
high sampling element
frequencies as
described in ETSI
TS 103 190-1 [1],
clause 4.3.3.3.3
b_channel _coded bool  |whether the shall be equal to the value of
substreams b_channel _coded in the respective
referenced inthe |ac4_substream group_i nfo() element
substream group
are channel coded
n_substreans uimsbf |the number of shall be equal to the value of
audio substreams [n_I f _subst r eans in the respective
contained in the ac4_substream group_info()
substream group
dsi _sf_nultiplier uimsbf |the sampling shall correspond to the value as shown in
frequency ETSI TS 103 190-1 [1], table E.5d with the
multiplier as parameters read from the respective
described in ETSI |ac4_substream i nfo_obj (),
TS 103 190-1[1], |ac4_substream.info_ajoc(), or
clause 4.3.3.7.3  |ac4_substream info_chan() elementin the
ac4_substream group_i nfo() element,
referenced by the respective
ac4_presentation_vl info() element.
b_substream bi trate_indi cator bool  |whether shall be equal to the value of

substream bitrate
information is
provided

b_bi trate_i nfo in the respective
ac4_substream.info_obj (),
ac4_substream.info_ajoc(), or
ac4_substream.info_chan() elementin the
ac4_substream group_i nfo() element,
referenced by the respective
ac4_presentation_vl_info() element.
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Element description for Data |On decoding, the On encoding, the value(s)
Type | valueindicates
substream bi trate_indi cator uimsbf |the upper limit of  |shall correspond to the bi t r at e_i ndi cat or
the average bit- value read from the respective
rate per channel  |ac4_substream i nfo_obj (),
in the substream  |ac4_substream info_aj oc(), or
as described in ac4_substreaminfo_chan() elementin the
ETSITS 103 190- ac4_substream group_i nfo() element,
1[1], clause referenced by the respective
4.3.3.7.5. ac4_presentation_vl_info() element,
expressed through the br at e_i nd parameter
from ETSI TS 103 190-1 [1], table 90.
dsi _substream channel _groups[] bool[] |whether the shall be equal to 1 if the corresponding audio
corresponding channel group is present in the original
audio channel content of this substream (see NOTE 2)
group is present in
the original
content of this
substream. The
audio channel
groups are shown
in table A.27; the
right column
shows the index
that maps to the
bool[] array. See
also the
pseudocode in
clause E.10.3 and
see NOTE 1.
b_aj oc bool  |whether the shall be equal to the value of b_aj oc in the
substream is respective ac4_subst ream group_i nf o()
coded using the element
A-JOC coding tool
b_static_dnmx bool  |whether the A- shall be equal to the value of b_st ati c_dnx
JOC coded in the respective
substream has a  |ac4_substream info_ajoc() elementin
static downmix ac4_substream group_i nfo()
n_dmx_obj ect s_ni nus1 uimsbf [the number of shall be equal to the value of
downmix objects  |[n_f ul | band_dnmx_si gnal s_mi nus1 in the
of an A-JOC respective ac4_substream i nf o_aj oc()
coded substream |element in ac4_subst r eam group_i nf o()
n_unx_obj ect s_mi nus1 uimsbf |the number of shall be equal to the calculated value of
upmix objects of  |n_fullband_upmix_signals - 1 from the
an A-JOC coded |[respective ac4_substream i nfo_aj oc()
substream element in ac4_subst ream group_i nfo()
b_substream cont ai ns_bed_obj ect s bool whether one or is transmitted only for a substream, where
more bed objects |b_channel _coded = false. If the substream
are contained in is:
the substream. If e A-JOC coded: the values shall
the substream is match the values transmitted in
A-JOC coded, this ac4_substream i nf o_aj oc.
element indicates e Not A-JOC coded: the values shall
the type of objects match the values transmitted in
contained in the ac4_substream i nf o_obj ().
A-JOC upmix.
Otherwise, the
element indicates
the type of objects
contained in the
substream.
b_substream cont ai ns_dynam c_obj ects |pool whether one or

more dynamic
objects are
contained in the
substream
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Element description for

Data
Type

On decoding, the
value indicates

On encoding, the value(s)

b_substream cont ai ns_| SF_obj ect s

bool

whether one or
more intermediate
spatial format
objects are
contained in the
substream

b_content _type

bool

whether

content _type
information is
present as
described in ETSI
TS 103 190-1 [1],
clause 4.3.3.7.7

shall be equal to the value of

b_cont ent _t ype in the respective
ac4_substream group_info()

content_classifier

uimsbf

the content
classifier as
described in ETSI
TS 103 190-1 [1],
clause 4.3.3.8.1

shall correspond to the value read from the
respective cont ent _t ype field in the

ac4_substream group_i nfo() elementin
ac4_presentation_vl_info()

b_| anguage_i ndi cat or

bool

whether
programme
language
indication is
present as
described in ETSI
TS 103 190-1 [1],
clause 4.3.3.8.2

shall be equal to the value of
b_|l anguage_i ndi cat or in the respective
ac4_substream group_i nfo()

n_| anguage_t ag_byt es

uimsbf

the number of
subsequent
language tag
bytes as
described in ETSI
TS 103 190-1 [1],
clause 4.3.3.8.6

shall be set to the number of the language

tag bytes written as the next element in this
ac4_substream group_dsi ()

| anguage_t ag_byt es

uimsbf

a language as
described in ETSI
TS 103 190-1 [1],
clause 4.3.3.8.7

shall be equal to the language tag in

I angange_t ag_byt es or, depending on the
b_serial i zed_| anguage_t ag flag, the
concatenated version of

| anguage_t ag_chunk in the respective
ac4_substream group_i nfo() inthe
respective ac4_presentation_v1_info().

NOTE 1: The first element of the array in bitstream order indicates the channel group with index 17 (Lw/Rw).
NOTE 2: The original content may be derived from b_centre_present, b_4_back_channel s_present and
top_channel s_present. See clause 6.3.2.7.1.

E.12 alternative_info

E.12.1 Syntax

Syntax No of bits
al ternative_info()
{
NAITE | BN, o 16
Present at i ON_NAME; . . .. ...ttt 8 * nanme_| en
T A= Y T 5
for (t =0; t < n_targets; t++) {
target _Md_COmpat; . ... 3
target _devi Ce_Cat Q0T Y, . .ottt e 8
}
}
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Element Data On decoding, the value indicates On encoding,
Type the value
name_| en uimsbf the length of the following pr esent ati on_nane[] string
present ation_nane[ ] uimsbf[] [the name of the presentation as a string using UTF-8
coding (ISO/IEC 10646 [2]).
n_targets uimsbf the value of n_t arget s_mi nus1 + 1 with
n_targets_mi nusl as defined in clause 6.3.3.1.5
target _nd_conpat uimsbf the value of t ar get _I evel as defined in clause 6.3.3.1.6
target _device_category |uimsbf |the respective field defined in clause 6.3.3.1.7

E.13 The MIME codecs parameter

The MIME codecs parameter shall conform to the syntax described in [4]. The value of the parameter shall be set to the
dot-separated list of the four following parts of which the latter three are represented by two-digit hexadecimal

numbers:

1) thefourCC ac-4.

2) bitstreamversion asindicated intheac4_dsi _vi().

3) presentation_version asindicated for the presentation in the ac4_dsi _v1().

4) nd_conpat asindicated for the presentation intheac4_dsi _vi().

EXAMPLE: A valid codecs value for a presentation is ac-4.02.01.03, signalling AC-4 audio with

bi t st ream versi on=2, present ati on_ver si on=1 and nd_conpat =3.
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Annex F (informative):
Decoder Interface for Object Audio

F.1 Introduction

An AC-4 decoder may output an object essence and corresponding object metadata that should be used by an object
audio renderer.

ETSI TS 103 448 [i.2] specifiesan AC-4 object audio renderer for consumer use. As specified in clause 5.9, the object
essence and object metadata are time synchronized after decoding. The object audio output metadata corresponding to
one object essence can be considered in different groups, according to the function of the metadata in the rendering
process.

F.2 Room-anchored position metadata

Room-anchored position metadata is specified by room-anchored coordinates. Room-anchored objects are typically
used for off-screen effects. Dynamic objects have room-anchored position metadata.

Coordinates are specified in the normalized room coordinate system shown in figure 13. Table F.1 shows the position
metadata output by the decoder.

Table F.1: Room-anchored position metadata output

Metadata Description
obj ect_position_X Determines the position of the object on the X axis.
obj ect_position_Y Determines the position of the object on the Y axis.
obj ect _position_Z Determines the position of the object on the Z axis.

The decoder derives the room-anchored position metadata from
(] pos3D {X Y; Z},
. di ff_pos3D {X Y; 2},
(] ext _prec_pos3D {XY; Z},
. alt_pos3D {X Y; Z}.

See also clause 6.3.9.8.4.

F.3  Speaker-anchored position metadata

Bed objects have speaker-anchored position metadata, i.e. bed objects are anchored to speaker positions. Typically,
beds and bed objects are used to present channel-based audio content like complex ambiances, reverb, or music in
combination with more dynamic objects.

Bed objects convey an object audio metadata parameter indicating the loudspeaker the bed object is expected to be
rendered to. Table F.2 shows the bed metadata output by the decoder.

Table F.2: Speaker-anchored position metadata output

Metadata Description
channel Indicates the loudspeaker that the bed object is expected to be rendered to.
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The decoder derives the speaker-anchored position metadata from:
. bed_chan_assi gn_code,
° std_bed_channel _assi gnnent ,

. nonst d_bed_channel _assi gnnent .

See dlso clause 6.3.2.10.8.2.

F.4  Screen-anchored position metadata

Screen-anchored position metadata provides the means to adapt the room-anchored position of objects to take account
of different screen sizes, preserving the collocation of audio and visual eventsin the playback environment.

The position of the L and R speakers can vary greatly in consumer playback environments (from being adjacent to the
screen to being wider, sometimes much wider, than the screen). Without screen anchoring, audio and visual events that
would be collocated in the mastering environment might become unaligned in the playback environment. Table F.3
shows the screen-anchored metadata output by the decoder.

Table F.3: Screen-anchored position metadata output

Metadata Description
obj ect _screen_factor The scaling factor applied to the X and Z dimensions for objects that pan across the screen.
y_posi ti on_exponent An exponent to be applied to the Y position metadata value. This value is derived from the

object_depth_factor, which indicates the rate at which X and Z position scaling converges as
the object approaches the screen.

The decoder derives the screen-anchored position metadata from:
. obj ect _screen_factor_code,

. obj ect _dept h_factor.

See also clause 6.3.9.8.17, and clause 6.3.9.8.18.

F.5 Gain metadata

The decoder provides a gain value to apply an explicit gain modification in the object audio renderer processing. Thisis
a convenience functionality that might enable more efficient implementations.

Table F.4 shows the gain metadata output by the decoder.

Table F.4: Gain metadata output

Metadata Description
object_gain  |The value of object gain in dB.

The decoder derives the gain metadata from:
. b_defaul t _basic_i nfo_nd,
. obj ect _gai n_val ue,

. obj ect _gai n_code.

See dlso clause 6.3.9.7.2, clause 6.3.9.7.5, and clause 6.3.9.7.4.
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F.6 Size metadata

The decoder provides datato modify the apparent spatial extent of the object. Using this data, large objects can be
efficiently represented.

NOTE: Thiscontrol does not change the total object loudness.

Table F.5 shows the size metadata output by the decoder.

Table F.5: Size metadata output

Metadata Description
object_width The value of the 3D object width with identical extent into all three dimensions (see note).
object_width X The X-axis value of the 3D object width.
object_width_Y The Y-axis value of the 3D object width.
object_width_Z The Z-axis value of the 3D object width.
NOTE:  Either object_width or the triplet object_width_{X;Y;Z} is output of the decoder as indicated by
obj ect _w dt h_node.

The decoder derives the size metadata from:
(] obj ect _wi dt h,
. obj ect _wi dt h_X,
. obj ect_w dth_Y,
[ obj ect _wi dth_Z.

See dlso clause 6.3.9.8.12, clause 6.3.9.8.13, clause 6.3.9.8.14, clause 6.3.9.8.15, and clause 6.3.9.8.16.

F.7  Priority metadata

The decoder provides an indication of object priority. Object priorities can support device and playback environment
adaptable rendering.

EXAMPLE: Two objects that were spatially separated in a5.1.2 speaker configuration might end up collocated
when rendered in 5.1 or in stereo; arenderer could decide to dightly move or attenuate the lower
priority object in order to make sure that the higher priority object is clearly perceived.

Table F.6 shows the priority metadata output by the decoder.

Table F.6: Priority metadata output

Metadata Description
object_priority |Indicates the priority of the object. The higher the priority, the greater the importance of the object.

The decoder derives the priority metadata from obj ect _pri ority_code.

See also clause 6.3.9.7.6.

F.8 Zone constraints metadata

The zone constraints metadata can be used to include or exclude specific groups of speakers (referred to as zones) in the
rendering process.

Table F.7 shows the zone metadata output by the decoder.
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Table F.7: Zone constraints metadata output

Metadata Description
zone_mask Indicates the speaker zones to be included or excluded.
b_enable_elevation [Indicates whether rendering to height speakers is enabled.

The decoder derives the zone metadata from:
(] zone_nask,

. b_enabl e_el evati on.

See also clause 6.3.9.8.7, and clause 6.3.9.8.8.

F.9 Divergence metadata

Divergence metadata is used to define how much energy is sent to locations other than that defined by the position
metadata.

Divergence is acommonly used rendering mode in broadcast workflows. It is generally used to progressively spread the
energy away from the Centre channel to the Left and Right channels.

Table F.8 shows the divergence metadata output by the decoder.

Table F.8: Divergence metadata output

Metadata Description
obj ect _di ver gence The divergence value to be applied to an object in the rendering process.

The decoder derives the divergence metadata from:
. obj ect _di v_node,
. obj ect _div_table,
. obj ect _di v_code.

See dlso clause 6.3.9.8.21, clause 6.3.9.8.22, and clause 6.3.9.8.23.

F.10 Snap metadata

The snap metadata indicates that an object is expected to be rendered with maximal timbral fidelity and spatial
localisation.

Table F.9 shows the snap metadata output by the decoder.

Table F.9: Snap metadata output

Metadata Description
b_object_snap |Indicates whether the object is expected to be rendered with maximal timbral fidelity and spatial
localisation.

The decoder derives the snap metadata from b_obj ect _snap.

See also clause 6.3.9.8.9.
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F.11 Timing metadata

Timing metadata specifies how updates of the object properties are synchronized to the PCM audio samples of the
object essence.

Timing metadata can be used in the rendering process to control the slope of smoothing processes. The smoothing can
be used to suppress audible artefacts (i.e. spectral cross-products and so-called "zipper noise") caused by rapid control

parameter changes; this data enables rapid (less smoothed) signal changes when desired.

NOTE:

Non-adaptive smoothing would limit the velocity of fast-moving objects; using this control,

responsiveness can be traded off against artefacts caused by rapid gain changes.

Table F.10 shows the snap metadata output by the decoder.

Table F.10: Timing metadata output

Metadata

Description

num_obj_info_blocks

Indicates the number of metadata updates.

ramp_duration

samples.

Indicates the duration of smoothing processes between metadata updates in units of PCM

sample_offset

Indicates a timing offset in units of PCM samples applicable to all metadata updates.

block_offset factor

Indicates a timing offset in units of PCM samples for the corresponding metadata update.

The decoder derives the timing metadata from:

num obj _i nf o_bl ocks,
ranp_dur ati on,
ranp_duration_t abl e,
ranp_dur ati on_code,
oa_sanpl e_of fset _type,
oa_sanpl e_of f set,
oa_sanpl e_of f set _code,

bl ock_of fset _factor.

See dlso clause 6.3.9.3.6, clause 6.3.9.3.8, clause 6.3.9.3.11, clause 6.3.9.3.9, clause 6.3.9.3.3, clause 6.3.9.3.5,
clause 6.3.9.3.4, and clause 6.3.9.3.7.

F.12 Trim metadata

The decoder provides trim metadata that can be used to lower the level of off-screen elements that are included in the

mix. This can be desirable when immersive mixes are reproduced in layouts with few loudspeakers (for example,
stereo, 5.1- or 7.1-channel).

Table F.11 shows the trim metadata that is output by the decoder for each of the nine trim configurations.

Table F.11: Trim metadata output per trim configuration

Metadata

Description

trim_mode

One of {disable_trim; default_trim; custom_trim}

trim_centre

Centre trim value in dB.

trim_surround

Surround trim value in dB.

trim_height

Height trim value in dB.
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The decoder derives the trim metadata from:

gl obal _tri m node,
b_default_trim

b _disable trim
trimcentre,
trimsurround

trimheight.

See also clause 6.3.9.10.
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Annex G (normative):
AC-4 in MPEG-DASH

G.1 Introduction

This annex describes the requirements for delivering AC-4 streams with bi t st r eam ver si on > 0 compliant with DASH
[5] and I SO base mediafile format (ISOBMFF) [3].

NOTE: ETSI TS 103 190-1 [1], Annex F specifies requirements for usage of AC-4 with DASH where

bi t stream version =0.

G.2 AC-4 specific settings

G.2.1 The @codecs attribute

The @codecs attribute shall be set to the value of the MIME codecs parameter, as specified in clause E.13.

Clientsimplementing AC-4 playback compliant with the present specification shall support an @codecs indication of
codecs="ac- 4. 02. 01. 0x", 0 < x < n where n is the compatibility level of the decoder (md_conpat ).

G.2.2 The @audioSamplingRate attribute

If the @audioSamplingRate attribute is present on any element, it shall be set to the sampling frequency derived from
the parametersfs_i ndex and dsi _sf _mul ti plier, contained inac4_dsi _vi1().

EXAMPLE: <Adapt ationSet ... audi oSanplingRat e="48000"> for 48kHz sampling frequency.

G.2.3 The preselection element

If preselection elements are included in the given DASH profile, each instance of ac4_presentati on_vi_dsi () should
be signalled by a preselection element. AdaptationSet elements that are referenced by these preselection elements
should signal the properties of the AC-4 presentation with the widest compatibility.

If preselection elements are not included in the given DASH profile, signalling of the properties of individual
presentations is not possible. AdaptationSet elements should signal the properties of the AC-4 presentation with the
widest compatibility.

G.3 AC-4 specific DASH descriptor schemes

G.3.1 \Virtualized audio for headphones

If the content of an AC-4 presentation has been virtualized and tailored for exclusive consumption via headphones as
signalled by ac4_presentation_v1_dsi/b_pre_virtualized flag, avirtualized audio for headphones DASH
supplemental property descriptor should be used with the following requirements:

. the @schemel dUri attribute shall bet ag: dol by. com 2016: dash: vi rt ual i zed_cont ent : 2016; and
. the @value attribute shall be 1.

EXAMPLE: <Suppl enent al Property
schenel dUri ="t ag: dol by. com 2016: dash: virtual i zed_content: 2016" val ue="1"/>.
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G.3.2 Audio frame rate

The frame rate of AC-4 audio should be signalled by means of a DASH essential property descriptor or aDASH
supplemental property descriptor with the following requirements:

. the @schemel dUri attribute shall be set to t ag: dol by. com 2017: dash: audi o_frane_rat e: 2017; and

e the @value attribute shall be set to the value of frame_rate as specified in clause E.2, derived from
base_sanp_freq and frane_rat e_i ndex. Itsformat should be compliant to the XML schema definition of
FrameRat eType in[5].

EXAMPLE: <Suppl enent al Property schenel dUri ="t ag: dol by. com 2017: dash: audi o_frame_r at e: 2017"
val ue="30000/ 1001"/ > for aframe rate of 29.97 fps.

G.3.3 Audio channel configuration schemes

G.3.3.1 Applicability of Audio channel configuration schemes

Where bi t st r eam ver si on > 0, the AudioChannel Configuration DASH descriptor should use one of the following
schemes:

e foral AC-4 channe configurations that are mappable to the channel configuration scheme as specified in
I SO/IEC 23091-3:2018 [i.6], the scheme described by the schemel dUri
ur n: npeg: npegB: ci cp: Channel Confi gurati on; Or

. the "Dolby:2015" Channel ConfigurationDescriptor scheme as specified in clause G.3.3.2.

NOTE: Itispreferred to use the scheme described by the schemel dUri
ur n: mpeg: mpegB: ci cp: Channel Confi gurati on. The prefix of this Uniform Resource Identifier
(ur n: npeg: npegB: ci cp: ) isdefined in ISO/IEC 23091-1:2018 [i.5].

See clause G.3.3.3 for further details on mapping of AC-4 channel configurations to the DASH element @value
utilizing the above-mentioned schemes.
G.3.3.2 The "Dolby:2015" audio channel configuration scheme
The "Dolby:2015" audio channel configuration descriptor is defined with the following requirements:
. the @schemel dUri attribute shall be set to t ag: dol by. com 2015: dash: audi o_channel _confi gurati on: 2015.
e  The @value attribute shall be set to a six-digit hexadecimal representation of a 24-bit integer as follows:

- the most-significant bit, i.e. bit 23, indicates whether the content is object audio content - it is cleared if
b_presentation_channel coded issetto 1,

- bits 18 ... 22 are reserved (cleared), and
- bitnin{0...17} issetto ac4_dsi _v1/ presentation_channel _group[17 - n].
NOTE: The contents of the @value field are case insensitive. Both uppercase and lowercase letters are all owed.

EXAMPLE 1:  For astream with an 5.1.2 immersive audio channel configuration using loudspeakersL, R, C, Ls,

Rs, Td, Tsr, LFE, the signalling is <Audi oChannel Confi gurati on
schenel dUri ="t ag: dol by. com 2015: dash: audi o_channel _confi gurati on: 2015"

val ue="0000C7"/ > (the hexadecimal equivalent of the binary value 0000 0000 0000 0000 1100
0111).

EXAMPLE 2:  For a stream with object-based audio content the signalling is <Audi oChannel Confi gur ati on
schenel dUri ="t ag: dol by. com 2015: dash: audi o_channel _confi gurati on: 2015"

val ue="800000"/ > (the hexadecimal equivalent of the binary value 1000 0000 0000 0000 0000
0000).
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G.3.3.3 Mapping of channel configurations to the MPEG audio channel
configuration scheme (informative)

Most AC-4 channel configurations can be mapped to avalue with @chenel duri =
ur n: npeg: npegB: ci cp: Channel Confi gurati on.

Table G.1 provides a mapping from ac4_dsi _v1/ presentati on_v1_channel _groups[] to avauewith @chenel duri

= "urn: npeg: npegB: ci cp: Channel Confi guration". The mapping is based on the speaker configurations specified in
ISO/IEC 23091-3:2018 [i.6], Table 9.

Table G.1: Mapping of AC-4 channel configurations to MPEG scheme

presentation_vl_channel _groups[] in Value with @chenel dUri =
hexadecimal representation "ur n: npeg: npegB: ci cp: Channel Confi guration”

000002 1

000001 2

000003 3

008003 4

000007 5

000047 6

020047 7

008001 9

000005 10
008047 11
00004F 12
02FF7F 13
06FF6F 13
000057 14
040047 14
00145F 15
04144F 15
000077 16
040067 16
000A77 17
040A67 17
000A7F 18
040A6F 18
00007F 19
04006F 19
01007F 20
05006F 20
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Annex H (normative):
AC-4 bit streams in CMAF

H.1 AC-4 CMAF Tracks

H.1.1 Introduction

This annex defines how to encode and package AC-4 in Common Media Application Format (CMAF), specified in
ISO/IEC 23000-19 [6]. The definitions in the present annex convey encoding constraints that apply to all CMAF Tracks
containing AC-4 audio as defined in the present document and storage constraints of those AC-4 CMAF Tracksin
ISOBMFF files, conforming to annex E. Based on those requirements, clause H.4 defines the AC-4 CMAF Media
Profiles and the corresponding CMAF Track Brands.

H.1.2 Track constraints

H.1.2.1 General

AC-4 CMAF tracks shall conform to the CMAF track format as specified in 1SO/IEC 23000-19 [6], section 7 and to the
CMAF audio track format as specified in ISO/IEC 23000-19 [6], section 10.2. Elementary streams contained in AC-4
CMAF tracks shall conform to the present document; the encapsulation into 1SO base mediafile format (ISOBMFF)
tracks shall conform to annex E.

The following additional constraints apply to AC-4 CMAF tracks:
° thebi t st ream ver si on shall be 2; and
) the present ati on_versi on shall be 1; and
e  thenumber of presentationsin an elementary stream shall be 64 or less; and
. if the track contains multiple AC-4 presentations, each presentation shall have aunique pr esent ati on_i d; and
o  for every presentation present ati on_i d shall be present in every AC-4 sample; and

. all AC-4 samplesin the AC-4 CMAF track shall have equivalent configurations as per clause H.1.2.4.

H.1.2.2 Track constraints for multi-stream scenarios

If a presentation references audio program components (i.e substream groups) that are distributed over multiple CMAF
tracks, the following constraints apply to all contributing tracks:

. al tracks shall have time-aligned CMAF fragments with equal duration; and
. thevalue of frane_rat e_i ndex shall beidentical for al tracks; and
. each presentation shall have synchronized sequence_count er ; and

. al ac4_presentation_vi_info() that sharethe samepresent ati on_i d shall beidentical except for the
group_i ndex of theac4_sgi _specifier();and

. al ac4_subst ream group_i nfo() that are referenced by presentations that share the same present ati on_i d
shall beidentical except for b_subst r eans_present and subst r eam i ndex.

If an audio program references audio program components (i.e. substream groups) that are distributed over multiple
CMAF tracks, at least one track shall contain a self-contained presentation, i.e. all referenced audio program
components are present in that track.
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H.1.2.3 Track constraints for single-stream scenarios

If an audio program references audio program components (i.e. substream groups) that are entirely contained in one
single CMAF track, the following constraint appliesto this track:

. theb_mul ti _pi d flag shall be false for all presentations.

H.1.2.4 Constraints for equivalent configurations

Two ac4_t oc() instances have an equivalent configuration if they have identical values of the following parameters:
e frame_rate_index,
e  fs_index,
e n_presentations,

. for each ac4_presentation_vi_info()[i],whereiistheindex intothelist of ac4_presentation_v1_info()
elements as they appear inthe ac4_t oc():

- b_si ngl e_subst ream group and, if present, present ati on_confi g;

. for each ac4_subst ream group_i nfo()[j], wherej istheindex into thelist of ac4_subst r eam gr oup_i nf o()
elements as they appear inthe ac4_t oc():

- for thecontent _type():
. content_classifier

" b_I anguage_i ndi cat or and, if present, the primary language subtag of the | anguage_t ag_byt es or
of the concatenated version of datafrom all | anguage_t ag_chunk

- for each ac4_substream.info_*()[ k], wherek istheindex into thelist of ac4_substream i nfo_*()
elements as they appear in the corresponding ac4_subst r eam gr oup_i nf o() :

= channel _node for each ac4_substream i nfo_chan()[k],

= if present, b_sf_mul tiplier andsf_multiplier

H.1.3 Signalling

Clause E.13 specifies the MIME codecs parameter that is used for signalling of AC-4 tracks.

H.1.4 Codec delay compensation

H.1.4.1 Introduction

Theinformation in this clause specifies how to compensate the need for the overlap-add delay of the codec either with
the use of an edit list or before encapsulation.

H.1.4.2 Delay compensation using an edit list

An edit list can be used to compensate any codec delay. When an edit list is used, a single EditListBox shall be recorded
in the CMAF Header, as specified in ISO/IEC 23000-19 [6], section 7.5.12.

H.1.4.3 Delay compensation before encapsulation

Delay can be compensated before stream encapsulation using the techniques specified in 1SO/IEC 23000-19 [6],
Annex G.5. No EditListBox is required and thus no further delay compensation in the receiver.
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H.1.5 Dynamic Range Control and Loudness

If compliance with one of the loudness regulations from ETSI TS 103 190-1 [1], table 156 is required, the following
constraints apply:

. the di al nor m bi t s shall be used to indicate the audio programme loudness measured according to local
loudness regul ations; and

° thel oud_prac_t ype shall accordingly be set to indicate the measurement practice used; and

. theb_I oudcor r _t ype flag shall be set to zero, if the audio programme has been corrected with an infinite look-
ahead (file-based); if the loudness correction was based on a combination of realtime loudness measurement
and dynamic range compression, the flag shall be set to one.

NOTE: SeeEBU Tech 3344 [i.4] for further information on EBU R 128 [i.3] compliance.

H.2 Random access point and stream access point

Each AC-4 sync sample is arandom access point and stream access point. The AC-4 sync sample is specified in
clause E.3.

H.3  Switching sets

To enable seamless switching, the requirements in the present clause shall apply to CMAF switching sets containing
AC-4 CMAF tracks.

All AC-4 samplesin all CMAF tracks comprising a switching set shall have equivalent configurations as per
clause H.1.2.4, with the exception that b_sf _nul ti plier andsf_nul tipli er may be different across different AC-4
CMAF tracks.

For time alignment between CMAF tracks, encoders shall time align all CMAF tracks contained in the CMAF
switching set such that the decoded PCM samples align. AC-4 sync samples/ stream access points as defined in
clause E.3 shall be temporally aligned across all CMAF tracksin a CMAF switching set.

NOTE 1: According to ISO/IEC 23000-19 [6], section 7.3.4.1, item j and table 11, an optionally present offset edit
list needsto beidentical in all CMAF headersin a CMAF switching set.

NOTE 2: These constraints guarantee single initialization according to 1SO/IEC 23000-19 [6], section 7.3.4.2. In
consequence a CMAF switching set single initialization constraints identifier according to
ISO/IEC 23000-19 [6], section as 7.3.4.3 may be used.

H.4  AC-4 CMAF media profiles

Table H.1 lists AC-4 CMAF media profiles with the corresponding CMAF track constraints and the compatibility
brand.

The AC-4 CMAF main profile should always be the default profile, except where the system is limited to single-stream
processing.

NOTE: The AC-4 CMAF single-stream profile is a subprofile of the AC-4 CMAF main profile.
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Table H.1: AC-4 CMAF media profiles

Name Compatibility brand | CMAF track constraints

AC-4 CMAF main cadm shall conform to:

e Clause H.1.2.1
e Clause H.1.2.2
e Clause H.3

AC-4 CMAF single-stream |cads shall conform to:

e Clause H.1.2.1
e Clause H.1.2.3
e Clause H.3
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